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FOREWORD

This Handbook provides information on systems and studies relating to sound broadcasting using
modern digital techniques, referred to as “Digital Sound Broadcasting” (DSB). It provides
information on technical characteristics of terrestrial and satellite digital sound broadcasting (DSB)
systems for individual reception by vehicular, portable and fixed receivers in the frequency range
30 to 3000 MHz1.

This Handbook is primarily intended for those interested in these new systems and for organizations
or administrations intending to implement DSB services. Although not absolutely essential for an
appreciation of the contents, a knowledge of radio broadcast engineering and basic digital
techniques would be useful.

ITU-R Working Parties 6S (originally 10-11S) and 6E (originally 10B) have been involved in
studies related to digital sound broadcasting (DSB) for satellite and terrestrial services, respectively,
for several years. Working Party 6S produced Recommendation ITU-R BO.789 specifying a list of
characteristics for digital sound broadcasting systems for BSS (sound) in the frequency range
1400-3000 MHz. The Working Party also produced Recommendation ITU-R BO.1130 on systems
for BSS (sound) in the frequency range 1400-3000 MHz. These systems are fully described in the
annexes to this Handbook.

A parallel process took place within Working Party 6E on terrestrial digital sound broadcasting..
Recommendation ITU-R BS.774, similar in form to Recommendation ITU-R BO.789, was
generated by Working Party 6E on the requirements for terrestrial digital sound broadcasting
systems. Working Party 6E generated Recommendation ITU-R BS.1114 on systems to be used for
terrestrial sound broadcasting services to vehicular, portable and fixed receivers in the frequency
range 30-3000 MHz. Working Party 6E also produced Recommendation ITU-R BS.1547 on the
terrestrial portion of hybrid satellite/terrestrial DSB systems. All these systems are described in the
annexes to this Handbook.

In November 1991, the then Working Party 10-11S appointed a Special Rapporteur who, assisted
by volunteers from various administrations, prepared a handbook on satellite sound broadcasting to
vehicular, portable and fixed receivers in the range 30-3000 MHz. At the same time, similar
activity, aiming at converting ITU-R Reports into a handbook was carried out within the then
Working Party 10B.

Recognizing the need to achieve maximum commonality between satellite and terrestrial systems
and services, and in order to facilitate the development of complementary satellite/terrestrial
systems in order to allow for system convergence and lower cost receivers with common VLSI
circuits and mass production manufacturing, the chairmen of the then Working Parties 10-11S and
10B and members of the Working Parties decided to join efforts in preparing one comprehensive
handbook on digital sound broadcasting to vehicular, portable and fixed receivers in the frequency
range 30-3000 MHz, describing both satellite and terrestrial DSB systems and services. Mr. Franc
Kozamernik (EBU) was appointed as the Rapporteur to prepare this joint handbook. He was
assisted by members of Working Parties 10-11S and 10B and the ITU-R Secretariat.

____________________

1 Satellite sound broadcasting systems operating at 11/12 GHz, suitable for reception by fixed receivers, are
described in Recommendation ITU-R BO.712.
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During the preparation of the handbook, a decision to progress it in the form of a Special
Publication was taken. The above Rapporteur group subsequently completed this Special
Publication and the document was approved by Working Parties 10-11S and 10B at a joint meeting
held in November 1994 in Geneva. The Special Publication on DSB was published in 1995 by the
ITU. Most of the information included in this Special Publication was based on studies and tests
undertaken in Canada, France, Germany, Sweden, the Netherlands, the United Kingdom, the United
States of America and by the European Broadcast Union in association with the Eureka-147 Project
and represented the state of the art up to 1995.

Since then, a number of contributions had been submitted to the ITU-R on further developments in
DSB systems and services. This new material was collated by Working Parties 6E and 6S and it
was decided in 2000 that it was time for a revision of the original Special Publication. Mr. Gérald
Chouinard (Canada) was appointed Rapporteur to consolidate the updates to the Special Publication
of 1995 and generate the present DSB Handbook. He was assisted by members of Working
Parties 6E and 6S and the ITU-R Secretariat. The new version of the DSB Handbook was approved
at the Study Group 6 meeting of October 2001 and was published by the ITU-R Secretariat during
the first quarter of 2002.
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EXECUTIVE SUMMARY

This Handbook describes the system and service requirements for digital sound broadcasting (DSB)
to vehicular, portable and fixed receivers, the related propagation factors, the techniques employed
in the digital sound broadcasting systems; and considers relevant planning parameters and sharing
conditions. The Handbook also makes reference to common system characteristics of the mixed and
hybrid service delivery concepts. The mixed satellite/terrestrial service concept is based on the use
of the same frequency band by both satellite and terrestrial broadcasting services to the same
receiver. The hybrid delivery concept is based on the use of low power terrestrial “gap-fillers” to
improve the satellite coverage.

The main text of the Handbook includes the background engineering information that can be used
by DSB system and service planners. An effort has been made to include generic information
applicable generally to different digital system approaches. More specific DSB system information
is presented in the various annexes for each proposed DSB system, including, in most cases, test
and measurement results.

Each chapter in this DSB Handbook is reasonably self-contained to enable readers seeking
information on a particular topic. To assist understanding, a list of acronyms and their meaning is
included at the end of the main text as well as at the end of each annex and appendix.

The Handbook begins with a short section outlining the state of development and implementation,
as of September 2001, of the various Digital Systems described in the Annexes.

Chapter 1 introduces the topic of digital sound broadcasting and gives the main reasons why the use
of new technology is required; it also provides a brief history of the subject.

Chapter 2 outlines the principal requirements and objectives for DSB services in terms of sound
quality, service availability and coverage. Some specific requirements which new technology is
able to provide are also listed. In particular, some DSB systems are able to provide a range of sound
reproduction qualities selectable by the broadcaster for various reception conditions (mobile,
stationary, or portable) from either a terrestrial or satellite source.

Chapter 3 describes how the DSB systems can be used to provide terrestrial and/or satellite services
to national, sub-national and supra-national areas. For terrestrial wide area coverage, two methods
are outlined. The first uses the conventional method based on individual transmitters on different
frequencies. The second method, only fully achievable by some of the systems described in the
annexes, is based on the single frequency network concept (SFN). Here, all transmitters in a given
area utilize the same frequency block and carry the same programme ensemble. This feature can
also be used to implement on-channel gap-fillers and coverage extenders. The limits within which
these on-channel repeaters can function are described.

Another application using digital technology consists of a system which overlays digital
information with an existing FM transmission. This is termed the “in-band on-channel” (IBOC)
system,. This concept appears to be attractive to those administrations unable to allocate new
frequencies or to vacate currently used broadcasting bands for a DSB service. Chapter 3 also
describes the concept of using satellite delivery. The coverage from the satellite can be
supplemented by low-powered terrestrial “fill-in” transmitters re-radiating the satellite signal. This
is termed the “hybrid” system. Another satellite/terrestrial delivery system is termed the “mixed”
concept whereby both the satellite and the terrestrial transmitters use the same frequency band,
thereby maximizing spectrum efficiency. This is possible since any channel not allocated to the
BSS for a service area could be used for terrestrial DSB, subject to co-channel re-use distances
typical of terrestrial DSB implementation and sufficient adjacent-channel rejection in the receiver.
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Chapter 4 supplies general background information on propagation models for terrestrial and
satellite paths. These models may assist in planning DSB services. In addition, some consideration
is given to the frequency-selective fading effects that are specifically relevant to digitally modulated
signals. A summary of propagation field measurements outside and inside buildings as well as for
satellite broadcasting service is presented. A more detailed treatment of these propagation aspects
and the related measurement results is given in Appendix X.

Chapter 5 outlines the use of diversity techniques that can improve the performance of a receiver
when operating in a multipath environment. Frequency, time and spatial diversity are discussed.

Chapter 6 describes the important elements of DSB systems, such as audio source coding, service
multiplexing, channel coding and modulation, service information, ancillary data services and
emission considerations. With respect to audio source coding, reference is made to the studies
undertaken by ISO/MPEG and relevant ITU working parties. Additionally, the DSB system can
include non-audio data services carried together with the audio services in a common multiplex.
The services within a multiplex can be re-configurable, making for a flexible approach to re-
arranging or accommodating new features or further user requirements.

Comparisons are made to quality the respective merits of some of the proposed Digital Systems in
terms of their performance through a satellite transponder as well as for hybrid satellite/terrestrial
operation. The impact of such hybrid operation on the receiver is also investigated.

Chapter 7 discusses the frequency bands that are suitable for terrestrial or satellite DSB from a
technical point of view. Also, which frequencies would be the most appropriate for DSB within the
existing broadcasting bands. The frequency bands to be used for the implementation of DSB have
been identified at the WARC’92 and vary from country to country and various usage scenarios are
envisaged.

Chapter 8 considers the various planning aspects for terrestrial and satellite DSB services, such as
polarization, terrestrial transmit antenna, receiving antenna characteristics, minimum usable field
strength, propagation margins, transmitter power and frequency re-use considerations. Link budget
examples for terrestrial and satellite services are also given. A range of typical parameters for sound
satellite broadcasting is given along with the technical parameters of the various BSS (sound)
systems notified to the ITU. Intra-service frequency re-use concepts such as the mixed
satellite/terrestrial concept and the band segmentation are analysed. Finally, an overview of
computer planning methods is given.

Chapter 9 outlines basic sharing criteria between, firstly, different DSB services and, secondly,
DSB services sharing the same or an adjacent frequency band with other broadcast services. Such
information is necessary in order to achieve successful co-ordination agreements between various
services and countries.

Chapter 10 describes possible satellite orbits, such as geostationary, and highly-inclined elliptical
orbits. Generally speaking, the former are more suitable to low-latitude countries and the latter to
high-latitude countries. A comparison between the merits of these two types of orbits is presented in
the case of coverage of high and medium latitude countries.

Chapter 11 illustrates the methods of distributing DSB signals from the studio to one or more
transmitting stations. The structure of the distribution network is simple in the case of a single-
channel per-carrier (SCPC) system. In the case of a multi-programme system, an additional nodal
point between the studio and the transmitter is necessary.

Chapter 12 gives a list of Internet Web sites where up-to-date information can be found on the
implementation of the various DSB systems.
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Annex A supplies extensive information on Digital System A (Eureka-147 DAB), including a
detailed system description, system performance, protection ratios, propagation results, and sharing
information. This Annex also contains an extensive amount of information on computer simulations
of Digital System A in both the UHF and VHF bands.

Annex B supplies information on Digital System B (VOA/JPL), the receiver and engineering model
specifications together with comments on protection ratios. Sharing possibilities are considered to
be similar to other digital systems with equivalent modulation and coding. Extensive simulation and
field test results related to Digital System B, including channel modeling in a large number of
different environments are also given.

Annex C gives a description of Digital System C, (“in-band on-channel FM” (IBOC-FM) envisaged
for DSB in the USA using the 88-108 MHz VHF-FM band. The Annex contains information on
source coding, modulation, synchronization and equalization for the proposed DSB system.
Laboratory and field measurement results from tests conducted in the United States are included.

Annex D provides information on the Digital System D (WorldSpace). A complete system
description of the satellite (DS) and the complementary terrestrial segment (DH) is provided. This
Annex includes extensive test results of the satellite and the hybrid satellite/terrestrial
implementations.

Annex E presents a detailed system description of Digital System E (CDM ARIB). Measurement
results of the satellite and the satellite/terrestrial hybrid operations are also presented.

Annex F provides a detailed system description of Digital System F (ISDB-TSB ARIB).
Measurement results are also presented for this terrestrial DSB system.

Annex G presents a summary description of Digital System G (Sirius S-DARS).

Appendix X includes experimental propagation work in the VHF and UHF frequency bands. The
experiments studied both satellite and terrestrial propagation channels in various environments such
as urban, suburban, rural and inside buildings. Static and mobile measurements are discussed and
typical building losses are given. These studies are aimed at verifying the various propagation
models to be used for planning purposes, and ascertaining certain DSB system parameters.
Contributions to the propagation experiments were supplied by Canada, Europe and the United
States.

Appendix Y describes a number of satellite transmitting antenna designs for DSB.
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STATE OF DEVELOPMENT AND IMPLEMENTATION OF THE DIGITAL
SYSTEMS DESCRIBED IN THIS HANDBOOK AS OF SEPTEMBER 2001

Digital System A (terrestrial broadcasting)

Digital System A (Eureka-147 DAB) is a fully developed digital audio/data terrestrial broadcasting
system for vehicular, fixed and portable reception. It has been recommended by the ITU-R
(Rec. BS.1114). It was launched in several countries in Europe in the second half of 1995. At
present the system is in operation in more than 25 countries around the world. These services are
provided by public and commercial broadcasters.

A T-DAB Planning Meeting was held in Europe in 1995, at which time over 40 CEPT countries
were given frequency allotments in the VHF and 1.5 GHz broadcasting bands in order to serve all
areas (i.e., total coverage) of their territory with two T-DAB multiplexes. A second such European
T-DAB Planning Meeting will be held on 10-18 June 2002 in Maastricht, The Netherlands. The
new allotments will be planned in the band 1467.5-1479.5 MHz for an additional, nearly
nationwide, coverage for participating CEPT countries. As of summer 2001, there were some
6 in-home DAB tuners manufacturers, 9 in-car receiver manufacturers, two PC receiver
manufacturers and one portable receiver manufacturer producing Eureka-147 DAB receivers for the
consumer market. New developments include multimedia services as part of the multiplex, DAB
display screens, handheld devices, etc.

Digital System A (satellite broadcasting)

Satellite broadcasting of the Eureka-147 DAB signal to mobiles was first demonstrated during the
WARC-ORB 1988, Geneva, using a terrestrial transmitter on top of a nearby mountain to simulate
the satellite link. Real satellite transmissions followed using the Mexican Solidaridad satellite. The
S-DAB system has been recommended by ITU-R (Rec. BO.1130-3). Meanwhile, the European
Space Agency had been working on the definition of a HEO system named “Archimedes”. Such
system was filed with the ITU, under the name “MediaStar”, in Nov. 1996 to operate in the
1.5 GHz band newly allocated by WARC-92.

In 1999, the MediaStar project was re-activated under the name “Global Radio” for which the
system specifications have recently been finalised. The system is to provide coverages to Europe
from a constellation of four satellites on 24-hours HEO orbits with one satellite active at a time. The
elevation angle will be in excess of 80º to allow for optimum receiving conditions in built-up areas.
Whilst being based on the S-DAB standard, “Global Radio” is open to support all MPEG
multimedia/baseband coding.

A detailed description of Digital System A along with performance characterization from laboratory
and field tests are given in Annex A.

Digital System B

The satellite component of Digital System B was developed by Voice of America and Jet
Propulsion Laboratory (VOA/JPL) and the receiver reached the stage of prototype equipment. Tests
were conducted successfully in 1995 using a TDRS satellite to prove the system concept. Digital
System B has been recommended by the ITU-R as per Rec. BO.1130. There are currently no plans
to pursue the development of the system and to consider its implementation.
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A detailed description of Digital System B along with performance characterization from laboratory
and field tests are given in Annex B.

Digital System C

Digital System C is a fully developed system with experimental operation in five major metro-
politan areas in the U.S. It was developed by a broad investor coalition including 15 of the largest
radio broadcasters in the U.S., prominent technology companies such as Lucent Technologies and
Texas Instruments, receiver manufacturers such as Visteon Corporation and other media and
investment companies. The system is being considered as a standard in the U.S. by a private
industry group, and is the subject of analysis by U.S. regulators. It is anticipated that the system will
be commercially available in 2002 based on commitments from at least two major receiver
manufacturers. Due to recent acquisitions of additional intellectual property, enhancements are
being considered, particularly involving the system codec. Digital System C continues to be
evaluated and was proposed for inclusion in Recommendation ITU-R BS.1114 in October 2001.

A detailed description of Digital System C along with performance characterization from laboratory
and field tests are given in Annex C.

Digital System DS

The development of Digital System DS has been completed. The system has been fully tested and is
now fully operational. Two WorldSpace satellites are deployed at 21° E and 105° E to provide
satellite broadcasting of audio, data and multimedia broadcasting services to fixed and portable
receivers in countries in Africa, Middle East and Asia. Mass produced receivers are available from
four manufacturers. A third satellite will be deployed at 95° W to provide service to Central and
Southern America. Digital System DS has been recommended by the ITU-R as per Rec. BO.1130.

The specifications of Digital System DS have been finalised as reported in Annex D to this
Handbook.

Digital System DH

Digital System DH is a hybrid satellite/terrestrial Digital Sound Broadcasting system and it has
reached a mature state of development. The satellite and the terrestrial components of the system
have been tested using the WorldSpace AfriStar satellite at 21° E and three-transmitter terrestrial
Single Frequency Networks in Erlangen, Germany, and Pretoria, South Africa.

The satellite component of Digital System DH is included Recommendation ITU-R BO.1130 and its
terrestrial component is included in Recommendation BS.1547.

The system will be introduced on the WorldSpace satellites at 21° E, 105° E and 95° W to provide
satellite/terrestrial digital audio, data and multimedia broadcasting services to vehicular, portable
and fixed receivers. Hybrid satellite/terrestrial services will be provided to countries in Africa,
Middle East and Asia as early as fourth quarter 2003. The specifications of Digital System DH are
finalised for operations at 1.5 GHz. Further developments may take place for operation in other
frequency bands.

A detailed description of Digital System D along with performance characterization from laboratory
and field tests are given in Annex D.
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Digital System E

Digital System E is designed to provide satellite and complementary terrestrial on-channel repeater
services using the same frequency for both the satellite and terrestrial components for high quality
audio and multimedia data broadcasting for vehicular, portable and fixed reception. Digital
System E was formally approved as part of the ITU-R Recommendation BO.1130 in July 2000.
Digital System E was developed, fully tested and adopted by the Association of Radio Industries
and Business (ARIB) and the Telecommunications Technology Council of the Japanese
Administration. As of summer 2000, the system had 12 test terrestrial repeaters in operation and
2 test receivers existed. New type receivers equipped with a specially designed VLSI chip-set were
made available in early 2001 and terrestrial repeaters will be installed for commercial service in
early 2002. Commercial BSS will begin in Japan from the middle of 2003 after the launch of a
broadcasting satellite.

A detailed description of Digital System E along with performance characterization from laboratory
and field tests are given in Annex E.

Digital System F

Digital System F was developed for terrestrial DSB and was included in the ITU-R
Recommendation BS.1114-2 in 2001. The system specification was developed by the Association
of Radio Industries and Business (ARIB) in October 1998. Laboratory experiments and field trials
using Tokyo-tower were carried out to verify the system performance in 1999 and the final
specification was approved as a Japanese Standard in November 1999.

A pilot station has been operating in Tokyo since June 1999. Two stations are planned to be
launched in Tokyo and Osaka in the frequency band 188 MHz to 192 MHz at the beginning of
2003. Nationwide frequency planning in the VHF/UHF bands is under development in Japan.

Several countries have expressed their interest in this system and the system has been demonstrated
in some countries using prototype equipment including receivers.

A detailed description of Digital System F along with performance characterization from laboratory
and field tests are given in Annex F.

Digital System G

Digital System G is a hybrid satellite/terrestrial DSB system. It is currently being implemented and
is scheduled to begin providing service by the end of 2001. The system operates with three satellites
in a geosynchronous, highly elliptical 24-hour orbit. Four satellites have been built; one is intended
as an on-ground spare. The three have been successfully launched. The construction of the National
Broadcasting Studio, the Satellite Control Centres and the uplink earth station has been completed.
The 105 terrestrial repeaters in the 46 cities have been sited and installation is scheduled for
completion in the fall of 2001.

A summary description of Digital System G is given in Annex G.
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CHAPTER 1

INTRODUCTION

Since its inception over seventy years ago, radio sound broadcasting has developed into one of the
most popular media outlets, with the important social role of disseminating information,
entertainment and educational material to vast audiences.

Today there is hardly a home in the developed world without at least one radio receiver. More
recent developments include the availability of sophisticated stationary and portable/vehicular
systems incorporating Compact Disc, stereo radio, cassette recorders and ‘walkman’ type wearable
receivers. Also, short-wave radio receivers have become popular on the consumer market.

During the last 30 years a vast market for radio receivers has developed. In Europe alone, there is
an estimated total of half a billion radio receivers in use. Of these, more than 150 million are
thought to be vehicular receivers.

Sound broadcasting started in the early twenties and made use of amplitude modulation (AM). AM
broadcasting is still in extensive use on the long, medium and short wave bands. Early AM services
required large receive antenna installations but as receiver sensitivity was improved this
requirement was obviated and now most modern AM receivers use simple whip or ferrite rod
antennas.

Frequency modulation (FM) transmissions, which were started in the late forties’ in most parts of
the world, represented an important step forward in sound and service quality. The majority of FM
services were introduced into the VHF band, in the frequency range 87.5-108 MHz.

The FM services were planned for fixed reception in the home using roof-top mounted directional
antennas. This was in order to provide gain, and to minimize interference from distant transmitters
and multipath reflections. Improvements in FM receiver design led to the manufacture of low cost
portable and vehicular receivers. This meant that the trend in FM radio listening was to migrate
from fixed reception to portable/vehicular reception. Vehicular and portable receiving antennas are
generally non-directional, so in addition to receiving the wanted signal, they are susceptible to the
reception of unwanted interfering and multipath signals. Thus, a large proportion of listeners using
portable and vehicular FM receivers are inadequately served due to multipath interference,
particularly in built-up areas. The multipath effect on FM reception is to reduce the received signal
to below the threshold level which results in a burst of noise, hence impairing or muting reception.

These analogue systems, although using old technology, are still in use, and provide sound
broadcasting throughout the world to local, national and supra-national services, with the advantage
of relatively low cost receivers.

There have been many attempts to modernize the existing AM and FM broadcasting technologies.
These were mainly aimed at improving the continuity and ruggedness of the service. One such
example was the addition of new sub-carriers to carry stereo sound signals and to support a limited
amount of data to improve service quality and identify different services.

The audio quality of the AM and FM broadcast services has been largely surpassed by recent
innovations in non-broadcast audio media. Listeners, accustomed to the excellent quality obtainable
from Compact Disc (CD) and digital audio tape (DAT) systems now expect similar quality from
their radio services.
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Unfortunately, inherent technical and economic limitations in current broadcast systems preclude
further audio and service quality enhancements comparable to that achievable by current audio
consumer equipment such as CD.

The use of modern digital techniques is the obvious way forward for improving sound broadcasting
quality. For example, NICAM 728 was developed for television sound in the VHF/UHF Bands. At
the end of the 80’s, a full-digital 12 GHz BSS sound radio service was deployed in Europe called
Digital Satellite Radio which provided a multiplex of sixteen (16) CD-quality sound broadcast
programmes for individual and cable reception. Other services in the 11 GHz band have recently
been developed for satellites to supply a large number of audio services to fixed receivers. Note that
both the satellite transmitter and the terrestrial receiver require directional antennas. Hence,
multipath is not a problem and simple digital modulation schemes can be successfully employed.
This type of service is not aimed at moving or portable receivers

Digital techniques have been used in sound programme production and emission by some
broadcasters for many years now, and more recently have become inexpensive enough to be
introduced into the domestic consumer market, leading to wider public appreciation of high-quality
sound, albeit via non-broadcast digital media.

At the same time, there is rapidly growing congestion in the VHF/FM radio bands in many
countries. Thus, the FM broadcasting services, which can deliver, in interference-free situations,
unimpaired sound quality into the home, are under threat. Overcrowding will inevitably increase the
levels of interference that must be tolerated, particularly for vehicular and portable receivers, which
do not benefit from elevated, directional receiving antennas, usually assumed in planning FM
service coverage.

Although VHF/FM services can still provide excellent service to properly-installed fixed receivers,
the solution for the future development of sound broadcasting is to provide an entirely new digital
sound broadcasting service, designed at the outset to meet all the reception requirements of the
diverse listening audiences. Also, a complete digital sound programme chain can be established
from studio to domestic receiver.

In contrast to existing VHF-FM sound broadcasting systems, new digital systems are designed to
provide unimpaired sound broadcast reception to fixed, portable and mobile receivers. The
requirement for mobile reception necessitates entirely new emission methods that have been
defined and are described in this Handbook.

In the more extreme multipath environments encountered by mobile and portable receivers, simple
digital modulation schemes cannot overcome the distortion caused by frequency-selective fading.

The ITU has been studying digital sound broadcasting for over 35 years. For much of that time, the
emphasis had been on satellite sound broadcasting, but later in the process, the study had expanded
to terrestrial broadcasting also.

Consequently, the ITU was instrumental in beginning the search for a new digital sound
broadcasting approach that could respond to the envisaged requirements for radio broadcasting in
the future.

The following three principal objectives for the new system were specified as follows:

– to be able to overcome multipath problems and be specifically designed for vehicular and
portable reception;

– to provide substantially better audio quality than FM; and

– to be capable of both terrestrial and satellite implementation.
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It was established at the outset that any new system could not be compatible with any of its
predecessors. This fact may lead to major changes in all areas of radio broadcasting. This includes
production, recording, distribution, contribution, broadcasting and reception. The ultimate goal is
digitization of the complete radio broadcasting chain, thus yielding the highest quality of sound
transmission from the microphone to the listener.

One of the major problems was to find a suitable frequency allocation for DSB. From 1979 onward,
satellite sound broadcasting had been dealt with at all ITU World Administrative Radio
Conferences (WARC’s). In Resolution No. 505, the WARC-79 invited the CCIR (now ITU-R)
Study Groups to continue and expedite studies on the technical characteristics of a satellite sound
broadcasting system for individual reception by portable and automobile receivers in the frequency
range 500 to 2000 MHz. WARC ORB-85 considered this matter and issued Recommendation No. 2
calling for further studies on satellite sound broadcasting.

WARC ORB-88 also considered this matter and issued Resolution No. 520 which extended the
upper end of the frequency range of interest to 3000 MHz and invited the CCIR to conduct
technical studies on:

– the impact of choice of frequency on system parameters, especially satellite power
requirements, the characteristics of transmitting and receiving antennas, and on propagation
characteristics;

– the bandwidth required by the service; and

– the technical aspects of sharing between services with special consideration to geographical
sharing.

The initial studies were based on conventional analogue systems. During the period 1986-1990 new
studies were undertaken in the United States and within the EBU, mainly in the area of advanced
digital techniques for UHF satellite sound broadcasting.

On the basis of all these studies a technical report was prepared by the CCIR Joint Interim Working
Party for WARC-92 (JIWP WARC-92) for submission to WARC-92. A more detailed report was
also prepared by CCIR JIWP 10-11/1. These reports presented clear evidence that the provision of a
satellite sound broadcasting service to vehicle and portable receivers with complementary terrestrial
broadcasting was feasible with the level of technology available at the time.

The ITU World Administrative Conference (WARC-92) held in Torremolinos, Spain, allocated
frequency bands between 1 000 and 3 000 MHz to BSS (sound) and complementary terrestrial
sound broadcasting. These bands are limited to the use of digital sound broadcasting (see Radio
Regulations, Article 5, footnotes 5.345 and 5.393). A frequency band between 1452 and 1492 MHz
was allocated on a worldwide basis, with the exception of the USA, to the broadcast satellite service
(BSS) and the broadcast service (BS) for digital sound broadcasting (DSB). Two other bands at
2.3 GHz and 2.6 GHz were also allocated to a number of countries. It also requested studies to be
carried out to enable planning of the frequency allocation at a future conference.

Before WARC-92 there was no specific spectrum assignment available for BSS(sound). Therefore
WARC-92 represented a major milestone in the development and hence current and future
deployment of DSB services worldwide. With the WARC-92 assignments, the efforts made for
some twenty years by broadcasters, administrations, manufacturers, sound programme providers
and researchers thus came to fruition. The 1.5 GHz frequency allocation is technically close to the
optimum for BSS (sound) and complementary terrestrial services.
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Nevertheless, terrestrial sound broadcasting services have commenced not only in the 1.5 GHz band
but also in the VHF bands in certain countries. The VHF bands are suitable for large area coverage,
particularly for systems able to utilize the Single Frequency Network (SFN) concept. Indeed, in
many countries DSB will start on a terrestrial basis to provide local, sub-national and national
services, in these bands.

The advanced digital systems described in this DSB Handbook can deliver high-quality sound and
highly ruggedized reception for all types of receivers, including home hi-fi, but are especially
intended for portable, personal and vehicular receivers. The need for new digital broadcasting
technology is particularly important for mobile and portable receivers. The new digital systems
using advanced modulation techniques and bit-rate reduction for source coding are designed to cope
well with the multipath characteristics of the propagation channel, while preserving good spectrum
efficiency and minimizing the requirements for transmitting power.

Moreover, DSB services can potentially provide much greater choice of audio and ancillary data
services and other features than traditional analogue sound broadcasting services. The flexibility of
the service multiplex may also allow the service arrangements to be varied dynamically.

Nevertheless, an important aspect in promoting DSB worldwide is to design user-friendly DSB
receivers to allow straightforward and easy access to large numbers of different sound and data
services.
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CHAPTER 2

REQUIREMENTS AND OBJECTIVES FOR DSB SERVICES

2.1 General requirements

The objective of new sound broadcasting services is to improve the availability, quality and
diversity of programme services to listeners. Wide area coverage will bring programme service to
many listeners for the first time and advanced digital techniques will allow high quality sound
equivalent to the quality available from other sound media (e.g., compact discs). Advanced digital
techniques will also make possible a wide range of new programme-related and independent
services. Digital sound broadcasting, both terrestrial and satellite is aimed at vehicular and portable
reception, but is also able to provide, of course, reception to fixed installations.

The technical system objectives are determined mainly by three factors: sound quality, service
availability and coverage.

2.1.1 Sound quality

The service objectives for sound broadcasting may play an important role in determining the type of
system to be used and the overall system design and cost. Careful consideration needs to be given to
the interaction between performance and economic factors. Digital sound broadcasting has been
under consideration now for over 25 years, and during that time the reproduction of sound and its
subsequent transmission has undergone considerable development. Most people in urban areas now
expect to listen to high-quality stereo sound, even from portable or vehicular radios. The enormous
advances in the performance of domestic hi-fi equipment, culminating in the extensive use of
compact discs, has conditioned many people to expect sound quality greater than that which even
fixed FM receivers can give. Even in remote areas, similar expectations often exist, owing to the
wide availability of good quality cassette recorders and compact disc players. The level of quality
may be established for the most demanding listening condition (i.e., home hi-fi listening
environment), while it is expected that vehicular and portable receivers will have the possibility of
adjusting the dynamic range of the sound signal for comfortable listening in noisier environments,
such as in a car.

Much of the wide-area coverage is currently achieved by long-, medium- and short-wave emissions
using ground-wave and ionospheric propagation. Even though the population of these areas may
prefer to receive entertainment broadcasts of the highest technical quality, it may be more
economical for this type of service to accept monophonic service of medium quality, provided it is
reliable and could be received on portable/mobile receivers.

For these reasons, quality objectives range from grade 3 on the 5-point ITU-R scale for a simple
monophonic system to grade 4.5 for an advanced digital system. For the advanced digital systems,
the objective is to provide a high-quality stereophonic service, subjectively indistinguishable from
compact disc quality. These distinct grades of service quality may lead to different system
trade-offs.
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2.1.2 Service availability

Traditional methods of planning for terrestrial broadcasting have used an availability criterion
which requires 50% of the locations anywhere within the coverage area to meet the quality
objectives for at least 50% of the time. It can be expected that the service availability objective for
all services will be increased; and particularly for the high-quality-grade service it will need to be
substantially increased from the criterion stated above, perhaps allocating 99% locations and time.

Some possible techniques for increasing service availability under certain conditions include time
diversity, frequency diversity and space diversity at the receiver, in addition to the use of terrestrial
repeaters to fill in shadowed areas in which case transmitter space diversity translates into time
diversity at the receiver.

2.1.3 Coverage requirements

The size of the coverage area is also an important factor in setting the system parameters. New
sound broadcasting services should allow flexibility in providing the service to a country. It should
go from local coverage of a city to sub-national, national and supra-national coverage depending on
the needs of individual administrations. The small coverage areas may be best served by terrestrial
broadcasting, whereas large coverage areas would be best served by satellite broadcasting. In
practice, it is expected that both large and small coverage areas will exist in a given country leading
to a possible co-existence of both satellite and terrestrial sound broadcasting services.

In addition to the need by many countries to provide comprehensive sound broadcasting coverage
over very wide areas, some nations desire a satellite DSB implementation to provide specialized
programme services relevant to relatively small national audiences over such wide areas. The wide
area coverage achievable by satellite distribution will improve the economics of reaching such
dispersed specialized audiences, thus making such specialized programme services more practical.

2.2 Specific requirements

In defining a digital sound broadcasting system, the requirements listed below shall be taken into
account1. The system shall be intended for fixed as well as portable and vehicular reception. The
list of system requirements applies to terrestrial, cable, satellite as well as mixed/hybrid
satellite/terrestrial delivery concepts.

The requirements are:

2.2.1 Sound quality levels

A range of audio quality up to high quality stereo sound of two or more channels with subjective
quality indistinguishable from high quality consumer digital recorded media, e.g. (“CD quality”).

2.2.2 Sound control signals

Transmission of control information on sound representation (loudness, dynamic range
compression, matrixing, etc.).

____________________

1 A comprehensive list of specific requirements for digital sound broadcasting is given in Recommen-
dations ITU-R BS.774 and BO.789 for terrestrial and satellite broadcasting, respectively.
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2.2.3 Service configurations

– high-quality stereophonic sound;

– high-quality monophonic sound;

– for special applications, the possibility of adding further sound channels to the basic system
(for the universal multi-channel stereophonic sound system as defined in Recommen-
dation ITU-R BS.775);

– value added services with different data capacities and delivery time (e.g., traffic message
channel, business data, paging, still picture/graphics, video/sound multiplex, future
integrated services digital broadcasting (ISDB); and

– flexible allocation/reallocation of services, without affecting continuing services.

2.2.4 Service delivery

Use of common signal processing in receivers for:

– local, sub-national and national terrestrial VHF/UHF networks;

– mixed use of terrestrial and national/supranational UHF satellite services;

– cable.

It would be advantageous, in some countries, to design the system and plan the service in such a
way that a common receiver could be used for all the above delivery concepts.

2.2.5 Service information

– radio programme data related to each programme signal (programme labeling);

– programme delivery control, copyright control, conditional access, dynamic programme
linking;

– services for the hearing-impaired; and

– multiplex system information (simple programme or service identification, selection and
linking).

2.2.6 Interface

– recording capability of sound signals (in bit-rate reduced form) and related data. This
implies recording the complete programme signal including its programme-related data,
and the ability to access small blocks of data in the encoded signal; and

– data interface capability to information technology equipment (ITE) and communication
networks.

2.2.7 Service availability

– vehicular, portable and fixed reception;

– high-coverage availability in location and time;

– subjectively acceptable failure characteristics;

– high immunity to multipath (long and short delay) and Doppler effect (for mobile
receivers); and

– trade off between extent of coverage for a given emission power, service quality and
number of sound programmes and data services.
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2.2.8 Spectrum efficiency

– high spectrum utilization efficiency (better than FM, maximize frequency reuse and single
frequency networking, minimize sharing constraints with other services); and

– multiple programme service provision within a contiguous frequency band.

2.2.9 Complexity

– low-cost basic receiver configuration; and

– use of simple, non-directional receiving antenna appropriate to vehicular and portable
reception.

It is understood that some service providers may wish to develop BSS(sound) and BS(sound)
systems that do not provide the entire range of characteristics listed above. For example, an
administration may wish to have a service that provides the equivalent of monophonic FM audio
intended primarily for reception by very low cost fixed or portable receivers, rather than vehicular-
mounted receivers.
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CHAPTER 3

SERVICE CONCEPTS

A new generation of sound broadcasting systems is needed to provide reliable wide-area coverage
and high-quality service to portable and vehicular receivers which are now becoming the major
means of receiving radio services. Both satellite and terrestrial delivery means are considered
feasible and desirable for this service. When both are provided it would be economic and practical
for the general public to have access to both satellite and terrestrial services using a common
receiver.

The development of new sound broadcasting services through satellite broadcasting, terrestrial
broadcasting and even through an integrated satellite/terrestrial broadcasting service will take place
depending on the type of service to be implemented (i.e., local, sub-national, national and
multinational). There is a market for multinational, national, sub-national and local services of
various sizes. Eventually, all these may be served by digital sound broadcasting. The largest
services, i.e., those providing coverage for a group of countries, will be most effectively addressed
by satellite. Thus it seems probable that the largest coverage areas likely to be served by terrestrial
digital sound broadcasting are those of national networks.

3.1 Terrestrial DSB

The requirements for terrestrial digital sound broadcasting services will range from national
services, through sub-national services, to local services. A common feature in most cases would be
the requirement for several services with the same coverage requirements, which can be
conveniently satisfied by the concept of the digital sound broadcasting system.

The optimum solution in terms of frequency and power efficiency for terrestrial national and
sub-national services would require a network of transmitters using the same frequency. This
network is referred to as a single frequency network (SFN) which, so far, has been demonstrated to
be feasible using Digital System A (see Annex A). For local or small sub-national services, it may
be envisaged that coverage can be provided either from a single main station, possibly with a few
low power relays or with a small SFN.

As it is not possible to utilize the same frequency block when carrying different programmes in
contiguous areas, it follows that throughout most parts of Europe a minimum of four to five such
frequency blocks is required to provide national network coverage using SFNs. Subdivision of
individual countries into regions would almost certainly require additional frequency blocks.
However, subject to the constraints of block reuse distance near borders, it may be possible for one
country to use for local, and possibly even regional services, the frequency blocks used in
neighbouring areas for national services.

It follows from the above that there are in principle two types of terrestrial DSB networks to be
considered. These are:

– Networks planned on conventional principles, allowing different programmes to be carried
by individual transmitters using different frequencies; and

– distributed emission whereby the required coverage would be provided through the use of
multiple transmitters operating on the same frequency and carrying the same programmes.



- 10 -

3.1.1 Single transmitter coverage

Sound broadcasting has been based, up to now, on the use of single high-power transmitters. The
power of the single transmitter was calculated using a propagation model that includes topographic
considerations and operates on a radial basis from the transmitter. In fact, the broadcaster tried to
maximize coverage by maximizing the transmitting power and the transmit antenna height-above-
average-terrain (HAAT). It was hoped that obstructions inside the coverage area would affect the
service as little as possible since not much could be done about them. Relay transmitters operating
on different frequencies are used to extend the coverage of a single transmitter but this is not
spectrum efficient.

The single transmitter approach can also be used for DSB. However, both the higher service
availability requirements (e.g., F(95,95) instead of F(50,50)) and the power reduction needed to
satisfy the transmitter linearity requirement must be considered in preparing the transmitter
specification. The single transmitter coverage concept for providing DSB service to all except small
localized coverage areas is now considered sub-optimal for ensuring high service availability
throughout the coverage area. Tunnels and areas obstructed by terrain features are typically not well
served with this type of coverage. Also, future local building may create new gaps within the main
service area that could be reduced only to a limited extent by an increase in transmit e.r.p..
However, the e.r.p. is usually constrained by the limits on co-channel and adjacent-channel
interference with neighbouring transmitters.

It is of interest to compare the necessary number of “channels” required for digital modulation
using conventional planning for extensive area coverage to the number required for FM planning,
recognizing that digital systems require lower protection ratios. In Europe, FM coverage planning is
based on a co-channel protection ratio of at least 37 dB being provided for 99% of the time at 50%
of locations at the edge of the coverage area. A higher percentage of locations will achieve this
minimum protection ratio as the distance from the transmitter decreases; similarly for a lower
percentage of time (e.g. 90%) more than 50% of locations will receive this minimum quality, even
at the nominal limit of coverage.

Although the 37 dB co-channel protection ratio used for FM planning is high, the system is fairly
robust with respect to increasing interference. Intelligibility is still possible, e.g., for reception of
speech programmes in a car, provided the signal-to-interference ratio is above 5 dB. For digital
systems the protection ratios for high quality and intelligibility are much closer, but the failure
characteristics are more abrupt.

For this reason, the reduction in the number of “channels” required for a digital system network
relative to that for FM is likely to be less than implied by the difference in protection ratios required
for high quality reception of the two systems. Moreover, the existing VHF/FM frequency plan in
Europe is based on domestic reception assuming a directional receiving antenna height of 10 m,
whereas any new digital sound broadcasting system should also guarantee high quality for the more
critical conditions of vehicular reception (i.e., with a non-directional antenna at lower height).

In-Band digital sound broadcasting systems.

In-band FM digital sound broadcasting systems have the potential for using the same band for both
services. This may be important to those administrations in which new spectrum is in short supply
or where the bands are heavily used or not available for DSB.

Utilizing the existing FM band to provide two broadcasting services of comparable coverages,
analog and digital broadcasting, would be spectrum efficient. Also, the use of the FM band to
provide digital service, if proven to have minimal impact on existing allotments and assignments,
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would cause minimal disruption to existing broadcasters operating in the FM band. To the extent
broadcasters can utilize existing equipment, facilities and transmitter site locations as part of the
new digital system, cost economies may be realized. Finally, displacement of other services and
relocation costs incident thereto would be minimized.

3.1.2 Distributed emission using multiple on-channel transmitters

Unlike the case of conventional analogue sound broadcasting where the service is provided by a
single high power transmitter typically located at the centre of the service area and some possible
re-broadcast stations using different channels to serve the problem areas, a new concept called
“distributed emission” is considered to provide the required field strength with better availability
over the entire service area without having to over-scale the main transmitter. This is achieved by
using a number of transmitters operating on the same channel. On-channel transmitters produce
“active” echoes at the receiver. Therefore, to accommodate this new coverage concept, the
modulation proposed for DSB must provide proper service in an environment where “passive”
echoes (i.e., echoes due to channel multipath), as well as “active” echoes (i.e., echoes produced by
on-channel transmitters) are present. In the case of Digital System A (see Annex A), the system
makes constructive use of these echoes by adding them on a power basis as long as they fall within
a certain guard interval.

As for the active echoes produced by on-channel repeaters and the main transmitter, depending on
where the receiver is located, some active echoes can be received either before or after the main
signal. In fact, at a specific location, two active echoes can be received at exactly the same power
and depending whether the receiver is moved towards one repeater or the other (one can be the
main transmitter), one echo will be stronger than the other. Each of these active echoes will also be
received with passive echoes generated by the receiver surroundings. The presence of active echoes
produced by on-channel transmitters will therefore result, in most locations, in apparently more
severe multipath conditions over a wider time window at the receivers, and unless the receivers can
take advantage of these conditions (as in the case of Digital System A), the reception would be
made more difficult.

In the case of Digital System A, an increase in the guard interval, and thus the symbol period, to
cover both active and passive echoes, would result in an increase in the number of orthogonal
carriers in the channel bandwidth. This increase has three effects:

a) the reception becomes more susceptible to degradation caused by Doppler spread in the
case of a moving vehicle;

b) the tolerance on the phase noise of the transmitter and the local oscillator will need to be
tighter for proper signal demodulation; and

c) the complexity of the real-time FFT used for the multi-carrier demodulation increases (as a
function of N log2N where N is the number of carriers).

A proper trade-off can be found between the size of the guard interval, and therefore the flexibility
in locating the multiple transmitters in a distributed emission environment (i.e., the distance
between transmitters) and the susceptibility of the emission to the Doppler spread and to the
transmitter and receiver phase noise, as well as the complexity of the receivers. Such a trade-off,
which involves principally the competing requirements of a larger guard interval for SFN operation
and the proper reception in a vehicle moving at a given speed determines the optimum modulation
parameters to be used. There is a linear relationship between the maximum speed at which proper
reception is achieved in a vehicle, the inverse of the frequency of operation and the inverse of the
symbol period (thus the size of the guard interval for a given spectrum efficiency). A detailed
discussion of this trade-off, which results in the best choice of the transmission mode, is given in
Section A.9 of Annex A.
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The use of several transmitters enables a significant reduction in required power for a given service
availability. Also, the fact that many sources of signal are available to the receiver throughout the
service area creates space diversity and redundancy that results in a further improvement in the
service availability (i.e., network gain). With smaller separation between these transmitters,
receivers benefit from the inherent high signal availability. Furthermore, when higher signal levels
are needed at the receivers, local signal availability can be improved by a marginal increase of the
repeater e.r.p., with minimal impact on the level of interference to distant co-channel DSB
broadcast services.

Another important aspect of the distributed emission concept is the fact that the coverage area can
be carefully shaped to reduce the power requirement and also to produce a sharper signal roll-off at
the edge of the coverage area. This allows for a reduction of the separation distance between
adjacent coverage areas that use the same frequency and therefore an increase in the overall
spectrum efficiency.

Adjacent channel reception in a multiple transmitter environment may, however, require new
constraints. A receiver trying to receive a given terrestrial channel while in close proximity to
another transmitter emitting on an adjacent channel would have some difficulty in discriminating
between channels because of the signal level differential created by the ratio of the two transmitter
distances. The signal would either need to be retransmitted by this second transmitter, or the two
transmitters would need to be co-located, or a separation distance would be required as in the case
of conventional FM planning. The co-location alternative is indeed the most satisfactory one. Gap-
fillers and coverage extenders using different frequencies might not be constrained by distance but
would require more channels.

The concept of distributed emission comprises the single frequency networks (SFN), on-channel
gap-fillers and coverage extenders, and was introduced in the ITU Radiocommunication studies
(ITU-R) in order to improve the service availability of the newly proposed digital sound
broadcasting systems.

3.1.2.1 Single frequency network (SFN)

In the case of a single frequency network, the same programme is transmitted on multiple
transmitters operating on the same frequency and the emissions are time synchronized by
distributing the programmes to each transmitter in the network using a separate distribution
infrastructure (e.g., satellite, optical fibre, microwave links, etc.). Such a SFN is typically used to
provide service to large coverage areas. It is closely related to the use of a regular lattice of
synchronized on-channel transmitters.

The operation of the SFN is based on the fundamental feature of any digital system which operates
satisfactorily in areas having high levels of multipath propagation, in particular for mobile
reception. In Digital System A, this is achieved largely by the incorporation of a guard interval in
the time domain. Provided the longest multipath delay time does not exceed this guard interval, then
all signal components received add constructively, effectively on a power-sum basis. As delay times
increase above the guard interval, the constructive effect of any multipath decreases and the
interference effect increases. The effect of the interfering contribution is similar to that of noise, or
of interference from another digital emission carrying different programmes.

The value of the protection ratio required to avoid interference from such signals will depend upon
the signal coding strategy but will be of the order of 10 dB. From the viewpoint of signal processing
within the receiver, a multipath signal is indistinguishable from another, suitably synchronized
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emission carrying exactly the same information. It follows therefore that a system network
employing a single frequency block (e.g., as used in Digital System A) can be utilized by multiple
transmitters over an extensive area without mutual interference, subject to the condition that the
delay times of all signals received at significant levels do not exceed the guard interval. This is the
general principle of an SFN.

In this concept, it can be seen that the SFN has a high spectrum efficiency which could, in practice,
be at least three times that of a conventional FM network assuming identical programmes
throughout the network.

Practical experience will be necessary to determine the real number of “channels” required for an
extended digital system network. It should be recognized that even within such a network using
conventional planning, spectrum conservation is possible by having relay stations using the same
channels as their parent stations, subject to provision of appropriate programme feed arrangements.

3.1.2.1.1 SFN operational requirements

When operating in an SFN, the signals transmitted from individual transmitters should be:

– approximately synchronous in time;

– nominally coherent in frequency (within a few Hz); and

– should have identical multiplex content.

3.1.2.1.2 Time synchronization

Time synchronization involves compensation for the differences in transmission delays which occur
in the transmission path between the studio and the transmitter. This compensation should be
maintained at all times and may require timing information to be sent with the signals. The use of
dedicated transmission lines is a possible solution. Another possibility to feed all the transmitters by
the synchronous multiplex signal is to use a FSS distribution satellite. This method may be
economically preferable for the distribution of complete multiplex signals in large SFN’s. In the
case of satellite delivery, delay compensation is necessary at each transmitter site to compensate for
the different downlink path lengths.

3.1.2.1.3 Frequency coherence

The Doppler effect sets limitations to the allowed frequency instability of the carriers of the emitted
signal. The precision should be within about 10–8 at VHF frequencies. At 1500 MHz, the carrier
frequency should be maintained within 10 Hz, and preferably to within a few Hz for optimum
performance. This can be obtained in very much the same way as precision offset to TV
transmitters today, that is to say, by locking the local oscillators to a reference frequency.

3.1.2.1.4 Multiplex consistency

The easiest way to cope with the requirement for bit identity in the multiplex is to perform the
multiplexing in one common nodal point, that is the same as in the centre of a star network.
Attention is especially drawn to the fact that no time synchronization is needed before the node,
whilst after the node the relative delays between transmitters must be controlled.

A more difficult planning requirement is that which currently occurs when the transmitters of a
country or region carry a common programme for much of the time but on certain occasions, e.g.,
for local news items, are required to carry different programmes. Means are being developed to
accommodate such special requirement through the appropriate TDM structure.
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Another way to accommodate such specific requirements is to divide the SFN coverage area into
several smaller cells during certain periods of the day. This is made possible by disconnecting some
transmitters from the common signal source and reconfiguring the network so that the transmitters
can be fed by more than one source. Small groups of transmitters can then be fed with different
programme material to serve their local community. The new coverage areas are limited, however,
by the interference generated by the relatively close co-channel transmitters. A typical example
might be a need by one broadcaster to provide different programming in different parts of the city
during various times of the day (e.g., community radio), while other broadcasters maintain the same
programming throughout the service area. The goal then is to feed different sets of stereo pairs in
different parts of the transmitter network; part of these stereo pairs would carry common
programming while others would carry different programming in different locations.

In order to maintain the service for programme channels aimed at the entire area, the newly created
interfering zones must be reduced to a minimum (i.e., small corridors between cells). A crude way
of realizing the detachment would be to simply disconnect the cell transmitters from the network,
connect them to a new feed and adjust their e.r.p. for smaller coverage. However, this would create
a relatively large unserved area within which receivers would require directional antennas to pick
up and discriminate among services from the various local transmitters. For vehicles equipped with
omni-directional receiving antennas and driving across this area, reception would be intermittent
and would likely switch back and forth between the multiplexes from the two adjacent cells. It is
thus important to reduce the extent of this area as much as possible.

It has been shown through computer simulations that the width of this interference zone can be
reduced to a few kilometres and even less with the help of low power on-channel repeaters
strategically located along the edge of the contour affected by co-channel interference. These
reinforcement repeaters would be equipped with directional antennas (180° beamwidth or less)
pointed towards the main transmitter to minimize the field strength produced within the adjacent
cell. These repeaters may be needed only when the network is divided into several cells.

3.1.2.1.5 Internal network gain in a SFN

Due to the multipath tolerance of advanced digital systems (e.g., Digital System A), there exists,
within some delay time limits, a mutual addition of the signals of all transmitters belonging to the
network. This effect is called the network gain of the SFN. It comprises two components, an
additive one and a statistical one. Results of measurements indicating the extent of internal network
gain in an experimental SFN in the United Kingdom are described in Annex A.

The additive part is simply a result of the fact that there may be more than one useful signal and
hence the field strengths can be added. The statistical part is due to the location variation
distributions of the different fields. Since the overall standard deviation of the resulting signal is
less than that of a single signal the margin to achieve a 90% or 99% coverage probability can be
reduced. This effect is called the internal network gain of an SFN.

Table 1 shows the maximum theoretical network gain for 99% locations in an SFN where
contributing signals are uncorrelated, each having a log-normal distribution with a standard
deviation of 5.5 dB and at points where the contributing field strengths are equal.

In considering SFN gain, it should be recognized that not all the transmitters in a network will
contribute to the useful signal. Depending on the system and network parameters such as guard
intervals and the distances between transmitters, some signals may become interferers and hence
reduce the network gain. In addition it should be noted that in situations where one transmitter
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delivers a field strength significantly higher than other transmitters in the network, e.g., the receiver
being sufficiently near any given transmitter, the network gain may tend to zero. Detailed
calculations taking account of the real situation (including terrain features and clutter) may then be
more appropriate to determine the network gain.

TABLE 1

Maximum SFN gain for a specified number of equal contributors

3.1.2.2 Gap-fillers

A gap-filler is a low power on-channel repeater located inside the coverage area. It is used to
illuminate a part of the service area that is not well served by the main transmitter. Typical under-
served areas include zones shadowed by natural or man-made obstructions such as valleys, tunnels
and city blocks behind buildings. A gap-filler is simple to construct and install since it requires
relatively small power and can be mounted on a small tower or on the roof of a building. The
receiving antenna of the gap-filler should feature a high on-axis gain and reduced back lobes, while
the re-transmitting antenna will generally be tailored to the specific characteristics of the shadowed
area.

Figure 1 illustrates the rule that governs the use of gap-fillers within the coverage area of a single
main transmitter, rated in this example at 25 kW e.r.p.. In the case of Digital System A, this rule is
closely related to the size of the guard interval (in this case, Mode II is used with a 62 µs guard
interval). An omni-directional re-transmitting antenna is assumed at the gap-filler to cover the worst
case situation. The propagation model of Recommendation ITU-R P.1546 was used for this
exercise, assuming flat terrain with a roughness factor of ∆ h = 50 m. The domain of operation is
under the curves. If the e.r.p. of the gap-filler exceeds the values shown by the curves at a given
distance from the main transmitter and for a given gap-filler, an unserved area starts to appear
between the main transmitter and the gap-filler due to the presence of the destructive echo.

When the required isolation between receiving and transmitting antennas can be achieved, the fill-in
transmitters can work as normal re-broadcast transmitters using the same frequency at input and
output. However, this may be practical only at higher frequencies. As large shadowing buildings in
urban areas can provide the necessary isolation, this technique of “active reflectors” may be of great
interest there. In general, the re-broadcasting transmitter consists only of an amplifier with the
necessary isolation between receiving and transmitting antennas determining the upper limit for the
amplification gain.

In addition, use of gap filling transmitters contributes to spectrum conservation.

In some cases, an alternative to gap filling would be to increase the power and/or the antenna height
of the main transmitter. Apart from the cost implications, this would also increase interference to
co-channel services in other areas, and thus, limit implementation of such a high-power DSB
service, or reduce spectrum reuse efficiency.

Contributing transmitters Network gain for 99% of locations

2 7.6 dB

3 11.4 dB

4 13.8 dB
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FIGURE 1

Domain of operation of a gap-filler as a function of distance, HAAT and e.r.p.
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3.1.2.3 Coverage extenders

Coverage extenders are typically low- to medium-power on-channel repeaters installed at relatively
low HAAT at the edge of the coverage area. Their function is to supplement the main transmitter by
providing service to areas that are beyond the normal coverage radius, which otherwise would
require a significant increase in the main transmitter e.r.p.. New areas developing from the ongoing
suburban spread may also be served, in time, with coverage extenders which can also be used to
tailor the coverage by selecting sites where these repeaters are to be located.

Normally, the repeater would pick up the signal off-air and re-transmit it without any delay. Some
further adjustment of the delay by means of memory lines at the repeater may be useful in some
instances (e.g., to equalize the delay between multiple coverage extenders) to improve the coverage.
This concept is quite effective in decreasing the total transmit power required and can provide a
better service availability up to the edge of the service area. Computer simulations of this concept
are included in Annex A, illustrating the advantages and constraints of using this approach.

These coverage extenders would typically use omni-directional antennas at the transmitters sites but
this would impose an additional constraint on the width of the guard interval (typically 104 µs is
required to be able to locate the re-transmitters at 50 km from the main transmitter, assuming flat
terrain with ∆ h = 50 m, using the model of Recommendation ITU-R P.1546 with repeater antenna
height at 75 m, for an extent of coverage of 70 km radius). However, this constraint on the guard
interval can be relaxed considerably if outward looking directional transmit antennas are used at
these repeaters sites (see Annex A).
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By using coverage extenders, coverage areas can be tailored to provide an optimal trade-off among
e.r.p. at the main transmitter, service availability, number of on-channel repeaters and interference
to adjacent service areas. The rule found for gap-fillers in §3.1.2.2 and illustrated in Fig. 1 applies
here as well. When there is a need for an e.r.p. larger than specified by the rule, an outward pointing
directional transmitting antenna can be used at the coverage extender. The need to exceed the stated
maximum e.r.p. and thus the need to use an outward pointing directional re-transmitting antenna is
dictated by the distance between the coverage extender and the main transmitter and the extent of
coverage to be reached by the extender.

When on-channel repeaters are used to extend the coverage, the field strength at the edge of the
coverage area falls off more rapidly than in the case of a single transmitter. It is found that for
equivalent coverage, the distributed emission system will produce less interference to adjacent
service areas than the single transmitter system.

3.1.2.4 On-channel repeaters (OCR)

The On-Channel Repeater (OCR) is a very useful device for extending or filling gaps in coverage of
a DSB system. Since it requires neither DSB generation equipment nor a data link to feed the
ensemble multiplex signal to it, it is a very economical means of coverage extension. Achieving
adequate electromagnetic isolation between the receive and transmit antennas can, however, be a
challenge requiring careful design.

Experimental work using Digital System A in the 1.5 GHz band in Ottawa, Canada, has provided
very good conclusions about the feasibility limits of such configurations.

The transmit power obtainable from an OCR is given by:

PTX = PRX + GRX + GOCR + GTX

where:

PRX : received signal power (dBW)

GRX : receive antenna gain (dBd = dB relative to a dipole antenna)

GOCR : total gain of the OCR, between the receive and transmit antennas (dB)

GTX : transmit antenna gain (dBd).

Transmitter powers in the range of +17 to +30 dBW (50 to 1000 Watts e.r.p.) are a typical
objective. The constraint is that, in order to avoid significant distortion of the retransmitted signal,
the overall gain GOCR of the OCR must be less than the coupling factor (referred to hereafter as the
“isolation”) between the receive and transmit antennas. The margin by which the isolation should
exceed the gain will be discussed below. The expected range of values of the other parameters is
shown in Table 2.

TABLE 2

Expected OCR Parameter Values

PRX (dBW) –100 → –80

GRX (dBd) 18.5 → 28

GTX (dBd) 7.5 → 17

GOCR (dB) (see text)
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A few approaches can be considered to achieve this isolation, among them:

– using mechanical isolation such as a wire mesh shroud between the two antennas, although
there may be some considerations of aesthetics and durability;

– using higher-gain receive antenna;

– exploiting the deep nulls characteristic of the transmit antenna by positioning the receive
antenna in such nulls.

3.1.2.4.1 Test results and analysis

An experimental configuration has been set up at the Communications Research Centre (CRC) in
Ottawa, Canada, with a 7.5 dBd gain omnidirectional transmit antenna mounted on top of a rooftop
tower, and a 24 dBd gain directional receive antenna mounted on the same tower, about 8 m below
the transmit antenna. Both are vertically polarised, and the receive antenna is aimed at the horizon,
in the direction of the main Ottawa transmitter site (600 W e.r.p., about 16 km away). The receive
antenna is a simple design - a grid parabolic reflector about 2 m in diameter, with a cavity-backed
dipole feed. The isolation provided by this configuration has been measured at exactly 80 dB, which
is consistent with the results which have been reported elsewhere. However, this configuration can
be considered to be nearly the worst case situation, and as explained below, there remains much
room for improvement.

If the configuration just described were used as a terrestrial OCR in the Ottawa DSB network, the
following values would be achievable: PRX = –90 dBW, GRX = 24 dBd, GTX = 7.5 dBd and
GOCR ≤ 70 dB, which gives PTX ≤ + 14.8 dBW. Thus a maximum power of about 30 W e.r.p.
would be possible. Although marginal, this could be sufficient in some OCR applications. In order
to improve the isolation, it is useful to understand the coupling mechanism - in this instance, it was
evident that near-field coupling predominated; however, examination of the spectrum of a COFDM
signal transmitted between the antennas also showed significant amplitude ripple due to the
presence of far-field multipath. It is estimated that the coupling provided by the multipath alone was
of the order of 90 dB, suggesting that the isolation could be improved by reducing the near-field
coupling. Some earlier tests with a simple metal screen arrangement (about 1.5 m2 in size) mounted
on the tower above the receive antenna showed an improvement in isolation of the order of 6 dB.

The earlier tests were done with a 1 m diameter dish (18 dBd gain) rather than the 2 m dish;
however, the two antennas have the same type of feed and exhibit nearly identical isolation from the
transmit antenna when mounted in the same location. A 6 dB improvement in the case of the 2 m
dish (i.e., to 86 dB) would permit an increase to 120 W e.r.p.. The isolation achievable with a given
configuration is of course somewhat site-dependent, so these numbers should be regarded as
illustrative rather than definitive. Measurements on a similar configuration (1 m diameter grid
parabolic receive antenna mounted below a 10.5 dBd omnidirectional transmit antenna also showed
isolation of approximately 80 dB, so this figure seems to be typical for such installations. Transmit
e.r.p. values in the 600 W range are expected to be attained in this case.

There are several mitigating factors which will allow improvement in the isolation figure. First, it is
reasonable to assume that somewhat higher receive antenna gains can be used, and a GRX of up to
28 dBd (i.e., a parabolic dish of about 3 m diameter) does not seem unreasonable for some
applications. Second, a sectoral transmit antenna with limited azimuthal coverage, directed away
from the receive antenna, can often be used. This can reduce both the near field coupling to the
receive antenna, as well as coupling via reflections in the far field. Two standard models which
have been used for DSB work in Canada have 8° and 4° vertical beamwidths and nominal gains of
12.5 dBd and 15.5 dBd, respectively, for 120° azimuthal coverage. If GRX = 28 dBd and
GTX = 15.5 dBd are assumed, then the maximum PTX increases by 11 dB, and e.r.p. levels in the
500 to 1000 W range are reachable even if the isolation remained at 80 dB (for the example of
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PRX = –90 dBW mentioned above). More isolation is needed, however, to accommodate lower
values of PRX, which would arise from greater separation between sites, lower main transmitter
e.r.p., smaller receive antennas, or higher OCR e.r.p.

It is also clearly desirable to get greater physical isolation between the antennas than that which can
usually be achieved when they are mounted on the same support structure. This is typically done by
mounting the antennas on opposite sides of a building rooftop, with the building penthouse or other
structure between them. The CRC test site provides a good illustration of this scenario, wherein the
receive antenna is mounted a few metres above the main roof level on the north side of the building,
adjacent to a penthouse which rises another 6 m or so above the roof level.

Tests of the isolation were conducted between the receive antenna and a 120° sectoral antenna
mounted at the same height on the south side of the penthouse. The 8° beamwidth transmit antenna
was used since it is smaller and easier to manipulate on a portable test stand than the 4° beamwidth
transmit antenna, but the two have very similar sidelobe/backlobe characteristics. The penthouse
itself is of concrete and brick veneer construction, and the interior contains a considerable amount
of metal (heating, ventilation and air conditioning) machinery. The distance between the receive
and transmit antennas was about 18 m, and the measured mid-band isolation was 102.5 dB, a
substantial improvement over the 80 dB of the previous case. Isolation of this order would be
sufficient for most terrestrial OCR applications. Even further improvements are possible when
antenna design issues are addressed.

The coupling between the antennas is a combination of direct backward radiation from the transmit
antenna, diffracting around the building structures, plus scattering from more distant objects,
possibly involving multiple reflections. The antennas used for our measurements are off-the-shelf
models which have not been at all optimised for OCR service. They have been designed for near-
maximum forward gain, at the expense of other parameters such as sidelobe and front-to-back
ratios. In the case of 8° sectoral transmit antenna, for example, the previous test range
measurements indicated that it will radiate a relatively strong signal (equivalent to about +4 dBd
gain) towards the edges of the penthouse structure behind it, thus providing a very significant
coupling mechanism via edge diffraction around the structure to the receive antenna. This could be
improved upon with an improved transmit antenna design.

Much more potential for improvement exists on the receive antenna side, where the antenna used in
our tests has sidelobes which are only about 20 to 25 dB down from the main lobe. As indicated by
other commercial parabolic antenna designs, techniques such as shrouds around the edge of the
reflector can be used to improve the sidelobe ratios by 20 dB or more. This improvement will
translate directly into attenuation of the diffraction paths from the transmit antenna. Antenna
designs with maximum sidelobe ratios of much better than –40 dB exist, although they may be
rather costly to construct at 1.5 GHz. In any case, a further improvement of up to 20 dB in isolation
(to 120-125 dB) seems possible. At this point, the isolation which can be achieved becomes highly
dependent on the environment around the OCR site.

3.1.2.4.2 Summary of findings related to possible OCR gain

It is estimated that it is feasible to achieve GOCR values as high as 95 dB using conventional
1.5 GHz antennas provided that careful attention is paid to siting issues. With reference to Table 2,
one could postulate an expected range of 70 to 95 dB for GOCR, with the lower end of the range
corresponding to omnidirectional transmission and little physical separation between antennas, and
the high end to sectoral transmission and good isolation provided by building structures. This range
is adequate for most terrestrial OCR applications, permitting omnidirectional transmission at e.r.p.
levels up to about 600 W, and sectoral transmission at several times that level. Applications
requiring higher GOCR, such as OCR’s for which the received power PRX is unusually low, or those
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which must provide very high e.r.p., require improvements to the antenna sidelobe and backlobe
characteristics, with the receive antenna being by far the most critical element. Such improvements
do not call for technological breakthroughs, but simply for application of known design techniques.
There will of course remain some interesting problems, not the least of which is ensuring the
stability of an OCR which has an overall gain of 110 dB to 115 dB, but none seem insurmountable
at this point.

As to the scalability of these results to frequencies other than 1.5 GHz, the isolation will improve as
the frequency is increased, but the exact relationship is not known.

3.1.2.4.3 OCR loop margin to avoid oscillation and minimize impact on receiver performance

A drawback of the OCR is that its transmitted signal is not a perfect replica of the signal that is
generated by the main site(s). One source of potential impairment is the propagation path to the
OCR. If there is significant multipath present on this path, the signal at the OCR input will be
distorted by selective fading. This is usually not a major concern, however, since the path will
normally be clear line-of-sight, and a highly directional receiving antenna at the OCR site will
minimise off-path reflections. A more serious concern is the distortion on the signal that results
from feedback from the OCR transmit antenna back into the receive antenna.

The OCR can be modelled as a classical feedback system where the forward path G(ω) consists of
amplifiers, bandpass filters, and the antenna transmission lines, as well as other elements that may
appear in more complex repeaters, such as mixers for frequency conversion. The feedback
path H(ω) is the coupling between the transmit and receive antenna terminals. The magnitude
|H(ω)| of this quantity is often known as the isolation between the antennas. Note that the forward
gains of the antennas are not part of the feedback loop. This is because the coupling paths can, and
frequently do, bypass the main lobes of the antennas and enter via sidelobes. The OCR transfer
function T(ω) which is the ratio between the received signal (R(ω)) and the sent signal (S(ω)) is:
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In order to evaluate the transfer function, we must determine some values for the magnitude and
phase of the forward path G(ω) and the feedback path H(ω). The gain of the forward path, |G(ω)|, is
a basic design parameter of the OCR: for a given signal level delivered by the receive antenna, this
is the gain needed to deliver the power required at the transmit antenna to achieve the desired
coverage. The phase shift of the forward path is largely determined by the phase shift of the filters
plus the propagation delays of the transmission lines, with minor contributions from the amplifiers.
When all of the contributions are summed, one can expect to find the total delay through the OCR
to be somewhere in the range from 0.2 to 1.5 µs.

The quantity |G(ω)H(ω)| is known as the loop gain of the OCR. This is an important parameter: as
it approaches unity, the magnitude of the transfer function goes to infinity, and the OCR ceases to
be a linear system and instead becomes an oscillator. The ratio 1/GH is the loop gain margin, which
for convenience shall be referred to as LGM. This quantity is usually expressed in decibels:

)log20log20()/1log(20)( HGGHdBLGM +−==

Although 20logH is a negative number, in practice we usually refer to its absolute value as the
isolation. In other words, the LGM is simply the difference between the isolation or reverse
coupling factor, as measured between the transmit and receive antenna terminals, and the forward
gain of the OCR, measured between the same two points. For example, if the OCR forward gain is
70 dB and the isolation between the antennas is 80 dB, then the loop gain margin is 10 dB. The
performance of the OCR is greatly dependent on this parameter.
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The significance of the “ω” factors in the equation is that the transfer function is frequency-
dependent, causing the closed-loop OCR gain to vary with frequency. At some frequencies the
feedback will add to and reinforce the signal, and at others it will subtract from it. The net result is a
ripple in the OCR frequency response whose amplitude depends on the loop gain margin, and
whose period (spacing between peaks) depends on the loop delay.

This is demonstrated in Figs. 2 and 3 for a single feedback path where the LGM is 16 dB and 4 dB,
respectively. The ripple amplitude in these two cases is 2.8 dB and 12.9 dB, respectively. In these
cases, typical values of time delays of TG = 0.5 µs and TH = 0.2 µs are assumed. In addition to the
amplitude ripple impressed on the signal when it passes through the OCR, there is also phase
distortion, which manifests itself as ripples in the group delay. The peak-to-peak amplitude of the
ripple as a function of the LGM for a single echo is plotted in Fig. 4.

FIGURE 2

Magnitude of OCR function when LGM ==== 16 dB
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FIGURE 3

Magnitude of OCR transfer function when LGM ==== 4 dB
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FIGURE 4

Transfer function amplitude ripple vs loop gain margin
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In order to evaluate the effect of OCR distortion under controlled conditions, a test setup was
constructed with a hardware channel simulator providing the forward path G(ω) and reverse path(s)
H(ω) of a simulated OCR. The test procedure was to adjust the simulator’s parameters to produce a
given distortion scenario, and then measure the C/N required to reach the target BER in the
receiver. As the distortion was increased, the increase in C/N required to offset its effect was noted,
and quantified as the amount of system performance degradation compared with the undistorted
case.

It was found that the system performance was not a strong function of the OCR loop delay. For a
given delay, changing the phase shift caused significant changes in BER performance, producing a
range of values of performance degradation; however, the range of values was approximately the
same for all loop delay settings tested.

A practical OCR site using 160° sectoral transmit antenna aimed back towards the main transmitter
was also used to characterize the effect of the OCR on the receiver performance. This OCR was
intended to operate at output powers up to 100 Watts. The receive antenna gain is 20.5 dBi, which
provides an input signal of about –32.5 dBm from the main transmitter, located 7.2 km away.
Operation of the OCR at full power results in a forward gain |G(ω)| of 79 dB. This would result in
LGM values from 0 to 16 dB, so that we have a comfortable amount of isolation at some
frequencies, and are approaching the oscillation point at others. At full power, this will clearly
cause some serious distortion on the output signal.

Similar methodology to the channel simulator tests was used to characterize receiver performance
degradation in terms of additional C/N required to maintain the target BER.

It was found that there exists an “equivalent LGM” in a complex feedback scenario which
characterizes the OCR performance and falls between the measured extreme values. Moreover, the
peak-to-peak amplitude of the ripple in the OCR output appears to be a good indicator of the value
of this equivalent value. In other words, given an observed ripple amplitude, an equivalent LGM
can be determined from the relationship shown in Fig. 4. The results of both the laboratory and field
measurements are combined in Fig. 5.
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FIGURE 5

Test results on performance degradation vs ripple amplitude
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It can be concluded that the peak-to-peak magnitude of the amplitude ripple of the OCR output
signal is a good indicator of system performance. It is recommended that this ripple be held to 8 dB
or less, in order to avoid significant degradation in performance. Lower values than this, of course,
are desirable, and certainly would be required if another OCR will be cascaded with the one being
evaluated. In addition, it is recommended that when the isolation, and hence the Loop Gain Margin,
are a complex function of frequency, the OCR be operated at a power level such that the LGM is at
least 4 dB at all frequencies. This will avoid unstable behaviour and minimize generation of
spurious products.

3.2 Satellite DSB

3.2.1 Satellite-only DSB

Large service areas are more appropriately covered by satellite beams. For a given operating
frequency, the extent of the beam coverage needed on the Earth determines the size of the satellite
transmit antenna. The emission power at the satellite has to be large enough to compensate for
propagation losses and to provide adequate fixed, portable and vehicular reception on the Earth.
The non-tracking vehicular receiving antenna, which has to be omni-directional (at least in the
horizontal plane), provides for a rather limited gain (e.g., 5 dB at best). A large propagation margin
(e.g., typically 15 dB; Rice/Rayleigh model) needs to be included in the link budget for mid-latitude
countries to allow for the cases of attenuation, blockage and selective fading due to multipath which
is more pronounced in cities. When special channel coding and modulation techniques using
frequency interleaving are used to counter frequency selective fading, the propagation margin can
be decreased by typically 5 dB (e.g., 10 dB; log-normal model).
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3.2.2 Hybrid satellite/terrestrial DSB

The coverage from the satellite can be improved by the use of terrestrial co-channel low-power gap-
fillers. One approach to implement this concept is based on a co-channel satellite/terrestrial type of
operation. This concept has so far been demonstrated by using Digital System A. The satellite
coverage is improved through the use of low-power retransmitters using the same carrier frequency
to cover shadowed areas produced by large buildings, tunnels, valleys, etc. as is illustrated in Fig. 6.
These retransmitters are called “gap-fillers” as in the terrestrial case (see § 3.1.2.2). This concept is
a special application of the new advanced digital modulation schemes suited to operate in a
multipath environment by either canceling echoes or making constructive use of these echoes.
Active echoes deliberately introduced by co-frequency repeaters to fill the shadowed areas are
treated in the receiver as if they were passive echoes.

FIGURE 6

Co-channel gap-filling technique
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This can be done under certain restrictions related to maximum propagation delays. These
propagation delays translate physically into distances from retransmitters beyond which these active
echoes would become destructive, as illustrated in Fig. 7. The use of such gap-fillers can result in a
reduction in the required propagation margin from the flat fading characteristics of urban areas
(e.g., 10 dB) to typically the flat fading characteristics of rural areas (e.g., 5 dB). The satellite can
then be designed to provide just sufficient signal strength to cover near line-of-sight conditions
typical of reception in rural areas since terrestrial repeater stations, working at the same frequency,
will boost the signal in areas where an extra propagation margin is required. The retransmitted
EIRP can be very low, in the order of a few watts, depending on the size of the shadowed area to be
covered and the degree of isolation that can be achieved between the receiving antenna and the
transmitting station of the gap-filler.

A second approach is based on the use of different carrier frequencies by gap-fillers to retransmit in
shadowed areas. In this case, no constraint would exist in terms of size of coverage area and
isolation between receiving and transmitting antennas, but it would require more channels and
would imply automatic tuning in the receivers to switch to local gap-filler frequency. In case of
multiple gap-fillers, the same frequency reuse scheme as for terrestrial broadcasting would need to
be used.
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FIGURE 7

Path geometry and related active echo position in a hybrid
satellite/terrestrial service
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Some aspects of the use of on-channel terrestrial repeaters (i.e., gap-fillers) to supplement satellite
DSB warrant elaboration.

Gap-fillers for hybrid satellite services need to be carefully planned, so as not to destructively
interfere with the parent satellite service. The situation is rather different from the terrestrial case
where the signal level from the parent station is likely to be relatively high beyond the boundaries
of the gap to be filled.

The design of gap-fillers to supplement satellite services is more complex. Because the field
strength from the satellite is very low, it imposes a power limitation on the use of gap-filler
transmitters if continuous coverage is being sought. Otherwise, areas where the gap-filler
contributes destructively to the satellite service can appear for the case of a hybrid terrestrial
repeater having an omnidirectional antenna and if an excessive emission power is used. A crescent-
shape zone starts to appear near the terrestrial gap-filler. This crescent zone delineates the area
where the received service is below the system operation threshold, due to the presence of the
destructive echo. This is shown in Fig. 8.

In the case of Digital A, the unserved zone is delimited first by the duration of the guard interval
(∆), which allows for a certain delay between two constructive echoes (e.g. ∆ = 62.5 µs in Mode II),
beyond which the terrestrial signal becomes destructive with respect to the satellite signal. This sets
the inner limit of the zone. The outer limit of the unserved zone is not related to the size of the
guard interval but rather to the power of the signal received from the terrestrial repeater relative to
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the power of the signal received from the satellite. It is determined by the location where the
terrestrial signal, still destructive with respect to the satellite signal, becomes sufficiently weak to
meet a predetermined carrier-to-interference ratio required by the receiver. In this situation, the
excessive effective isotropic radiated power (e.i.r.p.) of the terrestrial transmitter is the main cause
for the presence of this unserved zone. The size of this zone increases with an increase in the
repeater e.i.r.p or an increase in the effective height above average terrain (HAAT) of the repeater
antenna.

FIGURE 8

Crescent shaped unserved area due to excessive terrestrial repeater e.i.r.p.

0.0dB 20.0dB

30.0dB

Terrestrial Repeater

10.0dB

Margin < 0 dB

10 km

Contour lines= margin (dB) above operation threshold

Figure 9 shows a curve that corresponds to the service availability for a vehicle travelling away
from the terrestrial repeater, across the unserved area and eventually in the rural area served by the
satellite. The service availability decreases abruptly as soon as the terrestrial signal falls outside the
guard interval (i.e., at the inner limit) while near the outer limit, the service availability comes back
very progressively to the rated 90% service availability. Minor changes of the repeater parameters
will have an important effect on the outer limit while the availability of service near the inner limit
will be affected only by major changes in the broadcast system configuration (i.e., the width of the
guard interval). The depth of the unserved area offers some interest in that it is a measure of the
severity of the loss of service. It can be expressed as the reduction in service availability at the
lowest point on the curve. The magnitude of the unserved area should therefore be expressed not
only by its surface but also by its depth.

A parametric study was conducted to establish and quantify the extent of power and HAAT of the
re-transmitter before an unserved area starts to appear. The results are summarized in Table 3 for a
guard interval of 62.5 µs (Mode II, see Annex A) and in Table 4 for a guard interval of 125 µs.
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FIGURE 9

Service availability along a route from the repeater location toward the satellite
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It can be concluded from a comparison of these two tables that increasing the guard interval
duration greatly simplifies the implementation of the hybrid concept, when an omnidirectional
antenna must be used for the hybrid repeater. For the case of an omnidirectional repeater, the
parameters having a contribution in the creation of the unserved zone are, in order of importance:
HAAT, the operation margin at the receiver, the elevation angle at the repeater site relative to the
satellite and its e.r.p. The most significant improvements were obtained by doubling the guard
interval duration, making it the dominant factor among those considered.

TABLE 3

Maximum effective radiated power (e.r.p.) at the repeater to avoid the creation
of an unserved area, with an omnidirectional antenna, Mode II at 1.5 GHz

Several techniques, ranging from simple engineering rules to complex hardware in the consumer
receiver, exist to minimize or eliminate the unserved zone. These remedies may not be needed if a
greater guard interval is used. Therefore, the solutions presented here apply more particularly when
implementing a hybrid system in Mode II at 1 500 MHz.

EHAAT Maximum e.r.p. for no unserved area

17° 30° 60°
25 m 75 W 110 W 300 W

50 m 16 W 20 W 70 W

100 m 3 W 4 W 18 W

200 m < 1 W < 1 W 3 W
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3.2.2.1 Low power repeater

The first and simplest technique is to limit the e.r.p. and HAAT values of the single omnidirectional
repeater to the values for which no unserved area is created, as found in Table 4. Given the
relatively small coverage obtained with such low power repeaters, this method is useful only when
a very small shadowed area needs to be served.

TABLE 4

Maximum repeater e.r.p. to avoid the creation of an unserved area,
omnidirectional antenna, guard interval of 125 µµµµs

3.2.2.2 Multi-repeater network

Several low-power on-channel repeaters, all fed from the satellite, can also be used, to extend the
coverage without creating destructive zones. This multi-terrestrial repeater system resembles a SFN
system and is submitted to similar rules, particularly with respect to intra-SFN interference.

3.2.2.3 Directional repeater antenna pattern

A very efficient method is to use a directional terrestrial transmit antenna aimed in a direction
opposite to the satellite. This is an obvious solution to achieve a significant discrimination in the
direction of the unserved area, particularly when a high HAAT is used. It may require that the
repeater be relocated to retain the coverage over the target service area. If the main repeater cannot
be moved, the service could be supplemented by very low power, low HAAT repeaters located near
the inner limit of the unserved area.

3.2.2.4 Antenna tilt

Tilting electrically or mechanically the radiation pattern of the repeater antenna will decrease the
coverage of the terrestrial repeater in the direction of the satellite. This approach is effective only if
the antenna has a narrow vertical beam (i.e., high vertical directivity) and if the height of the
antenna relative to the unserved area is high. Otherwise, the discrimination achieved with a tilt
would be insignificant.

3.2.2.5 Reconfigurable receiver antenna

Another approach is to implement a dual receiving antenna with reconfigurable patterns to either
provide more gain towards the satellite or towards the terrestrial repeater. It would also require that
the receiver makes a decision (possibly by using some sort of the transmitter identification
information in the synchronization channel) to activate the switch located at the antenna. This
method is of limited practicality, however, and is not really effective in the case where the elevation
angles towards the satellite and the terrestrial repeaters are similar.

EHAAT Maximum e.r.p. for no unserved area

17° 30° 60°
25 m 1 000 W 4 000 W 10 000 W

50 m 300 W 1 000 W 2 300 W

100 m 60 W 250 W 700 W

200 m 16 W 40 W 180 W
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3.3 Mixed satellite/terrestrial DSB

This concept is based on the use of the same frequency band by both satellite and terrestrial
broadcasting services. It can potentially provide for improved service flexibility through the use of a
common receiver. It can also maximize the spectrum use by allowing these two broadcasting
services to closely coordinate their service development rather than attempting sharing of the
frequency by totally unrelated services. The assumption is that the same channel and source coding
would be used for terrestrial and satellite broadcasting and that with the required near omni-
directional receiving antenna, the receiver would capture the emissions of both satellite and
terrestrial services. Using modern technology, the same modulation techniques need not be used for
terrestrial and satellite emissions into the same receiver. However, a common modulation technique
would reduce receiver complexity and cost.

All channels not allocated to the BSS for a service area could be used for terrestrial broadcasting in
this service area subject to the usual co-channel reuse factor and adjacent channel rejection in the
receivers. The power of the terrestrial broadcasting station would need to be increased to
compensate for the additional interference it will receive from the satellite covering the nearby
satellite coverage area since the satellite pfd levels are not expected to fall off rapidly in immediate
proximity to the edge of its coverage area. Figure 10 gives such increase in required transmit power
as a function of the separation distance, in angular separation (Φ/Φ0) at the satellite, between the
center of the satellite beam and the edge of the terrestrial broadcasting coverage area. In the
unlikely case where a terrestrial broadcasting station is located near the edge of a satellite coverage
area assigned to the same channel (some 15 dB increase in transmit power would then be needed to
compensate for the interference from the satellite), some isolation distance would be needed to
prevent interference into the adjacent country’s satellite service area.

FIGURE 10

Power increase (∆P) required in the terrestrial system
to compensate for the presence of the satellite interference
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Such reuse, for terrestrial broadcasting, of the channels of adjacent satellite beams of other
countries, or within the same country, maximizes the spectrum usage and provides a flexible way
by which a service could evolve from strictly local terrestrial broadcasting to mixed
satellite/terrestrial services when wide area national services by satellite are added. This reuse could
also evolve from national (or even supra-national) services carrying national interest programming
over satellite to being later complemented by local terrestrial services when this becomes
economical. This could also be attractive for a later implementation of specialized commercial
services over satellite for national coverage when the receivers have reached a high level of
penetration.

The underlying assumption on which the above concept is based is that the same receiver can
capture emissions from both the satellite and the terrestrial services. This concept of mixed
satellite/terrestrial sound broadcasting leads to better and more flexible service evolution, better
spectrum usage, as well as more practical and economical options for the public.

A study was made on the practical implication of such additional interference from the nearby
satellite beam. It was assumed that the geostationary satellite is on the same channel as the
terrestrial service and uses the same type of modulation. It was also assumed that this interference is
seen by the receiver as additive white Gaussian noise (AWGN), therefore adding to the thermal
noise level in the receiver. It was found that, using the RARC-83 co-polar reference pattern for the
satellite antenna, the apparent noise increase in the receiver is less than 1 dB for a receiver located
beyond a relative angle seen from the satellite of Φ/Φ0 = 1.4 where Φ0 is the half-power
beamwidth. The apparent noise increase becomes 3 dB at Φ/Φ0 =1.2 and 7 dB at Φ/Φ0 = 1.0.
Obviously, if the terrestrial DSB service is to preserve its coverage, the power of its transmitter has
to be increased by the corresponding amount. In physical distances, the example shows that a 3 dB
apparent increase in noise corresponds to a distance of about 500 km from the edge of a satellite
beam of 1°. Obviously, this distance can be reduced if beam shaping producing sharper roll-offs is
used on the satellite.

It is to be noted that when gap-fillers are used to improve the satellite coverage, a decrease in the
satellite link margin is then allowed with a resulting reduction in the required satellite power-flux
density (pfd) at the Earth’s surface. This in turn reduces the amount of the pfd required from the
terrestrial transmitter in an adjacent country using the same frequency to overcome the satellite
interference.

The use of retransmitters either as gap-fillers or coverage extenders to improve the terrestrial
coverage would allow a further decrease of the required terrestrial transmitter power. The sharper
discrimination profile could be used to reduce the separation distance between two terrestrial
transmitters using the same frequency, thus allowing greater frequency reuse. An even sharper
discrimination profile could be produced through the use of highly directional transmitting
antennas.

Two critical cases of adjacent channel interference can be identified for this system scenario. A
receiver trying to receive a satellite channel while in close proximity to a terrestrial transmitter
emitting on the adjacent channel would have major difficulty in discriminating from the adjacent
channel because of the large signal level differential. This can be corrected by retransmitting the
satellite channel from the same tower at a fraction of the terrestrial transmitter power corresponding
to the ability of the receiver to discriminate from the adjacent channel interference. This fraction
will depend considerably on the filtering and linearity of the receiver front end.
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CHAPTER 4

PROPAGATION CONSIDERATIONS IN THE
FREQUENCY RANGE 30-3000 MHz

The design, and as a consequence the cost of a terrestrial and satellite sound broadcasting system, is
strongly dependent on the factors affecting the propagation characteristics on, respectively, the
terrestrial and space-to-Earth path to the vehicular receiver in particular, and generally, to a lesser
extent, to the portable receiver. The propagation path is subject to attenuation by shadowing due to
buildings, trees, and other foliage; and to multipath fading due to diffuse scattering from the ground
and nearby obstacles such as trees and buildings. The degree of impairment to the received signal
level depends on the operating frequency, the receiving antenna height, the elevation angle to the
satellite, and the type of environment in which the receiver is operating: whether it is an open, rural,
wooded or mountainous, suburban or dense urban environment.

4.1 Propagation models

4.1.1 Terrestrial paths

For the calculation of the field strengths of a digital sound broadcasting signal, in particular in rural
areas, the propagation prediction method of Recommendation ITU-R P.1546 can be used from
50 MHz to 800 MHz. While the original derivations of Recommendation ITU-R P.1546 (and the
former Recommendation ITU-R P.370) from measurement data used a wide variety of sizes of area
within which the field strength is to be averaged to obtain the location statistics, the results given
are considered to represent an area of about 200 m by 200 m.

Owing to the high rate of failure when the required C/I ratio is not reached, calculations involving a
very high percentage of time and locations are required for the wanted field (and a very low
percentage for the interfering signals). Therefore, corrections to the E(50,50) value calculated with
Recommendation ITU-R P.1546 are required.

For the wanted signals, field strength values appropriate for 99% and 90% time should be derived
from the method of Recommendation ITU-R P.1546.

Regarding location statistics for wideband digital systems in the frequency range 450 to 1000 MHz,
the standard deviation is in the order of 5.5 dB. This result has been deduced from studies below
250 MHz and at 1500 MHz which have given similar results. It should be noted that experimental
data available provide evidence that the standard deviation of location variation for such systems is
significantly lower than that for narrow-band analogue systems.

The case of signals which are correlated with location needs further study. A number of correlation
studies have been undertaken in the United Kingdom.

In build-up areas, the method given in Recommendation ITU-R P.1546 is also appropriate, giving
close agreement with the well known Okumura propagation model or a model based on more
accurate terrain cover information may be more appropriate.

Various measurements were carried out to evaluate the propagation in the 1500 MHz range, the
results of which are described in Appendix X.
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4.1.2 Space-to-Earth paths

For moderate satellite elevation angles, it is known that over large areas (of the order of several
hundred wavelengths), the mean value of the field strength follows a log-normal distribution.
However, within small areas (of the order of a few wavelengths), two distribution models may be
applied:

– Rayleigh distribution where there is no direct line-of-sight to the satellite; or

– Rice distribution where there is direct line-of-sight to the satellite, giving one component of
constant amplitude.

Although the presence of waves with constant amplitude applies to a large number of receiving
locations, the Rayleigh model, which is the least favorable, cannot be ignored since it is applicable
in many urban areas.

Results of measurements suggest that, for the purpose of analyzing the performance of advanced
digital satellite sound broadcasting systems using forward error correction coding, the satellite-to-
vehicular propagation path may be modeled as a Rayleigh fading channel with a mean excess path
loss dependent on the type of operating environment.

Four different propagation paths are considered:

– a portable receiver operating inside a house that is not shadowed by trees;

– a vehicle operating in a rural environment devoid of significant multipath and shadowing
by foliage;

– a vehicle operating in a rural or suburban environment with some multipath and shadowing
by trees and foliage; and

– a vehicle operating in a dense urban environment with significant multipath from nearby
buildings, cars and other objects.

In general, the UHF satellite propagation path is characterized by shadowing and by the presence of
multiple reflected paths. The channel can be frequency selective or non-selective depending on the
relationship between the delay spread of the reflected waves and the channel bandwidth. The values
associated with the delay spread will be minimal in rural areas, and may be progressively larger in
suburban and urban areas. Measurements made at 910 MHz in a rural area on a simulated space-to-
Earth path indicate that the delay spread is predominantly less than 1 µs and is primarily due to
reflection and scattering from the trunks of trees.

Comparable results with somewhat larger delay spreads may be anticipated for the space-to-Earth
paths in an urban environment. The multipath propagation characteristics of the satellite channel are
usually described in terms of the multipath delay spread and correlation bandwidth. The delay
spread T0 is a measure of the duration of an average power delay profile of the channel. The
correlation bandwidth Bc is the bandwidth at which the correlation coefficient between two spectral
components of the transmitted signal takes a certain value, say 90%.

Considering a simple digital modulation system operating in a frequency selective channel, the
error performance is dependent upon the spread of delays introduced by the different paths, as well
as by the amplitude of the component signals. Assuming that each wave is affected by a
multiplicative Rayleigh process, with an exponential distribution of delays of standard deviation,
T0, a level of inter-symbol interference will be introduced which depends upon the delay-spread to
the symbol-period ratio (i.e., the ratio T0/T, where T is the duration of the modulation symbol).
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4.2 Time and frequency variation

For the critical case of a mobile receiver, the broadcast channel can be represented by a two-
dimensional function of frequency and time. Considering the frequency domain, at a given time t,
the channel response is the Fourier transform of the channel impulse response where h(t) denotes
the time delay spread of the channel at instant t.

Now consider the time domain. For a given frequency f, or a narrow-band around f, the field
strength follows a random function defined by:

– the Rayleigh distribution
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where P is the mean power of the received field over a small area;

– the Doppler spectrum of which the Fourier transform gives the autocorrelation of the field
strength variation:
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Figure 11 combines the channel frequency response and the time variation to give a two-
dimensional channel representation, above which is a pattern of squares of different sizes:

– the small squares indicate the frequency-time area where the channel may be considered as
locally invariant;

– the large squares show the minimum separation area for which two small squares are
statistically independent.

Thus the size of the small square depends on the channel delay spread for the frequency axis and on
the maximum Doppler frequency for the time axis. On the frequency axis, its length is a small
fraction of the inverse of channel time spread, since, on the time axis, the length is much less than
the inverse of the maximum Doppler frequency.

The large square size is defined from the cross correlation of two frequencies spaced by ∆F:
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where
J0(x) : Bessel function of order zero

∆T : time shift between frequency f and f + ∆F respectively

T0 : mean delay spread.

To obtain independence on the frequency axis, whatever the speed of the vehicle, the condition
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Thus for ρ < 0.1 the length of a large square on the frequency axis (i.e., ∆F ) is about 1/2 T0.
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Independence with regard for the time axis depends only on the maximum Doppler frequency. The
length of a large square along the time axis is given by the first zero of J0(x), i.e.,
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FIGURE 11

Channel frequency-time response for mobile reception

4.3 Local variation

The probability distribution functions relevant to the reception of DSB signals were found to
correspond to a number of statistical distribution models related to the specific environment. These
distribution models are generally different in so-called “small areas” and “large areas”. The former
are usually defined as locations extending over a number of wavelengths (for example over
40 wavelengths resulting in a distance of about 10 m). The latter extend over several small areas.

4.3.1 Large area distribution function

On large areas, it has been found experimentally that the probability distribution function of the
mean received signal power takes the log-normal form:
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where:
S0 (W) : mean received signal power over a small area

LS0 (dB) : 10 log )/( 0 fSS ; level of S0 relative to free space level
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fSS /0 : mean received signal power over a large area under free space propagation
conditions

 µ (dB) : mean of LS0 over a large area

 σ (dB) : standard deviation of LS0 over a large area.

In equation (1), the mean value and the standard deviation are both expressed in terms of dB,
relative to the free-field power level, in order to facilitate comparison between the theoretical model
and measured data.

4.3.2 Small area distribution functions

European and United States’ researchers indicate that the small area behaviour of the received
signal can be modeled by a Rician distribution (constant vector plus Rayleigh distributed vectors).

If the ratio of direct signal power C to the diffuse multipath signal power M is denoted as C/M, the
envelope probability distribution in an isolated small area is given by equation (2):

p(r) = (r/M) exp (–r2/2M – C/M) · I0 [r MC /2 ] (2)

where I0(z) is the modified Bessel function of the first level zero order.

The parameter C/M is important as a measure of fading characteristics of the channel. If C/M is
high, the envelope probability distribution p(r) approaches a Gaussian distribution with mean C2
and standard deviation M . If C/M is low, p(r) approaches a Rayleigh distribution since the
modified Bessel function of first kind zero order approaches 1 as z approaches 0.

The corresponding probability density of y is given by:

PR(y) = (C/M + 1) exp [–y(C/M + 1) – C/M] · I0 [ MCMCy /)/1(2 + ] (3)

where:
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where PR(V ) is the envelope of the Rice probability density function at the value V, and b is the
function of magnitude and the frequency content of the multipath reflections:

b = 2 π2 Bd2 M

where Bd is a Doppler spread.

Equation (4) shows that the level crossing rate and probability density function are closely linked.
Therefore, the parameter C/M of PR(V ) can be determined through the measurement of LCR.

The average fade duration (AFD) at the level V is given by:
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AFD is an important factor in designing a digital emission system which should be designed in such
a way that it overcomes long fades using a complex interleaving system.

The validity of the Rice model has been demonstrated by the PROSAT experiment on the basis of a
composite log-normal – Rice model.
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Since C/M is the only parameter used in PR(y) given by equation (3), the Rice probability function
PR(y) is fully characterized if C/M is known.

4.3.3 The combined propagation model

European and American researchers concluded that the probability density function of the received
power should combine log-normal and Rice (Rayleigh) distribution in order to take account of both
large-area variations and small-area variations. The distribution of instantaneous values in a small
area is obtained by considering a Rice or Rayleigh variable whose mean value is itself a random
variable having a log-normal distribution. The combined distribution of the received power S may
be described as shown in equation (6):
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where:

CF : clutter factor, defined as the proportion of the time for the direct path being
obstructed assuming a constant vehicle speed

S0 : average received signal power over small area (S0 = C + M)

p(s) : combined distribution density function of the instantaneous received power in a
small area

Pr (S, S0) : Rayleigh distribution over obstructed (shadowed) small areas

PLN (S0) : distribution of mean power of small areas distributed over a large area

Sm : maximum obstructed power over a large area concerned

PR(S, S0) : Rice distribution over non-obstructed (non-shadowed) small areas

SM : maximum line-of-sight power over a large area concerned.

An example of a computer-simulated combined propagation model is given in Section X.9 of
Appendix X.

4.3.4 Frequency selectivity effects

Another important characteristic of the UHF radio propagation channel in urban and suburban
mobile radio environment is the existence of multiple propagation paths with different and varying
time delays. In the case of satellite sound broadcasting, the shortest (direct) path between the
transmitter and the receiver is often blocked by intervening buildings, so that propagation by way of
scatter or reflection from buildings around the receiver is significant. Two cases should be
considered:

– a stationary receiver; in this case, the radio channel, and thus the propagation statistics of
the link, is relatively stable. The multipath propagation characteristics can be described in
terms of the multipath spread and correlation bandwidth.

– a moving receiver, the propagation statistics of the radio link is a time-varying function.
Different Doppler shifts are associated with scatter paths arriving at the vehicle receiver
from different angles. In this context, the key terms are the Doppler spread and correlation
time.

The statistical functions which describe the frequency and time selective radio link can be readily
obtained by measuring the complex bandpass impulse response of the link. These statistical
descriptors and parameter values set bounds on digital communication system performance
parameters.
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4.3.4.1 Delay spread and correlation bandwidth

Consider a statistically stationary channel first. Two spectral components of a modulated signal
which are close in frequency will fade in a correlated way, i.e. the two sets of phasors resulting
from a given multipath environment will be similar in amplitude and phase. As the frequency
separation between the two spectral components increases, the correlation between the two sets of
phasors reduces, resulting in amplitude variations (decorrelation) as a function of frequency. This is
known as frequency selective fading. The bandwidth at which decorrelation occurs is termed the
correlation bandwidth.

The delay power spectrum (also termed as the multipath intensity profile) and spaced-frequency
correlation function constitute a Fourier transform pair (see Fig. 12).
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FIGURE 12

Relationship between T0 and Bc

As a result of the Fourier transform, there is a relationship between correlation bandwidth of the
statistically stationary channel and of the “delay spread” of the channel:

Bc >> 1/T0 (7)

where Bc is a correlation bandwidth (Hz), and T0 is a delay spread (s).

The delay spread T0 of the channel is a measure of the width of an average power delay profile. It is
defined as the square root of the second central moment of the delay profile.
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where:

k = 1, ..., M : k ranges over the delay axis and M is the index of the last sample along the delay
axis

P(τk) : average power delay profile for a set of N consecutive individual profiles

D : average excess delay.
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D is defined as the first moment of the profile with respect to the first arrival delay τA:
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If the correlation bandwidth is small in comparison to the bandwidth of the transmitted signal, the
channel is frequency-selective. In this case, the signal is severely distorted by the channel. On the
other hand, if the correlation bandwidth is large in comparison to the bandwidth of the transmitted
signal, the channel is frequency non-selective.

In order to overcome the selectivity of the channel which may cause inter-symbol interference, the
delay spread T0 must be much less than the symbol period Ts or, in other words, the delay-spread to
symbol-period ratio, i.e., Tr = T0/Ts, should be much less than 1.

The empirical relationship between the correlation bandwidth at 90% correlation and the delay
spread is given in Fig. 13:

Bc (90%) = 90/T0 (10)

where Bc (90%) is the correlation bandwidth at 90% correlation between two spectral components
(kHz) and T0 is the delay spread (µs).

FIGURE 13

Correlation bandwidth at 90% correlation versus delay spread
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The corresponding cumulative distribution of delay spreads is shown in Fig. 14 below:
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FIGURE 14

Cumulative distribution of delay spread

It can be deduced from the above figure that about 10 percent of small areas have T0 > 2.5 µs and
about 50% have T0 > 1.2 µs.

The corresponding cumulative distribution for B(90%) is depicted on Fig. 15 below:

FIGURE 15

Cumulative distribution of correlation bandwidth at 90% correlation
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Delay spreads have been measured in residential locations and in a medium sized office building.
The worse case delay spreads, when the propagation path followed line-of-sight, were less than
325 ns. When there was no line-of-sight between transmitter and receiver, the delay spread
increased up to 422 ns.

4.3.4.2 Doppler spread and correlation time

In the case of a moving receiver, the time variations of the propagation link result in a Doppler
broadening of the received spectrum. If a pure frequency tone is transmitted, a Doppler spread Bd
of the channel can be measured.

Analogous to our consideration in the previous section, a measure of the correlation time Tc of the
channel could be defined:

Tc = 1/Bd (11)

where Tc denotes the correlation time, and Bd denotes the Doppler spread.

A slowly changing channel has a large correlation time and a small Doppler spread. Figure 16
shows that the Doppler power spectrum and the spaced-time correlation function constitute a
Fourier transform pair.
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Relationship between Bd and Tc

Figure 17 shows the averaged signal envelope spectrum obtained during a time period of approxi-
mately 1 minute in a suburban area (residential with trees). A distinct frequency cut-off at around
110 Hz is visible in this figure and this value is twice the Doppler frequency fd given by:

fd = v/λ = 55 Hz

where:

v : 40 km/h

f : 1.5 GHz and

e : 27°.

This is an indication that in urban environments frequency-spreading of up to twice the Doppler
frequency can be expected due to scattering from surrounding obstacles. Thus the Doppler spread
Bd equals to 110 Hz.
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FIGURE 17

Spectrum of signal envelope (suburban area);
vehicle speed: 40 km/h, frequency: 1.5 GHz
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4.4 Field strength distribution with location

The distributions of field strength with location for digital sound broadcasting are documented in
Recommendation ITU-R P.1546 and it provides values for location percentages other than 50% for
digital systems with bandwidths greater than 1.5 MHz. The information indicates that, for planning
the DSB service, the standard deviation of the variation of signal level with location can be assumed
to be 5.5 dB.

4.5 Reception using portable receiving equipment inside buildings

For land paths, the curves in Recommendation ITU-R P.1546 give field-strength values for a
receiving antenna height above ground equal to the representative height of ground cover around
the receiving antenna location. Subject to a minimum height value of 10 m, examples of reference
heights are 20 m for an urban area, 30 m for a dense urban area and 10 m for a suburban area. (For
sea paths, the notional value is 10 m.)

If the receiving antenna height is different from the representative height, a correction is applied to
the field strength taken from the curves of Recommendation ITU-R P.1546 according to a
procedure given in the Recommendation.

Losses due to penetration into a building depend significantly on the building material, angle of
incidence and frequency. Consideration should also be given as to whether reception is in an
interior room or in one located near an exterior wall. Whilst no single comprehensive formula is
available for computing building entry loss, useful statistical information based on measured losses
in several types of building, at frequencies from about 500 MHz to 5 GHz, are given in Recommen-
dation ITU-R P.679. Once inside the building, propagation losses due to walls and floors are dealt
with in Recommendation ITU-R P.1238.
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4.6 Building penetration losses at 1.5 GHz

Field strength measurements in Australia have shown that the average building penetration loss for
Digital System A, operating at 1.5 GHz, in domestic dwellings averages 6.7 dB (ranging from
6.1 dB to 9.4 dB, depending on construction materials used as shown in Table 5) and is approxi-
mately 18.6 dB in reinforced concrete commercial buildings.

TABLE 5

Mean penetration loss and standard deviation
(average for different domestic building structures)

Recommendation ITU-R P.679 contains more information on building penetration losses.

4.7 Propagation measurements results using BSS (sound) systems

4.7.1 Introduction

Propagation characteristics within the 1.5 GHz, 2.3 GHz and 2.5 GHz frequency bands that were
allocated to the BSS (sound) have been carefully measured via satellite by several organizations
during the past several years. These measurements began in 1991 in the USA with an early version
of Digital System B (see Annex B) at 1.5 GHz, just above the band that was actually allocated at
WARC-92. Experimental campaigns using geostationary satellites with Digital System B continued
through 1996 at 2 GHz. Measurements using Digital System A (see Annex A) at 1.5 GHz using two
different satellites were conducted during 1995 and 1996. In addition, helicopter simulations of
satellite transmissions were made in 1997 using Digital System D (see Annex D).

Finally, many years of propagation measurements were conducted for the Land Mobile Satellite
Service, primarily during the 1980’s. Although not designed for testing the quality of sound
broadcasting, these earlier experiments for the LMSS support the findings of the basic propagation
physics encountered at roughly the same frequencies summarized herein for BSS(Sound).

It should be emphasized that none of the satellite experiments was conducted using a “BSS(S)”
satellite, for the simple reason that none existed at the time. However, several satellites that have
1.5 GHz or 2.3 GHz downlinks provided adequate power to test the audio quality of a channel, even
though the total available power was not enough to provide an economical full sound broadcasting
service. With respect to propagation conditions, power required per “CD quality channel”, etc.,
these satellites were perfectly suitable to the task. It is easy to extrapolate where necessary to reflect
conditions that will be encountered with an operational BSS(S) geostationary satellite (GEO) or
highly elliptic orbit satellite (HEO).

Building structure No. of sites Mean loss
(dB)

Standard deviation

Single brick 24 6.1 5.3

Double brick 5 8.6 5.8

Wood 1 9.4 6.5

Concrete blocks 1 6.2 5.9
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The remainder of this section is organized around the digital systems used as the transmit/receive
mechanisms:

– Digital System B experiments

– Digital System A experiments

– Digital System D experiments (non-satellite)

– Miscellaneous terrestrial experiments

This section deals exclusively with propagation characteristics. Appendix X extends the discussion
with actual field propagation measurements. The digital transmit/receive systems, laboratory
simulations done with them, and analytic computations made regarding link margins and the like
are covered for the various proposed systems in the relevant Annexes. Terrestrial results are also
noted in support of the hybrid system concept; that is, terrestrial repeaters to cover gaps in satellite
delivery capability.

4.7.2 Summary of experimental results

In this section on “propagation characteristics”, the uses of the three different digital systems, A, B
and D, are to be considered as tools for the determination of propagation characteristics in the
BSS(sound) bands. No attempt is made to compare the performances of these systems.

As a matter of fact, performance differences among the three systems are minor compared with the
wide variations in propagation effects as a function of fundamental environmental factors, such as
the presence of trees, buildings and other obstructions to electromagnetic propagation near the
terrestrial receivers.

Table 6 shows the uses of the different digital systems in terms of frequency bands and satellites
used for the information reported herein.

TABLE 6

Experiments producing propagation characteristics information

Several broad conclusions are apparent from the combined results of the measurements made since
1991. They are summarized in this section.

When line-of-sight (LoS) from the satellite to the receiver antenna is available, reception and
decoding produce error free audio when compared to the audio quality inherent in the source code
level used. In other words, “CD quality input” sounds like the same in the receiver speaker, “FM
quality input” is preserved, and so on, depending on the source coder’s output capability. The
digital sound systems work well with Eb/N0’s as low as 3.5 dB. Link margins of 5 to 10 dB are
achievable, and line-of-sight fluctuations that reduce the signal level seldom exceed such margins.

Digital system Frequency Satellite Other info

A 1.5 GHz Optus Australian

A 1.5 GHz Solidaridad Mexican/UK

B 2 GHz TDRS/NASA American

D 1.5 GHz – Helicopter

NOTE – In addition satellite and terrestrial measurements using CW signals are reported
on at both 1.5 GHz and 2 GHz.
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1) When line-of-sight is not available from the satellite to the receiver antenna, the reception
and decoding can produce error free audio under certain conditions, but more than likely
will produce unacceptable audio.

a) Realistic levels of mitigation techniques, such as satellite diversity, receiver antenna
diversity, forward error correction coding, time interleaving, “COFDM multipath
power addition”, repeat broadcasting over short time intervals, and adaptive
equalization, can overcome some of the fading and blockage experienced under mobile,
portable, and ‘within building’ conditions.

b) However, fundamentally the power flux densities available realistically from a
geostationary or highly elliptic orbit communication satellite cannot overcome the
blockage that exists under many typical situations from buildings and other
obstructions, such as groups of trees. These blockages at 1.5 GHz and 2.3 GHz are
frequently in the range of 30 to 50 dB (or more).

c) The only feasible way to penetrate these levels of blockage from a satellite-based signal
is to augment the system with some form of terrestrial assistance, assuming that the
desired level of broadcasting service requires signal access under these conditions of
blockage. This is clearly apparent from both satellite and terrestrial experimentation
with Digital Systems A and B. At pfd’s available terrestrially, the systems deliver
signals via terrestrial propagation means that provide acceptable coverage within cities
and suburbs. At pfd’s available from satellites, which are of the order of one-ten
millionth of that of a local terrestrial transmitter, there simply is not enough power to
have much more than a 10 dB margin with direct line-of-sight, and this is not enough to
combat blockages (fades) of 30 dB or more. The basic problem is not one of frequency
selective fading; rather it is simply total blockage across the frequency band.

2) From the standpoint of providing a sound broadcasting service via satellite, there are no
clear cut significant differences between the use of 1.5 GHz and 2.3 GHz. The more
popularized literature sometimes indicates that the differences between the use of the two
frequency bands are such that a heavy penalty is paid at 2.3 GHz compared to 1.5 GHz. The
propagation physics does not bear this out. It is merely a matter of the difference in active
aperture of the receive antennas. Normally antennas are specified in terms of gain, and for
equal gain, the higher the frequency, the smaller the antenna and the less effective aperture.
This naturally leads to a lower receive power. However if the antenna is defined by size,
rather than gain, then there is little to choose between the bands. At 1500 MHz the
radiation wavelength is 20 cm; at 2300 MHz it is approximately 13 cm. Excess radiation
loss through free space due to this difference can be picked up by the fact that a 2.3 GHz
antenna of equal size to a 1.5 GHz antenna has an increased gain that effectively nullifies
this propagation difference. In addition, the measurements associated with penetration into
buildings and absorption by trees sometimes show 2.3 GHz less affected, though in general
there is a few dB additional loss at the higher frequency range. Again, added antenna gain
for a table radio 2.3 GHz can effectively nullify this difference.

The more fundamental effect, as mentioned in 1b) above, is that frequencies between 1500 and
3000 MHz, with their 20 to 10 cm wavelengths, are severely affected by local obstacles to a degree
that is not encountered at, for example, VHF.

3) Multipath has a minor effect on satellite delivery. Careful measurements made, particularly
with Digital System B using both audio and CW signals, shows that multipath effects are
minimal. The elevation angles from the satellite to the receiver, for example for mobile
reception, are such that nearly all the received power comes from the direct line-of-sight
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signal. When there are reflections from buildings, other vehicles and the ground, they tend
to arrive less than a microsecond later and at much lower power. Significant multipath
effects at these frequencies occur at very low elevation angles, such as those associated
with terrestrial transmission.

A detailed discussion of the results and measurements which form the basis of these conclusions
can be found in Appendix X.
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CHAPTER 5

MITIGATION TECHNIQUES

The use of diversity techniques on the vehicular receiver can significantly improve the performance
of the receiver when operating in a heavily shadowed, Rayleigh fading environment. There are
three primary diversity techniques:

– frequency diversity;

– time diversity; and

– spatial diversity.

Each of these techniques may be used with systems employing digital modulation methods. These
diversity methods are briefly described below.

5.1 Frequency diversity

Frequency diversity uses a number of carriers spaced in frequency by an amount that equals or
exceeds the correlation bandwidth of the channel. Spectrum efficiency is retained by frequency
interleaving a number of separate programme channels to completely fill the frequency band.
Spectrum occupancy can be maximized by the use of overlapping orthogonal carriers. Independent
fading of the carriers requires that the delay spread of the channel exceed some minimum value. For
a channel characterized by an exponential distribution of the delay (typical of a terrestrial path), the
mean value of the delay spread must typically be greater than the reciprocal of the programme
carrier spacing.

Because of this dependence on delay spread, frequency diversity is most suitable for use in heavily
shadowed urban areas where the mean delay spread will be the greatest and independent fading
(selective fading) of adjacent carriers may be assured. In rural environments, the delay spread is
sometimes too small to provide a narrow enough correlation bandwidth, then the fading on the
channel will tend towards flat fading and the actual coding gain will be less than expected. If such a
situation occurs, an efficient mitigation technique is either the combination of frequency and time
diversity or the use of space diversity. A system based on the use of frequency and time diversity is
described in Annex A.

From measurements carried out in Canada in the 1500 MHz range, described in Appendix X, it
appears that an RF channel bandwidth of around 2 MHz would provide sufficient frequency
diversity to cope with flat fading in various environments.

5.2 Time diversity

Time diversity is a technique that is most suitable for use with digital emission methods. It requires
an orderly scrambling of the data symbols prior to emission and the restoration of the order at the
output of the receiver. The introduction of the orderly scrambling and descrambling transforms a
burst of errors that occurs during a deep fade into random errors. The use of time diversity
combined with forward error correction coding will restore the performance of forward error
correction codes by transforming the burst error channel caused by shadowing and Rayleigh fading
into a random error channel. Ideally, a reduction in the link margin of up to 36 dB is possible.
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The principal disadvantages of time diversity are: the need for all receivers to incorporate the
descrambling circuitry (primarily memory chips); non negligible delay in the emission channel
which renders difficult real time broadcast operation such as call-in; poor performance at vehicle
speeds lower than the system design, and practical signal processing considerations which limit
application to digital modulation methods.

5.3 Spatial diversity

5.3.1 Spatial diversity at the receiving end

Spatial diversity is based on the use of multiple receiving antennas which are spaced sufficiently far
apart so that the received signals fade independently. The independently fading signals at the output
of each antenna are then combined to form an output signal whose fading depth is significantly less
than the fading depth of the individual signals. One combining method is maximum-ratio
combining. One implementation of this method uses M phase-locked loops to bring the signals at
the output of M antennas into phase coherence. The signals are then amplitude weighted and
summed to form a composite signal. Quad-diversity with maximal-ratio combining in a Rayleigh
fading environment will permit a significant reduction in the link margin for a digital system under
ideal conditions.

For an analogue FM system, a 26 dB reduction in the depth of a fade at the 0.001 probability value
may be achieved with quad-diversity and maximal-ratio combining. The advantages of spatial
diversity are applicable to both analogue FM and digital systems. Spatial diversity may not imply
additional complexity on all receivers, only on those (vehicular receivers) which need the added
performance afforded by the use of spatial diversity. The disadvantage of spatial diversity is the
need for multiple antennas on the vehicle associated with a set of several interdependent phase-
locked loops. Additional studies are needed to fully evaluate the effectiveness of spatial diversity
when applied to digital systems particularly in urban environments.

5.3.2 Spatial diversity at the transmit end

As was discussed in § 3.1.2, multi-carrier modulation techniques such as the one described in
Annex A for Digital System A, allow for the use of multiple on-channel transmitter coverage. This
in fact is a form of space diversity based on the frequency diversity at the receiver. This allows for a
reduction of the fade margin by an amount equivalent to the “network gain”.

Another form of space diversity at the transmit side is to broadcast the same program material from
two geostationary satellites whose orbital positions are widely separated.

One of the BSS (sound) systems proposed for operation to the U.S. will have two satellites
separated by 30° longitude. Satellite transponder emissions for a broadcast program will emanate
from both satellites. The frequencies will differ. The signals to a specific location will arrive from
different directions. The receiver will choose the dominant signal. Based on this combination of
satellite spatial diversity and frequency diversity, the proponent organization estimates over a 10 dB
gain in multipath fading compared to a single satellite system, along with a considerable reduction
in the probability of fatal blockages. Further discussion of terrestrial experiments associated with
this concept is given in Annex A.
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CHAPTER 6

COMPONENTS OF DSB SYSTEMS

Digital systems can overcome the problems caused by obstruction effects and the presence of
multipath propagation which results from specular or diffuse reflections. This occurs on roads in
rural areas where the path passes through foliage and in urban areas where there are numerous
obstacles. When the fading follows a Rayleigh distribution and is frequency-selective, the error rate
of a simple digital system can fall below an unacceptable limit, with resulting poor quality. This can
be overcome only by increasing the required link margin and thus the transmitter power. The effects
of frequency selectivity can also be overcome through the use of symbol durations which are large
with respect to the dispersion of the echo delays. A powerful channel coding mechanism can then
be applied (convolutional code with Viterbi decoding), but it is necessary to ensure the
independence between successive symbols with respect to channel fades. This is achieved by
interleaving the symbols either in time or in frequency (the total bit rate is thereby distributed
between several carriers spaced sufficiently far apart in frequency). Temporal interleaving is
effective, however, only if the receiver is mounted in a vehicle traveling above a certain speed. If
the receiver is stationary, frequency interleaving must be used or, alternatively, space diversity
reception. When frequency interleaving is used, carriers modulated with other sound channels may
be placed between those carrying the parts of a given channel, using orthogonal frequency division
multiplexing (OFDM).

Finally, certain proposals for advanced digital systems involve the use of a source coding offering
powerful bit rate reduction (e.g. sub-band coding). With this technique the bit rate is barely
220 kbit/s for one high-quality stereophonic programme.

One of the important merits of the digitalization of broadcasting systems is to ensure maximum
commonality of the technical standards used in different media, such as broadcasting by satellite,
terrestrial broadcasting, cable distribution, communication, computer technology, storage media,
etc. Furthermore, from the viewpoint of the ISDB concept, DSB is expected to have a capability to
provide not only sound but also other services for vehicular, portable and fixed reception, such as
multimedia, teletext, still pictures, low bit rate video signals, etc. The ISO/IEC MPEG international
standards can be considered as a suitable approach for source coding and multiplexing for satellite
and terrestrial DSB.

Current developments in digital sound and data systems indicate that the advanced digital systems
are now becoming economically attractive to the mass consumer market and the inherent flexibility
of signal options which may be readily built into these systems may make them become more
attractive than analogue systems.

6.1 Audio source coding

Digital sound broadcasting systems need to deliver programs with audio quality comparable to
high-quality consumer digital recorded media (“CD quality”), which is obtained by 16-bit PCM at
44.1 or 48 kHz sampling frequency. However, in order to make the most efficient use of the scarce
radio-frequency spectrum for digital sound broadcasting, a maximum bit-rate reduction of the audio
source is necessary.
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New coding techniques for high quality audio signals, use the properties of human sound perception
by exploiting the spectral and temporal masking effects of the ear. Such source coding systems
allow bit-rate reduction from 768 kbit/s, used in CD, down to about 100 kbit/s per monophonic
channel, while preserving the subjective quality of the reproduced audio signal. This high gain in
coding is possible because the quantizing noise is adapted to the masking thresholds and therefore
only the details which can be perceived by the listener are transmitted.

For stereophonic sources, further bit-reduction can be achieved by using “joint stereo” coding. This
technique exploits the redundancy and the irrelevancy of typical stereophonic programme material
and can be used to increase the audio quality at low bit rates and/or reduce the overall bit rate for a
given quality.

Those details on the different source coding methods in use are described in Recommen-
dations ITU-R BS.646 and ITU-R BS.1115.

The development of this type of coding systems cannot be achieved without subjective assessments
of sound, since the human ear constitutes the reference to which audio quality is determined.

Many subjective and objective tests have been performed with the ISO/MPEG audio Layer II audio
coding system, also known as MUSICAM. The essential part of these tests was to determine the
subjective audio quality at different bit rates for most critical monophonic or stereophonic audio
signals.

Other important tests have been performed regarding the stereophonic image of the decoded audio
signals, and regarding cascades of several codecs, i.e., multiple encoding and decoding by using the
same coding system. In addition to these subjective tests, an objective evaluation has been
performed, including complexity of the encoder and decoder, frequency response, encoding and
decoding delay, random access and fast forward/reverse capability. The list in Table 7 gives an
overview of the official tests which have been carried out by the ISO/MPEG.

6.1.1 Low bit-rate coding

Low bit-rate coding can be achieved by using MPEG-2 audio coding standard which provides
quality coding of mono and conventional stereo signals for bit-rates at or below 64 kbit/s per
channel. This is accomplished by using reduced sampling rates at 16, 22.05 or 24 kHz for source
audio signals of respective bandwidth of 7.5, 10.5 and 11.5 kHz. The only difference compared
with ISO/MPEG 1 is a change in the table of bit rates and bit allocation. The encoding and decoding
principles of ISO/MPEG 1 Layer I, II and III are fully maintained. A system using joint coding of
stereo inputs currently being used as the source codec for DSB transmit/receive systems under
evaluation in the United States is claimed to be capable of delivering CD-quality audio with bit-
rates of between 128 and 160 kbit/s per stereophonic signal.

Some programme signals stress algorithms that take advantage of auditory masking more severely
than others. These so-called critical audio materials force the codecs to produce audible artifacts,
usually by allowing some components of the quantization noise (the non-uniform noise floor) to
exceed the masking threshold of the programme signal. Putting codecs in tandem can exacerbate the
problem. Intuitively, artifacts produced by one codec would become more noticeable as the same
signal is passed through several similar codecs in cascade. Because not all critical material is
equally critical, the number of tandems that can be tolerated before the artifacts become
objectionable depends on the programme content. There is clearly a practical limit to the number of
codecs that can be operated in tandem in a high quality broadcasting system. The limit must be
fairly conservative to avoid situations in which ¨ultra-critical¨ signals would produce very
objectionable artifacts.
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TABLE 7

Official subjective and objective tests of ISO/MPEG on digital audio coding

Even setting a conservative limit may not be a practical solution. The situation is complicated by
several factors beyond any single broadcaster’s control. There are several companies providing rate
reduced contribution circuits to recording studios, to allow them to use material from other studios
without having to exchange tapes. An apparently original CD may thus contain previously rate-
reduced material. No broadcaster can control the prior processing of material received from an
external source. The coding margin, or the ability to tolerate additional codecs in tandem, of an
apparently original CD or of material contributed by another broadcaster may be unexpectedly low.

Based on the results of various laboratory tests, the ITU-R approved Recommen-
dation ITU-R BS.1115 which states that, in order to provide CD quality for digital sound
broadcasting emission, a bit rate of at least 128 kbit/s per monophonic channel is required. For both
contribution and distribution links when several low bit rate codecs are expected to be used in
tandem, a bit rate of at least 180 kbit/s per monophonic channel should be used to keep
degradations at the output of the tandem chain to an acceptable level.

6.1.2 Multi-channel coding

Multi-channel audio may be desirable for digital sound broadcasting systems since it is currently
available on various consumer products (surround sound on home TV/VCR).

July 1990 First subjective and objective tests of ISO/MPEG-Audio, carried out by the Swedish
Broadcasting Corporation (SR) in Stockholm.

Nov. 1990 -
April 1991

MUSICAM listening tests, carried out by the Communications Research Center
(CRC) in Ottawa, Canada

April-May 1991 Verification tests of ISO/MPEG-Audio Layers I, II, and III. Conducted by the
Swedish Broadcasting Corporation (SR) in Stockholm

November 1991 Verification tests of ‘Joint Stereo Coding’ and second verification of ISO/MPEG-
Audio Layer III, conducted by Inst. fur Theor. Nachrichtentechnik and Informations
verarbeitung der Universitat Hannover in cooperation with Norddeutscher Rundfunk
(NDR) and the Swedish Broadcasting Corporation (SR)

January-June 1992 CCIR TG 10/2 Subjective tests for the assessment of low bit-rate audio coding
systems

January-June 1993 CCIR TG 10/2 Network verification subjective tests of ISO/MPEG-Audio-layer II
and III

Nov. 1993 -
Feb. 1994

ISO/MPEG-2 Audio subjective tests on layers I, II, III and non-backward
compatible coding system

July -
Nov. 1995

ISO/MPEG-2 Audio Subjective tests for non-backward compatible coding systems

Nov. 1995 -
March 1996

ISO/MPEG-4 First tests on very low-bit-rate audio coding systems

Nov. 1996 -
March 1997

ISO/MPEG-4 Second tests on very low bit-rate audio coding systems
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A suitable universal and compatible digital multi-channel sound system should meet several basic
requirements and provide a number of technical/operational features. Primarily, the bit rate of such
a multi-channel audio coding system should be as low as possible (< 384 kbit/s), ensure transparent
quality compared to 16 bit PCM and use reasonable encoder and decoder complexity. Also,
backward compatibility to two channel stereo is a very strong requirement of a multi-channel sound
coding systems.

The ISO/MPEG 2 audio coding system will meet these requirements. Its backwards compatibility
allows a two channel decoder to extract and deliver a correct basic stereo signal from the multi
channel audio bitstream.

6.2 Service multiplex

A programme service generally comprises an audio service and optionally additional audio/data
service components. A multiplexer is a point at which synchronized data from all the programme
components using the multiplex are brought together. An SCPC (single-channel-per-carrier) system
contains generally a multiplex of one programme service. Wide-band systems, such as Digital
System A, may contain a multiplex comprising several programme services. The whole capacity of
the multiplex may be devoted to one service provider or it may be divided among several service
providers.

The multiplexed data may be subjected to additional digital processing necessary for suitable
adaptation of the system to different propagation channel characteristics. This processing may
include energy dispersal, channel coding, time and/or frequency interleaving, etc.

The multiplex configuration may be variable in time. Different service components included in the
multiplex may contain time-varying data capacity which depend on the programme content and the
quality required. Information on the current and future multiplex configuration should be well
protected (or highly repetitive) and must be sent to the receiver separately.

The output from the multiplexer is generally a serial bit stream, either unstructured or suitably
organized in packets. This bit stream feeds the modulator.

6.3 Channel coding and modulation

One way to overcome the selective fading effects of the Rayleigh channel is to employ spread
spectrum techniques. The main weakness of these techniques is however the low spectrum
utilization attainable, usually below 0.25 bit/s/Hz, and this is unacceptable for use in broadcasting
where there are severe restrictions on the available spectrum.

A scheme known as coded orthogonal frequency division multiplex (COFDM) has been devised
which is well suited to a selective Rayleigh channel and, despite being broadband, provides for
efficient frequency utilization. This modulation approach is used in the Digital System A described
in Annex A.

COFDM was developed to meet the exacting requirements of high bit-rate emission to vehicular,
portable and fixed receivers. Its basic principle consists of distributing the information to be
transmitted over many carriers each having a low bit rate, so that the corresponding symbol
duration can be larger than the delay spread of the channel. Then, provided that a temporal guard
interval is inserted between successive symbols, the channel frequency selectivity will not be a
cause of inter-symbol interference, nor does it suppress frequency selective fading; i.e., some of the
carriers may be enhanced by constructive interference, while others may suffer from destructive
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interference (i.e. frequency-selective fading). To correct this problem, COFDM provides for
multiple linkage of the elementary signals (information modulating a given carrier during a given
symbol time) received at distant locations of the time-frequency domain. The linkage is achieved by
convolutional encoding with time and frequency interleaving at the source, in conjunction with a
maximum-likelihood Viterbi-decoding algorithm employed in receivers.

The diversity provided by interleaving plays an important role in maximizing Viterbi-decoding
efficiency, because successive samples presented at its input are affected only by independent
(uncorrelated) fades. Even when a receiver is not moving, the diversity in the frequency domain is
sufficient to ensure correct behavior of the system. Consequently, multipath provides a form of
diversity, which, in stark contrast to conventional FM reception, is actually an advantage in
COFDM reception. Furthermore, this advantage in ruggedness of the system performance improves
with increased emission-channel bandwidth.

The signal-to-noise ratio will increase as soon as the received signal power is augmented by echoes
that cannot combine destructively. This is the case when the echoes are separated by a minimal
delay equal to the inverse of the signal bandwidth.

Therefore, the COFDM system combines constructively (power sum) the multipath echoes. These
echoes can be artificial (“active echoes”) which are obtained by re-transmitting on the same
frequency block. This is a form of space diversity (at the transmitting end). It allows for a number
of different network concepts:

– the simple network of a single transmitter;

– the synchronized single frequency network of multiple main transmitters used for large area
coverage;

– the non-synchronized single frequency network of multiple transmitters used for coverage
extension, coverage shaping;

– the hybrid satellite/terrestrial network which is a simple network, the main transmitter of
which is on board a satellite augmented by low power terrestrial transmitters.

In a single frequency network, spatially distributed transmitters contribute, by power addition, to
the received signal. Since the positions of these transmitters are not concentrated in only one
direction from the receiving point, this feature is very useful to avoid a complete shadowing when
an obstacle is masking a view direction in the horizontal plane.

The COFDM scheme is thereby seen to make extensive use of time, frequency and space diversity.

In addition to COFDM, DSB systems may make use of other modulation and channel coding
schemes. For example, some DSB systems use QPSK, MSK or QPRS depending on different trade-
offs chosen. Also, various channel coding schemes may be used such as convolutional codes
(including puncturing), Trellis codes and different concatenated codes (e.g., turbo codes).

6.4 Service information and ancillary data services

In addition to higher quality audio services, digital broadcasting systems are capable of providing
considerable useful information for the receiver and for the listener, such as value-added services.
These value-added services are seen as playing a crucial role in the public’s acceptance of DSB.
Some attractive value-added services should be seen as an integral part of it. In addition to
hastening the acceptance of DSB, these services are likely to generate significant revenue for the
broadcasters. DSB is, in essence, a digital bit pipe which is optimized especially for delivery of
information to mobile users.
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The best candidate services for broadcasting are information services which share these three
attributes:

– The users of the service are scattered over a fairly large geographical area, and they require
access to it from vehicles (or, more generally, while away from one’s home or office), and
thus do not have access to wired communication systems.

– The same information is desired by many users, and thus can be very efficiently distributed
by broadcasting.

– The value of the information typically declines quickly with time, so that long delays in its
delivery are unacceptable.

DSB systems should provide service information (SI) about audio and data services carried together
in the same multiplex. Such service information could be extended to include cross-reference
information carried in other multiplexes or on corresponding analogue AM/FM services to allow for
smooth transitions. Normally, the SI features would be optional; the extent to which SI options
would be included in the programme service depend on the perceived additional comfort to listeners
and the marketing potential of the receiver industry.

The SI features may be generally divided into three categories:

– service related;

– programme related; or

– independent of the programme.

Service-related features: These may include a directory of all services included in the multiplex,
service labels, frequency information for alternative services of the same service (in case of
simulcast) and conditional access.

Program-related services: There are many opportunities for enhanced program-related services
when the bandwidth limitations typical of RDS are eliminated. For example, details about
individual musical selections being broadcast on the stereo audio channels could be transmitted.
The information could, of course, include information on where to obtain the recording (or order the
transcript of the program, etc.) - the commercial possibilities are obvious. It would be possible for
each programme to be identified separately and to be associated with a particular language and
programme type classification. The programme associated data may include the dynamic range
control information to be sent to a receiver so that the audio dynamic range may be adjusted to suit
different listening conditions. The music/speech feature allows the predominant programme content
to be signaled as music or speech in order to permit some receivers to treat the presentation of
music and speech differently. In addition, more sophisticated text labels presented in a teletext-like
display may be provided. Different character sets to include Japanese and Chinese as well as
Middle Eastern alphabets may also be available.

Independent data services: These independent services may include the time and date information,
paging, traffic messages, warning signals and the information about transmitter locations. In
particular, DSB could become very competitive in offering the following potential data
broadcasting services:

– Traffic information services: dissemination of information to drivers on the traffic flow in
their immediate area. In their simplest form, traffic information channels (TMC) may
provide drivers with warnings about road hazards, specific incidents, and areas of
congestion to avoid. More sophisticated systems also use "probe" vehicles and other
techniques to monitor travel times over the various links in the road network, and then
broadcast this information so that it can be used on board suitably-equipped vehicles to
make dynamic route guidance decisions.
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– Traveler information services: this service includes “yellow pages” type information on
hotels, restaurants and other local businesses, tourist attractions, parking availability, and so
on. Some of the services are aimed specifically at tourists and would likely be available in
rental vehicles. The same facility could also be used to download advertising material for
display to transit users.

– Vehicle location and navigation systems: on-board navigation systems are a key IVHS
element. Amongst the various navigation technologies available, the Global Positioning
System (GPS) has emerged as a dominant force. For most navigation applications, GPS
must be supplemented with differential corrections (DGPS) to achieve adequate accuracy.
Transmission of DGPS information is a service which is ideally suited to broadcasting. The
data rate required is modest (about 50 bit/s).

– Downloading of information for portable systems: the DSB receiver should include an
interface into which the user can plug his notebook PC or Personal Digital Assistant (PDA),
so that information can be stored for future reference. The PDA is destined to become a
very popular device, and there is much interest in providing wireless information links for
these devices. Possible applications are “personalized” newspapers and reception of stock
quotations.

Digital sound broadcasting systems are sufficiently flexible to permit further users’ requirements to
be considered and new features added. An interesting possibility for the future would be to include
still pictures to accompany audio programmes if the overall data capacity of the system permits.

6.5 Emission considerations

A number of considerations will need to be taken into account at the emission level of the DSB
service. Following is a list with some explanatory notes:

– Energy dispersal: the emission format has to be designed so that there are no peaks of
energy in the time and frequency domains. This is usually ensured by inserting an energy
dispersal waveform in the signal, or for digital signal, by inserting a pseudo-random
sequence.

– Transmitter linearity: this is especially critical in the case of multi-carrier modulations
which have a non-constant signal envelope.

– Out-of-band emission: the filter mask for the transmitter is critical in minimizing adjacent
channel interference.

– Transmitter identification: transmitter identification information (TII) included in the
signal transmitted is especially useful in the case of distributed emission with multiple
transmitters, at least for network maintenance.

– Location, height and directivity of the transmitting antennas: these are all important
factors especially in the case of distributed emission.

– Frequency stability of the transmitters: it needs to meet certain tolerances. Such
tolerances are likely to be more stringent in the case of distributed emission, particularly
using single frequency networks (see § 3.1.2.1).

– Time delays may need to be inserted at various transmitters in a distributed emission as
part of the design of the transmitter network.

– Spectrum mask: In order to control emission outside the emission channel, a spectrum
mask for DSB emission is needed. An example of such a mask is given in Annex A for
Digital System A.
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6.6 Comparison between the performance of satellite transponders for multi-carrier
modulation (Digital System A) and single carrier modulation (Digital Systems B
and D)

A comparison between the optimum operating points of a satellite transponder for a system using a
multi-carrier modulation such as used in Digital System A and a single-carrier modulation as used
in Digital Systems B and D was carried out and the difference in the link budgets was found. In
particular, the study addressed the effect of transponder saturation produced by a non-constant
envelope signal from the multi-carrier modulation in comparison with that produced by a quasi-
constant envelope signal from the single-carrier modulation. The amplifier power transfer function
was used to characterize the HPA Output Back-Off (OBO). The study also included the effect of
spectrum re-growth or increase in out-of-band emission (side-lobe levels) when the systems operate
close to transponder saturation. Such side-lobe increase would result in potential interference to
systems and services using nearby frequencies.

The parameters used in this comparison were taken from Annex A in the case of Digital System A
and Annex D for Digital System D. It was assumed that the modulation parameters for Digital
System B are close enough to produce similar effects and result as in the case of Digital System D.

The results of the parametric study conducted by computer simulation to compare the two proposed
modulations can be found in Figs. 18, 20 and 21. Figures 18 and 20 present the results of a
parametric study that was conducted in the case of the Digital System A where the transponder
Output Back-Off (OBO), the apparent increase in Eb/N0 and the increase in the adjacent channel
side-lobe level (spectrum re-growth), caused by non-linearity in the transponder, were considered.
Figure 18 represents the case of the TWTA whereas Fig. 19 represents the signal being amplified by
a perfectly linearized HPA. Figure 21 represents the data that could be deduced from the
specifications of Digital System D, verified and expanded through computer simulation.

In the case of the Digital System A signal going through a typical TWTA, the optimum point of
operation of the TWTA is around 1.7 dB as can be seen on the OBO + Eb/N0 curve in Fig. 18. At
lower values of Output Back-Off (OBO), the apparent Eb/N0 increases more rapidly than the
transmission power because of the rise in TWTA non-linearity close to the saturation point. The
various parameters at that optimum operating point are shown in Table 8.

TABLE 8

Summary of the comparison between a multi-carrier modulation
(Digital System A) and a single-carrier modulation (Digital System D)

TWTA Perfectly linearized HPA
Parameters

System A System D System A System D

Output back-off 1.7 dB 0.3 dB 2.0 dB 0.8 dB

Increase in Eb/N0 1.7 dB 0.5 dB 1.0 dB 0.0 dB

Basic Eb/N0 7.2 dB 2.7 dB 7.2 dB 2.7 dB

Total 10.6 dB 3.5 dB 10.2 dB 3.5 dB

Difference 7.1 dB 6.7 dB
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In order to establish the level of power re-growth into the adjacent channel because of the
transponder non-linearity, a number of assumptions needed to be made. The channel centre spacing
was assumed to be 1.736 MHz in the case of Digital System A. The in-channel-to-out-of-channel
ratio was defined as the ratio between the power measured within the 1.536 MHz nominal
bandwidth and the power of the out-of-band signal falling within (i.e. integrated over) the first
upper adjacent channel of the same bandwidth. An illustration of such spectrum re-growth is given
for different transponder OBO’s in Fig. 19 for a typical TWTA. The level of adjacent channel
spectrum re-growth at the optimum operating point (OBO = 1.7 dB) relative to the power of the
main signal is –19 dB. However, it increases to a value of –16.2 dB for an OBO of 0.85 dB as
shown in Fig. 18.

In the case of a perfectly linearized HPA (hard clipper), the total degradation is the smallest (~3 dB)
when the OBO is between 1 and 2 dB as can be found in Fig. 20. The optimum point of operation is
assumed to be at an OBO of 2 dB in the case of a perfectly linearized HPA for Digital System A. At
such an optimum operating point (OBO of 2 dB), the level of adjacent channel spreading does not
go above –21 dB relative to the main signal.

The signal of Digital System D is a QPSK modulated signal shaped by a square root raised-cosine
pulse with 40% roll-off. The symbol rate is specified at 1.84 Msymbol/s. The performance values
for the optimum operating point were taken from Section 6.3. These values were verified, as much
as possible, and expanded through computer simulation. These can be found in Fig. 21.

The optimum operating point for a TWTA amplifying a single QPSK modulated carrier is around
0.3 dB output back-off and results in an apparent increase of the required Eb/N0 of some 0.5 dB due
to some residual signal envelope modulation caused by the 40% square root raised-cosine pulse
shaping for the QPSK symbols. For such an optimum operating point, the proponent of Digital
System D has documented the RF spectrum at the output of the TWTA. Computer simulations
permitted to confirm the shape of this RF spectrum.

Again, using the same simulation method as in the case of Digital System A above, the amount of
spectrum re-growth for Digital System D was found using different assumptions. The channel
centre spacing was assumed to be 2.3 MHz. The in-channel-to-out-of-channel ratio was defined as
the ratio between the power measured within the 1.84 MHz nominal bandwidth and the power of
the out-of-band signal falling within its first upper adjacent channel of the same bandwidth.
Calculations resulted in a value of –18 dB for the spectrum re-growth in the adjacent channel at the
optimum operating point (OBO = 0.3 dB). A number of values were also calculated around this
point to confirm the trend as can be seen in Fig. 21.

In the case of a perfectly linearized HPA, there is no Eb/N0 degradation to a near constant envelope
single carrier signal, but for an input back-off of 0 dB (i.e. the amplifier operates at the corner point
where the output level starts to be clipped for an input signal greater than 0 dB), the average output
power was found to be 0.8 dB (OBO) less than the maximum power of the HPA, which is obtained
with a constant envelope signal such as a CW.

A summary of the values for all optimum operating points is given in Table 8 below.

These results reflect the intrinsic difference in satellite power requirements between the two types
of modulation:

– Difference between coherent and differential detection: 2.9 dB

– Presence of the guard interval in Digital System A: 1.0 dB

– Use of Reed-Solomon (223,255) block coding by Digital System D: 0.6 dB

– Reduction in transponder OBO for the single-carrier modulation: 2.6 dB (TWTA)
2.2 dB (linear HPA)
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This results in total differences of 7.1 dB (TWTA) and 6.7 dB (linear HPA). However, because of
the difference in digital throughput between Digital Systems A and D, these differences result in
actual fade margin differences of 5.3 dB and 4.9 dB respectively between the two systems assuming
the same satellite power and the same receiver RF performance.

FIGURE 18

Losses due to non-linearity of a TWTA (in AWGN) and
in-channel/out-of-channel ratio for Digital System A
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FIGURE 19

Power spectrum of a multi-carrier signal at
the output of a TWTA transmitting Digital System A
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FIGURE 20

Losses due to non-linearity of a perfectly linearized HPA (in AWGN) and
in-channel/out-of-channel ratio for Digital System A

O utput Backoff (OBO) (dB)

0 1 2 3 4 5 6 7 8 9 10

Lo
ss

es
(d

B
)

0

1

2

3

4

5

6

7

8

9

10

In
-c

ha
nn

el
/O

ut
-o

f-
ch

an
ne

l(
dB

)

0

3

6

9

12

15

18

21

24

27

30

O BO

E b/N 0 degrada tion

O BO + E b/N 0 degradation

In -channel/O ut-of-channel

FIGURE 21

Losses due to HPA non-linearity (in AWGN) and
in-channel/out-of-channel ratio for Digital System A
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6.7 Comparison among Digital Systems A, B, DH and E for hybrid satellite/terrestrial
sound broadcasting

The hybrid implementation of satellite/terrestrial sound broadcasting which assumes the use of
terrestrial repeaters to cover for the defects in direct coverage with the satellite signal such as
shadowed areas in mountainous and built-up areas and irreducible service outages caused by
highway overpasses, tunnels, downtown core and indoor reception has been recognized as the only
means by which a “seamless” reception of Digital Sound Broadcasting (DSB) can be provided.

There are two ways to implement a hybrid satellite/terrestrial DSB system: a) both satellite and
terrestrial repeaters operate on the same frequency, and b) satellite and terrestrial repeaters operate
on two different frequencies in the same broadcast band.

6.7.1 Same frequency for satellite and terrestrial transmission

The two key advantages of this approach are that it is spectrum efficient and that it allows for the
use of a single receiver connected to the satellite and terrestrial receive antennas to provide a
seamless reception as long as this receiver can operate in the “multipath environment” created by
this double type of reception. There is however an intrinsic limitation on the terrestrial repeater
power to avoid affecting the satellite coverage in fringe areas. This matter is dealt with in § 3.2.2.
There is also a requirement for a very large isolation between the receiving antenna and transmit
antenna of the terrestrial repeater. Such isolation can be achieved through a careful combination of
local blockage from the surrounding physical structures as well as through controlled side lobes for
the transmit and receive antennas (see § 3.1.2.4).

6.7.2 Different frequencies for satellite and terrestrial transmissions

In this case, the spectrum requirement is double that of the previous case and each receiver needs
two RF front-ends tuned to two different channels. However, the power from the repeaters does not
need to be restricted to preserve the satellite coverage in their fringe areas. The repeater
implementation is simpler because of the possible isolation improvement through channel filtering
even though a frequency converter is needed to change the frequency of the re-transmitted signal.
Operating the satellite and the terrestrial repeaters on different frequencies also brings the
possibility of using different modulations on the two different broadcast channels.

The merits of the three better described Digital Systems A, DH and E are compared in Table 9 for
the satellite part as well as the terrestrial repeater part. It is assumed that the modulation parameters
for Digital System B are close enough to produce similar effects, and result in very similar findings
as in the case of the satellite portion of Digital System D. The parameters used in this comparison
were taken from Annex A in the case of Digital System A and Annex D for Digital System DH.
System parameters for Digital System E were taken from Annex E to this ITU-R DSB Handbook.

As can be seen from Table 9, there is a clear advantage in using a single-carrier modulation over
satellite because of the near-constant amplitude QPSK modulation. This quasi-constant envelope
modulation allows the transponder to be maintained close to saturation and therefore maximizes the
power available at the output of this transponder.

As was found in § 6.6, there is an advantage of 7.1 dB in the case of a typical TWTA and 6.7 dB for
a perfectly linearized HPA in favor of Digital System DS/DH as compared to Digital System A for
the satellite segment. The advantage of the Digital System E as compared to Digital System A is
reckoned to be of some 5.3 dB in the case of typical TWTA because of the presence of coherent
detection, the absence of a guard interval and the fact that its signal envelope varies as in the case of
a multi-carrier modulation.
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However, the situation is quite different in the case of the terrestrial re-enforcement. There is a clear
advantage for the multi-carrier modulation approach because reliable reception in a multipath
environment can be secured by a much simpler receiver. As indicated in Table 9, multi-carrier
modulation only requires time synchronization sufficiently good to make sure that most of the
energy from the various signal echoes (passive and active) fall within the guard interval. In the case
of CDM, complete channel estimation in amplitude, phase and excess delay is needed to allow for
signal recovery. In a vehicular situation, this complete channel estimation needs to be updated in
real time and can require excessive computational power at the receiver. It seems clear that multi-
carrier modulation is the best modulation to be used for the terrestrial re-transmitters.

Although the multi-carrier modulation is sub-optimal in terms of satellite transmission due to its
non-constant envelope signal and its differential detection, if one can afford the sizeable satellite
power, this is the best overall modulation for broadcasting over satellite and terrestrial repeaters
from the spectrum efficiency point of view. On the other hand, if the satellite power requirement is
seen as excessive, the best arrangement, assuming that two different frequencies can be used, is for
a single carrier modulation to be transmitted over satellite and a multi-carrier modulation
transmission to be used for the terrestrial repeaters.

6.8 Reception of a hybrid DSB system using two different modulations on satellite and
terrestrial repeaters

One way to allow the reception of two different modulations by a DSB receiver in the context of a
hybrid sound BSS system is by the use of a “gateway antenna” that will provide for a simple
coupling between the single-carrier modulation used on the satellite transmission and the terrestrial
DSB receiver optimized for multi-carrier modulation used for both terrestrial emission as well as
terrestrial re-enforcement of the satellite service. Such a “gateway antenna” would be an active
antenna which would contain all the electronics to demodulate the QPSK signal from the satellite
and bring it at baseband to the terrestrial DSB receiver.

Another way to allow such hybrid satellite/terrestrial reception is by extending the satellite single
carrier modulation receiver with the capability of receiving multi-carrier modulation from the
terrestrial repeater.

Figure 22 shows a typical arrangement for the car receiving antennas for the reception of a hybrid
satellite/terrestrial system using the “gateway antenna” approach. Figure 23 shows a block diagram
of the necessary electronics for the proposed “gateway antenna”, which is to be physically located
at the base of the satellite DSB phased array receiving antenna. The terrestrial repeaters are to use a
multi-carrier transmission format (e.g. EU-147 DAB COFDM, see Annex A) to counter multipath
in the terrestrial environment, and it is assumed that the same multiplex structure will be used over
the satellite channel including FEC, time interleaving and FIC. This will allow the “gateway
antenna” that is to be added in front of the DSB receiver to simply become a coherent QPSK
demodulator.

To make this simpler “gateway antenna” possible, it is also assumed that the terrestrial DSB
receiver will accept the bit stream from the “gateway antenna” directly through its bi-directional
Radio Data Interface (RDI). This way, the data stream can be fed directly to the terrestrial DSB
receiver at baseband or through an infrared link. A second requirement is that the terrestrial DSB
receiver can provide for satellite DSB channel tuning through its man-machine interface and back
to the gateway antenna, therefore ensuring proper remote control of the satellite channel tuning. The
terrestrial DSB receiver also needs to supply DC power for the operation of the active gateway
antenna.
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TABLE 9

Comparison of the merits of three proposed Digital Systems
for hybrid satellite/terrestrial sound broadcasting

Parameters

Digital System A
(MediaStar)

EU-147 DAB multi-
carrier modulation

Digital System DH
(WorldSpace)

Single-carrier modul-
ation for the satellite

DSB, and Multi-carrier
Modulation (OFDM)

for the terrestrial DSB

Digital System E
(ARIB)

Coded division multiplex

Modulation QPSK-COFDM QPSK-TDM QPSK-CDM

Data throughput 1 152 kbit/s 1 584 kbit/s 30 * 236 kbit/s(1)

Channeling BW 1 536 kHz 1 840 kHz 25 MHz

Required Eb/N0 in
AWGN channel

(BER = 10–4)
7.2 dB 2.7 dB 2.8 dB

(Rician channel)
Satellite
DSB

Advantage of the
modulation on the

satellite link
budget

0 dB (reference point)
(multi-carrier modulation,
guard interval, differential

demodulation)

7.1 dB (TWTA)
6.7 dB (linear HPA)
(constant envelope

modulation, coherent
demodulation)

5.3 dB (TWTA)

(coherent
demodulation)

Impact of
terrestrial repeater

on receiver
complexity.

COFDM requires a partial
FFT in the receiver. It was
optimized for terrestrial
multipath propagation.

Satellite and terrestrial
signals are processed
through independent
chains and diversity
combined before the
source decoder.

Need de-spreading code
acquisition and tracking,
complex channel
estimation and RAKE
receiver.

Level of channel
estimation required

in the receiver
(complexity).

Proper timing of the start
of the symbol is needed
for the FFT window. Most
of the energy from the
impulse response of the
multipath channel has to
be contained within the
guard interval.

Proper timing of the start
of the symbol is needed
for the FFT window. Most
of the energy from the
impulse response of the
multipath channel has to
be contained within the
guard interval..

Complete channel
estimation (amplitude,
phase, excess delay) is
needed for the operation
of the RAKE receiver in a
multipath environment.

Vehicular
reception

Possible trade-of between
immunity to Doppler
spread (for a given vehicle
speed and carrier
frequency) and extent of
the guard interval in
selecting the transmission
mode.

System parameters
selected to optimize
tradeoff between guard
band, vehicle speed and
operating signal-to-noise
ratio.

Computation complexity
for the RAKE receiver is
independent of vehicular
speed. The channel
impulse response is
calculated every 250 µs.

Terrestrial
DSB

Use of multiple
on-channel
repeaters

Maximum repeater
spacing is related to the
extent of the guard
interval.

All repeaters within the
service area can operate at
a single frequency that is
different from the satellite
downlink frequency.

Possible but there could
be ambiguity in echo
excess delays when it is
beyond one pilot symbol
period (125 µs).
Maximum repeater
spacing is related to the
extent of the time window
covered by the RAKE
receiver.

(1) This system could allow for up to 63 × 236 kbit/s CDM channels.
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If these requirements can be met in the manufacturing of the terrestrial DSB receivers, the satellite
DSB gateway antenna will be seen as a simple optional add-on that could be acquired later when
the satellite service becomes available. Conversely, for the satellite DSB providers, the launch of
the service would be facilitated since they could rely on the fact that the terrestrial DSB receivers
already on the market could be easily upgraded for satellite reception through the addition of this
gateway antenna.

It should also be noted that the use of the same multiplex (e.g. Digital System A) on the single
carrier QPSK signal transmitted over the satellite allows for a very simple implementation of the
terrestrial repeaters since the demodulated data stream only needs to be re-modulated through a FFT
before being re-transmitted.

FIGURE 22

Vehicle equipped for satellite DSB and terrestrial DSB reception

T-DAB

S-DAB

FIGURE 23

Simplified satellite DSB “gateway antenna” assuming common multiplex
structure on satellite DSB and terrestrial DSB
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CHAPTER 7

FREQUENCIES FOR DIGITAL SOUND BROADCASTING

7.1 Technical considerations

The range 50-1500 MHz was considered for the terrestrial digital sound broadcasting service.
Coverage field tests and indoor reception signal level measurements were carried out, and the
results of which demonstrate the feasibility of establishing such a service in that frequency range
(see Table 10).

7.1.1 Full area coverage with single frequency networks (SFN)

The upper limit of the possible frequency range is determined by the interrelation of:

– car speed;

– duration of guard interval and useful symbol, which are closely related to the distance
between SFN transmitters.

Assuming average transmitter distances of 60-70 km in a single frequency network and a maximum
car speed in the order of 150 km/h, preliminary analysis indicates that if a guard interval of 250 µs
was required, the most favourable frequency band for a Digital Sound Broadcasting service would
be in the range 50-250 MHz. Based on these assumptions, it is believed that from a technical and
economic point of view Band III would offer the best solution at present. However, it should be
stressed that the limitation is not a sharp one. Nevertheless, computer simulations, collaborated by
field measurements carried out at 1.5 GHz in Canada, showed that spacings greater than 60-70 km
in an SFN configuration were possible. These findings are reported in Annex A.

7.1.2 Local coverage and area coverage in a simple network

The VHF band and the UHF band up to 1.5 GHz were envisaged for local DSB coverage and
limited area coverage using simple networks.

7.1.3 Technical constraints for satellite broadcasting

Satellite systems are feasible in a frequency band in the vicinity of 1 GHz. The lower and upper
frequency limits are dictated by the following considerations:

The lower limit:

– the man-made noise increases proportionally with decreasing frequency;

– the diameter of the satellite transmit antenna increases proportionally with decreasing
frequency.

The higher limit:

– the effective aperture of the receive antenna for such a system diminishes with the square of
increasing frequency. Assuming an omni-directional receiving antenna, this entails an
increase in satellite transmit power in proportion to the square of the frequency.

In Resolution No. 520, WARC ORB-88 extended the possible frequency range for the
broadcasting-satellite service (sound) to the range 500-3000 MHz.

Resolution No. 527 (WARC-92) recognized that it may be possible to introduce new digital
services in the terrestrial VHF broadcasting bands and opened the door to a more detailed
consideration.
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Resolution No. 528 (WARC-92) gives details of the introductory procedures in the interim period
prior to holding a planning conference. It discusses the need for a planning conference, restricts the
range of frequencies that may be used before the planning conference for satellite DSB services to
the upper 25 MHz of the appropriate band, and details the method of calculating interference
criteria (these are determined by means of Resolution No. 703 (Rev.WARC-92) procedures, and so
there are as yet no formal technical procedures that can be applied).

Resolution No. 522 (WARC-92) gave details of the types of orbit that could be used and the work
that would be necessary before non-GSO systems can be deployed.

Figure 24 shows the frequency bands allocated throughout the world by the WARC-92.

Table 10 shows a comparison of system parameters as a function of frequency between 1500 and
2500 MHz including the required satellite power and the distance between the terrestrial gap-filler
transmitters in a hybrid system.

7.1.4 Existing broadcasting bands

It was generally agreed that it would be difficult to use new spectrum for digital sound
broadcasting. Therefore, the identification of appropriate frequency bands took into account the
bands which could be accessed in the short term. Apart from VHF/FM Band II, these were the
Bands I, III, IV/V, and the 1.5 GHz, 2.3 GHz and 2.6 GHz Bands allocated at WARC-92.

7.1.5 Band I

Since the number of TV transmitters in any channel in Band I is generally lower than in the other
bands, Band I seemed to show good conditions for exclusive usage of a TV channel. In most
countries Band I is shared with the land mobile service (LMS). Sharing with the LMS seems to be
difficult since in general very low powers are used.



- 67 -

FI
G

U
R

E
24

Si
m

pl
if

ie
d

w
or

ld
m

ap
of

W
A

R
C

-9
2

B
SS

(s
ou

nd
)

an
d

B
S

(s
ou

nd
)

fr
eq

ue
nc

y
al

lo
ca

ti
on

s

14
52

-
14

92
M

H
z

14
52

-
14

92
M

H
z

pl
us

25
35

-
26

55
M

H
z

23
1

0
-

23
60

M
H

z

A
L

L
A

B
O

V
E

B
A

N
D

S



- 68 -

TABLE 10

Variation of system parameters as a function of frequency for Digital System A
(similar values apply to Digital System B)

The position of the television channels in the range 47-68 MHz can be seen in Fig. 25. The figure
shows overlapping channels in addition to gaps between channels. Note that the position of the
carriers differs for the various systems in use, as in Band III. Since the protection ratio between
DSB and television changes with the position of the DSB block, an optimum is reached if the DSB

Frequency (GHz) 1.5 2.0 2.5

BSS on-channel gap-filler coverage radius for
C/I = 15.5 dB a) b) c)

(km) 3.3 2.5 2.0

BSS fade allowance relative to fade at 1.5 GHz (= 5 dB) (dB) 0 1 1.8

Effective receiving antenna aperture relative to
that at 1.5 GHz (antenna gain = 5 dBi) (dB) 0 –2.5 –4.5

Receiving system figure of merit (dB(K–1)) –22.2 –24.7 –26.7

Beamwidth = 1° Satellite power d)

Antenna diameter
(W)
(m)

56
14

123
11

233
9

Beamwidth = 1.6° Satellite power d)

Antenna diameter
(W)
(m)

148
9

315
7

594
5.4

Beamwidth = 3.5° Satellite power d)

Antenna diameter
(W)
(m)

695
4.1

1516
3.1

2820
2.5

Distance between omnidirectional BS
on-channel coverage extenders a) b) c) (km) 10.0 7.5 6.0

BS fade allowance relative to fade at 1.5 GHz (= 12 dB) (dB) 0 2 3.8

Effective receiving antenna aperture relative to that at
1.5 GHz (antenna gain = 0 dBi towards

horizon)
(dB) 0 –2.5 –4.5

Receiving system figure of merit (dB(K–1)) –27.2 –29.7 –31.7

e.r.p. e) of main transmitter

Coverage radius = 33 km; E = 100 m f)

Coverage radius = 50 km; E = 150 m f)

Coverage radius = 64 km; E = 150 m f)

(kW)
(kW)
(kW)

21
150

1 354

56
402

3 666

136
916

8 319

a) The transmission mode assumed is Mode II with 62 µs guard interval.
b) For system parameters resulting in equivalent loss of 1 dB caused by Doppler shift in a vehicle moving at

100 km/h.
c) The coverage radius can be considerably higher in the case of repeaters using different frequencies but more

spectrum will be required (see Chapter 3).
d) Powers are for a useful multiplex bit rate of 1 150 kbit/s.
e) Terrestrial station e.r.p.’s are for useful multiplex bit rate of 1 150 kbit/s. These e.r.p,’s correspond to the same

receiver system noise temperature as for the satellite case but with 0 dBi antenna gain, 3 dB interference
allowance and no allowance for the feeder-link noise contribution are assumed. The e.r.p.’s were calculated
referenced to the centre of the UHF frequency band, using the F(50,50) propagation curves for 10 m above
ground level. A correction factor of 11 dB was applied to bring this height to 1.5 m, more typical of vehicular
reception. e.r.p.’s at higher frequencies were obtained through frequency scaling assuming the square root of the
ratio of frequencies based on fade allowance of 12 dB at 1.5 GHz. The applicability of this scaling to terrestrial
broadcasting requires further study.

f) E = Effective height above average terrain of the transmitting antenna i.e., HAAT.
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frequency block position inside the given system bandwidth can be chosen independently. This can
be achieved only if the receiver is capable of accommodating small increments in tuning. The
disadvantage of block centre frequency choice is that neighboring countries may be required to use
DSB blocks which overlap, thereby lowering spectrum efficiency. Ideally block centre frequencies
should also be harmonized, particularly in Band I. Suggested DSB block positions for Band I are
shown in Figs. 26 and 27.

FIGURE 25

Television channels of Band I in European Broadcasting Area
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The replacement of a Band I transmitter would in some cases be possible. However, it should be
borne in mind that the coverage contour of a high power Band I transmitter cannot be replaced by
that of a single Band IV/V transmitter. The replacement would require many fill-in TV transmitters.

Studies were carried out in the United Kingdom for Band I.

The main findings are:

– Man-made noise is the dominant factor in determining the required field strength.

– Interference into continental European Band I TV emissions limits the usable power for
DSB transmitters.

– On the other hand, interference from continental European TV emissions into the DSB
service areas does not appear to be a constraint.

– It should be possible to use low power for local broadcast services.

– The best part of the spectrum to accommodate DSB emission in Band I would be at the
high frequency end, because of problems with man-made noise and anomalous propagation
conditions at the lower frequencies.
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FIGURE 26

Location of DSB blocks in TV channels R1 and and R2
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FIGURE 27

Location of DSB blocks in TV channels L1, L2 and L3

7.1.5.1 Man-made noise

Man-made noise is significantly higher than any other sources of noise such as thermal noise,
receiver noise and galactic noise. The man-made noise is also higher at the low frequency end of the
band. This may necessitate higher radiated power or the siting of Band I transmitters in urban areas
to overcome man-made noise. Typically, at 50 MHz the noise temperature is in the range 150 000 K
to 300000 K, and at 65 MHz it is in the range 80000 K to 150000 K. The lower figures in each
range equate to the residential environment and the higher figures to the business environment.
Taking the worst case for the business environment this equates at 65 MHz to a minimum required
signal strength of 38 dB(µV/m).
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More work conducted by the BBC on man-made noise and its implications on the minimum usable
field strength has concluded that a realistic requirement is to compensate for the man-made noise at
99% of suburban locations. The researchers found that the man-made noise levels exceeded at 1%
of the locations were above the thermal noise by 27 dB (i.e., 145000 K) for 58 MHz, and above
thermal noise by 17 dB (i.e., 14500 K) for 67 MHz. These suburban areas do not represent the
worst case and so should not be directly compared with the business area noise levels already given.

Work in France on man-made noise in the frequency band 65-68 MHz found that the noise values
exceeded at 1% of the locations were equivalent to an additional noise figure at the receiver input of
32 dB (i.e., 460000 K). This figure is considerably higher than some of the earlier figures, but it is
acknowledged to be a worst case, and is in keeping with the BBC results for the dense urban
environment at 67 MHz which indicated levels of 31 dB above the thermal noise (i.e., 360000 K).
The French work also concluded that the minimum required field strength for this situation was
42 dB(µV/m).

7.1.5.2 Propagation conditions in Band I

There are three types of anomalous propagation conditions that can exist in Band I, one
tropospheric condition and two ionospheric conditions which are peculiar to the Band I part of the
VHF spectrum range.

7.1.5.3 Tropospheric propagation

This mode of propagation occurs in all the VHF bands of interest (i.e., Bands I, II and III). It results
from abnormal weather conditions and can occur at any time of the year, although May to
November is the period of most likely occurrence in Europe. It is a medium distance effect
(150-500 km). Band I has a more restricted range than for Bands II and III.

7.1.5.4 Sporadic E propagation

This is the second major problem with Band I (along with the man-made noise problem). It results
in long distance propagation (500-2400 km) due to sporadic ionization of the E layer. Levels can be
even higher than the tropospheric case, and the worst case season is May to August for Europe,
(08:00-22:00 hours).

For Europe, at 50 MHz, there were many TV stations where the protected field strengths for the
coverage areas would be exceeded by the interfering field from terrestrial DSB stations. The
sporadic E interference situation does improve at 65 MHz, but there are still a significant number of
exceeded values within Europe. Several low power DSB stations in a small SFN would however be
feasible to provide the equivalent coverage to a single high power transmitter. This now seems to be
the solution of choice, even at Band III.

Looking at the problem the other way round, that is the potential of Sporadic E interference from
Band I TV stations into DSB service areas; there do not appear to be any major difficulties.
Provided that the DSB frequency blocks can avoid the vision and sound carriers of these TV
emissions, a protection ratio of only –2 dB is necessary.

7.1.5.5 F2 layer propagation

This phenomenon occurs over very long distances from 2 200 to 4 000 km. Fortunately it only
occurs near the peak of the sun-spot activity, and it can be ignored above about 60 MHz. However,
the lower Band I frequencies can suffer interference during periods of sun-spot maxima.
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7.1.6 Band II

In most countries nearly all planned VHF/FM transmitters in the frequency range 87.5-103.9 MHz
are in operation. Although the frequencies in the range 104.0-107.9 MHz still suffer from
restrictions by other services (in particular the aeronautical radionavigation service), a few countries
are able to use the upper part of the FM band, usually for low-power networks. In order to achieve a
better use of the spectrum in future it seems desirable to replace the VHF/FM service or parts of it
by a digital system. This, however, requires some kind of reorganization in Band II. Therefore, in
many countries Band II does not offer good conditions for immediate introduction of digital sound
broadcasting. It should be noted that man-made noise rather than thermal noise limits the
performance of the system in this frequency band.

However, Band II is seen by many as a possible long term home of terrestrial DSB services. But,
since the band is still being planned with new FM services, it will not be possible to re-plan the
band for DSB until sufficient penetration of DSB receivers has been achieved in the marketplace.
To enable this to happen sufficient parking spectrum needs to be provided for DSB services to
enable the FM programmes to be simulcast until a suitably high percentage of listeners have DSB
receivers to allow the release of the parking spectrum.

Even so, it is envisaged that some spectrum will need to be retained in the long term for a limited
FM service.

Intensive development activities are underway in one administration to make simultaneous use of
Band II for digital and FM analogue transmissions (see Annex C). The system is called an in-band
on-channel (IBOC) systems and the FM and digital system transmissions are using the same
frequency assignment to broadcast simultaneously. These methods are highly efficient spectrally
because no new spectrum is needed for the digital signals. The digital signals have very low spectral
power flux density compared to the FM signal associated with it. Typically, the power density
levels of the digital transmission are in the order of 25 dB less than that of the FM signal carrier.

7.1.7 Band III

This band is extensively used by TV transmitters. In some countries it is also shared or used on an
exclusive basis by the land mobile service (LMS). The removal of one channel from TV service
would affect a considerable number of transmitters.

The DSB frequency blocks are 1.5 MHz wide. Consequently, it follows that four blocks readily fit
into a 7 MHz television channel. This can be seen in the example given in Fig. 28 for television
channel 12 and B/PAL. In this example the spacing between the blocks is equidistant and the same
width of the guardband is given at the edges. The guardbands have been adapted to allow for
16 kHz tuning intervals of the receiver.

Within Band III different countries use various systems with different bandwidth and therefore
differing vision and sound frequencies (Fig. 29). Ideally, in Band III the centre frequency of all
terrestrial DSB frequency blocks should be harmonized for each television channel in all countries.
This will ensure that the guard band between all terrestrial DSB blocks are guaranteed and no block
overlaps occur. This will allow for the use of adjacent DSB blocks in neighboring service areas
providing they can be coordinated.

In some European countries channel 12 (223-230 MHz or 222-230 MHz in systems L and K) is also
used by the land mobile services leading to power restrictions for the TV transmitters. Therefore,
quite often, only fill-in transmitters are operated in it (e.g., in Germany). In other countries
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(e.g., Scandinavia) it is still almost not used for TV. It is expected that some countries might have
the opportunity to use channel 12. It should, however, be stressed that re-planning and transferring
the existing transmitters mainly into Bands IV/V would involve significant costs at the receiving
and transmitting sites.

However, Band III is seen as the optimum solution for a DSB band to provide a terrestrial DSB
service over large coverage areas using an SFN configuration. The band does not suffer from a
number of the anomalous propagation characteristics which are a problem in Band I such as
sporadic E and F2 layer propagation. The man-made noise is significantly lower than for Band I,
but the Band III frequencies are still sufficiently low that the Doppler shift created by moving
vehicles at motorway speeds will not create a problem for operation in Mode 1 of the Digital
System A specification. However, finding spectrum in this band is not such an easy task for some
administrations.

FIGURE 28
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A further possibility discussed in some European countries was the band 230 to 240 MHz (used by
the military mobile services). Due to the mobile service above 230 MHz, a larger guard band may
be required at this band edge. A shift in the position of the frequency blocks downwards would
create problems if coexistence with adjacent channel 11 television transmitters is necessary, in
particular if the television transmitters use additional sound carriers above the original sound carrier
(e.g., NICAM or analogue second sound). It was thought that this band could in some cases be
cleared to enable Digital System A emissions to start in the near future. The United Kingdom has
allocated 12.5 MHz of spectrum for terrestrial DSB. 7.5 MHz of the spectrum is at the top end of
Band III, and the remaining 5 MHz is in the adjacent military band.
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FIGURE 29

Channel allocations in Band III
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7.1.8 Bands IV/V

Taking account of the existing broadcasting transmitter distances, these bands do not seem ideal for
the envisaged DSB services concept as far as single frequency networks (SFN) using existing
broadcasting sites are concerned. If, however, a denser network is considered, these bands cannot be
excluded from consideration. The use of Bands IV/V for a digital sound broadcasting service also
cannot be excluded, if local coverage possibilities instead of full area coverage are considered.
Bands IV/V may also be used to introduce digital TV in future.

7.1.9 Bands allocated to DSB at WARC-92

7.1.9.1 The band 1452 to 1492 MHz

This band was allocated worldwide (Regions 1, 2 and 3), except in the United States, for BSS
(sound) and complementary BS (sound) on a primary basis, although some countries (mainly in
Europe and Africa) have chosen to maintain this allocation on a secondary basis until 1 April 2007.
The United States has allocated this band to fixed and mobile services on a primary basis. (See
below an alternate allocation for the United States, in the band 2310 to 2360 MHz.)
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The 1.5 GHz band can be used for terrestrial digital sound broadcasting as well as satellite DSB. A
number of field tests and demonstrations have been successfully carried out in various countries
using the 1.5 GHz band. The results are reported in Annex A and Appendix X. Based on these
results, the following points should be noted:

a) The 1.5 GHz band can be used to provide the following types of coverage, assuming
average terrain conditions:

– small local coverage areas up to a radius of approximately 35 to 40 km using a single,
moderate power transmitter;

– larger local area coverage ranging up to a radius of approximately 60 km using a single
main transmitter of moderate power and augmented by a number of gap-fillers and
coverage extenders;

– large area coverage (> 60 km radius) can be achieved by the use of single frequency
networks employing a number of moderately spaced synchronized transmitters;

– coverage along corridors or motorways using repeaters employing highly directional
antennas (i.e., coverage extenders).

b) The extent to which the 1.5 GHz frequency band can be utilized for the early introduction
of terrestrial and satellite DSB services will depend significantly upon the following
factors:

– the feasibility or ease of sharing between terrestrial and satellite DSB and the other
services sharing the band. If sharing is not feasible then the time scale for moving
existing users of the band (e.g., fixed-service links) to alternate frequencies will have to
be determined. This is particularly the case for the introduction of interim satellite DSB
services where coordination with a number of administrations will likely be required.
Early introduction of terrestrial DSB service will likely be easier as it will normally
involve only domestic and, in some instances, bilateral coordination. Also, there are
more methods for mitigating interference into other services in the terrestrial DSB case
than are available in the satellite DSB case.

– Resolution 528 (WARC-92) calls for a planning conference to be held to, inter alia,
plan the use of this band for satellite and complementary terrestrial DSB services. It
also provides for the introduction of interim systems based on successful coordination
according to Resolution 703 procedures in the case of satellite DSB systems and
achieving successful bilateral coordination in the case of terrestrial DSB.

7.1.9.1.1 The band 2310 to 2360 MHz

For the United States and India, the band 2310-2 360 MHz is allocated, by means of a footnote, to
the BSS (sound) and complementary BS (sound) on a primary basis.

Several potential service providers in the United States are planning systems for domestic provision
of satellite DSB services to a vehicular receiver market in this band. Extensive testing of satellite
system concepts and hardware is currently underway.

7.1.9.1.2 The band 2535 to 2655 MHz

For some countries in Asia and the Russian Federation, the band 2535-2655 MHz is, by means of a
footnote, allocated for BSS (sound) and complementary BS (sound) on a primary basis.

The 2.6 GHz Band will most likely be used in Japan. However, preliminary studies have shown
that, at 2.6 GHz, considerably larger transponder output power would be required (in the order of
four times greater than that required for 1.5 GHz).
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7.2 Frequency usage scenarios

Before a WRC adopts a formal plan for satellite sound broadcasting, it is likely that broadcasters
will want to experiment and possibly provide terrestrial digital sound broadcasting services in the
band. There were many broadcasters at WARC-92 who saw major opportunities for satellite sound
broadcasting, and who had been developing proposals for services. Other broadcasters were
interested in the chance of implementing services if capacity on satellites became available.

The obvious problem is that there is heavy use of the nominated bands by existing services. Only by
ensuring that there is no interference to other services will the coordination procedures be effective.

The decision lies with those operating in the top 25 MHz of the new band. As the users vary from
country to country there may be difficulty in the negotiations. This will be exacerbated by the
possible need to find different spectrum for different countries.

The interference levels at which interference is deemed unacceptably high are not yet determined.
The procedures proposed for coordination are those of Resolution No. 703 (WARC-92) i.e., to use
ITU-R Recommendations where appropriate.

Several administrations are considering sound broadcasting services, both for terrestrial and satellite
services in the same geographic area. A potentially large signal differential at the receiver may
occur between the satellite service and terrestrial services. This large signal differential could also
arise in the implementation of terrestrial services. This potential problem can be minimized
provided the receivers offer both large dynamic range and low noise figures. This situation is also
addressed in § 3.3.

7.3 Feeder link frequency options

According to RR 1.21, the FSS includes the feeder links to other satellite services and, in particular,
the feeder links to the BSS, including the BSS (sound).

There exists a number of feeder link or FSS (Earth-to-space) bands that have been allocated for the
exclusive use of the BSS. In particular, the allocations listed in Table 11 exist.

In the provision of feeder links for the satellite DSB service, the following factors should be taken
into account:

– Since outages on the feeder link (due to, for example, equipment failures, propagation, etc.)
will affect all the receivers in the coverage area, the feeder link facility should be designed
with high availability.

– Due to the potential for considerable spectrum re-use on the feeder links resulting from the
high antenna discrimination achievable from the feeder link transmit antenna, as compared
to the little or no discrimination obtainable in the downlink receive antennas (which are
essentially omni-directional), the feeder link spectrum requirements should be considerably
less than required for the downlinks. It is mainly because of this relatively narrow-band
requirement for satellite DSB feeder links that no specific allocation has been given for the
service in the Table of Frequency Allocations.
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TABLE 11

FSS feeder link bands for use by BSS

7.4 Frequency bands currently allocated to other services

The frequency bands not allocated to broadcasting are mostly extensively used by other services.
Even in those parts not extensively used one may have to take into account long transition periods
in order to remove the existing services. The introduction of DSB services in those parts before the
year 2000 could be difficult in some countries. Unless this is changed, additional options should be
considered for a short-term introduction of digital sound broadcasting and in particular in some
countries, the shared broadcasting bands.
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Band
(GHz) ITU Regions Remarks

14.5-14.8 1, 2 & 3 Countries outside Malta and Europe

17.3-18.1 1, 2 & 3 See RR No. 5.516 on use in Region 2

18.1-18.4 1, 2 & 3 See RR No. 5.520

24.75-25.25 2 & 3 See RR No. 5.535

27.5-30.0 1, 2 & 3 See RR No. 5.539
(not exclusively for BSS (S) feeder links)

NOTE – The reader should refer to the full Table of Frequency Allocations for further
details on specific allocations.
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CHAPTER 8

DSB PLANNING CONSIDERATIONS

8.1 Terrestrial dedicated-band systems

8.1.1 Polarization

8.1.1.1 Propagation factors influencing the choice of polarization

Broadcast signals arriving at a receiving point normally consist of several components, the strongest
of which is usually either a direct wave or a diffracted wave. The magnitude of this direct or
diffracted wave is substantially independent of polarization, except where diffraction occurs over
smooth rounded hills (without vegetation or obstructions higher than a small fraction of a
wavelength), in which case a vertically polarized wave will be attenuated less than a wave that is
horizontally polarized.

On the other hand, in cases where propagation is over hills wooded with coniferous trees, the
greater tendency of trees to absorb the vertically polarized field contributes to a greater loss for this
polarization.

Some countries with large areas of forest have indicated that horizontal polarization will be used in
order to overcome absorption losses due to trees.

8.1.1.2 Practical aspects

Terrestrial digital sound broadcasting (T-DSB) should be planned for portable/mobile reception.
This type of reception mainly takes place near ground level. At low antenna heights, due to
reflection boundary conditions, vertical polarization gives stronger signals than horizontal
polarization, when all other radiation parameters are identical. For the type of antenna used with
portable and car receivers, the evidence available suggests that in many circumstances there will be
a signal strength advantage to be gained through the use of vertical polarization. Therefore, the most
appropriate polarization to be used for terrestrial broadcasting is vertical. Moreover, this allows
maintaining polarization alignment in cases of vehicular and portable applications. This also allows
the use of vertical masts at the transmitter and receiver with reasonably omni-directional radiation
patterns as is widely used today for FM broadcasting.

8.1.1.3 Interference

In general, high power TV transmitters use horizontal polarization. When vertical polarization is
chosen for the terrestrial DSB service, a polarization discrimination of 16 dB (see Recommen-
dation. ITU-R BT.419) could be used to improve compatibility between the two services. This
value is expected to be exceeded at more than 90% of locations.

8.1.1.3.1 Interference from television

The use of vertical polarization for T-DSB transmitters will make it possible to take advantage of
polarization discrimination against TV signals, at least for fixed reception of T-DSB with outdoor
(roof-mounted) antennas. Mobile T-DSB reception, especially in cars, will also to some extent be
protected against interference from the television service. A value of 5 dB may be applicable but
further measurements are required to determine a definitive value.
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8.1.1.3.2 Interference to television

As television receivers normally are connected to fixed and directional antennas with good
discrimination against orthogonally polarized fields, the use of vertical polarization for the T-DSB
service will give a basic protection of approximately 16 dB (Recommendation ITU-R BT.419) for
the television service.

8.1.2 Receiving antennas

For reception of T-DSB signals, omni-directional antennas will generally be desirable/necessary to
take advantage of “constructive” reflections as well as the network gain in single frequency
networks.

For vertical polarization the simplest omni-directional antenna is a λ/4 monopole above an
extensive ground plane providing a gain of 0 dBd with respect to a dipole antenna. (This may not be
realizable in Band I.) A prototype 1/4λ monopole antenna with ground plane was developed for
field trials at 1.5 GHz and provided a nearly omni-directional pattern for elevation angles between 0
to 14°, over which test range measurements were done. The antenna had an average gain of 2.4 dBi
over this range.

For horizontal polarization the simplest omni-directional antenna is a pair of crossed dipoles
electrically connected via a 90° combiner. The gain of this type of antenna is approximately –3 dB.

In some cases the somewhat simpler quadrant-dipole may be used, if an oval-shaped horizontal
radiation pattern is acceptable.

In the VHF-range these latter two types of antennas can only be used in fixed domestic antenna
installations because of their sizes.

Antenna gain, if needed, can be achieved only by stacking in order to maintain the omni-directional
horizontal radiation pattern. With vertical polarization a collinear array of vertical dipoles might be
of interest for fixed installations.

Receiving antennas suitable for mixed satellite-terrestrial reception are discussed in § 8.3.4.5.

8.1.2.1 Portable receivers

For portable receivers (hand-held or pocket-size) the radiation pattern will in many cases be
unpredictable and the gain will vary from 0 dB to a considerably lower value (perhaps –10 dB) in
the “most favorable” direction, depending on type and use.

For pocket-sized receivers the antenna could preferably be mounted on the headset to limit
absorption by the body.

8.1.2.2 Car receivers

For car receivers and when vertical polarization is used the best antenna position is in the middle on
the roof. If horizontal polarization is used, this position will be the least appropriate because the
intensity of the field is at a minimum at this place. When horizontal polarization is used, the favored
antenna positions on cars normally are near the edge of the roof or on one of the wings. Antennas
placed in the front window screen are also used.

For horizontal polarization, the available evidence suggests that an omni-directional horizontal
radiation pattern cannot normally be achieved with a simple antenna on a vehicle. It is therefore
anticipated that more complex antennas will have to be developed for reception of horizontally
polarized T-DSB signals in vehicles.
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8.1.2.3 Domestic receivers

In special cases directional antennas might be used for domestic (stationary) reception in border
areas or where interference from television transmitters has to be suppressed (see Chapter 3).

8.1.3 Transmitting antennas

8.1.3.1 Cosecanted antennas

When considering transmitting antenna pattern design, two drawbacks must be minimised: emitted
power above the horizon and nulls existing between lobes in the vertical planes. The first one can
lead to long-distance disturbances, the second one, to significant field strength variations, especially
in the surrounding of a transmitter.

In the gap-filler case, it is of importance to take into account these 2 aspects. in this specific case,
one solution could be the use of cosecanted antenna which can reach the 2 goals: to diminish the
emitted power over the horizon, and to fill the nulls below the horizon.

Figure 30 gives simulation results on such an antenna based on 8 vertically stacked radiating
elements. For that, a 1472 MHz working frequency is assumed.

FIGURE 30
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The vertical pattern plotted in bold line has been achieved both by a specific spatial arrangement of
the dipoles, and by a non-uniform feeding of these elements. It can be compared with the other
vertical pattern, in doted line, which is a “classical” one. So, we can see that the “null-filling effect”
is especially noticeable, and that antenna gain just above the horizon, is reduced (note the 7 dB
difference at 0° elevation angle). The latter is illustrated by the 2 following Figs. 31 and 32 which
give simulation results for field strength variations (in dBµV/m) at long distances, respectively for
“non-cosecanted” and “cosecanted” cases.
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Let us add that, for these simulations on coverage areas, it was assumed that the transmitting
antenna was situated at 300 m above a flat ground. In addition, the propagation model use was
based on Recommendation ITU-R P.1546.

FIGURE 31

Long distance field strength variations in “non-cosecanted” case

FIGURE 32

Long distance field strength variations in “cosecanted” case
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8.1.3.2 Cylindrical strip radiators

Typically, the transmitting aerials for DSB systems will have a low directivity in the horizontal
plane. The uniformity of the radiation pattern is usually achieved by turnstile radiators. The
radiation pattern is realized by a set of vertically stacked radiating elements with appropriate
phasing of excitation currents to provide vertical directivity and gain. A possible radiating element
which allows physically rigid construction using the mast structure is the cylindrical strip radiator.
A theoretical investigation on such radiator was conducted in Ukraine for use in DSB SFN
operation.

The application of cylindrical strip radiators was investigated as an alternative to turnstile aerials.
The antenna mast is used as a metal screen of cylindrical shape over which cylindrical strip
elements are coaxially mounted separated by a thin layer of dielectric. The physical structure (an
empty metal tubular mast) simultaneously carries the functions of support structure and antenna
screen (Fig. 33).

FIGURE 33

Schematic image of the aerial
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In the 1.5 and 2.3 GHz bands intended for DSB systems, the sizes of the radiating elements are
rather insignificant (diameter of the cylindrical screen makes approximately 0.30 λ0…0.60 λ0), the
size of a radiator is approximately 0.5 λ0…0.45 λ0, the thickness of the substrate is around
0.0250λ0, fastening of radiators can be executed reliably and simply. The radiators can easily be fed
by coaxial lines laid inside the mast, thus the matching with the exciting feeder can be ensured with
a choice of a point site of a feed for each radiator. The aerials are not subject to the influence of
meteorological factors and can resist large wind loadings. It is necessary to note that the operating
bandwidth of strip radiators is a few percents of the operating frequency and this usually limits their
application in the low-frequency ranges. However at 1.5 and 2.3 GHz, this corresponds to some 30
to 70 MHz.

Numerical computation permitted to calculate the surface currents for one and two elements.
Radiation patterns as well as the scattered fields and other characteristics were obtained through
numerical integration. The family of curves shown in Fig. 34 represent the radiation patterns
obtained for the one-element aerial as a function of the perimeter of the cylindrical screen Ls.
Changes in the size of the screen only result in relatively small changes in the radiation pattern.
Hence, at Ls = 0.95 λ0 , the radiation pattern is almost circular with a non-uniformity of about 3 dB.
An increase of the screen diameter increases the radiation in the forward direction.
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FIGURE 34

Radiation patterns of the one-element aerial

As a consequence, in an SFN implementation, the above antenna with a small-size screen would be
usefully at the central transmitter whilst antennas with larger size screens could be used at the
border of the service area.

When increasing the number of radiators and the size of the screen it is possible to achieve a greater
circular uniformity in the radiation pattern. This fact is illustrated in Fig. 35 where a family of
radiation patterns for a two-element aerial (Ls = 2 λ0),was computed for several frequencies. As can
be seen, the radiation characteristics of this type of aerial is only loosely related to the operating
frequency. It was estimated that for the one-element aerial the 3 dB power bandwidth is expected to
be approximately 5-6%. For the two-element aerial, it is expected to be in the range of 8-10%.

FIGURE 35

Radiation patterns of the two-element aerial
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8.1.4 Minimum usable field strength

The latest measurement results on the performance of Digital System A in Gaussian and Rayleigh
channels are given in Annex A. It is found that in the VHF band, C/N ratios of 7 dB and 15 dB are
required for BER = 10–4 in a Gaussian channel and Rayleigh channel (for vehicle speed of
130 km/h) respectively. At 1.5 GHz, a C/N of 12 dB is needed in a Rayleigh channel which includes
1 dB allowance for Doppler spread degradation at high vehicle speed. To these values, it is
proposed to add 2 dB for interference allowance which will allow for a more efficient spectrum use
(i.e., smaller separation distances between interfering co-channel transmitters) because a protection
ratio of 4.18 dB is made possible between the wanted signal for 99% of the time and the interfering
signal exceeded for 1% of the time for a standard deviation of 5.5 dB (see § 8.1.6).

Assuming specific noise figures for the receiver as explained below, the receiver noise power can
be calculated. With regard to the congested frequency band in the VHF range, a DSB receiver
would need a highly selective and linear input stage, which can only be realized by an increased
noise figure. A conservative noise figure of 10 dB (2610 K) is assumed for VHF.

The effect of man-made noise may significantly affect the level of the required minimum usable
field strength at receivers in the VHF bands, especially in the urban environment. The results
described in Appendix X indicate that an allowance would be required even in suburban areas in
Bands I and II and less so for Band III. For example, an additional 20 dB (referenced to 290 K) is
required at 100 MHz. In fact, it is found that the increase in man-made noise tends to
counterbalance the increase in the effective aperture of the receiving antenna, thus resulting in a
minimum usable field strength that is almost constant with frequency at VHF.

In the case of the 1.5 GHz band, a receiver noise figure of 1 dB is possible. However, a more
conservative value of 3 dB is used to take into account the requirement for a wide dynamic range
and possible frequency selectivity in the first RF stages for operation in a terrestrial and mixed
environment. However, it is very important in the satellite case to minimize the transmit power
requirement by minimizing the receiver noise figure. There is only a negligible contribution from
man-made noise at 1.5 GHz. SFN field trials carried out in Canada at 1 468.75 MHz and reported in
Annex A using a second generation Digital System A receiver with a receiver figure-of-merit of
−26.1 dB measured a threshold field strength of 39.5 dB(µV/m).

The derivation of the minimum usable field strength taking into account the antenna gain and its
effective aperture is given in Table 12.

8.1.5 Propagation margins

Information on propagation and channel characteristics is included in Appendix X.

For the calculation of the field strengths of a digital sound broadcasting signal, in particular in rural
areas, the propagation curves of Recommendation ITU-R P.1546 can be used (for Bands I to V).

Owing to the high rate of failure when the required C/I ratio is not reached, calculations involving a
very high percentage of time and locations are required for the wanted field (and a very low
percentage for the interfering signals). Therefore, corrections to the E(50,50) value calculated with
the curves of Recommendation ITU-R P.1546 are required.

For the wanted signals, field strength values appropriate for 99% time should be derived from the
Recommendation ITU-R P.1546 curves.

For an interfering signal from a transmitter which carries a different programme or which is not
synchronized with the wanted transmitter, the 1% time curves of Recommendation ITU-R P.1546
should be used, even where the interference is continuous because the protection ratio is the same
for all percentages of time.
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TABLE 12

Derivation of minimum usable field strength for Digital System A
(1.5 MHz bandwidth) at 100 MHz and 1 450 MHz

A margin has to be added to the wanted signal to ensure that a service can be achieved at a high
percentage of locations. The required location coverage percentage has not yet been defined and
would likely be decided on for terrestrial DSB. However, because of the abrupt nature of the loss of
signal for DSB, the service availability requirement will likely be in the order of 90% to 99%. The
margin will depend on the frequency band and the kind of terrain. Based on achieving 99%

Operating frequency 100 MHz 1 450 MHz

Polarization linear vertical linear vertical

Channel error protection convolutional (R = ½) convolutional (R = ½)

Channel bandwidth 1.5 MHz 1.5 MHz

Useful bit rate 1 152 kbit/s 1 152 kbit/s

Symbol duration 1 246 µs 312 µs

Guard interval 246 µs 62 µs

Required C/N for BER = 10–4

(includes system and hardware
implementation margins)

7 dB
(Gaussian)

15 dB
(Rayleigh)

7 dB
(Gaussian)

12 dB
(Rayleigh)

Interference allowance 2 dB 2 dB 2 dB 2 dB

Required minimum C/N at
receiver

9 dB 17 dB 9 dB 14 dB

Receiver

Receiving antenna gain 0 dBi 0 dBi

Antenna noise temperature
including man-made noise

29 000 K 105 K

Coupling and filter losses 1 dB 1 dB

Receiver noise figure 10 dB

(2 610 K)

3 dB

(290 K)

Receiver figure of merit – 45.1 dB(K–1) – 27.4 dB(K–1)

Minimum field strength

Boltzman’s constant 1.38 × 10–23 (W · Hz–1)K–1

Minimum receiver input power – 112.7 dBW – 104.7 dBW – 130.4 dBW – 125.4 dBW

Effective antenna aperture – 1.4 dB/m2 – 1.4 dB/m2 – 24.7 dB/m2 – 24.7 dB/m2

Minimum power flux density – 111.3
dB(W/m2)

– 103.3
dB(W/m2)

– 105.7
dB(W/m2)

– 100.7
dB(W/m2)

Minimum usable field strength
for 1.5 MHz block
(dB(W/m2) + 145.8 dB→
dB(µV/m))

34.5
dB(µV/m)

42.5
dB(µV/m)

40.1
dB(µV/m)

45.1
dB(µV/m)
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availability, a typical value of 19 dB is derived from Recommendation ITU-R P.1546. However,
recent measurements in Europe have shown that, due to a number of factors including the
broadband nature of the COFDM signal (1.5 MHz), low receiving antenna height and the use of
omni-directional receiving antenna, the margin can be reduced to 13 dB in the VHF bands. The
standard deviation of the field strength probability distribution as measured is significantly less than
that predicted by Recommendation ITU-R P.1546. Results have been presented (see Appendix X)
which indicate that a conservative estimation of the reduction in standard deviation when
comparing COFDM with CW is in the order of 3 dB. This results in a reduction of 6 dB in the 50%
to 99% location correction factor, that is, 13 dB compared to the 19 dB in the CW case (the results
apply to mobile reception at a receiving antenna height of 1.5 meters above ground level).

In addition, within (but not at the periphery of) a single frequency network, an “internal network
gain” may be applicable in the budget of the wanted signal.

Measurements were carried out in Canada to evaluate the propagation in the 1500 MHz range,
(which is not covered by Recommendation ITU-R P.1546), the results of which are described in
Appendix X.

There is a requirement to review and develop a suitable propagation model addressing broadcasting
systems employing wide-band digital emission techniques for digital sound broadcasting requiring
service availabilities up to 99% of locations. The model needs to address all broadcasting bands
including the new bands allocated at WARC-92. This request has been forwarded to the competent
Radiocommunication Study Group.

8.1.6 Frequency reuse considerations

For the interfering signal, the margin needed to take account of the 99% location requirement is also
13 dB. And the combined margin required for two uncorrelated log-normally distributed signals is:

13 2 = 18.1 dB

If correlation is assumed, this value can be reduced as indicated in Table 13. For example if 0.5 is
used for the correlation, the correction factor is reduced from 18.1 dB to 12.8 dB.

This assumes σ1 = σ2 = 5.5 dB in the formula for the 50%-99% factor (2.33 is the factor to convert
from 50% to 99% location probability):

2.33 (σ12+ σ22 – (2ρ ρ1 ρ2))1/2

where sigma (ρ) is the standard deviation of the DSB signal. Note that correlation is a function of
angular separation between wanted and interfering sources. Table 13 shows how the correction
value varies as a function of correlation coefficient (ρ).

TABLE 13

Required protection margin as a function of ρρρρ in the DSB/DSB case

ρρρρ Correction factor Protection ratio Protection margin

0.0 18.1 10 28.1

0.25 15.7 10 25.7

0.5 12.8 10 22.8

0.75 9.1 10 19.1

1.0 0 10 10
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The case of signals which are correlated with location needs further study. A number of correlation
studies have been undertaken in the United Kingdom.

In a more comprehensive way, planning parameters should allow a reasonable compromise between
the density of the required transmitter networks to support the desired coverage and the potential to
reuse the same frequency block with another programme content in other areas.

An effective way to take into consideration co-channel interference from different DSB multiplexes
is to include a margin in the definition of the minimum field strength for interference allowance.
Then, when the propagation curves of Recommendation ITU-R P.1546 or any other propagation
prediction models are applied, appropriate account of noise and interference contributions can be
taken as described below.

Up to now, the consideration of service availability for analogue broadcasting systems was made
independently for noise and interference contributions with specific definition for the noise limited
contours and the interference limited contours. With new digital broadcasting systems, it is found
that the interference from a co-channel digital emission results in an apparent increase in the
thermal noise level at the receiver. This brings a new level of flexibility in system design and allows
for a range of possible apportionment for noise and interference in the link budget.

A derivation of equations needed to calculate the stochastic addition of noise and interference at the
receiver was made. These equations represent a numerical convolution of two Gaussian distributed
processes which can be implemented on a computer to generate curves giving the correspondence
between the margin in the C/N link budget to provide a service availability (C/(N + I ) > Th) for a
given percentage of locations (often assumed to be a time variation in the case of vehicular
reception) to accommodate for interference, and the actual interference restriction requirement
(I/N not to be exceeded for a given percentage of the locations).

Figure 36 gives the level of I/N not to be exceeded for 50% of the locations as a function of the
margin included in the link budget for interference allowance. The required C/N and C/(N + I ) are
defined for 99% of the time. The standard deviation for both wanted and interfering signals was
assumed to be 5.5 dB which is a well established value for the propagation of the DSB signal.

The solid line in Fig. 36 represents the rule for apportioning noise and interference in the case of
uncorrelated fading processes on the wanted signal path and the interfering signal path. The dotted
line represents the rule for apportioning noise and interference in the case where both fading
processes are fully correlated.

As an example, if a margin of 1 dB is included in the noise budget, the I/N level not to be exceeded
for 1% of the locations for σ = 5.5 dB and for the uncorrelated case would be:

I/N(1%) = –7.66 + 5.5 * 2.33 = 5.16 dB

In reality, since there will be a certain amount of correlation between the wanted and interfering
signals fades, this allowable level of interference should be allowed to go somewhat higher than
5.16 dB. In fact, the difference between the two means of the correlated and uncorrelated
distribution functions is 14.6 dB for 1 dB allowance in the C/N budget. This represents the range of
improvement possible from the fully uncorrelated case to the fully correlated case.
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FIGURE 36

Level of the I/N exceeded for 50% of the locations to keep the C/(N + I )
above the system operation threshold (Th) for 99% of the locations
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In Fig. 37, the same results are expressed with respect to the median of the normalized C/I (i.e.
(C/I-Th) at 50% availability). Even if a very large margin were to be set aside in the noise link
budget for interference, the reduction in the median level of the interference would be limited
asymptotically to (C/I-Th) = 18.1 dB.

Again, if a margin of 1 dB is included in the noise budget and the system threshold is 10 dB, the
C/N to be protected for 99% of the locations is 11 dB while the I/N level not to be exceeded for 1%
of the locations for σ = 5.5 dB is 5.16 dB as seen above. Hence,

C(99%)/I(1%) = 11 – 5.16 = 5.84 dB

which corresponds to:

C(50%)/I(50%) = 5.84 + 2 × (5.5 * 2.33) = 31.47 dB

which is the difference between the C/N median and the I/N median as shown on Fig. 37:

C/I-Th(50%) = 21.47 dB

It is therefore found that when the standard deviation of the two fading processes on the wanted and
interfering carriers, the required service availability and the allowance in the C/N link budget for
interference contribution are known, the I/N level not to be exceeded for a given percentage of the
locations can be calculated. The required C/I can then be deduced for the case of uncorrelated
fading on the wanted and interfering signals.

The results of this exercise are very dependent on the standard deviation assumed for the two fading
processes affecting the wanted and interfering carriers. It is very important that this standard
deviation be well documented in the propagation measurements.
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FIGURE 37

Normalized level of the C/I exceeded for 50% of the time to keep the C/(N + I )
above the system operation threshold (Th) for 99% of the time (σσσσ = 5.5 dB)
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8.1.7 Transmitter power considerations

In principle there is no need to impose any limitations or restrictions to maximum transmitter power
for DSB transmitters provided countries do not use powers in excess of those necessary to provide
the required quality of DSB-service (see No. 23.3 of the Radio Regulations). However, due to the
limited amount of spectrum likely to be allocated for DSB services, at least in the introductory
phase, it is most important to use the allocated frequencies as efficiently as possible.

Generally it is desirable to use a relatively large number of low power transmitters in a dense
terrestrial SFN (small cell technique). In a dense network with low power transmitters it is also
easier to customize the coverage area for the DSB network and prevent interference into
neighbouring service areas. Low powered stations are also more environmentally acceptable.
Another advantage with the small cell technique is that single frequency network gain can be
obtained at a large number of locations within the network which will improve the coverage further.
In cities where high levels of man-made noise are present, the use of high power transmitters in an
SFN may not be the most suitable method of providing an adequate service. Better coverage may be
achieved with a dense network of lower power transmitters. However, the cost to broadcasters of
implementing a dense network of transmitters may be prohibitive considering the additional capital
which would need to be invested to extend existing conventional broadcast networks.

In general, below 1 GHz, broadcasters will want to introduce DSB using the existing infrastructure
of their FM and TV networks, i.e., existing sites, transmitters and channels. This will in some cases
require relatively high powered DSB transmitters, considering the distances between transmitter
sites and the high percentage location coverage required for a digital system such as DSB. In some
countries, the FM and TV networks have transmitter spacing on the order of 60 to 80 km. In
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exceptional cases transmitter spacings in excess of 100 km may be found. It can be shown that an
e.r.p. required to cover 99% of locations in a theoretical Band III SFN with 60 km transmitter
spacing is in the order of 1 kW for each of the transmitters in the SFN using the propagation curves
of Recommendation ITU-R P.1546 (∆h = 50 m, and effective antenna height = 300 m). There will
be large variations in the required power in different types of terrain and also if high levels of man-
made noise exist. In an urban environment generally a higher e.r.p. will be required (a median
additional 9 dB is suggested).

One way to reduce the power requirements and, indirectly, the reuse distance between transmitters
or SFN’s is to employ directional transmitting antennas where possible.

The cost for the power amplifier for DSB will also increase rapidly at output powers above 1 kW
due to the high linearity/low inter-modulation requirements for the DSB system.

8.1.7.1 Transmitter separation distances

In order to undertake frequency planning it is necessary to know the minimum transmitter
separation distances. The sections below show some basic calculations regarding separation
distances between two DSB transmitters and separation distances between DSB and TV
transmitters. All calculations are for Band III.

8.1.7.1.1 Separation distance: DSB to DSB, single transmitter case at VHF

The standard deviation for a wideband signal is assumed to be 5.5 dB for VHF bands. The field
strength values for wanted and unwanted signals are assumed to be uncorrelated. (calculations
showing the effect of correlation are given in § 8.1.6) The parameters used are given in Table 14
and the results are given in Table 15.

TABLE 14

Parameters for calculating separation distances
DSB to DSB, single transmitter case at VHF

Parameter Value

Minimum wanted field strength to be protected (DSB,
Band III)

58 dB(µV/m)

Protection ratio DSB to DSB 10 dB

50% to 99% location correction factor DSB to DSB 18 dB

Propagation model for VHF: Rec. ITU-R P.1546

Land, 1% time interfering signal
Land, 50% time wanted signal
Sea, 1% time interfering signal

∆h = 50m

DSB transmitting EHAAT 300 m and 150 m
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TABLE 15

Examples of separation distances for DSB to DSB (site to site)

8.1.7.1.2 Separation distance: DSB to television, single transmitter case at VHF

For a DSB transmitter interfered with by TV, the 99% location margin to protect DSB for
blocks B,C,D is:

dB18)5.55.5(33.2 22 =






 +

Due to the coincidence of vision carriers with block A, the needed margin may be somewhat higher.

Conditions are given in Table 16 and example of separation distances are presented in Table 17.

The examples are based on the least favourable DSB block position relative to the TV-channel.
Only land paths have been considered. If sea paths or mixed land-sea paths are considered, the
separation distances will increase.

8.1.7.2 Re-use distance between two SFN’s carrying different programmes1

By using DSB single frequency networks the reuse distance for DSB can be reduced considerably
compared to the examples given in § 8.1.7.1.1 where only single DSB transmitters were assumed.

The reuse distance will depend upon a number of parameters defining the DSB SFN. Some of them
are briefly discussed below.

– The distance between the transmitters in the SFN. The closer the spacing of the individual
transmitters of the SFN, the lower the power needed. Hence a smaller reuse distance can be
achieved.

– The antenna height of the individual transmitters in the SFN.

– The power used by the SFN transmitters is not important in this context as long as reuse
distances between two equivalent SFN’s are calculated and the power used is sufficient to
ensure that the coverage areas of the SFN’s are not noise limited. For a general case, when
the DSB SFN is surrounded by other services such as TV, the DSB power is of course
important.

– By using directional antennas pointed towards the centre of the SFN, the interference into
neighbouring SFN’s can be reduced.

____________________
1 In the case of two SFN’s the re-use distance is calculated as the (minimum) separation distance between

the coverage edges of the SFN’s.

Transmitter separation (km)
DSB emission

e.r.p. (kW) Coverage radius
(km)

100% land 50% land + 50% sea

HAAT 150 m 300 m l50 m 300 m 150 m 300 m

0.1 16 23 95 115 120 145

1.0 25 35 165 190 205 235

10.0 40 55 265 300 320 355
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– Generally a larger number of transmitters in the SFN will increase the network gain,
provided that the distance between the transmitters does not exceed the DSB guard interval.
A higher value of network gain in the SFN means that the necessary power is lower.

– Theoretically, a lower standard deviation reduces the reuse distance.

Two examples of frequency block reuse distances for SFN’s are given below. The examples are
based on theoretical SFN networks. The results give an idea of the improvements in reuse distance
from SFN to SFN compared to the single transmitter case shown in Table 15.

TABLE 16

Parameters for calculating separation distances
DSB to television, single transmitter case at VHF

TABLE 17

Examples of minimum separation distances between TV and DSB transmitter sites
(least favourable case)

Parameter Value

Minimum field strength to be protected (TV, PAL) 55 dB(µV/m)

Protection ratio for DSB into TV
Most favorable
Least favorable

32 dB
42 dB

Protection ratio for TV into DSB
Most favorable
Least favorable

0 dB
– 32 dB

Polarization discrimination where appropriate 16 dB

Propagation model: Rec. ITU-R P.1546
Land, 1% time interfering signal

Land, 50% time wanted signal ∆h = 50m

DSB effective antenna height 300 or 150 m

TV effective antenna height 300 or 150 m

DSB
ERP
(kW)

TV
ERP
(kW)

Heff
(m)

Coverage
radius DSB

(km)

Coverage
radius TV

(km)

TV into
DSB
(km)

DSB into TV
copolar

(km)

DSB into TV
crosspolar

(km)

01 100 150 10 67 186 86 27

1 100 150 16 67 186 148 52

1.0 100 150 25 67 186 238 94

1.0 10 150 25 45 90 217 73

10.0 1 150 40 29 25 290 124

01 100 300 14 83 190 99 38

10 100 300 23 83 190 162 62

1.0 100 300 36 83 190 247 102

1.0 10 300 36 60 116 247 102

10 1 300 54 41 66 331 169
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The reuse distance has been calculated for different theoretical network configurations (see
Table 18). These configurations include different antenna heights and transmitter distances. Confi-
gurations are classified as “open” and “closed” according to the following definition:

closed: an SFN transmitter configuration with peripheral location of transmitters and antenna
discrimination directing outside the coverage area. An antenna discrimination of 15 dB is
assumed as this is believed to be reasonable for practical transmitters.

open: individual transmitters (non-SFN) or else an SFN transmitter configuration with non-
directional antennas, i.e., the external transmitters, i.e., within the coverage area and not on
the periphery.

The parameters used were the same as in the example in § 8.1.7.1.1.

The Recommendation. ITU-R P.1546 propagation model is used. The interfering field strengths are
determined from the 50% location, 1% time curves and the wanted field strengths from the 50%
location, 50% time curves. The location probability for coverage at 99% locations is calculated
using statistical field strength addition using a modified version of the log-normal method. The
results showing the reuse distances in the various configurations are summarized in Table 19.

TABLE 18

Configurations investigated

TABLE 19

Re-use distances (km) for the various configurations

Configuration Open
(C1)

Open
(C2)

Closed
(C3)

Closed
(C4)

Closed
(C5)

SFN transmit distance (km) 60 40 60 60 40

Antenna height (m) 300 150 150 300 150

Antenna directivity non-directional non-directional directional directional directional

Coverage radius (km)

Single transmitter 29 20 – – –

SFN 81 54 52 52 34

Transmitter powers (kW)

single transmitter 1 1 – – –

SFN (central transmitter) 1 1 0.1 0.01 0.01

SFN (edge transmitter) 1 1 1 0.1 0.1

Configuration Open
(C1)

Open
(C2)

Closed
(C3)

Closed
(C4)

Closed
(C5)

SFN 143 125 67 53 41

Single transmitter 114 101 – – –
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8.1.8 Computer planning methods

In the introductory phase of DSB implementation there may only be a limited amount of spectrum
available, therefore frequency block assignment or allotment methodology becomes very important.

In order to utilize the available spectrum as efficiently as possible, computer planning methods
should be used where available.

The software required may need to take into account a number of parameters, for example:

– reuse distance for the same DSB frequency block;

– different service areas and borders;

– locations for transmitters with given e.r.p. and effective antenna height;

– directional transmitting antennas;

– propagation model for VHF: Recommendation ITU-R P.1546. For 1.5 GHz band proposals
see future modifications to this Recommendation;

– national propagation models;

– protection of different existing services with their different service areas and protection
ratios;

– availability of frequency blocks for DSB in the different areas; and

– terrain topography.

For international planning, long computer run times can be envisaged if sophisticated terrain data
bank programs are used. This type of program would be better suited to national and local network
planning.

8.2 Terrestrial FM overlaid systems

Planning for terrestrial FM overlaid systems requires the simultaneous protection of several
broadcast signals: (1) the digital signal with reference to its host FM signal, and vice-versa and (2)
the digital signal with reference to neighboring FM channels (called first (200 kHz spacing) and
second (400 kHz spacing) adjacent channels) with reference to proximity to the IBOC signal in
question, and vice-versa. These are among the most difficult requirements for IBOC operation. The
techniques being employed by system developers involve (1) avoidance of frequency overlap
between the host FM analogue signal and the digital signal and (2) extremely low spectral power
density of the digital signal. For the former characteristic, the digital signal is positioned outside of,
for example, the 200 kHz Band II broadcast channel, appearing on the “skirts” of the first-adjacent
channel at power levels below the power limiting “mask” in this frequency location prescribed by
an administration’s spectrum management authority. This low power also must permit neighboring
authorized broadcasting channels, at second-adjacent positions and farther away in the spectrum,
not to be affected by the digital signal. Conversely, the digital signal will need to be robust enough
not to be affected by the residual out-of-channel power of these neighboring broadcast stations in
the locality or at distances prescribed by the plan for nearby cities.

8.3 Satellite DSB

8.3.1 Polarization

The polarization of RF electromagnetic waves experience some rotation when they go through the
magnetic field of the earth. This is called the Faraday rotation which tends to be non negligible for
frequencies in the range of 1 000 to 3000 MHz. Due to the geometry of the path between a satellite
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and a terrestrial receiving station, the angle of polarization of a received signal relative to the local
signal varies as a function of the geographical location of the receiver relative to the satellite.
Furthermore, in the case of vehicle and portable receivers, the angle of polarization of the received
signal will vary with the local orientation of the receiving antenna, therefore varying in time. Since
it is not expected that control of the polarization angle will be implemented in a low cost receiver, it
appears that the choice of circular polarization for BSS (sound) is clear.

8.3.2 Carrier-to-noise ratio

For digital systems the objective is defined in terms of the carrier-to-noise (C/N ) ratio for a given
noise bandwidth. For digital systems, the C/N can be given in the form of the Eb/N0 ratio required
for a specified error ratio, where Eb denotes the average energy received for useful bits of
information and N0 the noise spectral power. The relationship between C/N and Eb/N0 is as follows:
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where BN is the noise bandwidth and R is the useful bit rate.

For Digital System A, the required Eb/N0 in a Gaussian channel for a bit-error ratio (BER) of 10-4 is
about 8.0 dB, using differential demodulation and average code rate of ½. For BER of 10-5 the
required Eb/N0 is about 9.2 dB (see § A.1.10 in Annex A).

In the Rayleigh channel, Eb/N0 is typically about 11 dB for BER = 10–4 (9.5 dB for BER of 10-3).

8.3.3 Characteristics of feeder links

The main characteristics of the feeder links to a sound BSS are the following:

– polarization discrimination can be used to reduce the total frequency bandwidth required;

– the earth station transmitting antennas have a high directivity and high gain. The higher the
directivity, the smaller the orbital separation required to allow frequency re-use. The
directivity increases with frequency, therefore the implementation of a tracking system on
the earth station transmitting antenna may be required;

– the availability of the feeder link should not affect the down-link service quality. This
parameter has a direct impact on the power requirement at the earth station depending on
the frequency range.

The total bandwidth required depends on the selected orbit (highly-inclined elliptical orbits or the
geostationary-satellite orbit) and on the strategy of the distribution of satellites on orbital locations.

The choice of the frequency band for the feeder link will determine whether polarization
discrimination is available. In such a case, the total frequency bandwidth could be reduced by a
factor of two. Furthermore, the directivity of the uplink antenna will allow discrimination between
closely spaced satellites.

Additionally, the amount of spectrum required for the feeder links is determined by the number of
channels (or blocks) that can be transmitted by a satellite. This is dependent on the satellite antenna
diameter and the satellite maximum RF power capability. Considering these parameters, a 10 m
satellite antenna and 1.5 kW RF power can be available in the near term, and a 20 m satellite
antenna and 2.5 kW, respectively, may be achievable in the longer term.
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Studies made in Canada assuming Digital System A have shown that for the near term, the
maximum amount of feeder link spectrum that can be used on one satellite is limited by the above
constraints to 30 MHz for downlinks at 0.5 GHz, reducing to 4 MHz for downlinks at 3 GHz,
regardless of the downlink spectrum capacity required. The same holds true for the long term for
frequencies of 1.5 GHz and 2 GHz where the maximum spectrum is 44 MHz and 18 MHz,
respectively, while for frequencies around 1 GHz and below, the maximum spectrum is determined
by the number of downlink beams that can reuse the same frequency.

8.3.4 Receiving antennas

Receiving antennas for stationary (fixed), portable and vehicular applications are discussed in this
section.

8.3.4.1 Stationary receiving antennas

In fixed locations such as houses, apartment buildings, and commercial buildings it is feasible to
provide a higher service quality by using fixed outdoor antennas exhibiting a higher gain
(e.g., about 15 dB) than might be used on portable and vehicular receivers. A helix is an example of
a suitable type antenna.

8.3.4.2 Portable receiving antennas

The use of simple antennas such as crossed-dipole, cavity-backed dipole, and slotted dipole
antennas exhibiting a gain in the range of 3 dBi to 5 dBi has generally been assumed in the studies.

8.3.4.3 Receiving antennas for pocket-size portable receivers

Hand-held satellite receivers are now available for the global positioning system (GPS). They
typically use a 5 to 10 cm long quadrifilar helix design for near-hemispherical coverage. In the case
of small portable receivers, it is hard to secure reliable gain due to losses caused by the proximity of
the human body. A suggestion is to mount a helical antenna on the headset where such gain
variation would be largely alleviated. This means however, a dedicated and bulkier headset. The
gain will likely be restricted to 2-3 dBic2 towards the satellite and 0 dBi at horizon.

8.3.4.4 Vehicular receiving antennas

Vehicular receiving antennas play an important role in determining sharing possibilities and system
cost in satellite sound broadcasting systems. Simply stated, the greater the vehicular receiving
antenna gain, the lower the satellite per channel e.i.r.p. Studies to date have generally assumed the
vehicular receiving antenna to have a gain on the order of 5 dBi. However, work has been done to
develop circularly polarized, steered array antennas with gains of the order of 6-12 dBi suitable for
use on automobiles, vans and trucks. This work may have applicability to satellite sound
broadcasting systems for specific applications.

Mechanically and electronically steered rooftop antennas have been studied. They provide
reasonable gains at mid to high latitudes, and suppress ground reflections to minimize multipath
fading. Medium gain (6-12 dBi) steerable vehicular antennas may be a viable alternative to low gain
omni-directional vehicular antennas. The implied additional expense in using a steerable antenna
may be offset by lower e.i.r.p. from the satellite, by the enhanced possibility of sharing with other
services, and by improved orbit-spectrum utilization.

____________________

2 dBic refers to dB relative to isotrophic circularly polarized source.



- 98 -

8.3.4.5 Mixed satellite/terrestrial reception

Reception of satellite and terrestrial transmissions with the same receiver as in the case of a mixed
satellite/terrestrial service using the same frequency band, if considered at the outset, may result in
minimal increase in complexity of a common receiving antenna. Typically, low cost antennas
achieving a gain of 5 dBic towards the satellite and 0 dBi in the horizontal direction are achievable.
Two alternatives for antenna structure exist: tall and thin mast antennas similar to current whip
antennas and low profile printed antennas. In the case of the mast antenna, a quadrifilar helix design
with a circularly polarized conical pattern optimized for a given elevation angle (6 dBic peak gain)
is suggested with typically 1 cm diameter and 30 cm long. This antenna could still give reasonable
gain in the horizontal plane (0 dBi). The second preferred alternative is a low profile printed
antenna based on a circularly polarized loop structure producing a conical pattern. A peak gain of
6 dBic over a bandwidth of 8% is feasible at 45° with a 21 cm diameter antenna with a thickness of
1.5 cm. However, the size increases rapidly when the gain has to be maximized for a lower
elevation angle. The gain in the horizontal plane (> 0 dBi) would be achieved by either a simple
¼ monopole (5 cm at 1.5 GHz) or a patch in the centre of the circular flat antenna which would be
remotely switchable with the channel selection on the receiver. More complex antenna structures
exist (e.g., mechanically or electronically steerable antennas) which can provide higher gain
towards the satellite and the horizon. The use of active antennas will allow a reduction of the size of
these antennas with performances comparable to current larger passive antenna implementations.

8.3.4.6 Low cost antennas for BSS (sound)

Easy to produce, low cost receiver antennas are one of the keys to direct satellite delivery of sound
programs. For mobile receivers, the radiation pattern should be azimuthally omnidirectional and
with a slight vertical gain for a broad range of received elevation angles, e.g., from 20 to 50° for
temperate zone latitudes. On the other hand, for indoor portable (“table top”) receivers, to combat
building material absorption, the antenna gain should be as high as possible consistent with the
physical size of a truly portable receiver.

Such antennas have been designed and successfully tested via satellite using Digital System B by
researchers in the United States.

For mobile reception, they are the drooping dipole and the TM21-mode circular patch antennas that
give gains of approximately 5 dBic. For indoor portable reception, flat plate antenna arrays of four
small patches give gains of approximately 13 dBic. More details on the design and data are given
below.

Because the satellite field tests were conducted with a NASA Tracking and Data Relay Satellite
(TDRS) that operates at 2.05 GHz, the antennas were designed for this frequency rather than for one
of the BSS(sound) allocations.

8.3.4.6.1 Omni drooping dipoles

Two drooping dipole antennas (S1 and S2) were designed based on MSAT (mobile satellite)
antennas at 1.5 GHz. The drooping dipole antenna has four arms curved downward, with two
shorter arms and two longer arms (than a quater-wavelength) to provide better circular polarization,
a movable tuning ring for better impedance matching, and a finite and adjustable height ground
plane for pattern shape adjustment. Figure 38 illustrates the physical configuration of this antenna.
The impedance match tuning ring, dipole length (length of short arm: 3.048 cm; length of long arm:
4.572 cm) and height (8.128 cm) (measured from the ground plane to the center of the dipole arms)
were all adjusted to achieve the optimum RF performance at 2.05 GHz. The 8.128 cm height was
also found to direct the beam peak at 60° from zenith. Figure 39 shows a representative measured
radiation pattern for one of these drooping dipole antennas.



- 99 -

FIGURE 38

Crossed drooping dipole

FIGURE 39

Gain pattern for drooping dipole

8.3.4.6.2 Omni patch antennas

The circular patch antenna, as illustrated in Fig. 40, is modified from a TM21 mode patch antenna
originally designed at 2.295 GHz. The patch antenna’s diameter is 15.24 cm with a 13.21 cm
diameter top radiating patch, which is printed on a 1.27 cm thick Nomex honeycomb with
0.127 mm thick Micaply face sheets. The original patch antenna was measured with an external
feed component consisting of a two-way power divider and two 90° hybrids. To reduce the feed
circuit loss and to provide a precise amplitude and phase input at the four feed ports, a printed
circuit board (PCB) stripline feed, as depicted in Fig. 41, was designed and fabricated. This circular
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patch antenna has four specific feed points connected to the four output ports of the printed circuit
board (PCB), which was designed to provide the correct amplitudes and phase quadratures (for right
hand circular polarization or RHCP) at the four feed points. Thus the patch antenna was measured
either with a PCB feed or an external feed. Indeed, the patch antenna with the PCB feed has
approximately one dB higher gain and demonstrated the conformity of the whole antenna system.
Further, the size of this TM21 mode patch antenna may be reduced to 9.525 cm in diameter by
replacing the lower dielectric constant honeycomb with a 0.32 cm thick teflon-fiberglass substrate
(dielectric constant = 2.17). Figure 42 shows a representative measured radiation pattern for this
antenna.

FIGURE 40

TM21 circular patch antenna

FIGURE 41

Printed circuit feed for TM21 antenna

FIGURE 42

Gain pattern for TM21 antenna

Table 20 summarizes the measured peak gain, peak direction and the VSWR of the two omni-
directional antennas.
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TABLE 20

Measured performance summary at 2.05 GHz

8.3.4.6.3 Medium gain antennas

Two patch array antennas (21.59 cm by 21.59 cm in size and etched on a 0.32 cm thick dielectric
substrate) were developed to provide at least 12 dBic peak gain (at broadside). Both arrays have
four square patches fed with two orthogonal microstrip feed lines for circular polarization. One
array uses a conventional feed [Huang, 1986 and Teshirogi et al, 1985], as illustrated in Fig. 43, to
generate circular polarization. The four square patches (4.67 cm in element size and 10.16 m
spacing) are fed by microstrip transmission lines with identical orthogonal feeds. The overall
antenna size is 21.59 cm by 21.59 cm.

The other array, as depicted in Fig. 44, uses the sequentially arranged feed technique. Here the four
patch elements are spaced 8.04 cm apart and are excited by four sets of feeds arranged physically in
the 0°, 90°, 180°, and 270° configuration. With this approach, not only the four sets of feeds are
symmetrical, but the undesirable higher order modes from all patches are cancelled. Hence, better
circular polarization performance over a wider bandwidth is obtained. Note that the single feed
probe of the array is located off the center by 90° in phase. Thus the top two patches are 180°
out-of-phase from the bottom two patches. The overall size of this array is 21.59 cm by 21.59 cm
including the printed microstrip transmission lines. Figures 45 and 46 illustrate the measured
radiation patterns from these arrays.

FIGURE 43

Patch array with conventional feed

FIGURE 44

Patch array with sequential feed

Antenna type VSWR
Beam peak

(degrees
from zenith)

Axial ratio
(dB)

Gain
(dBic)

Drooping dipole S1 1.12 60 0.6 4.8

Drooping dipole S2 1.22 60 1.0 4.7

Patch without PCB feed 1.4 36 2.0 5.5

Patch with PCB Feed 1.56 36 2.0 6.5
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FIGURE 45

Gain pattern for conventional feed

FIGURE 46

Gain pattern for sequential feed

The measured array performances are summarized in Table 21. Clearly, the sequentially fed array
gives better VSWR, bandwidth, axial ratio, and sidelobe level performance than the conventional
feed array. Due to the smaller element spacing for the sequential feed array, the peak gain is slightly
lower than the conventional feed array. Note that the antenna size may be further reduced to
approximately 15.24 cm by 15.24 cm in size by replacing the feed lines with a PCB feed circuit
board behind the radiating patch elements.

TABLE 21

Summary of medium gain antenna performance at 2.05 GHz

8.3.5 Propagation (link) margins

In the calculations of the link budget (see § 8.3.6), an estimate of the allowance to overcome
adverse propagation conditions is to be taken into account. This allowance, termed the link (or
propagation or fade) margin, represents an estimate of the signal loss (in excess to the line-of-sight
signal attenuation) occurring in the propagation link between the transmitter and the receiver.

Array type Conventional feed Sequential feed

Peak gain (dBic) 13.7 12.0

VSWR 1.13 1.48

Bandwidth (MHz) 82 132

Beamwidth (deg) 38 46

Sidelobe level (dB) –13 –24

Axial ratio (dB) 1.4 0.8
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The link margin is a function of the following principal factors:

– transmitting frequency,

– minimum system C/N required, for a given DSB system,

– percentage of the required locations where the DSB service is provided (e.g., 50%, 90%),

– type of coverage area (e.g., rural, sub-urban, urban, dense urban),

– nature of obstructions (e.g., foliage, buildings),

– type of reception (e.g., mobile, portable indoors, fixed),

– type of receiving antenna (e.g., omni-directional, directional),

– elevation angle (in case of satellite-based DSB services),

– modulation system (e.g., analogue, simple digital, advanced digital),

– type of delivery system (e.g., terrestrial, satellite, hybrid).

In the link budget calculations, the link margin required to achieve a certain C/N at the receiver, is
usually given at the edge of the coverage area.

As an example, the link margin for analogue systems may range between 6 dB and 25 dB (see
Cases A to E in Report ITU-R BO.955-2).

For digital systems, two cases were identified in the above-referenced Report as follows:

Case F: This case applies to the digital systems for vehicular receivers operating in a heavily
shadowed rural area or even in a dense urban area where channel frequency selectivity must be
taken into account. The channel is modeled as a Rayleigh fading channel with mean excess path
loss of 10 dB.

For digital systems, Case F is directly comparable with Case B for analogue systems; the link
margin is reduced by 5 dB because the advanced digital systems eliminate the effect of Rayleigh
fading and thus only the factor (10 dB) representing the log-normal distribution of the field strength
over large areas needs to be included.

In the case of a hybrid system, the link margin can be reduced to 5 dB for an elevation angle of 20°
to 30°, because terrestrial gap-fillers are used to cover the gaps in the satellite coverage area. When
using a highly inclined elliptical orbit satellite the margin may even be reduced to 3 dB for an
elevation angle above 60°.

Case G: This case applies to the operation of a portable receiver inside a single story house. The
channel is modeled as an additive white Gaussian noise (AWGN) channel with a mean excess path
loss of 12 dB.

Further studies, including extensive field trials, are required to obtain quantitative evaluations of the
link margins required in different situations.

8.3.6 Examples of link budgets

An example of the link budget for Digital Systems A and B operating at 1.5 GHz, at an elevation
angle of 17° and for a 1° beamwidth, is given in Table 22. A link margin (i.e., the allowance for
fading) of 5 dB is taken into account, given that, in urban areas, the satellite system is supplemented
by terrestrial gap-fillers or repeaters.
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TABLE 22

Link budget for BSS (sound) (Digital Systems A and B) at 1.5 GHz

SYSTEM A B Units

Polarization Circular Circular

Channel error protection Conv. (R = 1/2) Conv. (R = 1/2)

Useful bit rate per channel(1) 256 256 kbit/s

Required Eb/N0 8.0(2) 3.3 dB

(Theoretical) downlink C/N0 62.1 57.4 dB(Hz)

System implementation margin 1.0(3) 1.0 dB

Hardware implementation margin 0.5 0.5 dB

Degradation due to uplink 0.4 0.4 dB

Interference allowance(4) 2.0 2.0 dB

Required downlink C/N0 66.0 61.3 dB(Hz)

RECEIVER

Receiving antenna gain 5.0 5.0 dB

Antenna noise temperature(5) 90 90 K

Coupling and filter losses(6) 1.0 1.0 dB

Receiver noise figure(7) 3.0 3.0 dB

Receiver figure-of-merit –22.2 –22.2 dB(K–1)

PROPAGATION

Fade allowance(8) 5.0 5.09 dB

Line-of-sight pfd at edge of beam (–3dB)(10) –110.6 –115.3 dB(W/m2)

Spreading loss (elev. = 17°) 163.0 163.0 dB

SATELLITE

e.i.r.p. on axis(11) 55.4 50.7 dBW

Satellite antenna gain for 1° beam 44.4 44.4 dB

Satellite antenna input power for 11.5 6.3 dBW

1° beam and one stereo programme 12.5 4.3 W

Notes to Table 22:

(1) The current range of output data rates for source codes consistent with a 4.5 sound impairment factor is
between 180 kbit/s and 256 kbit/s per stereo programme. Further bit-rate reduction is projected in the
future.

(2) Theoretically and experimentally verified for Digital System A. Results of actual measurements on
prototype equipment in a Gaussian channel give a 7.5 dB C/N requirement in a 1.5 MHz channel for
BER = 10–4 (see § A.1.10 of Annex A).

(3) Comprises 1 dB equivalent loss caused by Doppler spread in a vehicle moving at 100 km/h in a Rician
channel assuming a 10 dB K-factor.
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8.3.7 Range of parameter values of proposed BSS (sound) systems

The ITU-R has adopted Recommendations ITU-R BO.789 and ITU-R BO.1130, which describe the
desirable characteristics and recommended parameters of satellite sound broadcasting systems. In
addition, there are several other systems which have been proposed and which may be used in
practice. Table 23 contains a summary of certain characteristics of 13 systems that are proposed for
the BSS (sound). The table identifies the range of the value of system characteristics for those that
differ among systems. A more detailed listing of the parameters for each system is available in the
appropriate Annex to this Report.

Systems have been proposed in two of the bands allocated at WARC-92 for the BSS (sound):
1452-1492 MHz and 2310-2360 MHz. The maximum spectral pfd and threshold pfd
characteristics ranges are separated in the table by band. This separation is not made in Table 23 for
the ranges of the other system characteristics.

Notes to Table 22 (continued):
(4) Allowance in the link budget corresponding to 37% of the apparent noise at the receiver being

contributed by interference resulting in 12.7 dB aggregate interference protection ratio allowing large
frequency reuse of BSS Sound. For Digital System A interference protection ratio can be reduced by a
further 1 dB to 11.7 dB when allowance is made for the fact that interference received during the guard
interval is not to be taken into account. When considering the effects of interference on performance,
some useful information may be obtained by preparing separate link budgets based upon two limiting
cases. These are firstly where the interference fades equally with the wanted signal and secondly where
the interference level remains unfaded while the wanted signal fades. Practical operation of a BSS
(sound) system will represent a statistical mix of these cases.

(5) Includes thermal noise from the surroundings, man-made noise and sky noise due to oxygen and water
vapor in a suburban environment (based on Recommendation ITU-R P.372), taking into account the
directivity of the receiving antenna.

(6) Larger filter loss may need to be assumed for operation in bands close to that used by high-power
services to allow for use of high rejection and sharp roll-off filters.

(7) Some headroom in the receiver noise figure is needed to allow for optimization of the RF front-end
linearity because of the presence of terrestrial gap-fillers.

(8) This fade allowance is considered adequate for outdoor reception of a satellite signal in rural and
suburban environments at. This figure is recommended for use in satellite-link budget calculations as
the margin to be provided at the edge of the coverage area. Gap-fillers or repeaters will be required to
supplement the reception in urban environments. Some services provided may wish to increase the fade
allowance in order to reduce the dependency on terrestrial gap-fillers.

(9) Assuming that this system (subject to verification) allows for the use of on-channel terrestrial gap-
fillers or repeaters.

(10) Satellite beam designs in the region of 1.5 GHz may provide a coverage area defined by a signal level
at the edge of coverage 2.0-2.5 dB below the peak beam power with a consequential reduction in the
satellite transponder power required.

(11) In determining the overall performance of BSS (sound), allowance needs to be made for the satellite
transponder back-off required to ensure adequately linear performance. In the absence of practical
measurements or simulations, a transponder back-off of 2.5 dB might be an appropriate value for
preliminary calculations assuming a linearized TWTA transponder.
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TABLE 23

Summary of the range of parameters proposed for sound satellite broadcasting

8.3.8 Parameters notified to the ITU-R for BSS (sound) systems

8.3.8.1 Introduction

This section provides assembled data on the relevant BSS(sound) system parameters for fourteen
representative system designs. These are described in Tables 25 to 38 and include various
hypothetical designs as well as “firm” system proposals, several of which have been communicated
to the Radiocommunication Bureau.

The ranges of parameter values reflected in Tables 25 to 36 are summarized in Table 24.

8.3.8.2 Explanation of BSS (sound) system parameters

8.3.8.2.1 Transmit parameters

Frequency band: Specifies which of the three bands allocated to BSS (sound) and BS (sound) is to
be used by the system under consideration.

Orbit information: Type of orbit (e.g., GSO, HEO, LEO) and relevant orbital parameters
(e.g., inclination, apogee, perigee).

Transmit parameters

Frequency bands (MHz) 1 452-1 492, 2 310-2 360

Orbit information GSO, HEO

Satellite information 1-4 satellites/system

Polarization Circular

RF necessary bandwidth (MHz) 0.2, 0.3, 1.536. 2.0, 3, 5.4, 10, 20, 25, 48

Signal characteristics (spectrum density
function)

Various (not always defined)

Maximum transmit antenna gain (dBi) and
pattern

28 to 50 (Pattern generally not defined)
Dependent on coverage 0.5 × 3.5 × 5 deg.

Max. spectral pfd(1) (dB(W/(m2 . 4 kHz))) 1 452-1 492 MHz –122 to –139
2 310-2 360 MHz –132 to –138

Receive parameters

Required service availability Not always defined. 90 to 99%
locations and time

Receive antenna characteristics
Generally 0 dBi in horizontal

plane omnidirectional.
Typically 3 to 11 dBi in the vertical plane

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 . 4kHz))) 1 452-1 492 MHz –136 to –152
2 310-2 360 MHz –137 to –147.5

(1) These values are dependent on the fade margin and therefore higher pfd values may be required in
some cases.
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Satellite information: Number and orbital spacing of satellites in this system operating on the
same frequency.

Polarization: Type of polarization used for transmissions (e.g., circular, linear).

RF necessary bandwidth: A measure of the amount of contiguous spectrum occupied by a typical
RF signal of the system in its normal implementation. Some systems may transmit several such
signals.

Signal characteristics: A characterization of the power spectrum of a typical signal and the
number and frequency separation of such signals. Where this is unknown a simple description of the
modulation system may be given.

Maximum antenna gain and pattern: The maximum or on-axis gain of the transmitting antenna.
For BSS(sound) systems, the antenna pattern may be specified in terms of the half-power
beamwidth of the beam and its side-lobe envelope. For multibeam antennas, the number, size and
relative directions of the beams in the horizontal plane are specified.

Maximum spectral pfd: The maximum power-flux density produced by the satellite on the surface
of the Earth assuming free space loss expressed in a 4 kHz bandwidth. The values shown in the
table were derived from the total pfd on the assumption that the radiated power is distributed
equally over the total RF bandwidth occupied by the signal. (For digital signals this is a reasonable
assumption.) Although 4 kHz is a rather unusual bandwidth in which to specify relatively wideband
signals, it is usual for the other services with which BSS(sound) must consider sharing.

8.3.8.2.2 Receive parameters

Required service availability: The percentage of time for a specified percentage of locations that
the broadcast signal must exceed the threshold pfd given below.

Receive antenna characteristics: Gain, radiation pattern, cross polarization discrimination.

Allowable inter-service interference: The required protection ratio or allowable degradation of
C/(N + I ) margin.

Threshold pfd: The minimum required power-flux density produced at the receiving antenna,
expressed in a 4 kHz bandwidth, for proper operation of the receiving system with the receiving
antenna described above.

8.3.8.2.3 BSS (sound) system examples

The tables included in this section cover the following examples of fourteen BSS(sound) systems:

– Table 24 Range of parameter values for satellite systems in Tables 25-38

– Table 25 Satellite system using Digital System A with GSO satellite

– Table 26 Satellite system using Digital System A with HEO satellite

– Table 27 Satellite system using Digital System B with GSO satellite

– Table 28 Proposed USA domestic system BSS I in GSO

– Table 29 Proposed USA domestic system BSS II in GSO

– Table 30 AFRIBSS GSO system

– Table 31 CARIBSS GSO system

– Table 32 INDOSTAR (INS)
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– Table 33 TONGASAT-RADIO/TU-8 (TON)

– Table 34 ASIASAT-DAB (G)

– Table 35 DBSTAR 151ES (AUS)

– Table 36 ASIABSS GSO system

– Table 37 ARIB (GSO)

– Table 38 N-SAT-HEO1 (HEO)

TABLE 24

Ranges of parameter values of BSS(sound) systems relevant to sharing studies

Source:
Tables 25 to 38 of this document

Date: 6 August 1995

Transmit parameters

Frequency band (MHz) 1 452-1 492, 2 310-2 360

Orbit information GSO, HEO

Satellite information 1-4 satellites/system

Polarization Circular

RF necessary bandwidth (MHz) 0.2, 0.3, 1.536, 2.0, 3, 5.4, 10, 20, 25, 48

Signal characteristics
(spectrum density function)

Various (not always defined)

Max. antenna gain (dBi) and pattern
28 to 50 (Pattern generally not defined)

Dependent on coverage 0.5 × 3.5 × 5 deg.

Max. spectral pfd(1) (dB(W/(m2 · 4 kHz))) 1 452-1 492 MHz
–122 to –139

2 310-2 360 MHz
–132 to 136(2)

Receive parameters

Required service availability Not always defined. 90 to 99%
locations and time

Receive antenna characteristics
Generally 0 dBi in horizontal plane,

omnidirectional.
Typically 3 to 11 dBi in the vertical plane.

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz)))
1 452-1 492 MHz

136 to –152
2 310-2 360 MHz
–137 to –147.5(2)

(1) These values are dependent on the fade margin and therefore higher pfd values may be
required in some cases.

(2) Includes only proposed system implementations as detailed in Tables 28-29.
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TABLE 25

Digital System A (GSO)

NOTE – See Figs. 47 and 48 – These footprints are based on the WARC-BS 77 Plan for the 12 GHz band.
However, it is the opinion of WP 6S that the same antenna reference pattern can be applied to the BSS(S) in
the range 1-3 GHz.

FIGURE 47
GSO UK beam example, centred on -2.91°°°°E, 54.37°°°°N

Source:
Docs. 10/73 + 10-11S/69

Date: 6 December 1994

Transmit parameters
Frequency band (MHz) 1 452-1 492
Orbit information Geostationary
Satellite information
Polarization Circular

RF necessary bandwidth (MHz) 1.536
Signal characteristics
(spectrum density function)

Nominally flat over entire RF bandwidth

Max. antenna gain (dBi) and pattern Dependent on required coverage.
See Figs. 47 and 48

Max. spectral pfd (dB(W/((m2 · Hz))) –122(1)

Receive parameters
Required service availability 90-99%
Receive antenna characteristics 5 dBi. Omnidirectional in the horizontal plane.

0 dBi in the horizontal plane

Allowable inter-service interference 2 dB
Threshold pfd (dB(W/(m2 · 4 kHz))) –136

(1) This pfd value provides a fade margin of 5 dB.
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FIGURE 48

GSO Pan-European beam example, centred on 5.97°°°°E, 45.03°°°°N

TABLE 26

Digital System A (HEO)

Source: ARCHIMEDES DAB Mission
Reference Link Budgets, Version 2,

European Space Agency, 6 June 1994
Date: 6 December 1994

Transmit parameters

Frequency band (MHz) 1 452-1 492

Orbit information
Transmission directly to Europe and restricted to

an 8 hour period around apogee

Satellite information
Polarization Circular
RF necessary bandwidth (MHz) 2.0
Signal characteristics
(spectrum density function)

COFDM: Multiplex of large number of QPSK carriers.
Spectrum density is nominally flat over 1.5 MHz

Max. antenna gain (dBi) and pattern 32 dBi

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –132

Receive parameters

Required service availability 90-99%
Receive antenna characteristics >5 dBi

Allowable inter-service interference No information available
Threshold pfd (dB(W/(m2 · 4 kHz))) –138
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TABLE 27

Digital System B (GSO)

TABLE 28

BSS I

Source: Doc. 10/73 Date: 28 November 1994

Transmit parameters

Frequency band (MHz) 2 310-2 360
Orbit information GSO
Satellite information
Polarization Circular

RF necessary bandwidth (MHz) 0.2
Signal characteristics
(spectrum density function)

No information except QPSK modulation

Max. antenna gain (dBi) and pattern
Typically 32 dB for 3/5 x 5 deg. beams and 50 dB

for 0.5 deg spot beams

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –127

Receive parameters

Required service availability 90-99% for portable and vehicular

Receive antenna characteristics
3 to 8 dBi gain towards satellite. Omnidirectional in

horizontal plane. 0 dBi gain towards horizon

Allowable inter-service interference No information available
Threshold pfd (dB(W/(m2 · 4 kHz))) –138.1

Source: Doc. 2-2/71 Date: 7 September 1994

Transmit parameters

Frequency band (MHz) 2 310-2 360

Orbit information GSO

Satellite information 2 satellites at 93 and 101 deg. W

Polarization Circular

RF necessary bandwidth (MHz) Each satellite 5 MHz (10 MHz total)

Signal characteristics FDMA Carriers QPSK

Max. antenna gain (dBi) and pattern
Typically 32 dB CONUS with spot beams to Alaska,

Puerto Rico, Hawaii and the US Virgin Islands.

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –132 for each satellite

Receive parameters

Required service availability No information available

Receive antenna characteristics 4-5 dBi.

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz))) –137
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TABLE 29

BSS II

FIGURE 49

BSS II GSO
Antenna Gain and Service Contours
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Source: Doc. 2-2/71 Date: 7 September 1994

Transmit parameters

Frequency band (MHz) 2 310-2 360

Orbit information GSO

Satellite information 2 satellites at 80° and 110° W

Polarization Circular

RF necessary bandwidth (MHz) Each satellite 10 MHz (20 MHz total)

Signal characteristics TDM 8 Mbit/s O-PSK

Max. antenna gain (dBi) and pattern 32 dBi CONUS
(see Fig. 49)

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –136 for each satellite

Receive parameters

Required service availability > 99% at all unblocked locations

Receive antenna characteristics 3 dBi between 20°-60° elevation;
omnidirectional in azimuth

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz))) –143
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TABLE 30

AFRIBSS GSO

FIGURE 50

AFRIBSS GSO
Antenna Gain and Service Contours
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Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information Geostationary 21°
Satellite information One space station

Polarization LH and RHCP

RF necessary bandwidth (MHz) 3.22

Signal characteristics
96 TDM 16 kbps channels per carrier, QPSK, e.i.r.p.

49.8 dBW per carrier (EOC).

Max. antenna gain (dBi) and pattern 29.7, 3 beams, 5.8° beamwidth (see Fig. 50)

Max. spectral pfd (dB(W/(m2 · 4kHz))) –138

Receive parameters

Required service availability 99% worst month for fixed receivers

Receive antenna characteristics 11 dBi. HPBW 60°
Allowable inter-service interference C/I = 16 dB; C/N + I = 12 dB

Threshold pfd (dB(W/(m2 · 4kHz))) –152
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TABLE 31

CARIBSS GSO

Source: Doc. 10-11S/55-E Date: 6 December 1994

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information Geostationary 95° W

Satellite information Single space station

Polarization Circular

RF necessary bandwidth (MHz) 3

Signal characteristics
(spectrum density function)

QPSK modulation, 24 TDM channels 49.8 dBW
e.i.r.p. per multiplex

Max. antenna gain (dBi) and pattern 29.7 (see Fig. 51)

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –139

Receive parameters

Required service availability 90-99% of the location and time for vehicular and
portable receivers

Receive antenna characteristics 4-11 dBi gain (see Fig. 52)

Allowable inter-service interference Protection ratio C/I: 16 dB

Threshold pfd (dB(W/(m2 · 4 kHz))) –152

FIGURE 51

CARIBSS GSO
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FIGURE 52

INTBSS-1 Earth Station Antenna Radiation Diagram
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TABLE 32

INDOSTAR (INS)

Source: RES 33/C/17-20, Doc. 2-2/123 Date: 6 December 1994

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information GSO 107.6E and 119.E

Satellite information Four space station (two at each location)

Polarization Circular

RF necessary bandwidth (MHz) 300 kHz/Carrier

Signal characteristics
(spectrum density function)

Digital carriers of 300 kHz bandwidth

Max. antenna gain (dBi) and pattern 28 dBi, see Figs. 53 to 56.

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –137

Receive parameters

Required service availability
90 to 99% locations and time to vehicular

and portable receivers

Receive antenna characteristics 2.0-9.8 dBi

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz)))
–148 to –140

(depending on antenna gain)
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FIGURE 53

Space station transmitting antenna gain contours and service area, INDOSTAR-1

Beam: LBN Band: 1,5 GHz Gmax: +28,0 dB
Elevation angle
25°°°°

The contours are, respectively:
-2, -4, -6, -10, -20 dB

Elevation angle
25°°°°

DSB-09

–2
–4

–6
–10

–20

52 66 80 94 108 122 136 150 164 178 192

32

24

16

8

8

16

24

32

0

40

25° 10° 5° 0°

Service area

FIGURE 54

Space station transmitting antenna gain contours and service area, INDOSTAR-2

Beam: LBN Band: 1,5 GHz Gmax: +28,0 dB
Elevation angle
25°°°°

The contours are, respectively:
-2, -4, -6, -10, -20 dB

Elevation angle
25°°°°
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FIGURE 55

Space station transmitting antenna gain contours and service area, INDOSTAR-3

Beam: LBN Band: 1,5 GHz Gmax: +28,0 dB
The contours are, respectively:
-2, -4, -6, -10, -20 dB

Elevation angle
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FIGURE 56

Space station transmitting antenna gain contours and service area, INDOSTAR-4

Beam: LBN Band: 1,5 GHz Gmax: +28,0 dB
Elevation angle
25°°°°

The contours are, respectively:
-2, -4, -6, -10, -20 dB

Elevation angle
25°°°°
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TABLE 33

TONGASAT-radio/TV-8 (TON)

TABLE 34

ASIASAT-DAB (G)

Source: RES 33/A/23 Date: 17 November 1992

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information HEO (35 786 km), inclination 15° to 45°
Satellite information 1 to 6

Polarization No information available

RF necessary bandwidth (MHz) No information available

Signal characteristics No information available

Max. antenna gain (dBi) and pattern 25 dBi, steerable beam

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –123.1

Receive parameters

Required service availability No information available

Receive antenna characteristics Non-directional, 545 K and 600 K

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz))) No information available

Source: RES 33/A/33-34 Date: 10 May 1994

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information GSO (9° inclination)

Satellite information 2 satellites at 100.5° and 105.5°E

Polarization No information available

RF necessary bandwidth (MHz) 300 kHz per channel

Signal characteristics Hybrid modulation: 300 kHz carriers

Max. antenna gain (dBi) and pattern 30.0 dBi, steerable beam

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –131.1

Receive parameters

Required service availability No information available

Receive antenna characteristics 7.5 dBi, 230 K

Allowable inter-service interference No information available

Threshold pfd (dB(W/(m2 · 4 kHz))) No information available
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TABLE 35

DBSTAR 151E5 (AUS)

FIGURE 57

Space station transmitting antenna gain contours, DBSTAR 151E5
Beam: DNA
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Source: RES 33/A/35 Date: 6 December 1994

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information GSO (5° inclination)

Satellite information 1 satellite at 151.5°E

Polarization Circular

RF necessary bandwidth (MHz) 1.536 MHz per emission

Signal characteristics Normally flat over entire RF bandwidth

Max. antenna gain (dBi) and pattern 29.5, 37.0, 36.0, 35.0 and 36.0 dBi.
See Figs. 57 to 60

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –122

Receive parameters

Required service availability 90 to 99%

Receive antenna characteristics 5 dBi, omni-directional in the horizontal plane 0 dBi in
the horizontal plane

Allowable inter-service interference 2 dB

Threshold pfd (dB(W/(m2 · 4 kHz))) –136

Note 1 – Based on Table 5 of Doc. 2-2/TEMP/44(Rev.2).
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FIGURE 58

Space station transmitting antenna gain contours, DBSTAR 151E5
Beam: DSE
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FIGURE 59

Space station transmitting antenna gain contours, DBSTAR 151E5
Beam: DNE
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FIGURE 60

Space station transmitting antenna gain contours, DBSTAR 151E5
Beam: DCA
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TABLE 36

ASIABSS GSO

Source: WP10-11S meeting January 1998 Date: 20 January 1998

Transmit parameters

Frequency band (MHz) 1 467-1 492

Orbit information Geostationary 105° E

Satellite information Single space station

Polarization Circular

RF necessary bandwidth (MHz) 3

Signal characteristics
(spectrum density function)

QPSK modulation, 24 TDM channels 49.8 dBW
e.i.r.p. per multiplex

Max. antenna gain (dBi) and pattern 29.7

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –139

Receive parameters

Required service availability
90-99% of the location and time for vehicular and

portable receivers

Receive antenna characteristics 4-11 dBi gain (see Fig. 52)

Allowable inter-service interference Protection ratio C/I 16 dB

Threshold pfd (dB(W/(m2 · 4 kHz))) –152



- 122 -

TABLE 37

ARIB (GSO)*

TABLE 38

N-SAT-HEO1 (HEO)*

Source: Document 10-11S/215-E Date: 10 September 1999

Transmit parameters

Frequency band (MHz) 2.6 GHz band allocated to BSS (sound)

Orbit information Geostationary

Satellite information Single space station

Polarization Circular

RF necessary bandwidth (MHz) 25

Signal characteristics
(spectrum density function)

QPSK modulation, CDM

Max. antenna gain (dBi) and pattern 40 dBi

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –128.5

Receive parameters

Required service availability more than 99% in line-of-sight condition

Receive antenna characteristics 2.5 dBi, omnidirectional in azimuth

Allowable inter-service interference Further study

Threshold pfd (dB(W/(m2 · 4 kHz))) –136.5

* System E described in Annex E was used to complete this Table.

Source: Document 10-11S/236(Rev.1) Date: 29 September 1999

Transmit parameters

Frequency band (MHz) 2.6 GHz band allocated to BSS (sound)

Orbit information HEO. See Table 39

Satellite information 3-5 satellites/system

Polarization Circular

RF necessary bandwidth (MHz) 25

Signal characteristics
(spectrum density function)

QPSK modulation, CDM

Max. antenna gain (dBi) and pattern 42 dBi

Max. spectral pfd (dB(W/(m2 · 4 kHz))) –127.7

Receive parameters

Required service availability more than 99% in line-of-sight condition

Receive antenna characteristics 7 dBi to the Zenith;
omnidirectional in azimuth

Allowable inter-service interference Further study needed

Threshold pfd (dB(W/(m2 · 4 kHz))) –141

* An example calculation using HEO satellites with 40º to 50º orbital inclination with system E
parameters.
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The system outlined in Table 38 is based on a HEO orbit that provides the highest elevation angle
for the active service arc within a service area located in the medium latitude region. BSS
employing highly inclined elliptical orbit provide continuous high operational elevation angles,
which results from the active arc being near zenith over the service area. This benefits regions
containing large cities with numerous tall buildings, as well as dense mountainous regions.

Table 39 shows the characteristics of an orbit optimized for medium latitude countries. This orbit
can support twenty-four hour per day continuous service for all points in the medium latitude
service area with high elevation angles by using three to five satellites.

Figure 61 shows the ground track of the example system given in Table 39. The bold tip of the “tear
drop” shaped ground track shown in Fig. 61 indicates the active arc in which, at any time, at least
one of the satellites is located.

A graph shown in Fig. 62 depicts the elevation angle versus time of the day characteristics of a
constellation of three satellites having the orbit parameters indicated in Table 39 as seen from
Tokyo. It can be observed from the graph that the satellites would be visible, each for eight hours a
day, with an elevation angle greater than 79°, thus providing 24-hour coverage with the same
minimum elevation angle.

TABLE 39

Characteristics of a typical Highly-inclined Elliptical
Orbit (“HEO”) optimized for medium latitude regions

Figure 63 illustrates the significance of the elevation angle on the quality of communication. This
Figure compares the fade depth caused by roadside trees when a satellite is operated at 40°, 45° and
70°, respectively. This chart was calculated based on the method described in the ITU-R Recom-
mendation P.681-3 for the case of 2.6 GHz BSS system. From this graph, it can be observed, for
example, that a communication link will experience 1 dB fading depth with 10% probability when
the elevation angle is 70° while the fading depth becomes 10 dB with the same 10% probability
when the elevation angle is 40°. Higher service availability can be obtained through appropriate
satellite link margin.

Orbit parameter Value

Shape of orbit Elliptical

Altitude of Apogee 44 640.5 km

Altitude of Perigee 26 931.55 km

Eccentricity 0.21

Argument of Perigee 270° Nominal

Inclination angle 42.5°

Period 23 hr. 56 min

Number of Satellites 3 to 5
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FIGURE 61

An example of the ground track of a Highly-inclined Elliptical Orbit
(active arc is in bold)

FIGURE 62

Elevation angle obtained from a typical HEO satellite system in Tokyo
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8.4 Mixed satellite/terrestrial DSB

8.4.1 Coverage scenarios

The concept is to allow maximization of the spectrum and the flexibility in operating a sound-
broadcasting service by the use of the same band by both satellite and terrestrial broadcasting
services. All channels not allocated to the BSS for a service area could be used for terrestrial
broadcasting, subject to the usual co-channel re-use separation distance dictated by the robustness
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of the transmission format, and to the adjacent channel separation distance dictated by filter
rejection and front-end linearity. The power of the terrestrial broadcasting station would need to be
increased to compensate for the additional interference it will receive from the satellite covering the
nearby satellite coverage areas. If a terrestrial broadcaster is prepared to increase his transmitting
power or suffer the reduced coverage, the frequency can be re-used at very small distances from the
edge of the satellite coverage area, for example, this distance can be as small as about 100 km at the
cost of some 15 dB increase in required terrestrial e.r.p.. At closer distances, the terrestrial service
would begin to affect the satellite reception. This is covered in more details in § 3.3.

Allowing the mixed use of the 1500 MHz band for both satellite and terrestrial broadcasting implies
that at the service planning stage, and especially at the early frequency allotment stage, the satellite
beams have to be known in order to be able to identify the frequencies that can be used by the
terrestrial service. This increased complexity, at the planning stage, is greatly offset by the
increased spectrum efficiency resulting from this mixed use of the band.

In order to prove that the mixed satellite/terrestrial use of the 1500 MHz band results in a more
efficient use of the spectrum, a number of coverage exercises were undertaken where the coverage
of a region from satellite was maximised and the area where terrestrial re-use of the same spectrum
was identified.

Two coverage scenarios demonstrating the potential frequency re-use of satellite frequencies by
terrestrial broadcasting are given.

FIGURE 63

Fade depth caused by roadside trees in 2.6 GHz BSS systems
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8.4.1.1 Satellite to satellite interference

The coverage from geostationary satellites was maximized by finding the closest set of coverage
areas that would allow for frequency re-use. First, a minimum required discrimination from the
satellite antenna had to be defined to identify the closest spacing to allow for frequency re-use.
Using the value of aggregate interference protection ratio of 11.7 dB for the 2 dB allowance in the
satellite link budget given in Table 22, 5 dB needs to be added to cover for the case where the
interfering satellite is line-of-sight and the wanted satellite is received with the largest fading
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allowed in the link budget (i.e., 5 dB). Another 3 dB needs to be added to take into account the fact
that more than one satellite may create interference (i.e., the worst interfering satellite accounts for
50% of the total interference). The total discrimination required for frequency re-use by a
neighbouring satellite coverage area is therefore 19.7 dB.

As can be seen from Fig. 64 which gives a hypothetical example for North America, the closest
beams that can re-use the same frequency in eastern Canada are the maritime provinces beam and
the beam covering the province of Manitoba and half of Saskatchewan. As can be seen, the two
−19.7 dB satellite contours just clear these two service areas. Similarly, the northern Mexican beam
is the closest North-American beam for which the –19.7 dB contour clears the two previous beams.
These three beams are therefore the three closest beams for which the same frequency can be re-
used by satellite. It should be noted that this is based on a rather conservative assumption where
37% of the noise budget is reserved for interference allowance with the resulting increase of 2 dB in
the required satellite power. Under less conservative assumption such as keeping a 1 dB allowance
for interference rather than 2 dB (i.e., 1 dB less satellite power), the separation between coverage
areas that can re-use the same frequency would need to be larger, thus leaving more room for
terrestrial frequency re-use.

8.4.1.2 Satellite to terrestrial interference

Using the values assumed in Table 22, the required C/N to secure satisfactory satellite reception is
found as follows:

6.5 dB (basic C/N requirement, as measured, see Annex A)
1.0 dB (Doppler allowance)
0.5 dB (hardware implementation margin, as measured, Annex A)
0.4 dB (up-link noise allowance)
2.0 dB (interference allowance)

10.4 dB (required C/N for proper satellite reception)

The actual maximum C/N experienced for line-of-sight reception will be 5 dB higher (assuming
maximum satellite fade margin), thus 15.4 dB. This corresponds to the maximum pfd that can be
received from a satellite at the edge of the beam. This value will be used as the maximum
interfering level of interference from satellite. The threshold value for a receiver in a terrestrial
Rayleigh environment can be established as follows using the values proposed in § 8.1.3:

12.0 dB (minimum C/N required in a terrestrial Rayleigh environment)
2.0 dB (interference allowance)

14.0 dB

The differential between the required C/N from the terrestrial transmitter and the equivalent C/N at
the receiver corresponding to the maximum satellite interference case is:

15.4 dB – 14.0 dB = 1.4 dB

The satellite beam discrimination required to produce interference at the same level as the thermal
noise in the receiver is therefore:

3.0 dB (centre to edge of satellite beam)
1.4 dB (differential between satellite and terrestrial C/N)

14.0 dB (terrestrial minimum C/N requirement)
18.4 dB (required satellite beam discrimination)

At this level of discrimination, the power of the terrestrial transmitter would have to be increased by
3 dB to compensate for the interference from the satellite since it nominally represents 50% of the
noise power at the receiver input.
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A satellite beam fitting software tool was used to determine the minimum satellite elliptical beam to
cover given service areas with DSB service. The following assumptions were used in generating the
beams: the satellite transmitting antenna’s minimum beamwidth was taken as 0.6°, and the
minimum satellite elevation angle was 10°. The target service areas on each map are identified by
the shaded areas. The entire service area has to be included in the 3 dB satellite beam contour as
shown in Figs. 64 and 65.

FIGURE 64

Closest North-American co-channel beams and
area where terrestrial broadcasting can use the same frequency

Figure 64 shows an example of a coverage scenario for North America where the three closest
beams that can clear the –19.7 dB contour of each other beam are shown. This is the criterion for
each of these beams to be able to re-use the same frequency without creating interference.
The −18.4 dB discrimination contours beyond which the same frequency can be used by terrestrial
broadcasting are shown for the three beams. In order to keep the clarity of the Figure, the −19.7 dB
contours are not shown but can be approximated by the −18.4 contours. It can be seen that most of
the eastern United States, which represents the most populated area of the USA, can re-use the same
frequency for terrestrial broadcasting as the three satellite beams with at worst a needed increase of
3 dB in the terrestrial transmitter power when it is located close to these satellite contours. Such
increase of 3 dB decreases slowly as the terrestrial transmitter is located further away from these
−18.4 dB satellite contours. As can be realized, this can represent a major increase in the spectrum
utilization.



- 128 -

FIGURE 65

Closest European co-channel beams and area where
terrestrial broadcasting can use the same frequency

The same exercise was repeated for the case of Europe in Fig. 65 assuming that the service is
provided from a satellite on the geostationary orbit. The closest countries that can still use the same
frequency in Europe, given the required 19.7 dB discrimination from the satellite antenna, were
found to be the United Kingdom, Poland and Greece as can be seen on Fig. 65. It can be noted,
from the –18.4 dB contours, that most of Spain, southern France and most of Switzerland and Italy
can re-use the same frequency for terrestrial broadcasting. These exercises were repeated for the
same areas being covered by satellites on a highly inclined elliptical orbits as proposed in the
“Archimedes” program of the European Space Agency (ESA). The results in frequency reuse are
very similar.

8.4.2 Frequency reuse considerations

To provide a wide-area coverage of a large country or continent, a number of satellite beams are
generally necessary. Each beam uses a given frequency block to provide one (in the case of SCPC)
or several sound programmes. This frequency block can be reused on another beam in a distant
geographical area, provided that these two beams do not interfere with each other. The separation of
two beams using the same frequncy block depends on the interference protection ratios required for
a DSB system and the beamwidth. Generally, the narrower the beam, more often the frequency
range can be reused. All the frequency blocks used in a given coverage area may be summed up to
give a total frequency bandwidth required. The frequency reuse factor is defined as a ratio between
the number of beams and the number of frequency blocks used.
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In the case of OFDM, the width of the frequency block should be large enough to overcome the
frequency selectivity of the channel. The different carriers associated with a given programme
should be well separated in frequency so that they are decorrelated and do not fade simultaneously.
It has been demonstrated that a frequency block (including guard bands) of about 1.75 MHz is
technically adequate and provides a capacity of up to six high-quality stereophonic programmes.
The number of channels necessary to cover a number of service areas can be determined by
developing coverage scenario exercises and it will, of course, depend on the assumptions made for
coverage and for protection ratios.

In Europe, the EBU has developed a computer program which generates examples of coverage
scenario exercises. These exercises are based on the following assumptions:

– the WARC-77 diagram of the satellite antenna considered as feasible at 1 GHz; and

– a co-channel protection ratio of 15 dB and an adjacent channel protection ratio of 6 dB.

The main results of this study are summarized in Table 40.

TABLE 40

Frequency reuse

From the technical point of view, the possibilities of frequency reuse decrease when the sizes of the
beams increase. At the other extreme, with very small beams, frequency reuse becomes more
difficult because of the larger number of beams and the multiplicity of the interferers. Taking
account of the power limitation which makes very large beams impractical, it seems that for a
continent like Europe, there is a technical optimum of the beam size, which is in the range of 1° to
1.5°, corresponding approximately to national coverage.

In Canada, a study was made to estimate the spectrum requirement for the mixed satellite/terrestrial
digital sound broadcasting service.

In this study, it is estimated that Canadian terrestrial digital sound broadcasting needs alone could
be met with 48 MHz of spectrum. It is estimated that with this amount of spectrum it would be
possible to provide each existing AM and FM broadcasting station with one stereophonic
programme channel and also to include an allowance for future growth. Furthermore, to take into
account the Canada/United States border effect, an additional 25% of spectrum would be required,
which would correspond to 48 MHz + 12 MHz = 60 MHz of terrestrial spectrum.

Coverage scenario National Supranational Pan European

Number of beams
35 (Europe) or
70 (Europe and

Africa)

11 (Europe) 1 (Europe)

Number of blocks per country
(1 block = 1.75 MHz, i.e. up to
six stereophonic programmes)

2 2 2

Channel reuse factor 16 8 1

Total frequency bandwidth (MHz) 56 70(1) 105(2)

(1) To give each country one block, an extra number of channels equal to approximately
12 channels are needed.

(2) To give one block to each of the 30 countries covered.
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Concerning the satellite broadcasting spectrum requirements, the results of the study are
summarized in Table 41.

TABLE 41

Spectrum requirements
(Canadian study)

Table 42 combines these two requirements.

TABLE 42

Combined coverage requirements
(Canadian study)

Coverage scenarios Uniform
circular beams

Canada North America(1)

Number of beams large 8 17

Channel reuse factor 4 6 9

Bandwidth required per service
area (24 stereo programmes) (MHz) 8 8 8

Total spectrum requirement (MHz) 32 48 72

(1) Assumes eight beams for Canada, four beams for continental United States and one for
Alaska, two beams for Mexico and two supranational beams for the Caribbean or a larger
number of small beams for that area.

Coverage scenarios Uniform
circular beams

Canada North America(1)

Spectrum for sound BSS (MHz)(2) 32 48 72

Spectrum for sound BS (MHz) 48 48 60

Coverage scenarios Uniform circular
beams

Canada North America(1)

Extra BSS channels for compati-
bility in the same country (MHz) 8 8 8

Extra BSS channels for compati-
bility with adjacent country (MHz) – – 8

Total spectrum requirement (MHz) 56 56 76

(1) Assumes eight beams for Canada, four beams for continental United States and one for
Alaska, two beams for Mexico and two supranational beams for the Caribbean or a larger
number of small beams for that area.

(2) Based on the provisions of 24 stereophonic programmes to each service area. If only
12 stereophonic programmes per service area is assumed then the BSS spectrum
requirement would be approximately halved. However, the total spectrum requirements
would remain approximately the same due to the BS requirements.
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In the US, four BSS (sound) systems have been proposed to the Federal Communications
Commission (FCC) for construction permits. The systems will use portions of the 2310-2360 MHz
frequency band allocated for BSS (sound) in the United States for domestic broadcasting. A
summary of the numerical values each system developer has chosen for several key factors related
to the design of the space segment is given in Table 43.

TABLE 43

Summary of proposed U.S. systems (1993)

The primary difference, from a space segment standpoint, among these designs is that System III
will use a 20 m 2.3 GHz antenna to permit the formation of 31 small spot beams of approximately
330 km diameter at the half-power points, as compared to approximately 3 m 2.3 GHz antennas for
the other three systems. System III thus uses only 3 different frequency blocks of 8 MHz for
31 beams (i.e., frequency reuse factor of about 10). (See Annex G for a summary of a more current
US BSS (sound) system operating at 2.3 GHz.)

8.4.3 Band segmentation versus use of the mixed concept

During the preparation for the WARC-92 conference, it was felt that the bands to be allocated for
BSS (sound) should be used by both satellite and terrestrial broadcasting in order to maximize the
use of the spectrum and maximize the flexibility in operating the sound broadcasting service. This
concept was retained during the WARC-92 and resulted in the allocation of frequency bands to both
services on a co-primary basis. Some thoughts are now given to the possible relevance of
segmenting the band for independent use by these two services. It would appear that segmenting
these bands would detract from the purpose of maximizing the potential spectrum efficiency that
would otherwise have been gained by having the band used by both services.

System

I II III IV

Overall spectrum requirement (MHz) 10 16 25 50

Spectrum requirement per beam (MHz) 5 16 8 25

Number of satellites per system 2 2 1 2

Main downlink antenna diameter (m) 3 3 20 3

RF output per satellite (kW) 1 1 1.8 1.2

Downlink e.i.r.p. per beam at edge of coverage
(dB(W))

62 57 57 52

Maximum pfd (dB(W/(m2 . 4 kHz)))(1) – 132 – 136 – 126 – 128

Effective link margin (dB) 5.2 16(1) 14(2) 4

(1) The developer of System II bases its estimate of the large effective link margin for
System II on the condition that simultaneous broadcasting of each programme will
be made from each of two satellites at different radio frequencies, and that the
satellites will be positioned 30° apart in geostationary orbit, thereby providing a form
of space, frequency and time diversity using two independent wavefronts arriving
from different directions as seen by the receiver and the nearby environment.

(2) For spot beams, the link margin varies from approximately 8 to 14 dB, depending on
the elevation angle to the satellite.
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The two coverage scenarios given in § 8.4.1 illustrate the advantage of the mixed use of the bands
by both satellite and terrestrial broadcast transmissions as compared to the segmentation of the band
which would result in the use of each segment limited to one service. The spectrum efficiency of the
mixed satellite/terrestrial coverage concept is demonstrated in these two coverage scenarios by the
relatively large areas where the satellite frequency can be re-used by terrestrial broadcasting. Band
segmentation results in loss of spectrum efficiency since it would imply that the two areas where the
same frequency as for the satellite beams could technically be used will not have this capability.
Before implementing the DSB service, the advantages of the mixed satellite/terrestrial approach
should be fully considered prior to deciding on segmenting the band.

The use of the mixed concept implies however that the satellite coverage and frequencies should be
taken into account when implementing terrestrial service. It also implies that the potential increase
in required terrestrial power due to future satellite coverage of neighbouring service areas need to
be taken into account when the terrestrial service is implemented.

8.5 Computer planning methods

8.5.1 Introduction

Conventional broadcast systems, where a single transmitter is utilised to send either an analogue or
digital signal, can readily be modeled and simulated for planning purposes using a variety of
software tools currently found on the market. However, these tools do not lend themselves to model
modern broadcast systems, where multi-carrier modulation techniques such as COFDM allow the
use of on-channel re-transmitters. This is the case with Digital System A.

For such broadcast systems, simply calculating the path loss from each transmission site is not
sufficient. It is important to also consider how the receiver will deal with such multiple signals, for
which relative signal levels as well as time delays must be considered.

This section identifies the features that are desirable for such a planning tool that would be
applicable to terrestrial dedicated-band DSB systems (Digital System A), and also to terrestrial FM
overlaid systems (Digital System C) and hybrid terrestrial/satellite systems.

8.5.2 Hardware platform

Because of computational and display requirements, the software tool should operate on a powerful
and widely available platform for transportability purposes.

8.5.3 Transmitters

The transmitter configurations should be easy to set up, to permit testing of multiple what-if
scenarios.

Time synchronization between the various transmitters should be possible, to allow for single
frequency network configurations.

The software tool should allow investigations of the effects of co-channel and adjacent channel
interference on coverage.

8.5.4 Propagation modelling

A choice of propagation models should be available, starting with the Recommendation
ITU-R P.1546 curves for reference, including its enhancements for wideband signalling and mobile
reception using a 1.5 m antenna height, as well as the proposed augmentation for use at 1.5 GHz. A
more complex propagation model, which accounts for terrain topography (elevation and ground
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cover) to calculate diffraction, is desired to provide more realistic results. It should be noted that
most propagation models of this type tend to underestimate the predicted field strength in
environments with shadowing and large reflecting surfaces, e.g., mountainous areas; a simple
approach to dealing with such environments would be desirable. Other models such as
Okumura/Hata and Longley-Rice are also useful in specific cases.

All models should be valid for the frequency bands in which the DSB system is proposed to
operate. For Digital System A, this means Band I, Band II, Band III, the 1.5 GHz band, the 2.3 GHz
band and the 2.5 GHz band.

To account for the statistical nature of the received signal in the mobile reception environment,
signal distribution modeling must be possible. The Recommendation ITU-R P.1546 curves for
values of service availability other than F (50%, 50%) are not necessarily applicable to wideband
signaling, as in Digital System A. Furthermore, the addition of signals from multiple on-channel re-
transmitters must be done statistically. It is therefore important to allow for a statistical mechanism
external to the propagation model for such signal addition.

It should also be possible to specify channel impulse responses to represent typical channel
signatures in given environments.

8.5.5 Receiver modelling

It should be possible to model the receiver behaviour, including the way in which the guard interval
is synchronised relative to the channel impulse response, and how signals occurring within or
outside of the guard interval are perceived.

Specification of the receiver front-end should be simple but complete, to allow for studies using
different configurations.

8.5.6 Results

Typical results representation, such as field strength, service availability or SNR should be
available, but other representations should also be provided for fine-tuning, among others: network
gain, which depicts the gain achieved by using on-channel re-transmitters or multiple transmitters in
a synchronous SFN, and carrier-to-interference ratio (C/I), which highlights the interference
limitations of a system.

When rolling out a DSB network as an SFN, it is especially useful to be able to display the coverage
of a subset of transmitters in a “sea of interferers”, caused for example by the total number of
transmitters in the final network. In this way, the quoted coverage of the transmitters does not
reduce as more transmitters in the network are commissioned, which can act as interferers.

8.5.7 Analysis tools

Once results are available, easy-to-use interactive tools should be provided for their analysis.

8.5.8 User interface

A graphical user interface with menus and dialogue boxes would offer the most flexibility to the
user.

8.5.9 GIS capabilities

Support for GIS (geographical information system) functionalities is desirable. Use of geographical
and topographical databases, both for display and for calculating the coverage, are useful. The
possibility of exporting results for further processing or integration in documents is also very
desirable.
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CHAPTER 9

SHARING FOR DSB SERVICES

9.1 Protection ratios

In order to establish sharing criteria between DSB networks (i.e., intra-service sharing) and between
DSB networks and other services sharing the same and adjacent bands, protection ratios are
required for the various DSB systems and systems of other services. The following sections identify
the protection ratios that need to be established in order to carry out successful planning and
coordination between these various services.

9.1.1 Intra-service protection ratios

In the case of intra service sharing there is a need to develop protection ratios for the various
terrestrial and satellite systems under consideration.

9.1.1.1 Terrestrial DSB

In the case of terrestrial DSB the following intra-service protection ratios are identified:

– Co-channel and adjacent channel protection ratios for the various frequency bands are
given in Annex A.

– Protection ratios for in-band systems sharing with System A are given in Annex A.

– Protection ratios for in-band systems sharing with System B are given in Annex B.

9.1.1.2 Satellite DSB

In the case of satellite DSB the following intra-service cases of protection ratios have been
identified to cover sharing possibilities:

9.1.1.2.1 System A into System A

Co-channel and adjacent channel protection ratios for this case are given in Annex A.

9.1.1.2.2 Between System A and System B

For System B into System A the co- and adjacent-channel protection ratios are given in Annex A.
Similarly for interference into System B from System A the co- and adjacent-channel protection
ratios are given in Annex B.

9.1.1.2.3 System B into System B

Co-channel and adjacent-channel protection ratios for interference between satellite DSB systems
using System B are given in Annex B.

9.1.1.2.4 Overlaid into Overlaid (In-band DSB systems)

Co-channel and adjacent-channel protection ratios for interference between overlaid systems are
contained in Annex C.

9.1.2 Inter-service protection ratios

In planning DSB services, a number of inter-service protection ratios will be required. In reviewing
the frequency bands available for satellite and terrestrial DSB the following services can be
identified as possible candidates for co- or adjacent-band sharing:
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9.1.2.1 Terrestrial DSB

– Satellite DSB (mixed service)
– Television broadcasting (all systems)
– FM radio
– Mobile services (including military)
– Fixed services (point-to-point and point-to-multipoint)
– Radio astronomy
– Aeronautical (including aeronautical mobile), and
– Fixed satellite.

9.1.2.2 Satellite DSB

– Terrestrial DSB (mixed service)
– Fixed services (point-to-point and point-to-multipoint)
– Mobile (including aeronautical telemetry)
– Passive and active microwave sensors
– Radio astronomy, and
– Space research (EESS) and space operation service
– BSS (community reception).

Co-channel and adjacent-channel protection ratios for these various sharing scenarios are contained
in Annex A for System A, in Annex B for System B and in Annex C for overlaid systems.

9.2 Sharing cases

There are a number of frequency bands being considered for the introduction of terrestrial DSB
(T-DSB) and satellite DSB (S-DSB). For each of these bands a number of sharing scenarios are
envisaged and are summarized below. Specific cases of intra- and inter-service sharing between
DSB services are covered in Annex A (System A), Annex B (System B) and Annex C (overlaid
systems).

9.2.1 Band I

Sharing between T-DSB/T-DSB and terrestrial television (T-DSB) are possible in this band. Also
there may be a requirement in some countries for sharing between T-DSB and fixed and mobile
radio. Some parts of this band are also allocated to amateur services.

9.2.2 Band II

Possible sharing scenarios within this band are:

– T-DSB/T-DSB,
– T-DSB/broadcasting (FM broadcasting), and
– T-DSB/fixed and mobile.

9.2.3 Band III

Possible sharing scenarios within this band are:

– T-DSB/T-DSB,
– T-DSB/television,
– T-DSB/fixed, mobile, aeronautical radio navigation.

Some parts of this band are allocated to amateur services.
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9.2.4 Bands IV/V

This band is mainly used for television broadcasting but in some countries parts of the band are
allocated to fixed, mobile, radio astronomy, and radio navigation on a primary basis.

9.2.5 1452-1492 MHz

Sharing scenarios which may arise in this band are:

– T-DSB/T-DSB,

– T-DSB/S-DSB,

– S-DSB/S-DSB,

– T-DSB and S-DSB/fixed services, and

– T-DSB and S-DSB/mobile, including aeronautical telemetry.

9.2.6 2310-2360 MHz

Sharing scenarios which may arise in this band are:

– T-DSB/T-DSB,

– T-DSB/S-DSB,

– S-DSB/S-DSB, and

– T-DSB and S-DSB shared with fixed services, mobile services (including aeronautical
telemetry) and radiolocation services.

9.2.7 2535-2655 MHz

Sharing scenarios which may arise in this band are:

– T-DSB/T-DSB,

– T-DSB/S-DSB,

– S-DSB/S-DSB, and

– T-DSB and S-DSB shared with fixed services, mobile services (including aeronautical
telemetry), broadcasting satellite (community reception) and fixed satellite services.

9.2.8 Other sharing considerations

9.2.8.1 Implementation of DSB systems prior to WRC-97

Resolution No. 528 (WARC-92) provides a regulatory framework for introducing S-DSB systems
prior to the WRC-97 conference.

Before the services are formally planned, broadcast-satellite systems are restricted to the upper
25 MHz of the appropriate band. Both satellite and terrestrial services will be limited by the need to
avoid interference to established services.

Before a WARC adopts a formal plan for satellite sound broadcasting, it is likely that broadcasters
will want to experiment and possibly provide terrestrial digital sound broadcasting services in the
band. There were many broadcasters at the WARC-92 who saw major opportunities for satellite
sound broadcasting, and who had been developing proposals for services. Other broadcasters were
interested in the chance of implementing services if capacity on satellites became available.

The obvious problem is that there is heavy use of the nominated bands by existing services. Only by
ensuring that there is no interference to other services will the coordination procedures be effective.
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The decision lies with those operating in the top 25 MHz of the new band. As the users vary from
country to country there may be difficulty in the negotiations. This will be exacerbated by the
possible need to find different spectrum for different countries.

The interference levels at which interference is deemed unacceptably high are not yet determined.
The procedures proposed for coordination are those of Resolution No. 703 (WARC-92), i.e., to use
ITU-R Recommendations where appropriate.

Several administrations are considering both terrestrial and satellite DSB services in the same
geographic area. A potentially large signal differential at the receiver may occur between the
satellite service and terrestrial services. This large signal differential could also arise in the
implementation of terrestrial services. This potential problem can be minimized provided the
receivers offer both large dynamic range and low noise figures.

9.2.8.2 Sharing between mobile aeronautical telemetry services (MAT) and fixed services
(FS)

A framework for sharing between the services has proposed that threshold levels be used to
determine the need to coordinate between the two services.

However, there is a very large disparity between the proposed trigger levels and the typical levels
required for DSB.

Mitigation techniques have been proposed to facilitate co-ordination but a study has shown that
except for frequency avoidance, the sum of the improvements expected from these mitigation
techniques will not nearly be sufficient to guarantee that successful coordination can be universally
achieved.

Possible mitigation techniques considered are:

– Orbit location

– Modulation and implementation

– Spectrum spreading

– Receiver performance

– Satellite transmit antenna and coverage area

– HEO BSS (sound) systems

– Frequency avoidance.

Because the threshold levels for triggering co-ordination are approximately 30 to 70 dB below
typical levels being considered for DSB, it is probable that the vast majority of mobile aeronautical
telemetry and fixed service sites that are illuminated will need coordination.

The foregoing comments generally are applicable to sharing of the BSS (sound) with the mobile
aeronautical telemetry service and fixed service (FS). For terrestrial DSB, constraints on sharing
with the MAT and FS are not nearly as severe through the use of several techniques and
furthermore, such sharing would normally be achieved on a bilateral basis.

9.2.8.2.1 Coordination with MAT systems in the 1452-1492 MHz and 2310-2360 MHz bands

Studies on the feasibility of coordinating between systems in the BSS (sound) service and systems
of other services sharing the frequency bands, namely mobile aeronautical telemetry (MAT), fixed
and land mobile systems have been carried out and the conclusions are summarized below.
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A general conclusion applicable to all the cases is that coordination with BSS(S) receivers should
not be a limiting situation since the sharing limitation in the opposite direction will normally be
more constraining.

Considering the large differential in the pfd levels required to provide a BSS (sound) service and
that required to protect MAT systems as specified by the trigger levels to trigger the need for
coordination results in the following conclusions: that sharing is generally not possible; more
specifically:

– co-coverage, co-frequency is not possible;

– in certain cases co-frequency, non co-coverage sharing is possible;

– non co-frequency, co-coverage sharing is possible.

These foregoing conclusions lead to the general conclusion that implementation of BSS (sound)
systems based on successful coordination between a large number of administrations is only
feasible on the assumption that the mitigation technique of frequency avoidance is feasible in
relation to the spectrum available to the two services. Considering the limited spectrum available to
the BSS (sound) service and the large number of MAT systems that will require coordination
frequency avoidance by the BSS (sound) would be a major constraint on the provision of services
and could only be considered as a last resort.

9.2.8.2.2 Coordination with fixed systems in the 1452-1492 MHz, 2310-2360 MHz and
2535-2655 MHz Bands

Studies on coordination requirements between BSS (sound) and the fixed systems lead to the
following conclusions:

– the threshold levels specified to trigger coordination are significantly below the maximum
pfd levels required to provide a BSS (sound) service;

– although the mitigation technique of orbit avoidance could result in a 10-15 dB relaxation,
this mitigation technique is not considered to be practical for general application and is not
applicable for point-to-multipoint fixed systems which use omni-directional antennas;

– that frequency avoidance is the only practical method to insure successful coordination in
all cases. However as in the MAT case, frequency avoidance by BSS (sound) systems of
Fixed assignments within the BSS (sound) bands would result in major limitations in the
provision of the BSS (sound) service and should only be considered as a last resort.

These conclusions apply to sharing with GSO BSS (sound) systems. The development of new
models and sharing criteria is required to evaluate the feasibility of coordinating between fixed
systems and BSS (sound) HEO systems.

9.2.8.2.3 Coordination with LMS in the 1452-1492 MHz Band

Use of the 1 452-1492 MHz band by the LMS is currently limited to one administration. With this
situation and considering a threshold limit to trigger coordination of –150 dB(W/(m2 . 4 kHz)),
sharing between the BSS (sound) and LMS may be currently possible by use of the following
mitigation techniques:

– Frequency avoidance whereby the LMS avoids the use of the portions of the band used by
the BSS (sound) in nearby geographical areas;

– Geographical separation of the BSS (sound) and LMS service areas. This may be currently
feasible due to the relatively high coordination trigger level specified combined with the
limited geographical use of the band by the LMS.
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In conclusion, although successful bilateral coordination between affected administrations may be
currently possible using the above mitigation techniques, any increase in the use of the LMS in this
shared band could modify this conclusion.

9.2.8.3 Geographical sharing considerations

Geographical sharing may be used to resolve some difficult sharing situations. In such cases, co-
located sharing of a given frequency band between the two concerned services is not possible: in
contrast, for sharing to take place between networks of the two services in question, a geographical
separation of the service areas of the two networks is required. When both of the services in
question are terrestrial in nature, the geographical separations required may be in the tens to
hundreds of kilometres in the UHF portion of the radio spectrum. In contrast, when one of the
services is a space service, in this case the broadcasting-satellite service (sound), the separation
required may be in hundreds to thousands of kilometres.

The concept of geographical sharing between the sound broadcasting satellite service and a
terrestrial service is dependent on the permissible flux level from the sound-broadcasting satellite
space station into the terrestrial network. The actual level is determined by the power flux-density
needed in the service area of the sound broadcasting satellite service and the required level of
protection to the terrestrial service. The difference between these two levels will determine the
amount of isolation between the two services to operate without undue interference to the terrestrial
service. This isolation can be provided by the discrimination of the satellite transmitting antenna if
the service area of the terrestrial service is located far enough from the satellite beam coverage. In
situations where required separation distances are small, interference from the terrestrial network
into sound BSS receivers should also be considered.

Several administrations are considering sound-broadcasting services, both for terrestrial and
satellite services in the same geographic area. A potential conflict between satellite services and
terrestrial services can be minimized by ensuring that the receivers offer both large dynamic range
and low noise figures. This is particularly relevant for administrations considering implementing
both S-DSB and T-DSB in a mixed service configuration.

Appendix Y deals with satellite transmitting antenna technologies and indicates that better side lobe
rejection will be possible in the future by the use of fast roll-off antennas and that the reference
pattern used at the WARC-77 to plan the BSS as 12 GHz, suitably translated into the
500-3000 MHz range, could be realistically assumed.

Table 44 gives the separation distances needed for different required antenna discriminations for the
minimum case where the satellite beam covers an area close to the satellite sub-point; and for the
maximum cases where the beam is directed away from the satellite sub-point and the location where
the interference occurs is just at the edge of the Earth where the interfering signal from the satellite
arrives at 0° elevation angle. These separation distances indicate the radius around the centre of the
beam beyond which there is enough discrimination from the satellite antenna alone to allow
frequency reuse by other services.

From the distances found above, geographical sharing can be applied to all cases of sharing where
additional isolation beyond what is available from the receiving antenna is found to be necessary in
order to allow operation of the sound BSS without affecting terrestrial services. This results in given
separation distances for each specific case of sharing.
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TABLE 44

Range of required separation distances on the Earth from the sound BSS beam centre to
ensure a given satellite antenna discrimination for 1°°°° and 2°°°° antenna beamwidths

9.2.8.4 Between GSO and non-GSO systems

As indicated in earlier sections, there is a need to ensure that services (up and downlinks) do not
interfere with each other or with terrestrial digital sound broadcasting services. Broadcasting from
GSO and non-GSO satellites is technically feasible, but the main concern is whether they can
coexist.

In simple theory, any plan developed for a GSO system can be modified to include non-GSO
satellites. Because of the changes in geometry, there is likely to be less interference to many areas
of the globe. Some places with satellites on the radio horizon may be adversely affected. Also, the
fact that the interference will vary in time needs to be considered. As a consequence careful
attention needs to be paid to the regulatory provisions for non-GSO satellites.

Resolution No. 46 (Rev.WRC-97) dealt with a similar problem but for mobile-satellite services.
This Resolution offers a procedural method which does not directly address the technical points. As
a consequence, some additional topics may need to be included for a method which can be adopted
for satellite broadcasting

9.2.8.5 Interference protection for BSS (sound) systems

Each of the three frequency bands allocated by WARC-92 to the BSS (sound) and the terrestrial
broadcast service for DSB is also allocated to other services. Thus, in developing criteria for shared
use of these frequency bands, it will be necessary to take into account relevant protection criteria for
both DSB and systems in existing services; the services in question may vary from one
administration to another. Such protection criteria exist, or is in various stages of development for
many of the existing services in the bands allocated to the BSS (sound).

A variety of DSB systems have been studied and are reported in relevant ITU-R publications which
are designed to meet a variety of audio quality and service demands. The type of service and the
desired audio quality to be achieved for each system will affect the required received signal power,
the channel bandwidth, and the bit-error ratio required in order to achieve the desired quality of
service; these factors in turn determine the allowable level of interfering power which can be
tolerated. Therefore, the development of appropriate sharing criteria for DSB systems must take
into account the type of service and the level of sound quality to be achieved.

An approach to determining the interfering power-flux density limits at the edge of a BSS (sound)
service area needed to protect BSS systems from terrestrial services interference is described below.

Separation distance
(km)

ϕϕϕϕ0 ==== 1°°°° ϕϕϕϕ0 ==== 2°°°°

Required antenna
discrimination

(dB) Off-axis angle
(x ϕϕϕϕ0)

Minimum Maximum Minimum Maximum

3 0.5 312 2 108 624 2 965
10 0.91 570 2 835 1 142 3 990
20 1.29 807 3 362 1 620 4 742
30 1.58 989 3 716 1 988 5 251

30.1 3.19 2 007 5 275 4 098 7 578
35 5.01 3 183 6 655 6 740 9 876
40 7.94 5 183 8 573 12 938 14 464
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The limiting power-flux density not to be exceeded at the edge of the BSS service area is given by
the formula:

Fs = Ftqp – Rq + D + P – Mr – Mi (12)

where:

F : maximum permissible interfering power-flux density (dB(W/m2)) within the
necessary bandwidth of the broadcast satellite

Ftqp : minimum wanted power-flux density (dB(W/m2)) at the edge of the service area
within the necessary bandwidth of the broadcast satellite (i.e., the pfd which, in
the face of thermal noise only, yields an output signal quality, q, that is to be
exceeded some high percentage of the time, p)

Rq : protection ratio (dB) between the wanted and interfering signals at the receiver
input for barely detectable interference when the output signal quality has been
degraded by the thermal noise to q (Rq is dependent on both the RF bandwidths
and power spectra of the wanted and interfering signals and on any frequency
offset between the corresponding carriers)

D : angular discrimination (dB) against the interfering signal provided by the
radiation pattern of the broadcasting satellite receiving antenna

P : discrimination (dB) against the interfering signal due to polarization of the
receiving antenna

Mr : margin (dB) for possible ground reflection of the interfering signal

Mi : margin (dB) for possible multiple interference entries.

Equation (12) may not be valid when the satellite signal arrives near grazing incidence. In this case
an additional margin must be included. It should also be noted that further study is needed to
determine the appropriateness of equation (12) for vehicular and portable reception. In this case a
statistical approach may be required (e.g., a correlation factor relating the relative fading of the
wanted and interfering signals as a function of percentage of locations and/or time.

The limit on interfering power-flux density given by equation (12) ensures that the output signal
quality at the BSS (sound) receiver will be equal to 2, even when the power-flux density of the
system has faded to the minimum level, Ftqp. During p% of the time, the power-flux density of the
system will be higher than Ftqp and the output signal quality will be higher than q.

Note that Rq is the overall protection margin for the BSS (sound) service and will be made up of
many contributions due to inter- and intra-service sharing. It still remains to partition the overall
interference allowance among these various sources.

Assuming that margins Mr and Mi are included in the overall interference margin used to determine
R'q, equation (12) reduces to:

Fs = Ftgp – R'q + D + P (13)

Given sufficient information to calculate the required wanted system power-flux densities and the
required interference protection ratios, equation (13) can be used to calculate power-flux density
limitations, Fs, which would protect BSS (sound) systems from harmful interference from terrestrial
transmitters. The power flux-density of the terrestrial system at a BSS (sound) receiver is a function
of the equivalent isotropic radiated power of the terrestrial transmitter in the direction of the BSS
receiver and the spreading loss, which is dependent on the path length, plus other terrain related
factors. Required separation distances between terrestrial transmitters and BSS (sound) receivers
can then be calculated.
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The relatively high power flux-density levels required for BSS (sound) systems complicate the task
of arriving at suitable sharing criteria for all services. High power flux-density levels are required,
in part, to provide sufficient margin to overcome deep fades due to blockage by buildings and
foliage. Diversity techniques, such as frequency, space and time diversity, can be used to reduce the
effect of the fade, thereby lowering the required margin. Greater use of co-channel terrestrial gap-
filler transmitters (hybrid systems) could also reduce the margin required to overcome shadowing.

Another factor influencing the high power flux-density requirement is the low-gain (and therefore
minimal discrimination) of the BSS (sound) receiving antenna, particularly for vehicular reception.
Advanced antenna technologies, such as electronically steerable phased array antennas, could
provide higher gain to reduce the required levels of power-flux density. Also, means for reducing
the sensitivity of BSS (sound) receivers to horizontal interference could be developed.

Finally, frequency interleaving and/or spectrum avoidance in portions of the allocated bands could
be used to facilitate sharing with existing services. Such techniques could, however, impact the
number of programme channels available to a given service area.





- 145 -

CHAPTER 10

SATELLITE ORBITS

Three categories of satellite orbits are briefly reviewed in this Chapter with respect to their
characteristics as related to sound broadcasting from satellites: geostationary orbits, highly inclined
elliptical orbits, and low earth orbits.

10.1 Geostationary orbits (GSO)

With few exceptions at the moment, non-defence related communication satellites utilize the
geostationary orbit located at an altitude of approximately 36000 km above the equator. At this
altitude, with some expenditure of fuel during the operational lifetime of a satellite in this orbit, the
satellite will appear to be stationary from a given location on the earth’s surface. As a consequence,
both uplink and downlink directional antennas can stay fixed in azimuth and elevation.

Broadcasting-satellite service (sound) direct broadcasting to receivers presupposes, in the worst
case, non-directional mobile receiver antennas. Also, for indoor reception there will in general not
be any direct, unobstructed line-of-sight to the satellite. Indeed, propagation measurements, as
represented by summaries in Appendix X for reception inside buildings, clearly illustrate the
“standing wave” radiation patterns inside rooms. These patterns are not necessarily closely linked to
the incoming plane wave radiation from the satellite, or from the reflected signals, for example, in a
high-rise building area before “entry” into the room.

For the reasons stated above, “fixed location” geostationary satellites are well-suited to BSS (sound)
applications. Downlink beams can be shaped to the desired broadcast areas and, with minimal
station-keeping, can stay fixed in coverage. The electromagnetic energy goes where it is intended
to go.

To save station-keeping fuel, in recent years many communication satellites are permitted to wander
somewhat from a tightly controlled geostationary location. Such orbits are known as “slightly
inclined” orbits. The satellite is permitted “north/south” drifting of the order of a few degrees. The
orbit is still a geosynchronous orbit with a period of 24 hours. However, the drift permitted reduces
station-keeping fuel requirements considerably.

Slightly-inclined geosynchronous orbits pose no real problem for BSS (sound). The downlink
coverage, if large enough, will essentially stay “on target” with the planned broadcast areas. If, as is
the case with one proposal for the U.S., the downlink beams are very narrow (about 0.5°), then rigid
station-keeping or tight orientation control of the satellite will be needed.

10.2 Highly inclined elliptical orbits (HEO)

During the past two decades, operators have generally concentrated on using the geostationary
satellite orbit for the emission of satellite signals to and from Earth. Such orbits provide continuous
coverage of the Earth with little satellite movement being perceived from the ground. At high
latitudes the satellite is, however, seen at low elevation angles.

Satellite elevation angle is a major factor in planning systems and its impact is particularly
important in northern latitudes where significant population centers are to be found above 40° N.
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Recently, development has reached the stage that it has been possible to consider systems that
would permit communications with and broadcast to land mobile stations or receivers. Essentially,
the problem has been to compensate for the low performance of the mobile equipment, since such
systems, particularly those for broadcasting, would have very large user populations and so must be
kept simple. In addition, it is impossible to accommodate large antennas on the mobile station. And,
with decreasing elevation, satellite blockage by buildings and the terrain start to become dominant
factors in link budgets.

For these reasons a number of organizations decided to look again at the use of alternatives to the
geostationary satellite orbit, taking as a starting point those orbits used for the Molniya system.

While there are many classes of elliptical orbit, those studied in greatest detail are those that have
most utility in Europe, which is assumed for planning purposes to have a latitude range of 35° N to
70° N. They fall into two classes which are characterized by perigee height and as a consequence
whether or not they transit the Van Allen belts.

The first class of orbits, which have an equivalence to the Molniya system, have typical apogee and
perigee heights of 11500 and 39000 km, respectively, and an orbital period of 12 h. A system based
on this highly elliptical orbit (HEO) would typically consist of three satellites operational for eight
hours each. All satellites would transit the Van Allen belts twice per orbit and special measures
would have to be taken to protect satellite components. With such a system, elevation angles in
excess of 60° could be maintained over the service area. From the geometry of the orbit, a second
coverage area may be exploitable at a longitudinal difference of 180°.

In a second class of orbit, the perigee and apogee heights are respectively 26,000 and 46,000 km,
giving a 24 h orbital period. In such a configuration, called “Tundra”, a minimum of two satellites
would be required for continuous coverage. No second coverage area is exploitable. For both
classes of orbit the inclination will be approximately 63°.

A major system difference between geostationary satellites and HEO based systems arises due to
the need to transfer traffic between satellites entering and leaving the satellite coverage area. The
system design must achieve this handover even though it is probable that satellite range will be
different for each satellite and that each satellite will have a significant and different Doppler shift.

In most, if not all HEO applications, single shaped or clustered spot beams will be used. Due to the
range difference over the operational period of the orbit, the coverage at the Earth’s surface for a
given angular antenna beam will vary.

To maintain a constant 3 dB coverage on the Earth, a reconfigurable or zoom antenna, with a
variable beamwidth, is required. Alternatively, a fixed beamwidth antenna can provide a constant
power flux-density over a certain range at the edge of the coverage area by using the beam-edge
gain slope to compensate for the difference in path loss.

Aside from the zooming effect, certain satellite configurations, e.g., Nadir pointing, will lead to a
rotation and depointing of non-circular or clustered spot beams. This effect, analogous to a slow
transition between cells for a cellular system, may be unacceptable for applications where coverage
is tailored to a country or a region, such as broadcasting.

While a mechanical solution may be adopted to compensate for the rotation and depointing effect,
phased array techniques will generally be employed to compensate for zooming effects. With a
phased array, rotation and depointing could also be corrected.
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As far as the link budget is concerned, the highly inclined orbits have the following advantages for
high latitude countries, due to the increased angle of elevation:

– a reduction of the link margin due to smaller multipath and shadowing effects; and

– the possibility to use a slightly higher gain receiving antenna.

10.2.1 European study

A system called “Archimedes” was studied by the European Space Agency. A Molniya-type system
was selected for this study on the basis of lowest cost for European application. In this system, four
spacecraft are placed in highly elliptical orbits inclined at approximately 63° with a 12-hour period.
Each spacecraft is placed in a separate orbital plane so that the four orbital planes are spaced at 90°.
Each of the spacecraft is active for six hours over the desired European coverage region, returning
24 hours later.

10.3 Comparison of satellite orbits for the provision of BSS (sound) for high and medium
latitude countries

The elevation angle available for a given satellite DSB service depends on the service location on
Earth, but also on the satellite orbit used. A commonly used orbit for communication satellites is the
circular Geostationary Orbit (GSO), which can provide medium to high elevation angles at latitudes
below 45°, depending on the relative satellite longitude. However, for medium and higher latitudes,
Highly-inclined Elliptical Orbit (HEO) can provide an elevation angle advantage over GSO.

With a single GSO satellite system serving large area high latitude countries such as Canada, a
central position relative to the service area will result in elevation angles ranging from 10° to 40°
for most of the service area. With a two GSO satellite system, where both satellites are located such
as to maximize the elevation angles in their respective coverage zones, e.g., east and west halves of
the service area, the elevation angles remain in the order of 20° to 40° for most of the service area.

For the HEO system, an orbit inclination of 63° has been considered, with six satellites on orbital
planes separated by 60° and each having a 4-hour active period. The handover between satellites
can be performed at any time, but has to be optimized to guarantee the highest possible elevation
angles, with minimal variation in time. An optimization of the apogee sub-point for high latitude
areas of interest can result in elevation angles always exceeding 50°.

HEO systems having an orbit inclination of 40° to 50° have also been considered as one of the
systems suited for medium latitude countries. This type of HEO system consists of three to five
satellites on orbital planes with equal angular separation (i.e. 360° divided by the number of orbit
plane) each having about a 5 to 8 hour active period depending on the number of satellites.

An optimization of the apogee point for a service area located in medium latitude regions from
approximately 25 to 50° North (or South) latitude and a longitude range of approximately 25° result
in elevation angles always exceeding 70°.

On the basis of elevation angle only, HEO does offer an advantage over GSO in medium and high
latitude countries. The importance of maximizing elevation angles in the service area is to ensure a
fade margin requirement at the satellite that is as small as possible.
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10.4 Other orbits (e.g., Low Earth Orbits, LEO)

A number of organizations are planning to provide mobile satellite services using circular satellite
orbits that are greatly inclined to the equator and that have altitudes much lower than the
geostationary altitude. Most of them have orbit altitudes on the order of 1000 km (approximately a
2-hour orbital period). There are also proposals for satellite altitudes around 10000 km (about a
6-hour orbital period). These orbits are very attractive for a mobile satellite service (for example,
telephony) provided a dense enough satellite configuration is launched. One proposed system will
employ 66 satellites, for example, in near-polar orbits.

The situation with a satellite sound broadcasting service, however, is different. Broadcasting
capacity requirements, in terms of aggregated bandwidth (or bit rate) needs, are much wider than
those possible via small satellites; coverage areas per satellite for the 1000 km altitude systems are
very small. In short, broadcasting is not well-matched to low earth orbit solutions.

A series of studies was conducted several years ago in the U.S. to study, among other things, the
effectiveness of many types of non-geostationary orbits for BSS(sound). Although it is possible to
design systems utilizing “sun synchronous” orbits of, say, 2-hour or 4-hour orbital periods of zero
deg. equatorial inclination, in all cases the complexity and cost per broadcast hour were
unattractive.
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CHAPTER 11

FEEDING TRANSMITTER STATIONS WITH DSB SIGNALS

11.1 Distribution of DSB signals to one or more transmitting stations

Digital sound broadcasting services produced by the service provider are to be distributed to one or
several transmitting stations. The distribution link should ideally not introduce any degradations to
the distributed signal. Usually, digital links of N times 64 kbit/s are used for this purpose, where N
depends on the gross data rate of the audio and associated data. In some cases, limited channel
protection of the audio and data may be required.

11.2 Distribution of multi-programme signals to transmitting stations

The structure of the distribution network largely depends on the type of audio system used. In the
case of a single-channel-per-carrier (SCPC) system, the distribution of the audio signal and the
associated data is conventional. In the case of a multi-programme system (e.g., Digital System A),
an additional nodal point between the studio and transmitters is required to assemble the various
audio and data signals into an “ensemble” signal. This nodal point is called the ensemble
multiplexer.

The ensemble multiplexer is operated by an ensemble provider who manages the data capacity of
the complete ensemble based on the information about different services from many different
service providers. The ensemble is passed to the transmission network provider who is responsible
for emitting the ensemble.

The interface between the ensemble provider and the transmission network provider is known as the
ensemble transport interface. It allows the efficient distribution of signals from the ensemble
multiplexer to the modulators and transmitters of the transmission network provider.

Details of feeding transmitting stations with a Digital System A signal are given in Annex A.

Caution must be paid in case the distribution network includes a cascade of several audio codecs.
As shown in § 6.1, cascading may lead to audio quality impairments.
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CHAPTER 12

WEB SITES FOR UP-TO-DATE INFORMATION ON DSB
IMPLEMENTATION

In order to get up-to-date information on the various DSB development and implementation
projects taking place in various places in the world, a list of Internet Web site has been assembled
and presented below:

Canada: http://www.digitalradio.ca/

http://www.magi.com/~moted/dr

France: http://www.dabfrance.com/site.htm

Japan: http://www.nhk.or.jp/strl/index-e.html

Singapore http://www.sba.gov.sg/

Sweden: http://www.teracom.se/

Switzerland: http://www.dab.ch/

http://www.ebu.ch/

United Kingdom: http://www.dabdirectory.co.uk/

http://www.bbc.co.uk/digitalradio

http://www.dab.org/

http://www.digitalone.co.uk/

USA: http://www.ibiquity.com/

http://www.nab.org/

http://www.lucent.com/ldr

http://www.worldspace.com/

http://www.siriusradio.com/

WorldDAB: http://www.worlddab.org/

http://www.digitalradio.ca/
http://www.magi.com/~moted/dr
http://www.dabfrance.com/site.htm
http://www.irt.de/irt/indexa-z.htm
http://www.iis.fhg.de/dab/projects/eu147dab/index.htm
http://www.nhk.or.jp/strl/index-e.html
http://www.sba.gov.sg/
http://www.teracom.se/
http://www.dab.ch/
http://www.ebu.ch/
http://www.dabdirectory.co.uk/
http://www.bbc.co.uk/digitalradio
http://www.dab.org/
http://www.digitalone.co.uk/
http://www.ibiquity.com/
http://www.nab.org/
http://www.lucent.com/ldr
http://www.worldspace.com/
http://www.siriusradio.com/
http://www.worlddab.org/
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CHAPTER 13

LIST OF ACRONYMS

AFD Average Fade Duration

AM Amplitude Modulation

ARIB Association of Radio Industries and Business (Japan)

AWGN Additive White Gaussian Noise

Band II 87.5 to 108 MHz (FM sound broadcasting band)

BS (sound) Broadcasting Service, sound

BSS (sound) Broadcasting Satellite Service, sound

CD Compact Disc

CDM Code Division Multiplex

CEPT Commission Européenne des Postes et Télécommunications

Codec Ensemble of encoder and decoder (e.g., audio codec)

COFDM Coded Orthogonal Frequency Division Multiplex

DAB Digital Audio Broadcasting

DAT Digital Audio Tape

DGPS Differential Global Positioning System

DSB Digital Sound Broadcasting

e.i.r.p. effective isotropic radiated power

e.r.p. effective radiated power (referenced to an antenna dipole)

ESA European Space Agency

Eureka-147 European Commission Project under which Digital System A was
developed (standardized as ETS 400 301)

FFT Fast Fourier Transform

FM Frequency Modulation

GIS Geographical Information System

GPS Global Positioning System

GSO Geostationary orbit

HAAT Height Above Average Terrain

HEO Highly-inclined Elliptical Orbit

IBiquity US organization responsible for the completion of the development of
Digital System C

IBOC In-Band On-Channel, see Annex C

VHF/FM 87.5 to 108 MHz band used for FM sound broadcasting

ISDB Integrated Services Digital Broadcasting, see Annex F

ISDB-TSB Integrated Services Digital Broadcasting – Terrestrial for Sound
Broadcasting, see Annex F

ISO/MPEG International Standards Organization/Moving Picture Expert Group
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ITU-R International Telecommunication Union, Radiocommunication Bureau

IVHS Intelligent Vehicle Highway System

JPL Jet Propulsion Lab, California

L-band 1-2 GHz frequency range, old US military frequency band denomination

LCR Level Crossing Rate

LEO Low Earth Orbits

LGM Loop Gain Margin

LOS Line-of-Sight

MPEG Moving Picture Expert Group (ISO)

NICAM 728 Standard for transmission of PCM digital Audio

OCR On-Channel Repeater

PCM Pulse Coded Modulation

PDA Personal Digital Assistant

pfd power-flux density

PROSAT ESA Experimental satellite project

QPSK Quadrature Phase Shift Keying

MSK Minimum phase Shift Keying

QPRS Quadrature Partial Response Signaling

RARC-83 Regional Administrative Radio Conference, Geneva, 1983 (Planned the
Region 2 TV BSS at 12 GHz)

RDS Radio Data Service, standard to add basic data services to FM
broadcasting

SCPC Single-Channel-Per-Carrier

S-DAB Satellite Digital Audio Broadcasting

S-DARS Satellite Digital Audio Radio Service (US BSS (sound) systems)

SFN Single Frequency Network

SI Multiplex Service Information (see Annex A)

Sirius Radio One of the US S-DARS or BSS (sound) systems

T-DAB Terrestrial DAB

TDRSS Tracking and data relay system satellite

TII Transmitter Identification Information

TMC Traffic Information Channel

UHF Ultra-High Frequency range (300-3000 MHz)

VHF Very-High Frequency range (30-300 MHz)

VHF/FM FM broadcasting band in the VHF range (87.5-108 MHz)

VOA Voice of America

WARC’92 ITU World Administrative Radio Conferences, Torremolino, 1992

WARC-ORB’88 ITU World Administrative Radio Conferences for satellite orbit
considerations, Geneva, 1988

WorldSpace Organization which developed Digital System D
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ANNEX  A 
 

DIGITAL  SYSTEM  A 

TERRESTRIAL  AND SATELLITE  DIGITAL  SOUND 
BROADCASTING  USING  COFDM  (EUREKA-147) 

A.1 System description 

A.1.1 Introduction 

Digital System A (referred to as “the System” in this annex) is designed to provide high-quality, 
multi-service digital sound broadcasting for reception by vehicular, portable and fixed receivers. It 
is designed to operate at any frequency up to 3 000 MHz for terrestrial, satellite, hybrid (satellite 
and terrestrial), and cable broadcast delivery. The System is also designed as a flexible, 
general-purpose Integrated Services Digital Broadcasting (ISDB) system which can support a wide 
range of source and channel coding options, sound-programme associated data and independent 
data services, in conformity with the flexible and broad-ranging service and system requirements 
given in Recommendations ITU-R BO.789 and BS.774, supported by Reports ITU-R BS.1203 and 
BO.955. 

The system is a rugged, yet highly spectrum- and power-efficient sound and data broadcasting 
system. It uses advanced digital techniques to remove redundancy and perceptually irrelevant 
information from the audio source signal, then it applies closely-controlled redundancy to the 
transmitted signal for error correction. The transmitted information is then spread in both the 
frequency and time domains so that a high quality signal is obtained in the receiver, even when 
working in conditions of severe multipath propagation, whether stationary or mobile. Efficient 
spectrum utilization is achieved by interleaving multiple programme signals and a special feature of 
frequency reuse permits broadcasting networks to be extended, virtually without limit, using 
additional transmitters all operating on the same radiated frequency. 

A conceptual diagram of the emission part of the System is shown in Fig A.1. 

Digital System A has been developed by the Eureka 147 (DAB) Consortium and is known as the 
Eureka DAB System. It has been actively supported by the European Broadcasting Union (EBU) in 
view of introducing digital sound broadcasting services in Europe in 1995. Since 1988, the System 
has been successfully demonstrated and extensively tested in Europe, Canada, the United States and 
in other countries worldwide. The full system specification is available as a European 
Telecommunications Standard ETS 300401. 

A.1.2 Use of a layered model 

The System is capable of complying with the ISO Open System Interconnection (OSI) basic 
reference model described in ISO 7498 (1984). The use of this model is recommended in 
Recommendation ITU-R BT.807 and Report ITU-R BT.1207, and a suitable interpretation for use 
with layered broadcasting systems is given in the Recommendation. In accordance with this 
guidance, the System will be described in relation to the layers of the model, and the interpretation 
applied here is illustrated in Table A.1. 
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Descriptions of many of the techniques involved are most easily given in relation to the operation of 
the equipment at the transmitter, or at the central point of a distribution network in the case of a 
network of transmitters. 

The fundamental purpose of the System is to provide sound programmes to the radio listener, so the 
order of sections in the following description will start from the application layer (use of the 
broadcast information), and proceed downwards to the physical layer (the means for radio 
transmission). 

A.1.3 Application layer 

This layer concerns the use of the System at the application level. It considers the facilities and 
audio quality which the System provides and which broadcasters can offer to their listeners, and the 
different transmission modes. 

A.1.3.1 Facilities offered by the system 

The System provides a signal which carries a multiplex of digital data, and this conveys several 
programmes at the same time. The multiplex contains audio programme data, and ancillary data 
comprising Programme-Associated Data (PAD), Multiplex Configuration Information (MCI) and 
Service Information (SI). The multiplex may also carry general data services which may not be 
related to the transmission of sound programmes. 

In particular, the following facilities are made available to users of the System: 

– the audio signal (i.e., the programme) being provided by the selected programme service; 

– the optional application of receiver functions, for example dynamic range control, which 
may use ancillary data carried with the programme; 

– a text display of selected information carried in the SI. This may be information about the 
selected programme, or about others which are available for optional selection; 

– options which are available for selecting other programmes, other receiver functions, and 
other SI; 

– one or more general data services, for example a Traffic Message Channel (TMC). 

The System includes facilities for conditional access, and a receiver can be equipped with digital 
outputs for audio and data signals. 

A.1.3.2 Audio quality 

Within the capacity of the multiplex, the number of programme services and, for each, the 
presentation format (e.g., stereo, mono, surround-sound, etc.), the audio quality and the degree of 
error protection (and hence ruggedness) can be chosen to meet the needs of the broadcasters. 

The following range of options is available for the audio quality: 

– very high quality, with audio processing margin; 

– subjectively transparent quality, sufficient for the highest quality broadcasting; 

– high quality, equivalent to good FM service quality; 

– medium quality, equivalent to good AM service quality; 

– speech-only quality. 



- 173 - 

FIGURE  A.1 

Conceptual diagram of the transmission part of the system 
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The System provides full quality reception within the limits of transmitter coverage; beyond these 
limits reception degrades in a subjectively graceful manner. 

TABLE  A.1 

Interpretation of the OSI layered model 

 

A.1.3.3 Transmission modes 

The system has four alternative modes which allow for the use of a wide range of transmitting 
frequencies up to 3 GHz. These transmission modes have been designed to cope with Doppler 
spread and delay spread, for mobile reception in presence of multipath echoes and active echoes 
created by co-channel gap-fillers, coverage extenders or re-transmitters in a single frequency 
network. 

Table A.2 gives the constructive echo delay and nominal frequency range for mobile reception. The 
noise degradation at the highest frequency and in the most critical multipath condition occurring 
infrequently in practice, is equal to 1 dB at 100 km/h. 

From this table, it can be seen that the use of higher frequencies imposes a greater limitation on the 
maximum echo delay. Mode I is most suitable for a terrestrial single-frequency-network (SFN) in 
the VHF range , because it allows the greatest transmitter separations. Mode II is most suitable for 
local radio applications requiring one terrestrial transmitter, and hybrid satellite/terrestrial 
transmission up to 1.5 GHz. Mode II can also be used for a medium-to-large SFN (at 1.5 GHz). 
Mode III is most appropriate for satellite and complementary terrestrial transmission at all 
frequencies up to 3 GHz. Mode III is also the preferred mode for cable transmission up to 3 GHz. 

Name of layer Description Features specific to the System 

Application layer Practical use of 
the system 

System facilities 
Audio quality 

Transmission modes 

Presentation layer Conversion for 
presentation 

Audio encoding and decoding 
Audio presentation 
Service information 

Session layer Data selection Programme selection 
Conditional access 

Transport layer Grouping of data 

Programme services 
Main service multiplex 

Ancillary data 
Association of data 

Network layer Logical channel ISO audio frames 
Programme associated data 

Data link layer Format of the 
transmitted signal 

Transmission frames 
Synchronization 

Physical layer Physical (radio) 
transmission 

Energy dispersal 
Convolutional encoding 

Time interleaving 
Frequency interleaving 

Modulation by 4-DPSK OFDM 
Radio transmission 



- 175 - 

A new mode IV, bridging the gap between modes I and II, which is also optimized for operation at 
1.5 GHz has been added with key values in a binary relationship to the previously developed 
modes. This mode provides for a longer constructive echo delay for easier SFN implementation, 
while keeping the effect of the Doppler spread at high vehicle speed within reasonable bounds 
(see § A.9). The benefit of a longer constructive delay has also been identified for the case of 
terrestrial co-channel re-transmitters used to supplement a satellite DSB service in a hybrid 
operation (see § 3.2.2 of the main report). A larger guard interval results in a smaller number of 
terrestrial re-transmitters needed for a given area of coverage to be supplemented. 

Comparative values for the four modes are given in Tables A.2 and A.3. 

TABLE  A.2 

Constructive echo delay and nominal frequency range 
for mobile reception 

 

A.1.4 Presentation layer 
This layer concerns the conversion and presentation of the broadcast information. 

A.1.4.1 Audio source encoding 
The audio source encoding method used by the System is ISO/IEC MPEG-Audio Layer II, given in 
ISO Standard 11172-3. This sub-band coding compression system is also known as the MUSICAM 
system. 

The System accepts a number of PCM audio signals at a sampling rate of 48 kHz with programme-
associated data (PAD). The number of possible audio sources depends on the bit rate and the error 
protection profile. The audio encoder can work at 32, 48, 56, 64, 80, 96, 112, 128, 160 or 192 kbit/s 
per monophonic channel. In stereophonic or dual channel mode, the encoder produces twice the bit 
rate of a mono channel. 

The different bit rate options can be exploited by broadcasters depending on the intrinsic quality 
required and/or the number of sound programmes to be provided. For example, the use of bit rates 
greater than or equal to 128 kbit/s for mono, or greater than or equal to 256 kbit/s for a stereo 
programme, provides not only very high quality, but also some processing margin, sufficient for 
further multiple encoding/decoding processes, including audio post-processing. For high-quality 
broadcasting purposes, a bit rate of 128 kbit/s for mono or 256 kbit/s for stereo is preferred, giving 
fully transparent audio quality. Even the bit rate of 192 kbit/s per stereo programme generally fulfils 
the EBU requirement for digital audio bit-rate reduction systems. A bit rate of 96 kbit/s for mono 
gives good sound quality, and 48 kbit/s can provide roughly the same quality as normal AM 
broadcasts. For some speech-only programmes, a bit rate of 32 kbit/s may be sufficient where the 
greatest number of services is required within the system multiplex. 

A block diagram of the functional units in the audio encoder is given in Fig. A.2. The input PCM 
audio samples are fed into the audio encoder. One encoder is capable of processing both channels of 
a stereo signal, although it may, optionally, be presented with a mono signal. A polyphase filter 
bank divides the digital audio signal into 32 sub-band signals, and creates a filtered and sub-ampled 
representation of the input audio signal. The filtered samples are called sub-band samples. A 

Parameter Mode I Mode II Mode III Mode IV 

Guard interval duration: 246 µs 62 µs 31 µs 123 µs 
Constructive echo delay up to: 300 µs 75 µs 37.5 µs 150 µs 
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perceptual model of the human ear creates a set of data to control the quantizer and coding. These 
data can be different, depending on the actual implementation of the encoder. One possibility is to 
use an estimation of the masking threshold to obtain these quantizer control data. Successive 
samples of each sub-band signal are grouped into blocks, then in each block, the maximum 
amplitude attained by each sub-band signal is determined and indicated by a scale factor. The 
quantizer and coding unit creates a set of coding words from the sub-band samples. These processes 
are carried out during ISO audio frames, which will be described in the network layer. 

System A has been refined to include a low bit-rate coding fully compliant with ISO/IEC MPEG 1 
Audio Layer II developments. This provides for use of 24 kHz audio sampling rate (in addition to 
the original 48 kHz sampling rate) with 48 ms frames and audio bandwidths up to about 11 kHz. 
The 24 kHz sampling rate option can be exploited by broadcasters who wish to use improved lower 
sampling rates in order to maximize the number of programmes per multiplex and where CD 
quality is not of paramount importance. 

A.1.4.2 Audio decoding 

Decoding in the receiver is straightforward and economical using a simple signal processing 
technique, requiring only de-multiplexing, expanding and inverse-filtering operations. A block 
diagram of the functional units in the decoder is given in Fig. A.3. 

The ISO audio frame is fed into the ISO/MPEG-Audio Layer II decoder, which unpacks the data of 
the frame to recover the various elements of information. The reconstruction unit reconstructs the 
quantized sub-band samples, and an inverse filter bank transforms the sub-band samples back to 
produce digital uniform PCM audio signals at 48 kHz sampling rate. 

A.1.4.3 Audio presentation 

Audio signals may be presented monophonically or stereophonically, or audio channels may be 
grouped for surround-sound. Programmes may be linked to provide the same programme 
simultaneously in a number of different languages. In order to satisfy listeners in both hi-fi and 
noisy environments, the broadcaster can optionally transmit a Dynamic Range Control (DRC) 
signal which can be used in the receiver in a noisy environment to compress the dynamic range of 
the reproduced audio signal. Note that this technique can also be beneficial to listeners with 
impaired hearing. 

A.1.4.4 Presentation of service information 

With each programme transmitted by the System, the following elements of Service Information 
(SI) can be made available for display on a receiver: 
– ic programme label (i.e., the name of the programme); 
– time and date; 
– cross-reference to the same, or similar programme (e.g., in another language) being 

transmitted in another ensemble or being simulcast by an AM or FM service; 
– extended service label for programme-related services; 
– programme information (e.g., the names of performers); 
– language; 
– programme type (e.g., news, sport, music, etc.); 
– announcements to interrupt a given service for selected messages (traffic, news, weather, 

etc.); 
– ensemble and service label; 
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– transmitter identifier; 

– Traffic Message Channel (TMC, which may use a speech synthesizer in the receiver). 

Transmitter network data can also be included for internal use by broadcasters. 

FIGURE  A.2 

Block diagram of the basic system audio encoder 
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FIGURE  A.3 

Block diagram of the basic system audio decoder 
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A.1.5 Session layer 

This layer concerns the selection of, and access to, broadcast information. 
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A.1.5.1 Programme selection 

In order that a receiver can gain access to any or all of the individual services with a minimum 
overall delay, information about the current and future content of the multiplex is carried by the 
Fast Information Channel (FIC). This information is the MCI, which is machine-readable data. Data 
in the FIC are not time-interleaved, so the MCI is not subject to the delay inherent in the 
time-interleaving process applied to audio and general data services. However, these data are 
repeated frequently to ensure their ruggedness. When the multiplex configuration is about to 
change, the new information, together with the timing of the change is sent in advance in the MCI. 

The user of a receiver can select programmes on the basis of textual information carried in the SI, 
using the programme service name, the programme type identity or the language. The selection is 
then implemented in the receiver using the corresponding elements of the MCI. 

If alternative sources of a chosen programme service are available and an original digital service 
becomes untenable, then linking data carried in the SI (i.e., the “cross reference”) may be used to 
identify an alternative (e.g., on an FM service) and switch to it. However, in such a case, the 
receiver will switch back to the original service as soon as reception is possible. 

A.1.5.2 Conditional access 

Provision is made for both synchronization and control of conditional access. 

Conditional access can be applied independently to the service components (carried either in the 
MSC or FIC), services or the whole multiplex. 

This layer concerns the identification of groups of data as programme services, the multiplexing of 
data for those services and the association of elements of the multiplexed data. 

A.1.6 Transport layer 

A.1.6.1 Programme services 

A programme service generally comprises an audio service component and optionally additional 
audio and/or data service components, provided by one service provider. The whole capacity of the 
multiplex may be devoted to one service provider (e.g., broadcasting five or six high-quality sound 
programme services), or it may be divided amongst several service providers (e.g., collectively 
broadcasting some twenty medium quality programme services). 

A.1.6.2 Main service multiplex 

With reference to Fig. A.1, the data representing each of the programmes being broadcast (digital 
audio data with some ancillary data, and maybe also general data) are subjected to convolutional 
encoding (see § A.1.9.2) and time-interleaving, both for error protection. Time-interleaving 
improves the ruggedness of data transmission in a changing environment (e.g., reception by a 
moving vehicular receiver) and imposes a predictable transmission delay. The interleaved and 
encoded data are then fed to the main service multiplexer where, each 24 ms, the data are gathered 
in sequence into the multiplex frame. The combined bit stream output from the multiplexer is 
known as the Main Service Channel (MSC) which has a gross capacity of 2.3 Mbit/s. Depending on 
the chosen code rate (which can be different from one service component to another), this gives a 
net bit rate ranging from approximately 0.8 to 1.7 Mbit/s, through a 1.5 MHz bandwidth. The main 
service multiplexer is the point at which synchronized data from all of the programme services 
using the multiplex are brought together. 
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General data may be sent in the MSC as an unstructured stream or organized as a packet multiplex 
where several sources are combined. The data rate may be any multiple of 8 kbit/s, synchronized to 
the System multiplex, subject to sufficient total multiplex capacity, taking into account the demand 
for audio services. 

The Fast Information Channel (FIC) is external to the MSC and is not time-interleaved. 

The FIC is made up of Fast Information Blocks (FIB). The FIB contains 256 bits and may include 
one or more Fast Information Groups (FIGs). Eight different types of FIGs are available. For 
example, the FIG type 0 is used to signal the current and future multiplex configuration, a multiplex 
configuration, time and date, as well as other basic service information. The FIG type 1 is used to 
signal labels for display and other information defining labels. The FIG type 5 is used to convey 
different data services (e.g., paging, TMC), the FIG type 6 is used to send the control and 
management information about conditional access and scrambling of service components, services 
or the whole multiplex. 

A.1.6.3 Ancillary data 

There are three areas where ancillary data may be carried within the System multiplex: 

– the FIC, which has limited capacity, depending on the amount of essential MCI included; 

– there is special provision for a moderate amount of PAD to be carried within each audio 
channel; 

– all remaining ancillary data are treated as a separate service within the MSC. The presence 
of this information is signalled in the MCI. 

A.1.6.4 Association of data 

A precise description of the current and future content of the MSC is provided by the MCI, which is 
carried by the FIC. Essential items of SI which concern the content of the MSC (i.e., for program 
selection) must also be carried in the FIC. More extensive text, such as a list of all the day's 
programs, must be carried separately as a general data service. Thus, the MCI and SI contain 
contributions from all of the programs being broadcast. 

The PAD, carried within each audio channel, comprises mainly the information which is intimately 
linked to the sound program and therefore cannot be sent in a different data channel which may be 
subject to a different transmission delay. 

A.1.7 Network layer 

This layer concerns the identification of groups of data as programmes. 

A.1.7.1 ISO audio frames 

The processes in the audio source encoder are carried out during ISO audio frames of 24 ms 
duration. The bit allocation, which varies from frame to frame, and the scale factors are coded and 
multiplexed with the sub-band samples in each ISO audio frame. The frame packing unit (see 
Fig. A.2) assembles the actual bit stream from the output data of the quantizer and coding unit, and 
adds other information, such as header information, CRC words for error detection, and PAD, 
which travel along with the coded audio signal. Each audio channel contains a PAD channel having 
a variable capacity (generally at least 2 kbit/s), which can be used to convey information which is 
intimately linked to the sound program. Typical examples are lyrics, speech/music indication and 
Dynamic Range Control (DRC) information. 
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The resulting audio frame carries data representing 24 ms duration of stereo (or mono) audio, plus 
the PAD, for a single programme and complies with the ISO 11172-3 Layer II format, so it can be 
called an ISO frame. This allows the use of an ISO/MPEG-Audio Layer II decoder in the receiver. 

A.1.8 Data link layer 
This layer provides the means for receiver synchronization. 

A.1.8.1 The transmission frame 
In order to facilitate receiver synchronization, the transmitted signal is built up with a regular frame 
structure (see Fig. A.4). The transmission frame comprises a fixed sequence of symbols. The first is 
a null symbol to provide a coarse synchronization (when no RF signal is transmitted), followed by a 
fixed reference symbol to provide a fine synchronization, AGC, AFC and phase reference functions 
in the receiver; these symbols make up the synchronization channel. The next symbols are reserved 
for the FIC, and the remaining symbols provide the MSC. The total frame duration TF is either 
96 ms, 48 ms or 24 ms, depending on the transmission mode as given in Table A.3 below. 

FIGURE  A.4 

Multiplex frame structure 
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Each audio service within the MSC is allotted a fixed time slot in the frame. 

A.1.9 The physical layer 
This layer concerns the means for radio transmission (i.e., the modulation scheme and the 
associated error protection). 

A.1.9.1 Energy dispersal 
In order to ensure appropriate energy dispersal in the transmitted signal, the individual sources 
feeding the multiplex are scrambled. 

A.1.9.2 Convolutional encoding 
Convolutional encoding is applied to each of the data sources feeding the multiplex to ensure 
reliable reception. The encoding process involves adding deliberate redundancy to the source data 
bursts (using a constraint length of 7). This gives “gross” data bursts. 
In the case of an audio signal, greater protection is given to some source-encoded bits than others, 
following a preselected pattern known as the Unequal Error Protection (UEP) profile. The average 
code rate, defined as the ratio of the number of source-encoded bits to the number of encoded bits 
after convolutional encoding, may take a value from 1/3 (the highest protection level) to 3/4 (the 
lowest protection level). Different average code rates can be applied to different audio sources, 
subject to the protection level required and the bit rate can be applied to different audio sources, 
subject to the protection level required and the bit rate of the source-encoded data. For example, the 
protection level of audio services carried by cable networks may be lower than that of services 
transmitted in radio-frequency channels. 
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TABLE  A.3 

Transmission parameters of the System 

 

General data services are convolutionally encoded using one of a selection of uniform rates. Data in 
the FIC are encoded at a constant 1/3 rate. 

A.1.9.3 Time interleaving 

Time interleaving of interleaving depth of 16 frames is applied to the convolutionally encoded data 
in order to provide further assistance to a mobile receiver. 

A.1.9.4 Frequency interleaving 

In the presence of multipath propagation, some of the carriers are enhanced by constructive signals, 
while others suffer destructive interference (frequency selective fading). Therefore, the System 
provides frequency interleaving by a rearrangement of the digital bit stream among the carriers, 
such that successive source samples are not affected by a selective fade. When the receiver is 
stationary, the diversity in the frequency domain is the prime means to ensure successful reception. 

A.1.9.5 Modulation by 4-DPSK OFDM 

The System uses 4-DPSK OFDM (Orthogonal Frequency Division Multiplex). This scheme meets 
the exacting requirements of high bit-rate digital broadcasting to mobile, portable and fixed 
receivers, especially in multipath environments. 

The basic principle consists of dividing the information to be transmitted into a large number of bit 
streams having low bit rates individually, which are then used to modulate individual carriers. The 
corresponding symbol duration becomes larger than the delay spread of the transmission channel. In 
the receiver any echo shorter than the guard interval will not cause inter-symbol interference but 
rather contribute positively to the received power (see Fig. A.5). The large number N of carriers is 
known collectively as an ensemble. 

 Mode I Mode II Mode III Mode IV 

TF 96 ms 24 ms 24 ms 48 ms 
TNULL 1.297 ms 324 µs 168 µs 648 µs 

TS 1.246 ms 312 µs 156 µs 623 µs 
tS 1 ms 250 µs 125 µs 500 µs 
D 246 µs 62 µs 31 µs 123 µs 
N 1 536 384 192 768 

Where: 
 TF : total frame duration 
 TNULL : null symbol duration 
 TS : useful symbol duration 
 D : guard interval duration 
 TS : overall symbol duration: TS = tS + D 
 N : number of COFDM carriers within bandwidth. 
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FIGURE  A.5 

Constructive contribution of echoes 
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In the presence of multipath propagation, some of the carriers are enhanced by constructive signals, 
while others suffer destructive interference (frequency selective fading). Therefore, the System 
includes a redistribution of the elements of the digital bit stream in time and frequency, such that 
successive source samples are affected by independent fades. When the receiver is stationary, the 
diversity in the frequency domain is the only means to ensure successful reception; the time 
diversity provided by time-interleaving does not assist a static receiver. For the System, multipath 
propagation is a form of space-diversity and is considered to be a significant advantage, in stark 
contrast to conventional FM or narrow-band digital systems where multipath propagation can 
completely destroy a service. 

In any system able to benefit from multipath, the larger the transmission channel bandwidth, the 
more rugged the system. In the System, an ensemble bandwidth of 1.5 MHz was chosen to secure 
the advantages of the wideband technique, as well as to allow planning flexibility. Table A.3 also 
indicates the number of COFDM carriers within this bandwidth for each transmission mode. 

A further benefit of using COFDM is that high spectrum and power efficiency can be obtained with 
single frequency networks for large area coverage and also for city area dense networks. Any 
number of transmitters providing the same programmes may be operated on the same frequency, 
which also results in an overall reduction in the required operating powers. As a further 
consequence distances between different service areas are significantly reduced. 

Because echoes contribute to the received signal, all types of receiver (i.e., portable, home and 
vehicular) may utilize simple, non-directional antennas. 

A.1.9.6 Spectrum of the RF signal 

The spectrum of the system ensemble is shown in Fig A.6. 
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FIGURE  A.6 

Example of spectrum of the RF signal 
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A.1.10 RF performance characteristics of Digital System A 
RF evaluation tests have been carried out on Digital System A using Mode I at 226 MHz and 
Mode II at 1 480 MHz for a variety of conditions representing mobile and fixed reception. 
Measurements of BER vs. S/N in the transmission channel were made on a data channel using the 
following conditions: 
  D = 64 kbit/s, R = 0.5 
  D = 24 kbit/s, R = 0.375 
where D is the source data rate and R is the average channel code rate. 

A.1.10.1 BER vs. S/N (in 1.5 MHz) in a Gaussian channel 
Additive, Gaussian white noise was added to set the S/N at the input of the receiver. The results are 
shown in Figs. A.7 and A.8. As an example, for R = 0.5, the measured results in Fig. A.7 can be 
compared with those from a software simulation, to show the inherent performance of the system. It 
can be seen that an implementation margin of less than 1.0 dB is obtained at a bit-error ratio (BER) 
of 10–4. 

A.1.10.2 BER vs S/N (in 1.5 MHz) in a Rayleigh channel simulated in urban environment 
Measurements of BER vs. S/N were made on the data channels, using a fading channel simulator. 
The Rayleigh channel simulations correspond to Fig. 5 in COST 207 documentation (typical urban 
area, 0-0.5 µs) and the receiver travelling at a speed of 15 km/h. 
The results are shown in Figs A.9 and A.10. 

A.1.10.3 BER vs. S/N (in 1.5 MHz) in a Rayleigh channel simulated in rural environment 
Measurements of BER vs. S/N were made on the data channels using a fading channel simulator. 
The Rayleigh channel simulations correspond to Fig. 4 in COST 207 documentation (rural area, 
non-hilly, 0-5 µs) and the receiver travelling at 130 km/h. The results are shown in Figs. A.11 and 
A.12. 
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FIGURE  A.7 

Bit-error ratio vs. signal-to-noise ratio for Digital System A 
(Transmission mode 1): Gaussian Channel 
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FIGURE  A.8 

Bit-error ratio vs. signal-to-noise ratio for Digital System A 
(Transmission mode 2 or 3): Gaussian channel 
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FIGURE  A.9 

Bit-error ratio vs. signal-to-noise ratio for Digital System A 
(Transmission Mode 1, 226 MHz) 

simulated Rayleigh channel (urban environment, 15 km/h speed) 
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FIGURE  A.10 

Bit-error ratio vs. signal-to-noise ratio for Digital System A 
(Transmission Mode 2, 1 480 MHz) 

Simulated Rayleigh channel (urban environment, 15 km/h speed) 
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FIGURE  A.11 

Bit-error ratio vs. signal-to/noise ratio for Digital System A 
(Transmission Mode 1, 226 MHz) 

Simulated Rayleigh Channel (rural environment, 130 km/h speed) 
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FIGURE  A.12 

Bit-error ratio vs. Signal-to-noise ratio for Digital System A 
(Transmission Mode 2, 1 480 MHz) 

Simulated Rayleigh Channel (rural environment, 130 km/h speed) 
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A.1.10.4 Sound quality versus RF signal-to-noise ratio 

A number of subjective assessments have been performed in order to evaluate the sound quality 
versus the S/N. The transmission path included equipment for establishing the S/N in a Gaussian 
channel and, using a fading channel simulator, in a Rayleigh channel. Two different simulation 
“models” were used in the case of a Rayleigh channel, the same as those described in § A.1.10.2 
and § A.1.10.3. 
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In each case a listening test was conducted in which the average S/N was reduced in 0.5 dB steps to 
establish, in sequence, the following two conditions: 

a) The onset of impairment, which is the point at which the effects of errors start to become 
noticeable. This was defined as the point where 3 or 4 error-related events could be heard in 
a period of about 30 s. 

b) The point of failure, which is the point at which a listener would probably stop listening to 
the programme because it became unintelligible or because it no longer provided the 
enjoyment sought. This was defined as the point where the error-related events occurred 
virtually continuously, and muting took place 2 or 3 times in a period of about 30 s. 

Two values of S/N were recorded for each test, representing the consensus view of the panel of 
audio engineers. The results presented in Tables A.4 to A.6 are the mean values of several tests 
using different programme material. 

TABLE  A.4 

Sound quality vs. signal-to-noise ratio for Digital System A 
(Transmission Mode 1): Gaussian channel 

 

TABLE  A.5 

Sound quality vs. signal-to-noise ratio for Digital System A 
(Transmission Mode 2 or 3): Gaussian channel 

 

Source-coding 
bit rate 

 (kbit/s) mode 

Channel-coding
average rate 

Onset of 
impairment 

S/N 
(dB) 

Point of 
failure 

S/N 
(dB) 

256 stereo 0.6 7.6 5.5 
224 stereo 0.6 8.3 5.9 
224 stereo 0.5 7.0 4.8 
224 joint stereo 0.5 6.8 4.5 
192 joint stereo 0.5 7.2 4.7 
64 mono 0.5 6.8 4.5 

Source-coding 
bit rate 

 (kbit/s) mode 

Channel-coding 
average rate 

Onset of 
impairment 

S/N 
(dB) 

Point of 
failure 

S/N 
(dB) 

256 stereo 0.6 7.7 5.7 
224 stereo 0.6 8.2 5.8 
224 stereo 0.5 6.7 4.9 
224 joint stereo 0.5 6.6 4.6 
192 joint stereo 0.5 7.2 4.6 
64 mono 0.5 6.9 4.5 
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TABLE  A.6 

Sound quality vs. signal-to-noise ratio for Digital System A 
Simulated Rayleigh channels (224 kbit/s stereo, rate 0.5) 

 

A.1.10.5 Capability for operating in single-frequency networks 

A “Digital System A” signal (Transmission Mode II) was processed by a channel simulator to 
produce two versions of the signal; one representing the signal received over a reference, undelayed 
transmission path with constant power, and one representing a delayed signal from a second 
transmitter in a single-frequency network (or some other long delay echo). The Doppler shift 
applied to the second signal was compatible with the limit of the capability of Digital System A. 
Two sets of measurements were carried out setting the S/N of the total received signal to 12 dB and 
35 dB. The relative power of the second, delayed, signal was measured for a BER of 10–4 in the 
64 kbit/s, rate 0.5, data channel, as the delay was increased. The results are shown in Fig. A.13. 

The magnitude of the guard interval is 64 µs in transmission Mode 2, so the results illustrate that no 
impairment is caused as long as the second signal falls within the guard interval. 

A.1.11 Spectrum mask 

For Digital System A, the out-of-band radiated spectrum (in a 4 kHz bandwidth) should be 
constrained by the templates given in Fig. A.14. The solid-line template should apply to VHF 
transmitters in critical situations where the adjacent frequency region needs specific protection. The 
chain-dotted line template applies to VHF transmitters in other circumstances. The chain-doted line 
template may also apply to UHF transmitters in critical areas for adjacent channel interference. Use 
in other circumstances is under study. 

A.1.12 Considerations of L-Band RF filter complexity and HPA output back-off 

The feasibility of the spectrum mask shown in chain-dotted line in Figur A.14 was investigated 
from the transmitter point of view, i.e., whether the transmitter can be manufactured to satisfy the 
mask requirement without unnecessary complexity. 

The spectrum spreading, which is the cause of such out-of-band energy, is mainly due to the non-
linearity of the high power amplifier, especially near the amplifier saturation point. A solution to 
meeting the mask is to use a fairly linear High Power Amplifier (HPA) in conjunction with setting 
its operating point in the linear portion of its transfer characteristics, far from saturation, and the use 
of a simple high power filter at the output of the HPA. An alternative is to operate the HPA closer 
to saturation but include a tighter and thus more complex high power filter after the HPA to 
suppress the larger amount of out-of-band emission to the desired levels specified by the spectrum 
mask. 

Mode Frequency 
(MHz) 

Channel 
mode 

Speed 
(km/h) 

Onset of 
inpairment 

S/N 
(dB) 

Point of 
failure 

S/N 
(dB) 

1 226 urban 15 16.0 9.0 
2 1 500 urban 15 13.0 7.0 
      

1 226 rural 130 17.6 10.0 
2 1 500 rural 130 18.0 10.0 
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FIGURE  A.13 

Example of single-frequency network capability for Digital System A 
(Transmission Mode II) 

DSB-B13

0

– 1

– 2

– 3

– 4

– 5

– 6

– 7

– 8

– 9

– 10
500 100 150 200 250 300 350 400 450 500

R
el

at
iv

e 
po

w
er

 o
f s

ec
on

d 
sig

na
l

Relative delay of second signal (µs)

S/N = 35 dB

S/N = 12 dB

 

The complexity and power efficiency of HPA’s are indicated by their linearity characteristics and 
by the required values of output back-off (OBO). The complexity of RF filters is dependant on the 
number of transmission poles and zeros. Also narrow bandwidth filters dictate the use of very high 
Q factor resonators in order to achieve reasonable insertion losses. 

From the outset, computer simulations as well as experimentation have shown that out-of-band 
radiated power rather than the intra-system interference due to non-linearity is the constraining 
factor in designing an amplification chain for Digital System A. 

A study, performed by means of computer simulations, was conducted to clarify the out-of-band 
performance of typical HPA’s. The measured characteristics of a typical traveling wave tube (TWT) 
amplifier were used. Such linearity characteristics can also represent Klystron amplifiers. 

Figure A.15 shows the one-sided power spectrum of the COFDM signal at the TWTA output for 
three output levels 3, 5.7 and 14.1 dB below saturation (or maximum rated power) labeled as output 
back-off (OBO). Also plotted in this figure is the ETSI relaxed emission mask and the power 
spectrum of the filtered COFDM signal at the input of the TWTA. There is the need to filter the 
output of the modulator before the COFDM signal is fed to a HPA since the COFDM signal at the 
output of the OFDM modulator has power levels significantly above the mask at frequencies above 
1.2 MHz from the centre frequency of a DSB block. 
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FIGURE  A.14 

Proposed spectrum mask for DSB out-of-band radiation in the VHF bands 
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The same exercise was repeated for a perfectly linearized HPA. This type of device is usually 
known as an ideal clipper: the amplifier is perfectly linear up to the point of maximum available 
output power where the output signal can no longer be increased beyond a maximum level. The 
phase is assumed to be zero for all input signal magnitudes. Figure A.16 shows the one-sided power 
spectrum of the COFDM signal at the output of the clipper for the various OBO values from 
3 to 12 dB. 

The plot shows that even in the case of a perfectly linearized HPA, very large OBO values would be 
required to meet the proposed spectrum mask without output filtering. This is due to the Rayleigh 
nature of the amplitude distribution of COFDM signal. 
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FIGURE  A.15 

Power spectrum of COFDM signal at output of a TWTA and the proposed mask 
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FIGURE  A.16 

Power spectrum of COFDM signal at output of a perfectly 
linearized HPA for different OBO’s 
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A RF filter therefore needs to be included in the transmitter chain to reduce the out-of-band 
inter-modulation products to the desired levels. Although better filters may be obtained with an 
equal ripple response (Chebychev), Butterworth type filters were used in this exercise for the sake 
of simplicity and expediency. These filters are evaluated on the basis of complexity, insertion loss, 
and in-band performance. 
The objective is to design a RF band-pass filter resulting in the best trade-off between complexity 
and insertion loss while ensuring that the spectrum of the transmitted signal conforms to the 
proposed mask. 
As an example, Figure A.17 shows the frequency response of a four-pole Butterworth filter, the 
spectrum of the signal at the output of the TWTA, and the spectrum of the signal at the output of the 
RF filter for an OBO value of 3 dB. It can be seen that the power level tolerances defined by the 
proposed mask have been met but at the cost of attenuating the carriers at the edge of the channel. 



- 192 - 

FIGURE  A.17 

The proposed mask achieved using a four-pole Butterworth filter, 
fss-3dB ==== 0.718 MHz at the output of a TWTA operating at an OBO value of 3 dB 
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Two OBO values used in the case of the TWTA: 3 and 5.7 dB. The OBO values used in the case of 
the perfectly linearised HPA were such that the out-of-band inter-modulation products were 
approximately the same as those for the measured TWTA: 2.3 and 4 dB. In such cases, the resulting 
required RF filters were the same for both the TWTA and the perfect clipper. 

Table A.7 records the most reasonable filters and their associated 3 dB frequency bandwidths. The 
average insertion losses of the filter, which include the power reduction of the signal due to 
attenuation at band edges, are reported for unloaded Q values of 20,000 and 40,000. The only 
realistic technology at this time for the construction of such filters are waveguide resonators. At 
higher Q, the filters become bulkier. 

TABLE  A.7 

Possible trade-offs between RF filter complexity/performance and 
HPA output back-off 

 

OBO (dB) 
(measured 

TWTA) 

OBO (dB) 
(perfectly 
linearized 

HPA) 

Number 
of poles 
of filter 

Filter 3 dB 
single-sided 
bandwidth 

(MHz) 

Average 
insertion loss 
of filter (dB) 
(Q ==== 20.000) 

Average 
insertion loss 
of filter (dB) 
(Q ==== 40.000) 

C/N 
degradation 

due to 
filtering (dB) 
(BER ==== 10–4) 

  3 0.65 1.84 1.34 0.8 
3 2.3 4 0.718 1.69 1.08 0.4 
  5 0.77 1.64 0.95 0.4 
  6 0.80 1.73 0.94 0.4 
  3 0.768 1.28 0.85 0.4 

5.7 4 4 0.85 1.17 0.67 0.4 
  5 0.88 1.28 0.68 0.4 
  6 0.90 1.44 0.74 0.4 
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For OBO levels of 3 and 5.7 dB, the most appropriate filters, based on the established criteria, were 
found to consist of three and four poles. With regard to the OBO of the HPA, it was found that the 
transmitter performs more efficiently when the amplifier output back-off is set at 3 dB rather than 
at 5.7 dB. 

Finally, correcting HPA characteristics offers higher power efficiency by permitting the amplifier to 
operate at a smaller OBO than that for an uncorrected HPA and still maintaining the same side-band 
power level. For a perfectly linearized HPA, the OBO settings are about 0.7-1.7 dB smaller than 
those for the measured TWTA. However, at the reduced OBO such as 2.3 dB, the C/N degradation 
due to non-linearity also becomes significant. Moreover, the cost of linearising an amplifier in 
exchange for the improvement in out-of-band inter-modulation products resulting from such 
linearization needs to be considered. 

A.1.12.1 White noise power equivalent to a non-uniform spectrum interference 

A study of the sensitivity of a COFDM signal to the slope of the out-of-band emission emanating 
from the adjacent channel was carried out to determine the white noise power equivalent, or noise 
power equivalent in short, of such an interfering signal. 

This is important when trying to assess practical requirements for adjacent channel protection ratios. 
In cases where the adjacent channel interference (ACI) levels are bounded by the performance of 
the transmitter, the slope of the out-of-band emission will affect the results. These calculations 
represent simplified models, and real transmitters produce spectra which are more complex than 
what is considered here. 

A series of simulations were carried out to examine the effect of the slope of the ACI on the BER 
performance of the COFDM system. The ACI was generated by shaping white noise with 
appropriate filters whose frequency responses are as specified by the non-flat interference power 
spectra in Fig. A.18. Among the slopes considered in this simulation are the ETSI mask in critical 
areas (Mask 1) and the mask provisionally used by Eureka 147 project in non-critical areas 
(Mask 2) for L-band. The other three slopes (i.e. Masks 3, 4 and 5) were extrapolated such that they 
cover a wide range of values. 

The low pass filter used at the receiving end is a square-root raised cosine (SQRT-RC) filter having 
a bandwidth of 1 544 MHz (slightly wider than the COFDM signal bandwidth to minimize filter 
attenuation of the carriers near band edges) and a roll-off value of 0.1. The filter’s fast roll-off 
ensures that most of the out-of-band interference will be rejected, and therefore the effect on the 
COFDM signal is due mainly to the spectral spill-over of the ACI. 

The BER is plotted as a function of C/I in Figure A.19 for the five interference slopes. The C/I is 
defined as the carrier-to-interference power ratio normalized over the 1 536 MHz bandwidth, or in 
another words, the ratio measured at the output of the SQRT-RC filter. Also included in 
Figure A.19 is the BER vs. C/N curve in AWGN channel for reference purpose. 

The results show that sloped interference and white noise of equal amount of power (measured over 
the bandwidth of the desired signal) do not necessarily produce the same effect on the BER 
performance. At low values of BER, the required C/I is higher when the interference has steeper 
spectral slopes. For example, to achieve BER of 10–4, the C/Is required are 7.8, 7.6, 7.2, 6.7, 
and 6.2 dB corresponding respectively to Masks 1, 2, 3, 4 and 5. As the slope of the mask reduces 
progressively from 37 dB/1 536 MHz (Mask 1) to 0 dB/1 536 MHz (Mask 5), the BER performance 
approaches that of the AWGN channel. The required increases in carrier power are about 1.6, 2.2 
and 2.8 dB to achieve BER of 10–4, 10–5 and 10–6 respectively in the case of a signal affected by an 
interference having a slope 37 dB/1 536 MHz (ETSI relaxed mask) instead of white noise. 
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FIGURE  A.18 

The slopes of the hypothetical masks used in simulations 
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FIGURE  A.19 

BER vs. C/I for different masks and BER vs. C/N (in AWGN) 
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A.1.12.2 Receiver adjacent channel selectivity and dynamic range vs. RF spectrum mask 

An overall optimum system operation, resulting in the most efficient use of the spectrum, would 
occur when the receiver selectivity is such that the receiver protection ratio matches the out-of-band 
emission level of the transmitter in the adjacent channel. In other words, the RF emission mask at 
the transmitter should match the protection ratio achievable at the receiver in the context of a 
“near-far” adjacent channel reception (i.e., where reception of a weak signal is attempted when in 
presence of a strong signal in the adjacent channel). 

The term adjacent channel selectivity (ACS) refers to the capability of a receiver to filter out-of-
band interference so as to maintain a desired bit error rate (BER = 10–4). The more selective a 
receiver is, the higher level of differential between the wanted and unwanted signals the receiver 
can tolerate. This signal differential tends to reduce in presence of in-band noise consisting of 
thermal noise and out-of-band signals generated by, among other sources, intermodulation products 
from transmitters operating on adjacent channels. 

On the one hand, if the receiver ACS and therefore the achievable protection ratio, is extremely 
good, the receiver may be affected by the out-of-band signal falling within the selected channel and 
not by the filtered main lobe of the interfering signal. In this case, the required out-of-band rejection 
would be considered too stringent compared to the requirement of the emission mask. On the other 
hand, if the ACS is too relaxed, the main lobe of the interfering channel may become the dominant 
factor of impairment to the receiver performance even before the out-of-band signals falling within 
the selected channel have any effect on the desired signal. In this case, the emission mask would be 
considered unnecessarily restrictive with respect to the receiver selectivity: the deliberately low 
out-of-band power of the transmitted signal would not help avoiding interference caused by poor 
receiver selectivity. The requirements for the transmitted signal out-of-band tolerances and the 
required ACS, therefore the receiver protection ratio, should therefore be jointly considered in order 
to establish an overall efficient and economical system. 

The presence of thermal noise at the receiver, in the case of low signal level reception, will tend to 
decrease the interference tolerance of the receiver. Furthermore, the presence of very strong 
undesired signals will tend to saturate the receiver RF front end (i.e., the LNA and first mixer) 
sooner. This will generate intermodulation products which will, in turn, decrease the interference 
tolerance of the receiver. Consequently, the dynamic range of the receiver will be reduced. These 
effects are depicted in Fig. A.20. 

In Fig. A.20, the receiver protection ratio expressed in terms of the desired-to-undesired signal ratio 
(D/U) is plotted as a function of the wanted signal power at the input of the receiver for the two 
masks shown in Figure A.14, and in the two reception conditions (static and mobile). The receiver 
LNA is assumed to have a noise figure of 2.1 dB and to reach saturation when Pin = 0 dBm and the 
receiver is assumed to have a perfect IF filter with infinite selectivity. The computer simulations 
were carried out assuming a 200 kHz channel spacing. The results indicate that in order to secure a 
balance between the out-of-band emission at the transmitter and the receiver selectivity, the receiver 
is required to provide an adjacent channel protection ratio of up to 28 and 31 dB for mobile and 
fixed receptions respectively, to correspond to the level of adjacent channel interference generated 
by the ETSI relaxed mask for L-band. The dynamic range is approximately 57 dB for the two 
reception conditions, assuming that the LNA maximum input power is 0 dBm. 
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FIGURE  A.20 

Level of 1st adjacent channel out-of-band emission energy falling 
within the channel relative to the wanted receive signal level (D/U), 

for the ETSI spectrum masks 

 
When the ETSI tight mask for VHF band is assumed, the corresponding receiver protection ratios 
are increased to 45 and 48 dB for mobile and fixed receptions respectively. In this case, however, 
the dynamic range is reduced to a mere 35 dB for the two reception conditions. 

A.1.12.3 Adjacent channel selectivity measurements on DSB receivers 

A.1.12.3.1 Introduction 
Adjacent channel selectivity measurements have been made on three different DSB receivers in 
Canada. Slightly different techniques were used in each case, as detailed below in the individual 
sections. The channel spacing was that which is specified in the Canadian allotment plan 
(1 744 MHz, centre to centre). All tests were performed using Transmission Mode 2. 

Measurements of adjacent channel interference rejection when the interfering signal is another DSB 
signal require this signal to have an exceptionally clean spectrum. Otherwise, the IM products from 
the interfering signal which fall in-band to the desired signal may cause impairment of the desired 
signal before the out-of-band adjacent channel energy does, thus invalidating the measurement. IM 
shoulder levels of –60 dBc in the first adjacent channel was achieved for the purpose of these 
measurements with a special equipment set up. 

The results given below are for the undesired signal on the lower adjacent channels, as illustrated in 
Fig. A.21. Measurements were also made using the upper adjacent channels, but the results did not 
differ significantly. In the text which follows, the term Adjacent Channel Selectivity (ACS) follows 
the EACEM definition [“Characteristics of DAB receivers”, EACEM Technical Report No. 09, 
Revision 3. EACEM, Dec. 1996], i.e., the ratio of undesired to desired signals to produce 10–4 Bit 
Error Rate (BER) when the undesired signal occupies the first adjacent channel. 
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FIGURE  A.21 

Spectrum plot of desired signal and first-adjacent interference at TOA 

 

A.1.12.3.2 Third generation DSB receiver 

This receiver was designed by a consortium of European manufacturers. It works only with the 3rd 
generation Eureka fixed multiplex. Adjacent channel selectivity was assessed by BER 
measurement, using the 64 kbit/s data service, which has code rate 0.5 (Protection Level 3). The 
tests were done at L-band. Briefly, the test procedure was to set the desired signal to a given level at 
the receiver’s RF input, ensure that the receiver was properly synchronized and that the BER was 
zero, and then increase the undesired signal level until a BER of 10–4 was reached. The power 
levels were determined by means of a RF Power Meter with true RMS detection. The desired signal 
was increased in 5 dB steps in most cases, with finer steps used in areas of rapid changes. The 
undesired signal level could be changed in 0.1 dB increments. 

The results, shown in Fig. A.22, show a D/U characteristic which is almost independent of input 
signal level at about 37 dB. Evidently the IF filtering provides rejection of about 45 dB on the first 
adjacent channel, as given in the receiver specifications. The abrupt upward swing of the curve at 
D = –88 dBm indicates that the L-band front end of this receiver has a very poor noise figure (of the 
order of 15 dB). It also has strong AGC, as indicated by the flatness of the D/U curve up to 
D = −22 dBm, at which point the receiver abruptly overloads and mutes. There is little evidence of 
increasing levels of in-band IM products generated in the front end up to this point, indicating that 
the AGC is applied ahead of any active elements. 

A.1.12.3.3 Fourth generation DSB receiver 

The procedure used with this “4th generation” receiver (Philips 452 test receiver) was similar to that 
described above. Since a 4th generation multiplex could now be used, the data rate for BER tests 
was increased to 224 kbit/s in order to speed up the tests. The code rate was maintained at 0.5. The 
initial tests of this receiver were performed at VHF, since the integrated nature of the L-band 
antenna/LNA/down-converter supplied with the receiver makes it very difficult to perform 
measurements with it. 
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FIGURE  A.22 

Adjacent channel D/U characteristic for 3rd generation receiver (L-band) 

-80
-70
-60
-50
-40

-30
-20
-10

0
10

-100 -90 -80 -70 -60 -50 -40 -30 -20 -10 0

Desired Signal Level (dBm)

D
/U

 (d
B

) 1st Adjacent
2nd Adjacent
3rd Adjacent

 
The VHF results, shown in Fig. A.23 indicate rejection of the first adjacent channel in the IF filters 
of about 56 dB. The ACS is about 43 dB at D = –60 dBm, and 37 dB at D = –40 dBm. Front end IM 
products cause a gradual decrease in tolerance to adjacent channel interference as the signal levels 
increase. Several stages of AGC appear to “kick in” at different levels. 

FIGURE  A.23 

Adjacent channel D/U characteristic for the Philips 452 receiver at VHF 
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Some tests were also performed at L-band, using an improvised front end consisting of an 
off-the-shelf LNA, mixer, lab RF generator and VHF bandpass filter. From the results shown in 
Figure A.24, the shortcomings of a fixed-gain front end are evident. At low signal levels, the 56 dB 
rejection of the IF filters on the first adjacent channel can again be seen, but for desired signal levels 
above –90 dBm, the tolerance for out-of-band signals decreases much more rapidly than was the 
case at VHF. This characteristic, although far from ideal, could prove to be quite serviceable in 
practice due to the good performance at low desired signal levels. However, the ACS, which is 
about 29 dB at D = –60 dBm, fails to meet the EACEM minimum requirements at that level, and it 
degrades badly to about 15 dB at –40 dBm. 
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A.1.12.3.4 Near consumer grade DSB receiver 
This receiver (Bosch-Blaupunkt Hannover 106A receiver) is of particular interest, since it is the 
only one tested which can be considered as something close to a prototype consumer receiver. 
Unfortunately, it does not provide easy access to data services, precluding the use of BER tests for 
performance assessment. Instead, subjective testing of audio impairments was carried out, using 
a 224 kbit/s stereo service with Protection Level 3. To provide results which would be comparable 
with the other receivers, an attempt was made to find impairment levels which approximately 
corresponded to 10–4 BER. To establish this correspondence, some tests were done with the 
Philips 452 receiver, by setting up a given BER on a 224 kbit/s data service, and then switching to 
a 224 kbit/s stereo audio service having the same protection level. It turns out that the TOA 
(Threshold of Audibility, defined here as the point at which at least two audible impairments are 
heard in a thirty-second time span for a given musical excerpt) occurs for a BER between 10–4 
and 10–5, and with a little practice, it is not difficult to determine the 10–4 point to within a fraction 
of a dB with careful listening. The tests were performed at L-band, using the built-in front end of 
the receiver. 

FIGURE  A.24 

Adjacent channel D/U characteristic for Philips 452 receiver with L-band front end 
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As can be seen in Fig. A.25, the first adjacent channel rejection provided by the IF filtering appears 
to be about 42 dB (i.e., about 8 dB more than the lowest D/U point on the graph), and the ACS for 
D = –60 dBm is 29 dB. The ACS at D = –40 dBm degrades to about 22 dB. The tolerance for 
adjacent channel interference degrades gradually with increasing desired signal levels above 
−90 dBm. 

A.1.12.3.5 Discussion 
In order to assess these results, it is of interest to determine the point at which the out-of-band 
products from a DSB transmitter begin to cause noticeable interference to the reception of another 
transmitter on an adjacent channel. To this end, a test was performed in which an undesired 
first-adjacent signal with a known shoulder level was increased until TOA (defined as 10–4 BER in 
this instance) was observed on the desired signal. The test was performed using the 452 receiver 
and L-band down-converter, with the desired signal at a nominal level of –70 dBm. From 
Figure A.22, the ACS in this case was 35 dB. The undesired signal was generated as in the above 
receiver tests, but was then transmitted through a 1 Watt lab amplifier (Class A) whose output 
back-off level was adjusted for –30 dBc shoulder level (measured as usual at 0.97 MHz from the 
center frequency). TOA was observed to occur at D/U = –28 dB. 
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FIGURE  A.25 

Adjacent channel D/U characteristic for the Bosch Hannover 106A Receiver (L-band) 
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Assuming that the spectrum of the interfering signal slopes off in a typical fashion for third-order 
inter-modulation products (and this appeared to be the case), it can be concluded that the onset of 
errors will occur for a D/U of the order of 2 dB less than the nominal shoulder level. It therefore 
appears that there will be an approximate balance between the two interference mechanisms 
(inadequate receiver selectivity versus out-of-band transmitter emissions) when the receiver ACS is 
about 2 dB less than the value of the shoulder level. Looking at it another way, if the receiver has an 
ACS of 35 dB, as recommended by EACEM, then a balance between the in-band and out-of-band 
interference effects would be achieved if the emission mask has a shoulder level of about –37 dB, 
resulting in a tightening of 7 dB with respect to the ETSI relaxed mask. These measured results are 
consistent with the results of computer simulations reported in § A.1.12.1 and § A.1.12.2. 

The advantage of the tighter emission mask is that it would allow mobile receivers to approach sites 
with adjacent channel transmitters more closely without degradation to desired signal reception. 
From these measurements, it appears that the receiver manufacturers would not have much 
difficulty meeting the selectivity requirements, so the decision on whether to tighten the L-band 
mask will mainly rest on an analysis of the potential coverage benefits versus possible increased 
transmission costs. 

A.1.12.4 Impact of RF emission masks on coverage of DSB systems 

A.1.12.4.1 Introduction 

The specification of an emission RF mask to be met by DSB transmitters affects the transmitter 
complexity as well as the system coverage in presence of adjacent channel interference. While the 
issue of the complexity of the transmitter in achieving such RF masks was addressed in 
Section A.1.11.2, the impact of such masks on coverage is equally important and needs also to be 
studied. This section examines the impact of three RF masks on the coverage of DSB systems: 
the ETSI relaxed mask, the ETSI tight mask, and a third mask representing a balance situation 
between the transmitter spurious signal emission and the receiver selectivity. Specifically, the effect 
on the coverage of a DSB system from another DSB system operating in the same geographical area 
using an immediate adjacent channel is analyzed from the stand point of percentage of reduction in 
the size of coverage as a function of the spacing between the two adjacent channel transmitters. 
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A.1.12.4.2 Background 

The coverage of a terrestrial DSB system, which is defined as the area within which the received 
signal strength is adequate to produce a desired bit error ratio (BER) and consequently a satisfactory 
sound signal quality, will be affected by the presence of nearby adjacent channel transmitters, 
resulting in a reduction of the service coverage. The adjacent channel interference results in 
apparent in-channel and out-of-channel noise increase at the receiver. The in-channel noise 
component is associated with the spectrum segment of the interferer that falls inside the desired 
channel (the spurious), while the out-of-channel noise is determined by the residual from the main 
lobe of the interferer following the channel filtering at the receiver. The in-channel noise level 
increase is largely defined by the emission mask used at the interfering transmitter whereas the 
degree of apparent noise increase caused by the out-of-channel noise (i.e., main lobe of the 
interferer), depends on the channel filtering characteristics of the receiver. The degree of selectivity 
of the receiver therefore also plays an important role in determining the coverage of a system. 
EACEM has specified an adjacent channel selectivity (ACS) value of 35 dB for typical DSB 
receivers. This means that the DSB receiver should be able to tolerate an interfering signal whose 
magnitude is 35 dB higher than that of the desired signal and still achieve a BER of 10–4. 

For a finite receiver selectivity, the area in close vicinity of the interfering transmitter is normally 
blanketed, i.e., the interference is much stronger than the desired signal resulting in the receiver 
failing to produce the required BER of 10–4. As the separation between the interfering transmitter 
and the wanted transmitter decreases, the blanketed area tends to reduce, and goes to a minimum 
when the two are co-located. A nominal co-location of transmitter thus can be defined in terms of 
the blanketed area, i.e., when the uncovered area becomes so small that it is considered insignificant 
or acceptable for all practical purposes. 

A.1.12.4.3 Simulations and parameters 
A study was carried out in Canada using computer simulations to determine the extent of coverage 
reduction resulting from adjacent channel interference as a function of the emission mask used and 
the distance between the two transmitters. The impact of the emission masks was measured in terms 
of the percentage of reduction in coverage (ρ), which is calculated as: 

  %100
1

21 ×






 −=ρ
A

AA  

where A2 and A1 are the size of coverage areas, in km2, with and without adjacent channel 
interference respectively. 

Table A.8 lists maximum achievable D/U ratios for each of the four emission masks considered and 
for the cases of a receiver with infinite and finite adjacent channel selectivity (ACS). The required 
C/N value at threshold is assumed to be 10 dB. The ETSI relaxed mask refers to the ETSI mask for 
L-band transmitters while the ETSI tight mask refers to the ETSI mask for VHF transmitters in 
critical areas (see Section A.1.11.1). The perfect mask is a mask which has no out-of-band 
emission. The so-called balanced mask designates a mask which generates out-of-band emission (or 
in-channel interference) which, for a receiver with infinite selectivity, would produce a D/U ratio 
of 35 dB. The term “balanced” stems from the fact that the out-of-band emission allowed by this 
mask is equivalent to the receiver ACS (35 dB) as specified by EACEM (see Section A.1.11.4). 

The second column of Table A.8 gives the maximum D/U that can be achieved assuming that the 
receiver possesses infinite selectivity, i.e., it can reject an infinitely large out-of-channel signal. The 
interference in this case is produced solely by the in-channel part of the unwanted signal and this 
part is totally controlled by the emission mask. The tighter the mask is, the smaller the in-channel 
noise is and the greater the resulting D/U. The calculation of the D/U takes into account the effect 
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of the slope of the mask as explained in Section A.1.11.3 and assumes a guard band of 200 kHz 
between the adjacent channels. The third column indicates, for each mask, the maximum 
compounded D/U achievable resulting from a receiver with an ACS value of 35 dB. In this case, the 
interference results from the combined effect of the in-channel and out-of-channel components of 
the unwanted signal. For the balanced mask, where the individual D/U ratios due to the mask and 
receiver separately are equal, the overall D/U decreases by 3 dB to 32 dB. 

Table A.9 lists the other system parameters and their associated values which were used in the 
simulations. Note that identical values are used, where appropriate, for both the wanted and 
unwanted transmitters. Both the wanted and unwanted signal levels are assumed to be uncorrelated 
and fluctuate as log-normal random variables with equal standard deviation (σc = σ1 = 5.5 dB). 
It is further assumed that the in-channel (Iic) and out-of-channel (Ioc) noises are also uncorrelated 
so that the total interference noise power is Iic + I'oc, where I'oc is Ioc attenuated by 45 dB (35 dB 
ACS + 10 dB C/N). 

TABLE  A.8 

Maximum achievable D/U ratios for different RF masks 

 

A.1.12.4.4 Results and discussions 

Partial coverage maps for a service availability of 90% and separations of 20, 10, and 5 km between 
wanted and interfering transmitters are shown in Figs. A.26, A.27 and A.28. The resulting four 
contours correspond to the four RF masks listed in Table A.8 where the contour identifying the 
smallest coverage corresponds to the use of the ETSI relaxed mask at the interfering transmitter 
whereas the contour resulting in the largest coverage corresponds to the use of a perfect mask. 

In all the coverage maps, the change in coverage is observed to be greatest when going from the 
ETSI relaxed mask to the balanced mask, while a smaller change occurs when going from the 
balanced mask to the ETSI tight mask. In all cases, the improvement in coverage is minimal when a 
perfect mask is used instead of the ETSI tight mask. As the interfering transmitter approaches the 
desired transmitter, the coverage contours bend towards the desired transmitter, and gradually 
transform into closed curves around the interfering transmitter while the edges of the coverage are 
re-established progressively. 

Figure A.29 shows an enlarged view of the blanketed areas around the interfering transmitter for a 
spacing between the transmitters of 5 km. The shaded area designates the “no-man’s land zone” 
within which the receiver front-end, whose maximum power is assumed to be –15 dBm, becomes 
saturated. The fact that this zone is well within other “blanketed” areas is a clear indication that, in 

RF masks 
Maximum achievable 
D/U assuming infinite 

receiver selectivity (dB) 
ACS ==== ∞ 

Maximum achievable 
D/U assuming a finite 

receiver selectivity (dB) 
ACS ==== 35 dB 

ETSI relaxed mask 
(ETSI mask for L-band) 

28 27.2 

Balanced mask 
(ETSI relaxed + 7.6 dB 
tightening at 0.97 MHz) 

 
35 

 
32 

ETSI tight mask (ETSI mask 
for VHF-band in critical areas) 

45.4 34.6 

Perfect mask ∞ 35 
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the case of a receiver meeting the 35 dB ACS criterion up to the saturation point (–15 dBm), the 
adjacent channel interference in the linear portion of the receiver will be more restrictive than the 
saturation of the receiver. This validates our assumption that for most cases, inter-modulation will 
not be the primary factor in adjacent channel interference limitations but rather out-of-band 
emission at the interfering transmitter and/or limited receiver channel selectivity. 

TABLE  A.9 

Main parameters and associated values used in the simulations 

 

A.1.12.4.5 Nominal transmitter co-location 

Assuming that a reduction of less than 0.1% in coverage is considered negligible for all practical 
purposes, the nominal co-location of transmitters can be determined. The transmitter separations 
within which the reduction in coverage is less than 0.1% are approximately 6, 3, and 1.5 km 
respectively for service availabilities of 50%, 90%, and 99%. Therefore, transmitter separations 
below which co-location can be assumed correspond to 24%, 16%, and 10% of the radius of the 
original coverage for the respective availabilities. As can be seen, the radii for nominally co-located 
transmitters decrease as service availability increases. 

In Fig. A.30, A.31 and A.32, the percentage of reduction in coverage, which was defined by the 
above equation is plotted as a function of transmitter separation for the four RF masks and for 
service availabilities of 50%, 90% and 99%. These results indicate that the coverage reduction 
varies significantly with transmitter spacing. The transmitter separations where the impact of the 
interference on the coverage is greatest, vary slightly with different RF masks and correspond 
to 69%, 59%, and 54% of the radius of the original coverage (i.e. in absence of interference) for 
service availabilities of 50%, 90% and 99% respectively. Thus, for higher service availability, this 
ratio becomes smaller. 

Parameter Value 

Frequency 1 472 GHz 
ERP of the wanted transmitter 1 kW 
ERP of the interfering transmitter 1 kW 
Transmitter antenna height (h1) 100 m 
Transmit antenna pattern omnidirectional 
Receive antenna pattern omnidirectional 
Receiver antenna height (h2) 1.5 m 
Noise figure 3 dB 
Propagation model ITU-R PN.370 

augmented(1) 
Terrain roughness 50 m 
Distribution of signal Shadowing, σ = 5.5 dB 
Target service availability (location) 50%, 90%, 99% 

(1) Recommendation ITU-R PN.370 has since been superseded 
by Recommendation ITU-R P.1546. 
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The maximum coverage reduction for a given mask, also varies with different service availabilities. 
For example, this value jumps from 12.6% to 19.5% when service availability increases from 90% 
to 99%, assuming that the ETSI relaxed mask is used. 

FIGURE  A.26 

Coverage map for interfering separation of 20 km (90% service availability) 
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FIGURE  A.27 

Coverage map for interfering separation of 10 km (90% service availability) 
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FIGURE  A.28 

Coverage map for interfering separation of 5 km (90% service availability) 
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FIGURE  A.29 

Enlarged view of the coverage map for interfering separation of 5 km 
(90% service availability) 
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Figure A.33 shows the difference in percentage of reduction in coverage area as a function of 
transmitter separation for 99% service availability, with the percentage of reduction for the ETSI 
relaxed mask taken as the reference. The curves once again confirm that there is a significant 
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improvement in coverage when tighter masks are used in place of the ETSI relaxed mask. For 
example, the percentage of reduction decreases by 12.2% and 14.4% for a service availability 
of 99% at a transmitter separation of 5 km when the ETSI relaxed mask is substituted by the 
balanced and the tight masks respectively. 

FIGURE  A.30 

Impact of adjacent channel interference on coverage for different RF masks 
(Service availability ==== 50%) 
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FIGURE  A.31 

Impact of adjacent channel interference on coverage for different RF masks 
(Service availability ==== 90%) 
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FIGURE  A.32 

Impact of adjacent channel interference on coverage for different RF masks 
(Service availability ==== 99%) 
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FIGURE  A.33 

Improvement in coverage offered by various masks with-respect-to the ETSI relaxed mask  
(Service availability ==== 99%) 
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A.2 Protection ratios 

A.2.1 Interference into Digital System A 

A.2.1.1 Protection ratios for Digital System A interfered with by VHF/FM 

Figure A.34 shows the required ratios for Digital System A interfered with by VHF/FM. These are 
shown for three values of C/N-loss and the no-noise case. 

A.2.1.2 Protection ratios for Digital System A interfered with by AM/VSB television signal 

Figures A.35 and A.36 indicate the protection ratios required for I/PAL and B/PAL interference to 
Digital system A respectively. Figs. A.37 and A.38 indicate the protection ratios required for 
L-SECAM and D/K SECAM interference to Digital System A, respectively. 

A measurement of the power distributions of typical television signals at a frequency of about 
3 MHz above the vision carrier (within 1.537 MHz bandwidth) has shown that, in comparison with 
the still picture chosen for the protection ratio measurements, 7 dB stronger interference can be 
expected for 1% of time. Hence, when using Figs. A.35 to A.38 it should be noted that the 
protection ratio required in the region of –3 MHz frequency difference may need increasing by 7 dB 
to cover the worst case situation. The peaks around 0 MHz and –5 to –6 MHz are maintained at 
their given values. This applies to all television systems. 

 

 

FIGURE  A.34 

T-DAB interfered with by wide-band FM Sound for BER ==== 10–4 
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FIGURE  A.35 

T-DAB interfered with by I-PAL television for BER ==== 10–4 
(FM sound carrier level –10 dB relative to vision carrier) 

(NICAM sound carrier level –20 dB relative to vision carrier) 
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FIGURE  A.36 

T-DAB interfered with by B-PAL television for BER ==== 10–4 
(1st sound carrier level –13 dB relative to vision carrier) 
(2nd sound carrier level –20 dB relative to vision carrier) 
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FIGURE  A.37 

T-DAB interfered with by L-SECAM television for BER ==== 10–4 

(AM sound carrier –10 dB relative to vision carrier) 
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FIGURE  A.38 

T-DAB interfered with by D, K-SECAM television for BER ==== 10–4 

(FM sound carrier –7 dB relative to vision carrier) 
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A.2.1.3 Protection ratios for Digital System A interfered with by private mobile radio, 
narrow-band FM transmissions 

Some preliminary results have been obtained of the protection rations for DSB as the victim of 
interference from narrow-band FM, private mobile radio (PMR) transmissions. The results are 
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given in Fig. A.39. It can be seen that for this zero-noise situation the co-channel protection ratio is 
about 0 dB and at an offset of 250 kHz from the closest carrier in the DSB/PMR interference 
procedures, a protection ratio of better than –40 dB is obtained. A figure approaching –50 dB is 
soon achieved and maintained over a wide offset range. 

A.2.1.4 Protection ratio for Digital System A interfered with by one CW carrier 

Figure A.40 shows the required protection ratios for Digital System A interfered with by a CW 
signal coincident in frequency with one of the Digital System A carriers. 

If the CW carrier is between two COFDM carriers, the degradation of the C/N may be higher. 

A.2.1.5 Protection ratios for Digital System A interfered with by Digital System A 

Figure A.41 shows the required protection ratios for T-DAB blocks with differences in center 
frequencies between 0 and 3 MHz. These protection ratios were obtained for a Gaussian channel. In 
a realistic mobile environment it is more appropriate to assume a Rician or even a Rayleigh 
channel. While the Rayleigh channel is the worst case and only applicable in some situations, the 
protection ratio should be taken between the two extremes of the Gaussian and Rayleigh channels. 

A.2.1.6 Protection ratios for Digital System A interfered with by terrestrial Digital Video 
Broadcasting (DVB-T) 

Tables A.10 and A.11 give the protection ratios for Digital System A interfered with by DVB-T in 
8 MHz and 7 MHz respectively as a function of carrier offset. 

TABLE  A.10 

Protection ratios (dB) for T-DAB interfered with by DVB-T 8 MHz 

 

TABLE  A.11 

Protection ratios (dB) for T-DAB interfered with by DVB-T 7 MHz 

 

T-DAB (Code rate:1/2), DVB-T (64 QAM, Code rate 2/3) 
∆∆∆∆f ==== Centre frequency of DVB-T minus centre frequency of T-DAB 

∆f (MHz) –5 –4.2 –4 –3 0 3 4 4.2 5 

PR –50 –1 0 1 1 1 0 –1 –50 

T-DAB (Code rate:1/2), DVB-T (64 QAM, Code rate 2/3) 
∆∆∆∆f ==== Centre frequency of DVB-T minus centre frequency of T-DAB 

∆f (MHz) –4.5 –3.7 –3.5 –2.5 0 2.5 3.5 3.7 4.5 

PR –49 0 1 2 2 2 1 0 –49 
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A.2.2 Digital System A interference into other services 

A.2.2.1 Protection ratios for a wanted VHF/FM signal interfered with by Digital System A 

Figure A.42 shows the required protection ratios for continuous interference for VHF/FM stereo 
and monophonic services interfered with by Digital System A. Values for tropospheric can be 
derived by subtraction of 8 dB. 

The quality criteria used was an audio frequency signal to interference ratio of 50 dB measured as 
described in Recommendation ITU-R BS.641. 

A.2.2.2 Protection ratios for a wanted AM/VSB television signal interfered with by Digital 
system A 

Protection ratios have been established for Digital System A interference into PAL television 
systems, both vision and sound, using a 1.5 MHz wide COFDM interfering signal. 

Figures A.43 and A.44 show the co-channel and adjacent channel vision protection ratio assessment 
for systems B/PAL and I/PAL. 

Figure A.45 shows the co-channel and adjacent channel NICAM sound protection ratio assessments 
for system I/PAL. Comparison between this Figure and Figs. A.43 and A.44 indicate that the 
co-channel NICAM protection requirement is substantially more critical than for vision when 
Digital System A signal overlaps the NICAM sound channel. 

 

FIGURE  A.39 

Protection ratios for DSB as the victim of interference from PMR 
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FIGURE  A.40 

T-DAB interfered with by CW for BER ==== 10–4 
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FIGURE  A.41 

T-DAB interfered with by T-DAB for BER ==== 10–4 
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Notes: 

1. Protection ratio values will vary according to T-DAB mode. 

2. The maximum protection (1 dB loss of C/N) at zero frequency difference is 13.8 dB. For the no noise case it is 7.8 dB 
which should be the required protection ratio when the wanted C/N is 15 dB. A compromise value of 10 dB is being 
considered for planning purposes. 
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FIGURE  A.42 

Wide-band FM Sound interfered with by T-DAB 
(Continuous interference) 
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FIGURE  A.43 

B-PAL vision interfered with by T-DAB 
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FIGURE  A.44 

I-PAL vision interfered with by T-DAB 
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FIGURE  A.45 

Television NICAM digital sound interfered with by T-DAB 
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Figure A.46 shows the co- and adjacent-channel FM sound protection ratio assessments for system 
I/PAL. Although superficially very similar to Fig. A.45, it should be remembered that NICAM 
signals will generally be about 7 dB lower than the FM sound signal and hence the absolute 
protection requirement for NICAM is more stringent. 

 

FIGURE  A.46 

Television FM sound interfered with by T-DAB 
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The work described above has concentrated on ITU-R Grade 3 (slightly annoying) degradation. The 
ITU-R recommend that, for the television service, the Grade 3 co-channel protection ratio should be 
increased by 7 dB to give protection for Grade 4 (just perceptible) interference. For the adjacent 
channel situations an increase of 10 dB is recommended. During this present series of tests, no 
specific attempt was made to establish protection ratios for Grade 4, but a brief look at the situation 
suggested that, for interfering COFDM, an overall increase of about 7 dB is required in the 
co-channel vision case. 

Figure A.47 indicates the protection ratio requirement for Digital System A inference to L/SECAM 
vision. Measurements have shown that a ratio of 50 dB (related to the vision carrier) is needed to 
achieve an audio signal-to-noise ratio of 48 dB (weighted according to Recommendation 
ITU-R BT.468) when the Digital System A signal overlaps completely the AM sound signal. 
Protection ratios for the proposed L/SECAM digital sound are not yet known. 

Figures A.45 and A.46 can be combined with the appropriate vision protection ratio curves of 
Figs. A.43 and A.44, to form a composite protection ratio template for the given television system. 
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FIGURE  A.47 

L-SECAM television broadcasting interfered with by Digital System A 

DSB-B28

60

50

40

30

20

10

0
–1 –0.5 0 0.5 1 1.5 2 2.5 3 3.5 4 4.5 5 5.5 6

Pr
ot

ec
tio

n 
ra

tio
 (w

an
te

d-
un

w
an

te
d)

 (d
B

)

Difference between Digital System A centre frequency and vision carrier frequency (MHz)

Continuous
Tropospheric

 

 

 

A.2.2.3 Protection ratio for a wanted private mobile radio signal interfered with by Digital 
System A 

A.2.2.3.1 Protection radio for a wanted private mobile radio (narrow-band FM PMR) signal 
interfered with by Digital System A 

Figure A.48 shows the required co-channel and adjacent band protection ratios for 12.5 kHz FM 
private mobile radio (PMR) services when interfered with by a single T-DSB block to achieve a 
14 dB failure criteria for a signal-to-interference ratio including noise and distortion (SINAD). The 
three curves are for different wanted signal levels of maximum usable sensitivity (MUS): 

 MUS = –107 dBm, MUS + 6 dB = –101 dBm and MUS + 15 dB = –92 dBm 

Figure A.49 shows a similar set of values for a 20 dB SINAD failure criteria. 

Table A.12 shows the protection ratios for 12.5 kHz FM PMR services when interference is caused 
by intermodulation in the receiver due to the presence of two T-DSB blocks with the given 
frequency offsets. The degradation of the wanted PMR signal was to either 14 or 20 SINAD ratio. 

A similar set of results is given in Table A.13 for the situation when the interference is caused by 
intermodulation in the receiver due to the presence of one T-DSB block and an unwanted PMR 
signal. 
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FIGURE  A.48 

RF protection ratio required by 12.5 kHz channelled PMR for degradation to 14 dB 
SINAD when subjected to Digital System A Mode 1 interference 
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FIGURE  A.49 

RF protection ratio required by 12.5 kHz channelled PMR for degradation to 20 dB 
SINAD when subjected to Digital System A Mode 1 interference 
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TABLE  A.12 

Protection ratios for degradation of wanted 12.5 kHz FM PMR signal to either 14 dB 
or 20 dB SINAD due to the effects of intermodulation in the receiver caused by the 

presence of two T-DSB blocks 

 

 

TABLE  A.13 

Protection ratios for degradation of wanted 12.5 kHz FM PMR signals to either 14 dB 
or 20 dB SINAD due to the effects of intermodulation in the receiver caused by the 

presence of an unwanted PMR signal and one T-DSB block 

 

Centre-frequency difference(1) Protection ratio 
(dB) 

First T-DSB block 
(MHz) 

Second T-DSB block
(MHz) 

14 dB SINAD 20 dB SINAD 

1.75 3.5 –67 –66 
3.5 7 –67 –66 

5.25 10.5 –67 –66 
7 14 –67 –66 

14 28 –69 –67 

(1) Centre frequency difference: frequency difference between each of the two 
interfering DSB blocks from the wanted PMR channel. 

NOTE: The wanted PMR signal level was –107 dBm. 

Centre-frequency difference(1) Protection ratio 
(dB) 

PMR signal 
(MHz) 

T-DSB block 
(MHz) 

14 dB SINAD 20 dB SINAD 

1 2 –70 –69 
5 1 0 –71 –70 
8 16 –72 –70 

10 20 –72 –71 

(1) Centre frequency difference: frequency difference between a PMR 
interferer and the interfering T-DSB block from the wanted PMR 
channel. 

NOTE: The wanted PMR signal level was –107 dBm. 
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A.2.2.3.2 Protection ratio for a wanted private mobile radio (SSB, transparent tone in band 
PMR) signal interfered with by Digital System A 

A new technology PMR system using linear modulation, and employing AM SSB with transparent 
tone in band is being considered for use in Band III by at least one administration in the lower 
adjacent band to their terrestrial DSB allocation. The equipment uses narrow 5 kHz channels. 

Figure A.50 shows the required co-channel and adjacent band protection ratio for 5 kHz AM SSB 
private mobile radio (PMR) services in a similar way to Fig. A.48 for a 14 dB SINAD ratio. 

Figure A.51 is a similar set of curves for a 20 dB SINAD ratio failure criteria to those shown in 
Fig. A.49. 

Table A.14 shows the protection ratios for the 5 kHz PMR services when interference is caused by 
intermodulation in the receiver due the presence of two T-DSB blocks with the given frequency 
differences. The degradation of the wanted PMR signal was to either 14 dB or 20 dB SINAD ratio. 

 

TABLE  A.14 

Protection ratios for degradation of wanted 5 kHz SSB TTIB* PMR signal 
 to either 14 dB or 20 dB SINAD due to the effects of intermodulation 

 in the receiver caused by the presence of two T-DSB blocks 

 

A similar set of results is given in Table A.15 for the situation when the interference is caused by 
intermodulation in the receiver due to the presence of one T-DSB block and an unwanted PMR 
signal. 

Centre-frequency difference(1) Protection ratio 
(dB) 

First T-DSB block 
(MHz) 

Second T-DSB block
(MHz) 

14dB SINAD 20dB SINAD 

1.75 3.5 –74 –71 
3.5 7 –77 –74 

5.25 10.5 –80 –77 
7 14 –81 –79 
14 28 –86 –84 

* TTIB stands for Transparent Tone In Band 
(1) Centre frequency difference: frequency difference between each of the two 

interfering DSB blocks from the wanted PMR channel 
NOTE: The wanted PMR signal level was -107dBm. 
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TABLE  A.15 

Protection ratios for degradation of wanted 5 kHz SSB TTIB* PMR signals to either 14 dB or 
20 dB SINAD due to the effects of intermodulation in the receiver caused by the presence of 

an unwanted PMR signal and one T-DSB block. 

 

 

FIGURE  A.50 

RF protection ratio required by 5 kHz channelled PMR (SSB+TIIB) for degradation 
to 14 dB SINAD when subjected to Digital System A Mode 1 interference 
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Centre-frequency difference(1) Protection ratio 
(dB) 

PMR signal 
(MHz) 

Second T-DSB block
(MHz) 

14 dB SINAD 20 dB SINAD 

1 2 –73 –70 
5 10 –80 –77 
8 16 –83 –81 

10 20 –84 –82 

* TTIB: stands for Transport Tone In Band 
(1) Centre frequency difference: frequency difference between a PMR 

interferer and the interfering T-DSB block from the wanted PMR channel 
NOTE: The wanted PMR signal level was -107 dBm. 
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FIGURE  A.51 

RF protection ratio required by 5 kHz channelled PMR (SSB+TIIB) for degradation to 
14 dB SINAD when subjected to Digital System A Mode 1 interference 
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A.3 Sharing considerations 

A.3.1 Digital System A interfered with by a different System A emission 

A.3.1.1 Analysis of sharing cases 

A.3.1.1.1 Terrestrial DSB sharing cases 

A.3.1.1.1.1 Sharing with point-to-multipoint (P-MP) radio systems 

Studies conducted by Canada have shown that sharing near 1.5 GHz between terrestrial (digital) 
sound broadcasting and point-to-multipoint (P-MP) radio systems would require certain minimum 
geographical separations. 

Tables A.16 and A.17 summarize the separation distances in some examples of broadcasting 
transmitters. 

It should be noted that the uniform interference limit used in the study provides adequate protection 
to meet recommended ITU-R performance standards. When considering special applications of 
point-to-multipoint systems to rural local networks where other alternatives are not economically 
viable, a higher interference allowance (e.g., interference-to-noise power ratio of 0 dB) may be 
appropriate, geographical separation distances being reduced accordingly. 

A.3.1.1.1.2 Sharing with broadcasting services 

The protection ratios for T-DSB against television varies between 42 dB and 32 dB depending on 
the T-DSB block used. In Table A.18 the permissible interfering field strengths are given for both 
the worst case and for the best case (best case values are in brackets). 
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For coordination purposes for T-DSB to TV an orthogonal polarization discrimination value of 
16 dB (Recommendation 419) should be applied where appropriate. For TV to T-DSB a value of 
0 dB is assumed. 

The power sum method should be used for multiple interference calculations unless a suitable 
alternative such as the log-normal method is agreed. 

TABLE  A.16 

Examples of required separation distance from digital sound broadcasting transmitter 
to a fixed service hub station at 1.5 GHz to protect point-to-multipoint systems 

 

TABLE  A.17 

Examples of required separation distance from a fixed service hub station to digital 
sound broadcasting transmitter to protect the broadcasting coverage area 

 

A.3.1.1.2 Satellite DSB sharing cases 

Studies of the feasibility of sharing frequencies between the BSS (sound) and services with primary 
allocations in the frequency range 500-3 000 MHz have concentrated primarily on the conditions 
that would protect these services against interference from BSS systems. In nearly all of the cases 
considered, such protection will require significant geographic separations between the boresight of 
the BSS (sound) service area and the receiving stations in the existing services. 

The magnitude of the geographic separations required will depend on many factors, including the 
size of BSS service area, the angle of arrival of the BSS signal, the BSS system configuration (e.g., 
the extent to which complementary terrestrial repeaters and transmitters are included in the system), 

Broadcasting 
coverage 

radius 
(km) 

Broadcasting 
transmitter 

antenna height 
(m) 

Broadcasting 
e.r.p.(1) 

(dBW) (kW) 

Required 
separation 

(km) 

33 100 39.7 9.33 179 
50 150 48.4 69.3 256 
64 150 58.9 773.0 355 

(1) These power levels have been converted from those used for the 
standard 10 m receive antenna height to the power required for antenna 
heights of 1.5 m which are more typical of vehicular reception by the 
addition of 11 dB in each case. 

Broadcasting 
coverage 

radius 
(km) 

Broadcasting 
transmitter 

antenna height 
(m) 

Broadcasting 
e.r.p.(1) 

(dBW) (kW) 

Required 
separation 

(km) 

33 100 39.7 9.33 179 
50 150 48.4 69.3 256 
64 150 58.9 773.0 355 
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the specific BSS (sound) system parameters, the parameters and sharing criteria of the systems in 
the services with which frequency sharing is considered, the operating frequency (which determines 
the satellite e.i.r.p.), and other considerations. 

TABLE  A.18 

Derivation of worst case and best case limits of field strength for tropospheric 
interferenc (T-DSB to TV or FM), minimum field strength, protection ratios and 
permissible interfering field strength for television or sound broadcasting services 

(best case values are given in brackets) 

 

Depending, in particular, on the service interfered with, the e.i.r.p. of the BSS (sound) satellite, and 
the angle of arrival of the interfering signal, the geographic separations required to protect 
interfered-with services range from 200 km to over 7 000 km. In certain specific cases, required 
geographic separations may even approach zero. Since a typical BSS (sound) service area may have 
a radius of about 600 km, this implies that in some cases systems of other services may be located 
within the BSS (sound) service area. However, interference to the BSS (sound) from the other 
service then becomes dominant. The size of the area in which such interference to the BSS receivers 
will occur depends on the characteristics of the interfering system in question. 

To reach more definitive conclusions regarding frequency sharing, interference to BSS (sound) 
receivers would have to be considered for each specific system. For this purpose, additional 
information is needed on the full range of system parameters associated with the systems which 
might provide a BSS (sound) service and, on the parameters of the systems of other services 
actually implemented in the frequency band it is proposed to share. 

In view of the number and geographical distribution of receiving stations already implemented in 
the existing services of many countries, the relatively large geographic separations required for their 
protection would not generally be achievable in practice. 

Therefore, an exclusive allocation for the BSS (sound) may be preferred, in which case 
complementary terrestrial sound broadcasting uses within such an allocation would also be 
practical. 

However, if the BSS is not implemented in certain areas, the existing services may be able to 
continue the use of the band. Furthermore, depending on the actual BSS (sound) channel frequency 

Frequency band 
Minimum 

wanted field 
strength 

Protection ratio 
T-DSB to TV or 

FM 

Permissible interfering field 
strength 

(dB(µµµµV/m)) 

 (dB(µµµµV/m)) (dB) Co-polarized Cross-polarized

Band I TV 48 42  (32) 6  (16) 22  (32) 
Band II TV 54 42  (32) 12  (22) 28  (38) 

Band II FM mono 48 7 41 41(1) 
Band II FM stereo 54 30 24 24(1) 

Band III TV 55 42  (32) 13  (23) 29  (39) 

(1) During the Regional Administrative Radio Conference, Geneva 1983, it was agreed that 
no polarization discrimination be used. However, it was suggested that in bilateral 
negotiations a value of 10 dB could be used. 
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assignment implementation, there may be improved scope for band sharing using frequency 
separation within specific BSS service areas. 

It can be assumed that the terrestrial broadcasting (sound) service will not have as serious 
interference effects on fixed radio systems as the BSS. In this regard, Section 6.4.8 of the CCIR 
Report to the WARC-92 describes studies Canada has carried out to determine the required 
separation distances when sharing between terrestrial digital sound broadcasting and point-to-
multipoint radio systems. 

In the following sections, details are given on some of the sharing situations. 

A.3.1.1.2.1 Sharing with point-to-point systems 

Studies conducted by the United States and Japan have shown that power flux-density limits 
equivalent to the specifications stated in the Radio Regulations are suitable to protect point-to-point 
radio-relay systems in the bands 1 710-2 500 MHz. However, sharing studies reported in 
Report ITU-R BO.955 show that geographical separations ranging from hundreds of kilometres to 
over 9 000 km, depending on the BSS (sound) system parameters, would be required in order to 
meet these power flux-density limits. 

It may be assumed that point-to-point digital radio-relay systems with multiple hops and utilizing 
regenerative repeaters on each hop could have more relaxed interference criteria by allocating most 
of the design objectives of performance degradation to the worst hop, and thus the additional 
discrimination required for sharing might be reduced in such cases. 

A.3.1.1.2.2 Sharing with the mobile service 

A preliminary analysis has shown that frequency sharing between aeronautical telemetry and one 
proposed BSS (sound) system within the same service area produces mutually harmful interference 
(see also Section 16.8 of the CCIR Report to the WARC-92). 

In general, sharing with the mobile service requires large geographic separation ranging from 
approximately 500 km to more than 7 000 km. 

A.4 Feeding the transmitter stations 

A.4.1 General considerations 

The transmitted signal of Digital System A consists of a multiplex of a number of separate audio or 
data services. Each of these services will be produced by a service operator who will be producing a 
data signal at a rate which is determined by his share of the aggregate data rate. Typically, several 
service operators will be making contributions to any one transmitted signal. 

Digital System A also permits the transmitter network to be configured as a single frequency 
network (SFN) where many transmitters are required to radiate the “same” signal. The multiplicity 
of service operators and transmitters leads naturally to a star configuration for the Digital System A 
network as shown in Fig. A.52. 

A.4.2 Service data signals 

The connections between the service operators and the multiplexer will typically be at data rates in 
the range 8 kbit/s to several hundred kbit/s. These are conveniently realized using standard 
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N x 64 kbit/s (or N x 56 kbit/s) network techniques. N is chosen to suit the required communication 
rate. The interface between the service operator and the ensemble multiplexer is known as the 
service transport interface. 

A.4.3 Transmitter distribution 

The transmitter distribution can be accomplished in one of two ways. 

The multiplexer could generate the modulated signal as it is required to be transmitted but at a 
center frequency available for signal distribution. One technique which has been used is to use a 
center frequency of a few MHz so that the entire signal is contained within the passband of a vision 
circuit. Distribution is then achieved using more-or-less standard vision distribution techniques. 

 

FIGURE A.52 

Outline of Digital System A network 

  Service
operator 1

  Service
operator N

 Ensemble
multiplexer

Service N

Transmitter 1

Transmitter M

Transmitter
distribution

data

 
 

However, it is more likely that the output of the multiplexer will be another data signal which 
contains the raw data which is required to be transmitted. This is known as the ensemble transport 
interface (see Chapter 11). By removing redundant information such as the channel coding (which 
may then be added at each transmitter site prior to final modulation) it is possible to accommodate 
all the required data within the capacity of a 2 Mbit/s circuit1. The techniques applicable at these 
data rates can then be applied for signal distribution. 

A.4.4 Single frequency networks 

There are some special considerations which apply to the transmitter distribution signal when 
feeding a SFN. In this case there is a requirement that the transmitted signals are co-timed, within 
certain limits. This means that each path from the multiplexer to each transmitter must have the 

____________________ 
1 1.544 Mbit/s circuits may also be used but with some restriction on the number of services which can be 

contained in the signal multiplex. 
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same delay time. This may require special techniques at each transmitter to compensate for any 
variability in the transit delay of the distributed signal. 

Each transmitter must also have the same center frequency within certain limits. Once again, this 
may require the use of a reference frequency to lock each transmitter’s output. This reference 
frequency may be derived from the distributed signal itself or may require the derivation of a 
reference signal from some external standard such as the Global Positioning System. 

A.5 Computer simulations 

A.5.1 Computer simulations in the band 1 452-1 492 MHz 
The COFDM coverage prediction software, labelled COFDMCOV and developed in Canada, is a 
computer program which enables a user to synthesize and predict the coverage of a DSB station 
which uses a single transmitter or the distributed emission concept. The program has been written in 
C and operates in the DOS environment. The recommended platform is a 486 PC with a clock speed 
of at least 33 MHz. The user interacts with the software via a user-friendly graphical interface. 
Selection of features, functions or options is made with the help of a mouse, pull-down menus and 
pop-up windows. 

To perform a case study, a number of input parameters must be specified by the user. These have 
been grouped in three categories as follows: 
a) System parameters 

– carrier frequency (typical = 1 472 MHz) 
– symbol period (typical = 320 µs) 
– guard interval (typical = 64 µs) 
– useful bit rate (typical = 1 200 kbit/s) 
– spectral efficiency (typical = 0.8 bit/s/Hz, resulting in a channel bandwidth of 1.5 MHz) 
– system and hardware margin (typical = 6 dB, corresponding to 1 dB allowance for the 

guard interval, 1 dB for Doppler shift, 2 dB for hardware implementation and 2 dB for 
interference contribution) 

– minimum Eb/N0. This is the minimum energy-per-bit/noise spectral density ratio 
required at the receiver to ensure adequate reception. This ratio corresponds to the 
system operation threshold. Typical value: 7.5 dB. 

– propagation model: 
– Free space; 
– Recommendation ITU-R P.1546 F(50,50); 
– Recommendation ITU-R PN.370 augmented2 ( f = 1.5 GHz, receiver antenna height = 

1.5 m); 
– Okumura-Hata. 

b) Receiver parameters 
– antenna gain (typical = 0 dBi) 
– antenna noise temperature (typical = 105 K) 
– coupling/filter losses (typical = 1 dB) 

____________________ 
2 Recommendation ITU-R PN.370 has since been superseded by Recommendation ITU-R P.1546. 
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– receiver noise figure (typical = 1 dB) 

– receiving antenna height (typical = 1.5 m) 

– COFDM receiver synchronization algorithm relative to the guard interval: 

– center – maximum weighted total power 

– center – linearly weighted mean echo 

– center – maximum echo 

– left – maximum echo 

– left – first echo larger than – 20 dB relative to total signal power and 10 dB above noise 
power. 

c) Transmitter parameters 

– effective radiated power for each transmitter (e.r.p. in W) 

– effective antenna height above average terrain for each transmitter (EHAAT in m) 

– antenna radiation pattern for each transmitter (omni, X-dipole broadside, custom) 

– position of re-transmitters relative to the main transmitter 

– latitude and longitude of the main transmitter. 

Once the above parameters have been set, the analysis is performed as follows. The video monitor 
screen represents a geographical area L km long by W km wide. The main transmitter, normally 
placed at the center, is assigned the coordinates X,Y = 0,0. Re-transmitters are placed at the 
specified locations relative to the main transmitter. The area represented on the screen is divided 
into a virtual matrix of calculation points with a resolution of up to 120 × 120 (maximum = 
14 400 points). Each calculation point represents a reception site. 

At each point, the signal received from each of the transmitters is predicted using the propagation 
model selected. Using one of the five receiver synchronization algorithms available, the multipath 
signals are analyzed to determine if the echoes are constructive or destructive. In the current 
version, only direct path signals from the transmitters are considered without generation of passive 
echoes. Once these active echoes are predicted and weighted according to their location relative to 
the guard interval, they are power added. This represents the case where all propagation paths are 
considered to be correlated. In reality, these paths would only be partly correlated due to the 
immediate surrounding of the receiver. The fully correlated case is expected to be the worst case in 
terms of signal availability. From this addition, a carrier-to-noise (C/N) ratio is calculated and 
compared to the minimum C/N required by the receiver (i.e., the operational threshold). A margin 
in dB above or below the operation threshold is calculated. Contour lines are then plotted on the 
screen to indicate areas where 0, 10, 20, 30 and 40 dB of margin are obtained. The area inside the 
0 dB contour line is the station coverage area. 

The user can freely change any of the input parameters and the location of the re-transmitters and 
see the impact on the coverage within seconds. For instance, the number and position of 
re-transmitters as well as their e.r.p., EHAAT and radiation pattern can be modified until the desired 
coverage shape is obtained. 
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A.5.1.1 Non-synchronized SFN DSB coverage simulations at 1.5 GHz 

Two sets of coverage exercises are reported here as examples of results obtainable from the 
computer program and also to make two specific points related to the use of the distributed emission 
concept. The results of these exercises are given as coverage maps contained in the associated 
figures. A number of assumptions were made in trying to limit the number of variables in these 
coverage simulations. 

The first set of exercises is based on the need to cover the typical contour used in Canada for FM 
sound broadcasting (i.e., 70 km coverage radius). Figure A.53 shows the coverage for a single 
transmitter at 300 m effective height above the average terrain (EHAAT). The contour lines 
represent the contours where the signal is 0, 10, 20, 30 and 40 dB above the operation threshold. 
The power required is 90 kW to reach the specified contour assuming 50% location availability and 
90% time availability. This power is required to carry the full 1.2 Mbit/s multiplex up to the edge of 
the coverage area. 

The propagation model used is the ITU-R model of Recommendation ITU-R P.1546 which is 
equivalent to the FCC propagation curves. This model has been augmented to extend its range of 
applicability to 1.5 GHz and to cover for receiving antennas at 1.5 m height, typical of car 
reception. In the case of a service availability of 90% location and 90% time, an increase of 12 dB 
in transmit power would be required. The technical parameters used for this exercise are listed in 
Table A.19. 

 

FIGURE  A.53 
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TABLE  A.19 

System, receiver and transmitter technical parameters 
used to produce Figure A.53 

 

Figure A.54 displays a ring of eight re-transmitters around a central transmitter to reach the 70 km 
radius. Instead of requiring 90 kW as in the case of the single central transmitter, the power 
requirement is now of 5.5 kW for each transmitter. These re-transmitters, which use an 
omnidirectional antenna pattern, are at an EHAAT of 75 m which is seen as typical of tall apartment 
buildings and are located at 50 km from the main transmitter. The re-transmitters are assumed to 
pick the signal off the air and re-transmit it without any delay. It is basically a non-synchronized 
SFN. To generate the coverage, the guard interval had to be increased to 104 µs (520 µs symbol 
period). At this value of guard interval, some holes start to appear in the coverage area. These holes 
are caused by excessive destructive echo power from active echoes from the re-transmitters falling 
outside the guard interval. 

Another approach to the distributed emission concept (or non-synchronized SFN) for DSB is the 
use of directional antenna patterns looking outward from the main transmitter. If the level of 
emission from the antenna back lobes can be controlled, minimal destructive echo power would be 
received at sites located between the main transmitter and the re-transmitters. Therefore the guard 
interval could be much smaller. In such case, however, the improved availability due to space 
diversity at the transmit end would be lost. 

The second set of coverage exercises, which demonstrates a more practical situation, was done 
using the populated area in metropolitan Toronto. Figure A.55 shows the coverage resulting from a 
single transmitter located on the CN Tower, downtown Toronto (EHAAT = 300 m). The antenna is 

1) System parameters: 
Curves show margin above system operation 
threshold (dB) 
Horizontal span = 260 km 
Frequency = 1 472 MHz 
Symbol period = 320 µs 
Guard Interval = 64 µs 
Useful bit rate = 1 200 kbit/s 
Spectrum efficiency = 0.8 bit/s/Hz 
Minimum Eb/N0 = 7.5 dB 
System and hardware margin = 6 dB 
Propagation model = Rec. ITU-R PN.1546 
Receiver antenna height = 1.5 m 
Location availability = 50% 
Time availability = 90% 

2) Receiver parameters: 
Antenna gain = 0 dBi 
Antenna noise temperature = 105 K 
Coupling and filter losses = 1 dB 
Receiver noise figure = 1 dB 
Receiver figure of merit = –24.39 dB/K 
Antenna pattern: omnidirectional 
Synchronization algorithm: 
 Centre = linearly weighted mean echo 
 
3) Transmitter parameters 
See below. 
 

Transmitter 
name 

Position
X    Y 

e.r.p. 
(kW) 

Pattern Height 
(m) 

Azimuth 
(degrees) 

Delay  
(µµµµs) 

Back lobe 
(dB) 

In use

90 kW 300 m 0     0 90 Omnil 300 0 0  YES 
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directional as is currently done with analogue FM to reduce the interference towards the nearest 
U.S. city (Buffalo). The transmit e.r.p. was adjusted to encompass the farthest point of the service 
area (shaded zone) with the 0 dB margin contour (50 km radius). The required e.r.p. is 6 kW for an 
extent of coverage of 50 km (F(50,90)). 

In Fig. A.56, a coverage shaped around the Toronto service area is obtained with the addition of two 
on-channel coverage extenders, both at 75 m EHAAT. The required e.r.p. at these repeaters is 40 W 
and 1.1 kW. This allows for a reduction of the e.r.p. of the main transmitter from 6 kW to 230 W to 
cover a radius of 33 km. The technical parameters used for this example are the same as in the 
previous exercises with a guard interval of 64 µs. It is assumed that the signal at the repeaters is 
picked off the air and that there is no additional delay inserted. 

In Fig. A.57, the coverage of the metropolitan Toronto is achieved with a better shaping of the 
coverage area with five re-transmitters, all fed from the main transmitter without any additional 
delay. All these repeaters are at 30 m EHAAT and need e.r.p.s ranging from 5 W to 80 W. This 
figure also demonstrates that the shaping of the coverage area also allows for a reduction in the co-
channel separation distance. In this case, Kitchener can reuse the same frequency whereas in the 
case of a single transmitter, the separation distance would have been more than twice that amount. 

 

 

FIGURE  A.54 

Main transmitter with eight re-transmitters 
(grid = 20 km) 
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FIGURE  A.55 

Coverage from a transmitter on the CN Tower 
(grid = 10 km) 
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FIGURE  A.56 

Coverage of Toronto 
(grid = 10 km) 
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FIGURE  A.57 

Coverage of metropolitan Toronto 
(grid = 20 km) 
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A.5.1.2 Synchronized SFN computer simulations at 1.5 GHz 

The computer simulations were performed with COFDMCOV, a computer program developed at 
the Communications Research Centre, Ottawa, Canada. This program predicts the coverage of DSB 
stations using COFDM type modulation with guard interval. The parameter values used in the 
simulations described herein are summarized in Table A.20 (system parameters), Table A.21 
(receiver parameters) and Table A.22 (transmitter parameters). 

The main purpose of the simulations was to perform a parametric study of the three main 
transmitter parameters that come into play in an SFN, namely the transmitter spacing, e.r.p. and 
EHAAT. This parametric study was done for two different guard interval durations (64 and 32 µs) 
and two sets of time and location availability, namely F(50,90) and F(90,90). The propagation 
curves used were those of Fig. 9 (land, h = 50 m) of Recommendation ITU-R P.1546. The five 
parameters that were varied in the simulations are shown in italics in Tables A.20 and A.22. 
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TABLE  A.20 

System parameters used in the simulations 

 

 

A.5.1.3 Computer simulation results and discussion: minimum e.r.p. vs. transmitter spacing 

In the first series of simulations, the minimum e.r.p. required for each transmitter of the network to 
ensure proper coverage was determined as a function of transmitter separation. These were arranged 
in a regular triangular lattice such as the one shown in Fig. A.58. Each transmitter was assumed to 
have an omnidirectional radiation pattern, identical e.r.p. and a fixed EHAAT of 200 m. For a given 
set of parameters, the minimum e.r.p. was determined by reducing simultaneously the e.r.p. of all 
transmitters until a first gap would appear anywhere in the coverage area. This was repeated for 
different transmitter spacings. 

The results are shown in Fig. A.59 for a guard interval of 32 µs. In both figures, results are shown 
for two different sets of location and time availability, namely F(90,90) and F(50,90). e.r.p. and 
transmitter spacing combinations that fall above the curves shown in these figures will provide 
satisfactory SFN operation. 

System parameters 

RF frequency 1 472 MHz 
Total symbol duration (Ts) 320 µs (Mode II) 

160 µs (Mode III)  
Guard interval duration (∆) 64 µs (Mode II) 

32 µs (Mode III) 
Useful bit rate 1 200 kbit/s(1) 
Spectrum efficiency 0.8 bit/s/Hz(2) 
Minimum Eb/N0 7.5 dB(2) 
System and hardware margin 6 dB(3) 

Propagation model 
ITU-R PN.370 augmented(4) 
F(50,90)(5) 
F(90,90) 

(1) 1 200 kbit/s ÷ 0.8 bit/s/Hz = 1.5 MHz. 
(2) This value was taken from Report ITU-R BO.955-2. 
(3) This value was taken from Report ITU-R BO.955-2. It 

includes 1 dB allowance for the 20% guard interval, 1 dB 
equivalent loss caused by Doppler shift in a vehicle moving at 
100 km/h, a 2 dB hardware implementation margin and 2 dB 
allowance for interference. 

(4) The Recommendation ITU-R PN.370-5 model (curves of 
Fig. 9, land, h = 50 m) was modified for a receiving antenna 
height of 1.5 m and an RF frequency of 1 472 MHz. 

(5) F (% locations, % time). 
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TABLE  A.21 

Receiver parameters used in the simulations 

 

TABLE  A.22 

Transmitter parameters used in the simulations 

 

For a guard interval of 32 µs (Fig. A.59) the minimum e.r.p. increases gradually (propagation 
losses) for transmitter separations from 50 to 75 km and then asymptotically as the transmitter 
separation approaches 95 km (destructive echoes). SFN operation is impossible with EHAATs of 
200 m and transmitter separations greater than 95 km, no matter how large the e.r.p. is. 

The asymptotic behaviour of the e.r.p. vs. separation distance curve could not be observed for a 
guard interval of 64 µs and transmitter separations up to 120 km as shown in Fig. A.60. The 
asymptote probably exists for transmitter separations somewhere between 150 and 200 km, well 
beyond the range of feasibility due to propagation losses. 

One important result to note is that, for both Mode II and Mode III COFDM parameters and 
EHAATs of 200 m, transmitter spacings of 50, 60 and 70 km require a minimum e.r.p. of 2.5 kW, 
9 kW and 29 kW respectively to provide service at 90% of the locations and 90% of the time. This 
range of separation and e.r.p. values is quite practical and only based on propagation losses rather 
than presence of destructive echoes. e.r.p. values about 12 dB smaller would suffice for 50% of the 
locations and 90% of the time. 

Receiver parameters 

Antenna height 1.5 m 
Antenna gain 0 dBi 
Antenna noise temperature 105 K(1) 
Coupling and filter losses 1 dB(1) 
Receiver noise figure 1 dB(1) 
Receiver figure of merit –24.4 dB(K–1) 
Synchronization algorithm First echo 20 dB below total 

power 

(1) This value was taken from Report ITU-R BO.955-2. 

Transmitter parameters 

Antenna pattern Omnidirectional 
Transmitter spacing Variable 
e.r.p. Variable 
EHAAT Variable 
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A.5.1.4 Conclusion on L-band simulations 

These detailed computer simulation results have demonstrated the feasibility of synchronized single 
frequency networks at 1.5 GHz. Using either COFDM Mode II or Mode III parameters, transmitter 
separations up to 80 km were shown to be possible with realistic values of transmitter e.r.p. and 
antenna EHAAT. 

It was shown that guard intervals as small as 64 µs (Mode II) or µs (Mode III) is not a constraint for 
transmitter spacings up to 80 km because echoes received outside these guard intervals in a network 
are well attenuated by propagation losses and are not destructive enough to bring the C/(N + I) ratio 
below threshold. Propagation loss is an important factor that seems to have been overlooked in 
previous SFN studies where very long guard interval durations were thought to be required to 
ensure proper network operation. 

In all these computer simulations, a deterministic propagation model was used. This represents the 
case where all active echo levels are correlated and the presence of passive echoes was not 
considered. It is likely that in real life, where the fading on each echo received at one point is 
independent from any other, the situation will somewhat be improved. Further work is required to 
explore the SFN service availability when stochastic propagation models are used. 

 

FIGURE  A.58 

Arrangement of SFN transmitters used in the simulations 

0.0 dB
10.0 dB
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FIGURE  A.59 

Minimum e.r.p. as a function of transmitter spacing 
(Guard interval = 32 µs) 
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FIGURE  A.60 

Minimum e.r.p. as a function of transmitter spacing 
(Guard interval = 64 µs) 
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A.5.2 Computer coverage simulations below 1 000 MHz 

A.5.2.1 Planning methods for a national single frequency network for DSB in the VHF 
bands 

A.5.2.1.1 Introduction 

A.5.2.1.1.1 Symbol period and guard interval 

The Active Symbol Period tS is that period over which the transmitter or receiver performs 
correlation calculations to generate or decode the carriers. The transmitted symbols are extended by 
the addition of a Guard Interval ∆ so that the Total Symbol Period TS = tS + ∆. This achieves two 
significant advantages. Firstly, the receiver does not have to be exactly synchronised in time to 
ensure the orthogonality of the carriers. Secondly, and more importantly from the network planning 
point of view, multiple signals which arrive less than ∆ after the start of the receiver symbol period 
will not cause any inter-symbol interference (ISI). It is this property which confers on the COFDM 
system its particular immunity to multipath interference. 

A.5.2.1.1.2 Spectrum efficiency 

The multiple carriers are generated at the COFDM coder and decoded in the receiver using a Fast 
Fourier Transform (FFT) algorithm. The carriers are spaced at frequency intervals of 1/tS, which is 
a very small separation (1 kHz for the proposed VHF terrestrial DAB Mode I). However, because 
the coder and receiver perform their integrations over the same period tS, the receiver can separate 
out the data streams carried on each carrier. The spectra of the individual carriers have nulls at 
intervals of 1/tS, thus no carrier has energy at the frequency of any other carrier. This is one 
qualitative description of the property of orthogonality – the carriers are orthogonal. 

The upshot of this is that a COFDM SFN can be highly spectrum efficient. For example, 5 or 6 
stereo programmes can be carried in a 1.5 MHz wide ensemble of carriers. Compare this with the 
2.2 MHz wide band required in Great Britain (significantly more in continental Europe) for a 
conventional multi-frequency FM network carrying one programme. 

A.5.2.1.1.3 Minimum required field strength 

The minimum required field strength at the receiving antenna depends on a number of factors, such 
as the required signal to noise ratio, the antenna gain and the level of background noise. 
Experimental calculations done at BBC Research & Development Department suggest a value of 
around 38 dBµV/m to give 14 dB C/N for a 1.5 MHz COFDM ensemble, assuming a typical 
portable receiver. These figures are subject to revision, for example the the final minimum required 
field strength may be in the order of 35 dB(µV/m). 

A.5.2.1.2 Structure of prediction method 

The prediction program calculates the combined contributing and interfering field strengths at 
regularly spaced test points within an area. Contributing and interfering proportions of the received 
powers from all the transmitters in the SFN are combined using the log-normal method. 

The first operation performed at each test point is the determination of the 50% of time and 1% of 
time field strengths from each transmitter in the SFN. Before the field strength combinations at a 
given point can be carried out, it is necessary to determine the position in time of the start of the 
receiver symbol period; all the signal delays are relative to this point. Various receiver 



- 239 - 

synchronization strategies are possible, but for the present work it is assumed that the receiver will 
lock to the signal from a particular transmitter (which will thus have zero relative delay). This will 
not necessarily be the earliest-arriving signal. Following discussions on the likely behaviour of the 
DAB receiver in the presence of multiple signals of differing field strengths, a slightly more 
elaborate strategy for determining the reference transmitter was developed, as described below. 

Recent developments in the SFN coverage prediction method have centred around the incorporation 
of the log-normal method of field strength combination as developed by Schwartz and Yeh 1982. 
Some errors in the original maths have been corrected to allow for non-zero correlations between 
signals. Previous work, as described by Lee M.B.R 1993., used power-sum addition of field 
strengths. 

A.5.2.1.2.1 Selection of reference transmitter 

The reference transmitter is identified by the procedure “FindRef”, using the individual 50% of time 
field strengths already determined. Firstly, it calculates by power sum addition the total 50% time 
field strength arriving at the receiver. It then sets a threshold field strength as the greater of “total 
field minus a user-specified lock dynamic range” or “background noise allowed for”. The 
earliest-arriving signal that exceeds this threshold is selected as the reference transmitter. 

A.5.2.1.2.2 Combination of signals 

Having identified a reference transmitter, the program generates the combined contributing and 
interfering field strengths using the routine “AddFields”. The routine first calculates the 
contributing and interfering partial field strengths from each transmitter, according to its delay δ 
relative to the reference transmitter, as described in the signal timing and combination section 
below. This produces an array of mean partial field strengths. The routine then identifies the 
strongest contributing and strongest interfering sources. In calculating the interfering fields, 1% of 
time field strengths are used to ensure protection for 99% of time. 50% of time fields are used in 
calculating the contributing fields. 

The log-normal method requires a standard deviation for each individual signal. At present, the 
standard deviation for each individual signal is assumed to be 5.0 dB; an array of standard 
deviations is loaded with this value. A correlation of zero is assumed between all signals. 

The partial field strengths are then combined “two-by-two” as suggested by Schwartz and Yeh, 
using the routine “LogNorm”. This routine returns the mean and standard deviation of the combined 
field; these values are stored in the data arrays. The process is repeated on the combined fields until 
just one contributing and one interfering field strength remains. 

A.5.2.1.3 Signal timing and combination 

In a SFN the receiver will generally receive more than one signal, firstly due to multipath 
propagation (short relative delays) and secondly from multiple transmitters (longer relative delays). 
No attempt is made in the present work to assess the impact of multipath propagation on the 
coverage area; we are concerned with the impact of delayed signals from the multiple co-channel 
transmitters of a SFN. 

A.5.2.1.3.1 Signal combination 

Signals arriving at the DAB receiver will contribute to or detract from the overall system 
performance to an extent determined by their delay (positive or negative) relative to the start of the 
receiver symbol period. The dependence on relative delay of the contributing proportion αi of the 
received power from transmitter i is as follows: 
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where: 

 δi : relative delay for transmitter I 

 ∆ : guard interval 

 tS : active symbol period. 

The form of this function is shown in Fig. A.61: 
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FIGURE A.61
The two components of the received power W:

C is the useful (contributing) power and I is the interfering power

C:   useful power
I: interfering power  

 

 

A.5.2.1.3.2 Limiting delay 

The point at which a delayed signal becomes a net degrader of system performance depends on the 
limiting signal/interference ratio (C/I)lim of the system. Consider the case of a single signal such 
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that the signal/noise ratio is close to (C/I)lim. A second signal with delay δ is introduced. The new 
signal/interference ratio is now: 
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where: 

 S1 : power of first signal 

 N : noise power 

 C2 : contributing component of second signal power 

 I2 : interfering component of second signal power. 

The signal will be useful (or interfering) if it tends to increase (or decrease) the overall 
signal/interference ratio. As the level of the second signal rises it will tend to dominate the overall 
C/I; the receiver will remain locked to the first signal until the second signal is more than 10 dB 
above the first. Thus the second signal will tend to be a net contributor if 
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C2 = αS2 and I2 = (1 – α)S2; from (1), 
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thus finally we obtain 
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For (C/I)lim = 10:1 (10 dB) and a guard interval of tS/4, δlim = 1.18∆ for delayed signals or δlim = 
−0.18∆ for pre-echoes. For a guard interval of 250 µs, these represent path length differences of 
88.5 km and 13.5 km respectively. 

A.5.2.1.4 Satellite feed delays 

In practice the transmitters in a COFDM SFN may be fed at SHF from a geostationary satellite. 
This introduces an extra element of delay into the network, as different transmitters will receive the 
satellite signal at different times depending on their positions and the position of the satellite.  

Assume that the signal from the satellite appears as a plane wavefront perpendicular to the 
equatorial plane. Consider two stations at latitudes θi, θr and longitudes ϕi, ϕr, and a satellite at 
longitude ϕS. The difference in the arrival times of the satellite signal at the two stations is given by: 
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where: 
 RE : radius of the Earth 
 c : velocity of light. 
Note that this extra delay may be positive or negative, depending on the relative positions of the two 
stations. The signal delay for transmitter i relative to the reference transmitter will now be: 

  S
ri

c
dd δ+






 −=δ  (A.7) 

where: 
 di : distance to transmitter I 
 dr : distance to reference transmitter. 
In the northern hemisphere transmitters south of the reference transmitter will have their relative 
delays reduced, thus reducing the interfering signal. Those to the north of the reference transmitter 
will have their relative delays increased, thus increasing the interfering signal. Whether the overall 
C/I is increased or decreased as a result will depend on the relative positions of the test point and 
the reference transmitter and upon the distribution of transmitters relative to the test point. 
The extra signal delays introduced by the satellite feed can be cancelled out by applying 
compensating delays at the individual transmitters in the network, ranging from zero for a 
transmitter in the Shetland Islands up to around 3.6 ms for a transmitter in the Channel Islands. 

A.5.2.1.5 Percentage coverage calculation 
Given values for the mean and standard deviation of the contributing and interfering fields for a 
coverage cell, it is possible to estimate the percentage coverage in the cell directly. Some 
assumptions still have to be made about the relationship between C/N and C/I, however. The 
“Coverages” routine generates coverage proportions pN and pI for C vs. N and C vs. I, using a 
numerical method for calculating the cumulative Normal probability distribution. For C vs. N, the 
variate z is given by: 
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min CCz
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−=  (A.8) 

and for C vs. I by: 
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Having generated the two probabilities, the routine calculates two possible overall proportions for 
the coverage cell; firstly as the lesser of pN and pI (which implicitly assumes that C/N and C/I are 
correlated) and secondly as 1 – [(1 – pN) + (1 – pI)] (which implicitly assumes that C/N and C/I are 
anti-correlated). The routine returns a coverage percentage as 100 times the mean of these two 
values. 

A.5.2.1.5.1 Program output 
The program generates files of coverage information for the specified area (usually 1 100 km grid 
square), suitable for plotting or displaying using the “Wings” geographical information system. The 
program generates coverage files of mean and standard deviation for the contributing and 
interfering fields, strongest contributing and interfering field components, and pointers to the 
reference transmitter and strongest contributing and interfering transmitters. It also generates 
coverage files giving percentage coverage in each coverage cell, as described above. Figure A.62 
shows a summary flow diagram of the prediction program. 



- 243 - 

FIGURE  A.62 

Flow diagram of DABCOV program 
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A.5.2.1.6 Prediction of field strength 

For several years the BBC has used a field strength prediction method for the VHF and UHF bands 
based on propagation over terrain profiles derived from a terrain database of 0.5 km resolution 
(Causbrook et al. 1982). This method has been used in the present work to calculate field strength 
distributions from each transmitting site. This method will clearly yield more detail in the field 
strength distributions than is possible using the Recommendation ITU-R P.1546 curves. 

To reduce the amount of recalculation required when transmitters were added to or removed from 
the network or the network parameters were changed, 50% time and 1% time field strength 
distributions for each transmitting site were precalculated and stored, using existing routines. An 
e.r.p. of 1 kW and omnidirectional radiation were assumed. The receiver antenna height above 
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ground level and the frequency had to be specified when the field strength distributions were 
calculated; corrections for transmitter power and radiation pattern could be applied in the main 
prediction program. 

The prediction method is optimized for a receive antenna at 10 m AGL, so the field strength 
predictions were carried out for this receive antenna height and a fixed height gain correction of 
10 dB applied in the network coverage prediction program. 

Previous work by Lee has used predictions based on routines that implement Recommendation 
ITU-R P.1546. Predictions have also been made using the BBC method with a receive antenna 
height of 2 m AGL. It is now believed that greater overall accuracy in network coverage prediction 
is obtained by predicting to 10 m and applying a height gain correction. 

A.5.2.1.6.1 Standard deviation of field strength 

Measurements on an experimental COFDM SFN in the South London area have shown that in 
urban and suburban areas the field strength from a single transmitter exhibits a log-normal 
distribution with a standard deviation of about 5.5 dB over a 1 km square. Adding a signal of 
similar mean strength from a second transmitter increased the 50% location field strength by 3 dB 
and reduced the standard deviation, as expected. As a result of international discussion, a value of 
about 5.5 dB is now generally accepted; this value is supported by more recent measurement work. 

A.5.2.1.7 Application of prediction method 

Previous work by Lee has used the prediction method, with power-sum field addition, for 
theoretical lattice modelling and for coverage predictions for a range of possible transmitter 
networks. The lattice modelling results are repeated here; the real network coverage has been 
generated using log-normal field addition. 

A.5.2.1.7.1 Theoretical lattice 

Initial studies of a COFDM SFN were performed using a computer model of a regular triangular 
lattice of identical transmitters. The lattice was assumed to cover a circular area of 500 km radius. 
Propagation according to the Recommendation ITU-R P.1546 curves was assumed. Field strength 
calculations were performed at various points within the central triangular cell.  

The point of minimum C/I was found to lie close to the centre of the lattice cell. Calculations were 
performed for a range of lattice spacings and effective transmitter heights, for both a synchronous 
and a satellite-fed network. The lattice was assumed to be centred on Great Britain (origin at 54° N, 
2° W) and fed from a satellite due south of the lattice centre. 

Figure A.63 shows the variation with lattice spacing and transmitter height of C/I at the cell centre 
for a synchronous network and Fig. A.64 shows the variation for a satellite-fed network, for 
∆ = 250 µs and tS = 1 ms. It is clear from these results that a dense network will give better 
performance than a sparse network. It will also have a lower required network ERP since the field 
distribution will be more uniform. It is also clear that the extra delay due to the satellite feed 
worsens C/I at the point where it is at its lowest, especially for larger lattice spacings. At a lattice 
spacing of 90 km, the satellite feed delays reduce C/I by around 4 dB. Nonetheless the results 
suggest that a network based primarily on using existing UHF television main station sites, which in 
the UK form a rough lattice of about 90 km spacing, would be worth investigating. 
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FIGURE  A.63 

Variation of C/I for a theoretical lattice for five values of effective transmitter height: 
synchronous network 
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FIGURE  A.64 

Variation of C/I for a theoretical lattice for five values of effective 
transmitter height: satellite fed network 
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It should be noted that C/I is independent of the ERP of the transmitters. Once compensation for 
satellite feed delays has been added, coverage can only be further improved by reducing the lattice 
spacing. This will remain broadly true for a real network, except where the field strength is 
inadequate to overcome noise. 

A.5.2.1.7.2 Real networks 

An initial planning exercise was carried out using a SFN based on 92 transmitters at existing VHF 
and UHF broadcasting sites. Transmitters were gradually added to fill in the areas of inadequate 
coverage until a set of over 230 sites was reached. Almost all of these sites were existing VHF or 
UHF broadcasting sites. Directional radiation patterns were applied at a few sites to control long-
distance interference, and many antenna heights were altered to take into account available mast 
apertures. ERPs of 10 kW per 1.5 MHz COFDM ensemble were assumed for transmitters at main 
station sites, with 5 kW, 2 kW or 1 kW ERP at relay sites. 

The transmitter field strength distributions were calculated for a nominal frequency of 225 MHz and 
a receiver antenna at 10 m above ground level. Figure A.65 shows the distribution of percentage 
coverage for this augmented network. 

FIGURE  A.65 

Predicted coverage of the augmented network in the southern United Kingdom, based 
on the BBC (terrain data based) prediction model 

 

A.5.2.1.8 Analysis of coverage results 

As described above, the network coverage prediction program now calculates a percentage 
coverage for each coverage cell. The coverage analysis program can then simply use the percentage 
coverage values generated by the coverage prediction program to assess country-wide population 
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and area coverages. Countrywide percentages can then be assessed in one of two ways. Firstly, if 
the coverage in a 1 km square exceeds a user-specified Yes/No coverage threshold then it is 
considered to be all served and all of the population and area of the square are added to the 
population and area accumulators, otherwise none of the square is considered to be served. 
Alternatively, the served proportion of the population and area of the square are simply added to the 
population and area accumulators. 

A.5.2.1.8.1 Analysis results 

Typical results from this analysis are shown in Table A.23, for coverage from the augmented 
transmitter network described above. There are many caveats that should be applied to the results 
from this analysis. For instance, it should be borne in mind that a population coverage of 85% 
(Yes/No coverage accumulation) does not mean that only 85% of the population are served. All it 
means is that 85% of the population live in 1 km squares where the coverage is 99% or better. It all 
depends on how you define a service. Furthermore, the results are only as good as the prediction 
model and the statistical models employed. 

TABLE  A.23 

Coverage results 

 

A.5.2.1.8.2 Prediction and analysis parameters 

The parameters used for the prediction presented above were as shown below. Note the 3 dB 
difference between the minimum C/N and the minimum C/I. This arises from the fact that 
co-channel interference from another QPSK signal is less damaging than the equivalent power of 
Gaussian noise. 

 Active symbol period 1 000 µs 
 Guard interval 250 µs 
 Receiver lock range 10.0 dB 
 Minimum C  37.7 dB(µV/m) 
 Minimum C/N 14.0 dB 
 Minimum C/I 11.0 dB 
 Single signal σ 5.0 dB 
 Height gain  10.0 dB 
 Receive antenna Omnidirectional 
 Yes/No threshold 99% 

A.5.2.1.9 Conclusions on national network computer simulations 

An introduction to the planning methods to be used by the BBC for future digital audio 
broadcasting services has been given. Theoretical aspects of planning have been discussed followed 
by a more practical approach using sophisticated terrain data based prediction methods applied to 
existing broadcast sites. 

 Yes/No  Proportional  
 Population 

(%) 
Area 
(%) 

Population 
(%) 

Areas 
(%) 

Whole UK 85 58 97 84 
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The population and coverage results presented in this paper should be regarded as examples and do 
not, at this time, necessarily represent a future plan for the United Kingdom. 

The results presented in this paper represent current knowledge, additional experimental work being 
undertaken by the BBC Engineering Research Department and other partners in the Eureka 
147 project will be used to refine existing prediction methods prior to the commencement of U.K. 
national DSB services in 1995. 

Finally it must be stressed that accurate service planning prediction methods are essential if the full 
benefit of the advanced technology afforded by the Eureka 147 digital audio broadcasting system is 
to be effectively utilized. 

A.5.2.2 Planning methods: local radio coverages 

A.5.2.2.1 Introduction 

As shown in Chapter 3, Digital System A is designed to support the Single Frequency Network 
(SFN) concept. Nevertheless, Digital System A is also able to accommodate an opt-out from local 
transmitters (i.e., insertion of different local programming into the multiplex), in which case the 
symbol representation of the signal emitted from the local transmitters may be generally different 
from the symbol representation of other transmitters operating in an SFN. The national (or 
sub-national) services are unique and valid over the whole of the ensemble service area. On the 
other hand, the local services are intended only for local reception, i.e. they are receivable over a 
limited area close to the transmitters(s). There may be a “mush” area between local and national 
service areas where the reception of either services is uncertain. This aspect is under study. 

In order to implement a local opt-out service, an OFDM symbol boundary restriction would be 
applied on the transitions between audio service components belonging to national and local 
services. This means that local service contributions must comprise complete symbol blocks. The 
same boundary limitation applies to the Fast Information Channel which should be split on the 
symbol-to-symbol bases between national services and local services. 

A.5.2.2.2 Local radio studies 

A study was conducted in the UK to ascertain the basic characteristics which may be typical of 
local broadcasting networks using Digital System A. This involved the development of a computer 
tool which can model certain simple transmitter configurations in an environment of intensive 
frequency reuse between co-channel cells of local radio coverage. The frequency re-use pattern can 
(and in the following paragraphs, does) assume the use of only four frequency blocks overall for an 
arrangement of tessellated (hexagonal) coverage cells, arranged in a regular lattice. 

The requirements for high service availability, as a percentage of time and locations, and very 
intensive frequency reuse imply that relatively dense transmitter networks will be necessary, but 
that power and aerial heights should be modest. Detailed conclusions in the domain of high 
availability targets (time and location) have a high sensitivity to variations in certain input 
parameters, such as correlation coefficient (between wanted and interfering signals), standard 
deviation of received signals strengths, and terrain roughness. For example, at VHF Band III a local 
radio coverage area of radius 18 km may typically require about seven transmitters, each of antenna 
height about 25 m above ground level, and radiated power approximately 40 W. Transmitter 
spacing of about 13 km will be usual. 

However, being based on a theoretical study, these results are indicative rather than definitive. In 
view of the above sensitivities, practical planning and regulation of local radio DAB development 
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will require the use of propagation and interference modelling tools which take detailed account of 
terrain, and draw on the best available information obtainable from the continuing programmes of 
field trials of Digital System A, particularly with respect to the required availability targets which 
are to be applied to the various parts of local radio coverage areas. 

A.5.3 Computer simulations of Digital System A performance at 1.5 GHz 

A.5.3.1 Introduction 

Computer simulations have been conducted in Canada to assess the performance of Digital 
System A in the context of a mixed terrestrial/satellite DSB service at 1.5 GHz. In order to 
minimize the receiver complexity, a common modulation technique for both satellite and terrestrial 
emissions is assumed. 

A.5.3.2 Computer simulation model 

A.5.3.2.1 General model 

A block diagram of the model used for the analysis and simulation of the COFDM scheme is shown 
in Fig. A.66. The data source generates a pseudo-random binary sequence. The bit generated at any 
given time is independent of all previous bits and both levels of the binary alphabet are equally 
likely. The information bits are then error protected by means of a convolutional encoder. After 
being time and frequency interleaved, the bits are paired into dibits and phase encoded 
differentially. The OFDM modulation is finally performed by means of an inverse fast Fourier 
transform (IFFT). After being processed through the mobile channel, the received OFDM signal is 
first demodulated with an FFT. The information of each subcarrier is then differentially phase 
decoded and de-interleaved in frequency and in time. The output of the de-interleaver is quantized 
before being fed to the Viterbi decoder. 

A.5.3.2.2 Mobile terrestrial channel model 

Both terrestrial and satellite mobile channels have been simulated. The model of the terrestrial 
mobile channel consists of approximately N = 40 paths each having a fixed delay τi, a fixed Doppler 
shift fi and equal relative attenuation. The delay values of each path are generated from a probability 
density function of the form: 

  
elsewhere0

0fore)( /

=

τ<τ<=τ στ−
maxp

 (A.10) 

which corresponds to a given multipath power delay profile. In (A.10), σ is a measure of the 
standard deviation of the delays about the mean value (i.e., the “delay spread”) and τmax is the 
maximum echo delay. Power delay profiles typical of rural and urban areas were used and are 
shown in Fig. A.67. The Doppler shift of each path is generated by: 

  fi = fmax cosθi (A.11) 

where fmax is the maximum Doppler shift determined by v/λ (vehicle speed/RF carrier wavelength) 
and θi is a random variable uniformly distributed between 0 and 2π. Following the fading process, 
white Gaussian noise is added to the signal. 
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FIGURE  A.66 

General model of the DSB system 
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A.5.3.2.3 Limitations of the simulations 

Perfect synchronization and perfect (brick-wall) filtering were assumed in the simulations reported 
here. Effects of automatic gain control, phase noise in receiver local oscillators as well as non-
linearities in transmit or received equipment have not been considered. The model so far thus 
represents perfect implementation of the COFDM transmitter and receiver. The results therefore 
represent the best possible performance for the given channel distortions. Additional simulation 
software is being developed as part of the same study programme to investigate the effect of these 
hardware implementation factors on the performance of the COFDM scheme. 

FIGURE  A.67 

Power delay profiles of mobile terrestrial channels 
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A.5.3.3 Simulation results and discussion 

The COFDM parameters investigated were the time interleaving depth, the number of soft decision 
quantization levels and the constraint length of the convolutional code. 

In the results reported below, the energy contained in the guard interval was included in the 
computation of Eb/N0. Corresponding carrier-to-noise (C/N) ratios can be easily obtained by 
subtracting 1 dB form the Eb/N0 values. 

A.5.3.3.1 Time interleaving depth 

The purpose of this first series of simulations was to determine the optimal time interleaving depth 
value. Simulations were performed in both typical urban (TU) and rural area (RA) mobile terrestrial 
channels at vehicle speeds of 18 km/h ( fmax = 25 Hz) and 145 km/h ( fmax = 200 Hz). The total 
symbol duration used was Ts = 156.25 µs (Mode III). 

The Eb/N0 values required to achieve a bit error ratio (BER) of 10–4 were determined as a function 
of the time interleaving depth. This latter parameter was varied from 48 to 768 ms. 

The results, which are plotted in Fig. A.68, show small degradations (at most 1 dB in the RA 
channel) as the time interleaving depth is reduced from 768 to 384 ms. Below 384 ms, the 
degradations increase rapidly in both channels. A time interleaving depth value of 384 ms is thus a 
good compromise between delay and performance. 

 

 

FIGURE  A.68 

Degradation in Eb /N0 as a function of time interleaving depth 
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A.5.3.3.2 Soft decision quantization levels 

The purpose of this second series of simulations was to assess the degradations in performance 
resulting from a reduction in the number of levels used to quantize the input to the Viterbi decoder. 
This parameter has an impact on the complexity of the Viterbi decoder. It has been demonstrated 
that 8 quantization levels is the optimal choice in the additive white Gaussian noise (AWGN) 
channel. Is such a number sufficient in mobile channels? 

In order to provide some answers to this question, simulations were performed in both the TU and 
RA mobile channels as well as the AWGN channel. A vehicle speed of 72 km/h ( fmax = 100 Hz) 
was used in the mobile channels. The total symbol duration was 156.25 µs (Mode III) and the time 
interleaving depth had a value of 384 ms. 

The Eb/N0 values required to achieve a bit-error ratio (BER) of 10–4 were determined as a function 
of the number of quantization levels. This latter parameter was varied from 2 (1 bit/sample, hard 
decision) to 32 (5 bits/sample). The results are plotted in Fig. A.69. 

FIGURE  A.69 

Degradation in Eb /N0 as a function of the number 
of soft decision quantization levels (Mode III) 
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A.5.3.3.3 Convolutional code constraint length 

The purpose of this third series of simulations was to determine the effect of reducing the constraint 
length of the convolutional code from the proposed value of 7. The complexity of the Viterbi 
decoder grows exponentially with the constraint length value. 

The BER vs. Eb/N0 curves were measured in both the TU and RA mobile channels at vehicle speeds 
of 18 km/h ( fmax = 25 Hz) and 200 km/h ( fmax = 275 Hz) and for constraint length values of 5 
and 7. The total symbol duration was 156.25 µs (Mode III) and the time interleaving depth had a 
value of 384 ms. 
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The results are plotted in Fig. A.70 for the TU channel. Reducing the constraint length from 7 to 
5 results in a degradation of approximately 1.5 dB at a BER of 10–4 and a vehicle speed of 18 km/h. 
The degradation reaches approximately 2 dB at a speed of 200 km/h for the same BER value. 
Similar results (not shown) were obtained in the RA channel. 

FIGURE  A.70 

BER as a function of Eb /N0 for different constraint values and 
vehicle speeds (TU channel, Mode III) 
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A.5.3.4 Conclusions on computer simulation of Digital System A performance in the L-Band 

In this Annex, preliminary results of a parametric study of the COFDM emission format operating 
at 1.5 GHz are presented. The study was performed by computer simulation. Perfect 
synchronization and perfect (brick-wall) filtering were assumed. Effects of phase noise in receiver 
local oscillators as well as non-linearities in transmit or received equipment have not been 
considered. The results therefore represent the best possible performance of the COFDM scheme 
over the mobile channels investigated. The results showed that: 

– a time-interleaving depth of 384 ms is a good trade-off between delay and performance; 

– quantizing the input to the Viterbi decoder with 4 bits/sample is optimal in the case of 
mobile channels; 

– reducing the size of the constraint length of the convolutional code from 7 to 5 introduces 
1.5 to 2 dB of degradation at a BER of 10–4. 

Additional simulation software is being developed to investigate the effects of hardware 
implementation factors on the performance of the COFDM scheme. 
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A.6 Terrestrial propagation experiments using Digital System A 

A.6.1 Propagation experiments at 1 500 MHz 

A.6.1.1 Canadian propagation measurements 

L-Band propagation measurements were carried out in the Barrie, Ontario region in the Autumn of 
1992. The Barrie site was selected for its surrounding rural environment with varied and difficult 
terrain conditions as well as the possibility to vary the emission height. 

A.6.1.1.1 Measurement setup 

Six test routes were selected to measure field strengths. The test routes were chosen to approximate 
radials with azimuths 120°, 160°, 170°, 180°, 184° and 200°, respectively. Examples of the 
topographical profiles for these radials are given in Figs. A.71 and A.72. The ∆h, calculated as per 
the definition in Recommendation ITU-R P.1546, are 45.1, 90.4, 90.3, 59.9, 76.9 and 79.9 m, 
respectively. This gives an average ∆h of 73.7 m which is a ∆h value than that used to generate the 
prediction curves given in Recommendation ITU-R P.1546. For each of the radials, data were 
collected for distances ranging from approximately 5-80 km from the transmitter. 

Table A.24 summarizes the transmitter parameters for Barrie. 

TABLE  A.24 

Transmitter parameters (Barrie tests) 

 

A.6.1.1.2 Results of propagation measurements 

As presented in A.6.1.1, six routes were tested corresponding approximately to six radials ranging 
in azimuths from 120°-200°. The results presented here combine the data from all these radials 
adjusted for the e.r.p. variance due to changes in the antenna gain for the different azimuths. This 

Transmitter location Barrie Lat. 44°21'05" 
Long. 79°41'55" 

Transmitter frequency 1 468.75 MHz 
Transmitter power 160 W 
Polarization Linear – vertical  
Antenna beamwidth (–3 dB) Case A Case B  
 E-plane 4.0 4.0 deg 
 H-plane 40 120 deg 
Antenna gain 22.5 18 dBi 
Antenna height (AGL) 97 230 m 
e.r.p. 42.4 

17.4 
37.9 
6.2 

dB(W) 
kW 
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adjustment was not a substantial correction since all but two radials (120° and 200° for the 40° 
antenna only) were outside the 3 dB beamwidth. To estimate the DSB coverage distance along these 
radials the threshold field strength for this particular receiver configuration and generation of 
Digital System A hardware was measured at 39.5 µV/m). 

Figures A.73 and A.74 compare the received field strengths for the two transmit antenna heights of 
97 m and 230 m for 50% and 90% of locations, respectively. 

Figure A.73, which is for 50% of locations, shows an average of 6.3 dB improvement in field 
strength, and Fig. A.74, for 90% of locations, indicates an improvement of 5.4 dB. 

In comparison, the ITU-R model indicates a 9-10 dB difference. 

FIGURE  A.71 

Topographical profile  
Azimuth = 170°, ∆h = 90.3 m 

FIGURE  A.72 

Topographical profile  
Azimuth = 184°, ∆h = 76.9 m 

0 30 60 90

360

260

160

60

Distance (km)

El
ev

at
io

n 
(m

)

0 30 60 90

300

180

260

220

Distance (km)

El
ev

at
io

n 
(m

)

 

FIGURE  A.73 

Received field strength (50% of locations)
(lower line: 97 m AGL) 

(upper line: 230 m AGL) 

FIGURE  A.74 

Received field strength (90% of locations) 
(lower line: 97 m AGL) 

(upper line: 230 m AGL) 

0 30 60 90

110

80

50

20

100
90

70
60

40
30

Distance from Tx (km)

R
ec

ei
ve

d 
fie

ld
 st

re
ng

th
 (d

B
µV

/m
)

50
%

 lo
ca

tio
ns

DSB-B52

0 30 60 90

110

80

50

20

100
90

70
60

40
30

Distance from Tx (km)

R
ec

ei
ve

d 
fie

ld
 st

re
ng

th
 (d

B
50

%
 lo

ca
tio

ns
µV

/m
)

 



- 256 - 

A.6.1.2 Results of field measurements in Europe 

In order to improve the propagation and coverage field prediction in urban and rural areas for 
terrestrial digital sound broadcasting, numerous wideband field strength measurements were 
performed from a single transmitter antenna situated on the France Telecom emission tower, at 
Rennes, in France in September 1993. This experiment was realized in the 1 500 MHz frequency 
range with a third generation Digital System A prototype equipment. 

Another experiment was conducted in Paris in the beginning of August 1994. This experiment is 
briefly described in § A.6.2.2. 

A.6.1.2.1 Rennes experiments in 1993 

A.6.1.2.1.1 System and transmitting parameters 

The system and transmitting parameters are listed in the following Table A.25: 

 

TABLE  A.25 

System parameters for the Rennes experiment 

 

 

System parameters 

Frequency block 1.536 MHz 
Modulation COFDM 
Symbol time 156 µs in Mode III 

312 µs in Mode II 
Guard interval 31 µs in Mode III 

62 µs in Mode II 
Convolutional coding rate 0.34 to 0.74 
Useful bit Rate 
 (code rate = ½) 

1 152 kbit/s 

Spectral efficiency 
 (code rate = ½) 

0.75 

Transmitting parameters 

Maximum active power 250 W 
Linear active power 80 W (5 dB back off) 
Transmitting antenna gain 17 dBi (45° aperture) 
Maximum e.r.p. 2.2 kW 
Antenna height 101 m (AGL) 
Receiving antenna 4 monopole (0 dBi) 
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A.6.1.2.1.2 Measurements results 

Eight routes were tested. In each case, distance and power level were measured along the route. 
Distances taken into account were “travelled distances”, using a distance transducer. These 
distances are obviously different from distances between emitter and receiver. One power 
measurement was performed each meter via a triggered device linked to a distance transducer. 

A.6.1.2.1.3 Processing methods 

From the distance measurements and National Geographic Institute data, terrain elevations were 
computed. The prediction model used was a Okumura broadcasting model, modified by CCETT. 
The Okumura broadcasting model was modified in order to take into account the difference 
between narrow-band and wideband channels. The distribution diagrams and standard deviations 
were computed using the measured data. 

A.6.1.2.1.4 Results 

First, in order to make the following results clear, a presentation of the theoretical log-normal and 
Rayleigh distributions is given in Figs. A.75 and A.76, respectively. 

FIGURE  A.75 

Log-normal distribution 

FIGURE  A.76 

Rayleigh distribution 
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Relevant results are shown in Figs. A.77 and A.80. They both refer to the Plelan axis route and 
concern respectively the urban and rural areas which have been analysed independently, according 
to the different prediction models. On each of these two figures, four curves are presented: 

a) a power level curve. All the measurement values on the curve are those which have been 
received at antenna input; 

b) an elevation profile; 

c) a 50% prediction curve; 

d) 99% prediction curve, deduced from c) by application of 12 dB margin. 
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It is interesting to note that in Figs. A.77 and A.80 there is strong correlation between the power 
level curve and the elevation profile. 

Figures A.78, A.79, A.81 and A.82 represent computed distribution diagrams referring respectively 
to large areas (300 m) and small areas (50 m) for urban and rural areas of the Plelan axis route. 
Distribution curves have been drawn considering the power level measurement points. Each curve 
of the bundles is the result of processing of all the points included in the measurement interval. The 
purpose of these analysis is to compare these distribution diagrams to log-normal and Rayleigh 
distributions (cf. Figs. A.75 A.76). 

FIGURE  A.77 

Plelan axis – urban curves 
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FIGURE  A.78 

Plelan axis – large urban area 

FIGURE  A.79 

Plelan axis – small urban area 
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FIGURE  A.80 

Plelan axis – rural curves 
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FIGURE  A.81 

Plelan axis – large rural area 

FIGURE  A.82 

Plelan axis – small rural area 
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A.6.1.2.1.5 Conclusions on the Rennes experiment 

The Rennes experiment demonstrated the validity of the large area distrirubtion function which 
follows the log-normal law. The following values apply: 

– Standard deviation σ = 5.1 dB 

– Location variation margin 50% to 99% ≈ 11.3 dB. 
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For small areas, however, due to the wide-band nature of the signal, the Rice-Nagakami model does 
not fit well with the measured results. The log-normal distribution is a better predictor of the small 
area measured data. The standard deviation for this log-normal fitting is 4.7 dB and the location 
variation margin 50% to 99% is about 10.6 dB. 

A.6.1.2.2 The Paris experiment 

A 1.5 GHz DAB transmitter has been installed in a tower in the east of Paris. The main features of 
this transmitter are  

– Frequency : 1 472 MHz 

– e.r.p.: 10 kW 

– Antenna height over the ground : 200 m 

– DAB mode : Mode II (guard interval : 62 µs) 

In this experiment, it has been measured that the margin between the 50% and 99% of locations 
field strengths is lower than 13 dB (worst case). 

Concerning the propagation model, the field strength measurements inside Paris are close to the 
Hata-Okumura model, as shown in Fig. A.83. If Recommendation ITU-R P.1546 is used, as Paris is 
a dense urban area, a 30 dB margin must be substracted in order to get the field strength value at a 
1.5 m receiving antenna height. However, this value is considered to be conservative when applied 
to typical situations. 

A.6.2 Experiments below 1 000 MHz 

A.6.2.1 Introduction 

FM sound broadcasting in Band II was designed as a high-quality system and can provide excellent 
sound quality. The advent of digital formats such as CD has created a demand for uniformly high 
audio quality from radio. Also, listeners’ requirements of a radio system have changed. People now 
demand high quality and rugged audio reception (in stereo) in vehicles and on portable radios. 

To provide high-quality stereo reception to all receivers, for both terrestrial and satellite 
broadcasting at a range of frequencies, Digital System A was developed. 

In the UK a VHF implementation for terrestrial broadcasting of DSB is preferred for the following 
reasons: A national SFN can be economically implemented at VHF with large transmitter spacings 
and existing broadcasting transmitter sites can be used. 

The propagation of signals over terrain typically found in the UK and into buildings is generally 
better at VHF than L band. 
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FIGURE  A.83 

Field-strength measurements in Paris (1994) 
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L band will not be allocated in the UK until 2007. Even then it may be difficult to make efficient 
use of the limited spectrum for both satellite and terrestrial DSB in the same coverage area. 

In September 1993 the BBC inaugurated an experiment to test Digital System A and to generate 
data to allow efficient planning of its transmitter network. The following describes some results 
from the experimental programme and the rationale behind it. 

A.6.2.2 Planning for digital systems, mobile and portable receivers 

Digital System A is explicitly designed to provide a reliable service to mobile and portable 
receivers. This introduces a number of issues which must be addressed in the system design and 
coverage planning. Generally, digital modulation systems have abrupt failure characteristics. This 
means that the received audio signal can change from high quality to total failure with only a small 
change in input signal level to the receiver. 

Mobile and portable receivers use omni-directional antennas at a low height. Consequently the path 
from the transmitter to the antenna is rarely unobstructed and the receiver obtains no discrimination 
against multipath from other objects. Portable receivers are usually used in buildings. This means 
that the additional loss and variability in signal level within buildings must be quantified. 

The features of coding and modulation for the Digital System A are described in A.1. 
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A.6.2.3 Experimental work 

A new system with these features poses new challenges for efficient frequency and service area 
planning. For example, the SFN concept allows a choice to be made between serving an area (be it a 
city or a country) with a small number of high-power transmitters or a larger number of low-power 
transmitters. A rugged digital system allows lower transmitter powers to be used – but reliable 
coverage now depends on being able to quantify and predict the amount of signal variation which 
would be encountered by mobile or portable receivers. For this reason the BBC has installed a 
network of four, 1 kW, Band III, DSB transmitters around London. With a population of around 
10 million people (18% of the UK population) this provides a suitable test-bed for the system. The 
purpose of the experiment is to extensively test the DSB system in a realistic environment and 
gather coverage data to allow more accurate planning of the BBC’s proposed transmitter network. It 
also provides a platform for experiments on components of a DSB transmitter network and on 
receiver implementation. 

Field strength predictions and measurements are normally made for 50% (median) location values. 
If the median field strength in a particular area is equal to the minimum value for an acceptable 
service, the area is deemed to be served (assuming no interference or other effects need to be 
considered). In the case of an analogue system there will still be a service to considerably more than 
50% of locations, but with reduced quality. For a digital service such as DSB, however, this may 
not be the case. The transition from perfect quality to audio muting generally occurs over a 
relatively few dBs depending on the system characteristics. In view of the rapid degradation in 
digital systems near the failure point, it is necessary to provide an adequate field strength in a high 
percentage of locations. A figure of 99% has been suggested for mobile reception. To achieve this, 
the median field strength must be increased by a suitable location correction factor (50-99% 
correction factor in this case). 

The value of the correction factor is important in planning a DSB service. In general, a small value 
is desirable since it implies a lower median field strength, and thus lower transmitter power. Since 
System A uses a much wider bandwidth signal than FM, there is expected to be a degree of 
frequency diversity. This has the effect of reducing the variations in the field strength due to terrain 
effects, multipath, etc. Consequently the location correction factor is reduced. The extent of this 
reduction is the first object of study. 

If an area is simultaneously served by several transmitters in an SFN, there is expected to be a 
degree of spatial diversity, resulting in a further reduction in signal variation. The second purpose of 
this work is to quantify the improvement. 

Finally, the amount of reduction in signal level for reception in buildings was examined. 

Transmitting system or this experiment four DSB transmitting stations were installed. Sites already 
used for broadcasting conventional TV and sound broadcasting programmes were selected, these 
allowed the experimental signal to be radiated from an antenna mounted at a representative height 
above the ground. The locations of the sites selected are shown in Fig. A.84 and were: 
– Crystal Palace: The main transmitter for UHF TV emissions to London, located in the 

south of London. 
– Wrotham: The main transmitter for VHF FM Radio emissions to London, located to the 

east of London. 
– Reigate: A transmitter situated on the ridge of hills to the south of London and used to 

transmit TV programmes at UHF to towns to the south of London. 
– Alexandra Palace: A transmitter situated to the north of London and originally used to 

transmit TV programmes at VHF to London. 
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In each case provision was made to be able to transmit an e.r.p. of 1 kW from each transmitter. In 
addition, the Crystal Palace transmitter was specified to be able to transmit an e.r.p. of 10 kW, if 
required. So far in the current experimental work this facility has not been used. The radiation 
pattern of the Crystal Palace transmitter was arranged to be approximately omni–directional. The 
other three transmitters had patterns which directed most of the power towards London. This 
allowed the SFN concept to be tested. 

For the first stage in the experiment the DSB signal was generated at the Crystal Palace transmitter 
and distributed at UHF to the three surrounding sites. This allowed simple transmitters consisting 
only of frequency translation and amplifying equipment to be installed at the other sites. As the 
network moves towards a pilot DSB service for London, more sophisticated distribution methods 
will be installed. 

A.6.2.3.1 Measuring system 

For both mobile and portable measurements a DSB receiver, signal level measuring equipment and 
a computer were installed in an estate car. Other equipment was also installed to allow the position 
and speed of the vehicle (as well as the signal level and received audio quality) to be logged 
automatically on the computer. The resulting block diagram for mobile measurements is shown in 
Fig. A.85. In cases where measurements of portable reception quality were to be made in the house, 
the antenna was taken into the house, but the rest of the equipment was left in the vehicle. For 
measurements in buildings two types of receiving antenna were used. The first consisted of a folded 
dipole antenna and was chosen to provide a well-matched antenna for reliable measurement of 
signal strength. The second was a whip antenna installed on a box of approximately the same size as 
a conventional radio receiver. This was used for making measurements of expected signal quality in 
buildings. 

In both cases, a large number of measurements in each area were made so that valid signal statistics 
could be calculated – even for relatively small percentages of locations. 

A.6.2.3.2 Experimental methodology 

The area expected to be covered by the transmitter network is large. To obtain reliable statistics for 
the signal level and audio quality available at 99% locations in a small area requires a large number 
of measurements in each area. It is clearly impractical (and unnecessary) to survey every area in 
such detail. Therefore predictions of the expected coverage were obtained and used to target 
interesting areas. In general, these were areas which were expected to be most marginal. 

A version of the BBC field strength prediction method which was developed for planning 
conventional, analogue TV and FM Radio coverage was used. However, modifications have been 
made to allow for the different characteristics of the digital signal, and the low gain and height 
receiving antenna installation. The predicted coverage for two of the individual transmitters and the 
total network is shown in Figs. A.86, A.87 and A.88. These predictions are presented in terms of the 
expected percentage of locations served in each area. To the west of London relatively flat ground 
results in an even reduction in signal level with distance from the transmitter. However to the south 
of London there is a region of very swift changes in expected coverage which is caused by an area 
with many small hills and valleys. A wide range of types of ground clutter are also encountered as 
the centre of London is a dense urban area, whereas further out there are suburban and rural areas. 
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FIGURE  A.84 

Sites for the U.K. DSB experimental transmitting stations 
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FIGURE  A.85 

Mobile measuring equipment 
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FIGURE  A.86 

Predicted coverage of the Crystal Palace transmitter 
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FIGURE  A.87 

Predicted coverage of the Reigate transmitter 
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FIGURE  A.88 

Predicted coverage of the total network 
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A.6.2.4 Results 

A.6.2.4.1 Coverage area of transmitters 

The coverage of transmitter was measured in two ways. Firstly the subjective quality of the received 
audio signal was noted. Three categories were used to record this data; areas where the audio signal 
was unimpaired, areas where the signal was unintelligible and the areas in between. Secondly, the 
objective results of the signal levels and receiver status was analysed. 

The results to date of the subjective audio quality for two of the individual transmitters are shown in 
Figs. A.89 and A.90. Whilst the whole area has not been surveyed, comparisons with predictions in 
Figs. A.86 and A.87 show results which are similar to those predicted. Some trends can be 
identified in the differences. Coverage in rural areas was generally found to be better and coverage 
in dense urban areas slightly worse than predicted. This is probably because the BBC prediction 
programme has been optimized for prediction to suburban areas. The system performance in some 
urban areas was also found to be affected by man-made noise. In a small percentage of locations, 
high levels are observed. 

Measurements of coverage using more than one transmitter were continued in 1994. Initial 
measurements targeted areas in which the coverage was expected to be marginal. Findings so far 
show the large expected benefit in system performance arising from the simultaneous reception of 
several signals. Detailed coverage results for the whole network will be presented at a later date. 
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FIGURE  A.89 

Measured coverage of the Crystal Palace transmitter 
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FIGURE  A.90 

Measured coverage of the Reigate transmitter 
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A.6.2.4.2 Local-area variations in signal strength 

The measured results were analyzed to find the local-area variation in the slow-fading component of 
the signal. For this purpose measurements gathered in blocks of about 500 m by 500 m over the 
area were analysed to find the median signal levels and the standard deviation of the variation. 
Sample areas were checked to ensure that the signal distribution was a reasonable approximation to 
log normal. 
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The standard deviation of the local area variations in signal level were averaged for different terrain 
types. The information about terrain types was obtained from a clutter database of the area which 
categorizes each square by the percentage of the area covered by buildings. This percentage 
provides an approximate indication of rural, suburban, urban and dense urban areas. In averaging 
the standard deviations the results were weighted by the number of samples recorded in each area. 
The results are summarized in Table A.26. 

TABLE  A.26 

Standard deviation of the signal level variation in local areas 

 

The results show (as expected) significantly less signal variation than occurs with narrowband 
systems, for which a value of 9 dB is implicitly assumed in. This confirms a result which has been 
measured using low-power transmitters in an earlier network. In that experiment, measurements 
were made in the same area, from the same transmitter of the signal variation using a wideband and 
narrowband signal. The results (see Fig. A.91) showed standard deviations of signal variation of 
9 dB and 5 dB for the narrow-band and wideband signals, respectively. 

The second point to note from these results is that the standard deviation is slightly lower than had 
been measured earlier. The reasons for this are still being studied in detail, but the most likely 
reasons are that the current measurements concentrate more on the slow fading component of the 
signal and consequently a longer power-integration period is used than before. A wider variety of 
terrain has been surveyed. 

The second point is important, in that earlier experiments were confined to a relatively small area, 
much of which was located in relatively undulating terrain. The effect of this is to increase the 
amount of signal variation in a small area. The current work explores a wider range of terrain types. 

Amount of 
building cover 

Number of areas
in the category 

Weighted average 
standard deviation 

(dB) 

100 151 4.3 
90 215 4.1 
80 167 4.1 
70 144 4.0 
60 126 3.7 
50 148 4.2 
40 141 4.1 
30 105 3.8 
20 150 4.0 
10 181 4.0 

occasional 509 4.2 
0 170 3.9 

Total 2 217 4.1 
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The third point to note from the results in Table A.26 is that the amount of ground clutter appears to 
have relatively little effect on the amount of signal variation. This is an unexpected result. 

Once again this area is still being studied, but it is possible that any variations due to differences in 
ground clutter are being swamped by differences in the amount of terrain undulation. 

FIGURE  A.91 

Differences in amounts of signal variation 
for wideband and narrow-band signals 
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A.6.2.4.3 Measurements in buildings 

An important value for planning coverage to portable receivers in buildings is the building 
penetration loss. That is, the difference between the signal level inside the building and the level 
that would have been received in the same place if the building were not there. This is found by 
measuring the signal statistics outside the building, on the side nearest the transmitter, and the 
signal statistics inside. The difference in median values can then be found. Thirty-nine building 
losses have been measured. The first 26 were measured using low-power transmitters and the 
results have been reported. Most of these were typical domestic houses located in suburban areas. 
During the high-power experiments a further 13 buildings have been measured. These concentrated 
on buildings in urban and dense urban areas. 

The first set of measurements found an average building penetration loss to ground floor locations 
of 7.9 dB. As expected it was found that signal levels on upstairs in houses were higher. 

The measurements concentrating on houses and basement flats in built-up areas were expected to 
find a higher building loss; however an average value of 8.3 dB was measured. This was not 
significantly different from the earlier measurements. On reflection, the absence of change with 
degree of ground clutter is believable as the clutter loss will usually affect both the signal level 
outside and inside the house. Within the house, the average standard deviation of the signal 
variation over the measurements taken on the ground floor was found to be around 4 dB. 
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The first results from the network of transmitters around London have demonstrated a number of 
interesting properties of Digital System A. They have confirmed, over a large number of 
measurements made in many different areas, that the frequency diversity inherent in the system 
provides a significant reduction in the amount of signal variation. This is an important property of 
any digital system designed to serve mobile and portable receivers as a very high level of 
availability for the system is required. The results have also provided an important validation of the 
performance of the system, as good audio reception has been found over the area expected from 
predictions and simulations of the system. This indicates that the system and the first equipment 
built to the system specification is operating as expected. 

Whilst detailed analysis of the measurements obtained when several transmitters are simultaneously 
received is still in progress, the results show improvements in coverage even when there were 
relatively large differences in the median signal levels from the different transmitters. This supports 
earlier experiments which have shown a reduction in the amount of signal variation when multiple 
signals are received and the consequent reduction in errors in the received data stream. 

An interesting consequence of this work is that satisfactory reception has been found in most of the 
London area using moderate radiated powers. 

The results have provided data which is being used to refine the algorithms and methods used for 
coverage prediction. This is important input at a time when the BBC is planning the locations and 
e.r.p.s of the network of transmitters which will be used to serve the whole of the United Kingdom 
with DSB services. The experience in the development of these techniques is showing that the 
experimental measurements have a major impact on the accuracy of the coverage prediction 
algorithms, which require significant modification of the techniques normally used for analogue 
broadcast signals. However, there are still a number of important topics which are being 
investigated using the network. Examples are: 

– Experiments are being performed to measure the correlation between signals from different 
transmitters. This is an important measure to quantify the benefit which occurs from spatial 
diversity (which occurs when signals from more than one transmitter are received 
simultaneously). Different solutions for local-area broadcasting using the system will be 
investigated. 

– More accurate quantification of the magnitude and effect of long-distance interference from 
transmitters is needed. Such work is, of course, time consuming as high levels of 
interference only occur for a small percentage of time and long measurement periods are 
required to achieve statistically significant results. 

A.7 VHF and L-band coverage measurements in tunnels with Digital System A 

A.7.1 Introduction 

Since May 1996 SWISSCOM Broadcasting Division operates the “Bernese Oberland” DAB pilot 
project. As part of that project a tunnel coverage system was developed for the VHF band and the 
L-band in the motorway tunnel at Leissigen (length: 2.1 km). The test purpose was to determine the 
coverage within the tunnel by measuring field strengths, reception levels and bit error rates, and to 
gain experience for other tunnel coverage systems. 

The present contribution describes the coverage measurements carried out by SWISSCOM and 
presents the results. 



- 271 - 

A.7.2 Test configuration 

A.7.2.1 VHF band DAB network structure 

The Leissigen tunnel lies within the coverage area of the “Bernese Oberland” DAB pilot project, 
which is covered by the VHF band transmitters at Bantiger and Niederhorn (channel 12B). 
Figure A.92 illustrates the surrounding area. 

FIGURE  A.92 

Coverage of the L-band DAB network 

 

 

A.7.2.2 L-band DAB network structure 

As a result of various circumstances, the DAB L-band network (13 transmitters) previously 
constructed as part of the “Bernese Oberland” pilot project had already been switched off and 
dismantled. Consequently, temporary coverage of the Leissigen region in the L band (frequency 
block LD, 1 458.096 MHz) had to be set up from Beatenberg. 

A.7.2.3 Tunnel situation plan 

The map illustrated in Fig. A.93 shows the essential information on the tunnel under investigation: 

A.7.2.4 Operational principle of tunnel coverage in the VHF range 

In the VHF range, DAB coverage is provided via an existing radiation cable (separated into two 
parts), which is already being used for FM, police radio and mobile telephone coverage. The DAB 
power is fed into the two radiation cables (each approx. 1 050 m in length) at the centre of the 
tunnel and amounts to 0.32 W (25 dBm) in each. 
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Signal processing: the signal received outside the tunnel is processed in the telephone switching 
centre which is located at the entry of the access gallery and sent via fibre-optic cable to the 
operations centre in the centre of the tunnel. In the transmission unit, the following processes take 
place: reconversion of the signal to the electrical level, amplification to 1 W, combination with the 
other signals, plus infeed into both directions of the radiation cable, at the original reception 
frequency. Signal processing is carried out without frequency conversion. 

FIGURE  A.93 

Map of the tunnel investigated 

 

 

A.7.2.5 Operational principle of tunnel coverage in the L-band 

In the L-band, DAB coverage is ensured via antenna radiation. To achieve this, two outward-
directed, encapsulated log-periodic antennas (Telesystems, gain 8 dBd) are used in the centre of the 
tunnel; each supplied with 0.5 W (27 dBm). Signal processing is done – with the exception of an 
additional reception amplifier at the antenna – the same way as in the VHF range. Appendix 1 
shows a block diagram of the installation. 

In addition, during the test period, a temporary 10 Wt amplifier was used, so the power fed in could 
be increased by 10 dB for test purposes by means of a switchable attenuator. 

A.7.3 Summary of results 

A.7.3.1 VHF range 

Tunnel coverage via radiation cable (type RLF923), 2 sections each 1 050 m in length, power fed in 
per cable section 25 dBm. Installation of the radiation cable at approximately 10 cm distance from 
the top corner of the tunnel (on the north side). 

– The field strength levels achieved in the centre of the tunnel are as shown in Table A.27. 
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– The reception level is dependent on the travel direction. In the Interlaken → Thun direction, 
the level is on average 6-8 dB higher than in the opposite direction. This is due to the 
asymmetric installation of the radiation cable. 

– Coverage is ensured in the travel direction Interlaken → Thun; in the opposite direction it is 
at the lower limit. 

– Despite occasional bit error bursts, no interference was perceptible in the audio signal. 

– The short-term dispersion of the reception signal is in the range 2.7-4.4 dB. 

– There is no detectable dependence of reception quality on traffic density or on the weather 
conditions. 

– The average difference between the field strength in the measurement vehicle and the 
reception level in the Golf Syncro is 13-14 dB. 

– There is a linear relationship between the position in the tunnel and the logarithmic 
reception level. The level falls from the centre of the tunnel towards the exit by 
2 dB/100 m. 

TABLE  A.27 

Field Strength levels in the centre of the tunnel 

 

On the basis of a limit value of 27 dBµV (Golf Syncro), coverage in 1 300 m of the tunnel can be 
maintained (distance from feed-in point) taking the worst case scenario. 

If a limit value of 45 dB(µV/m) (measurement vehicle) is used, coverage can be maintained in 
1 100 m of the tunnel. 

A.7.3.2 L-band 

Tunnel coverage: by means of antenna radiation; in the centre of the tunnel, two log-periodic 
antennas (gain 8 dBd) are installed, each oriented towards a portal and fed with 27 dBm (0.5 w). 
The power could be increased during the trial by 10 dB. 

– The reception level is not dependent on the direction of travel. At the entrance on the Thun 
side of the tunnel, coverage is inadequate for approx. 400 m. On the Interlaken side, 300 m 
are not covered in the Interlaken → Thun direction of travel. In the opposite direction, the 
signal strength is just adequate, but strong irradiation from outside occurs, so the coverage 
might not be adequate with a different configuration of the outside network. 

– Given an increase in transmitter power to 10 W, 200 m on the Thun side are still not 
covered; on the Interlaken side, an adequate signal is present. 

– Traffic density has no effect on the average signal level; however, the fluctuations in 
the signal do increase strongly; the short-term dispersion of the reception level varies 
from 3.0 dB (only the reception vehicle is moving in the tunnel) to 8.3 dB (heavy traffic). 

Maximum level in the centre of the tunnel Golf Syncro Measurement vehicle 

Travel direction Interlaken → Thun: 60 dBµV 73 dB(µV/m) 
Travel direction Thun → Interlaken: 53 dBµV 67 dB(µV/m) 
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– A 10 dB increase in transmitter power leads to a linear increase in the average reception 
level; the deep glitches in the level become rarer but are still present. 

– The average difference between the field strength in the measurement vehicle and the 
reception level in the Golf Syncro is 30 dB; in an earlier test on open roads, 34 dB was 
measured. 

– Interference can occur in the audio signal even if the reception level is adequate; it is 
assumed that the AGC of the receiver cannot respond to strong fluctuations in the signal. 

– At a transmitter power of 1 W, coverage is adequate for 700 m of tunnel on both sides of 
the transmission point; at a 10 W transmitter power this distance increases to 1 000 m. 

A.7.3.3 Further points of clarification 

– Tunnel coverage in the VHF range: with regard to audio services, no further investigations 
are necessary. 

– In the L-band, tunnel coverage for audio services is inadequate, even with a 10 dB increase 
in power (to 10 W). In this case, it is proposed to achieve optimal coverage by using 
2 antennas in each direction of travel. The antennas should be a few metres apart, so that 
their propagation characteristics remain statistically independent (spatial diversity). 

The reception quality of data services should be investigated more closely in both frequency ranges. 
This is not limited to tunnel tests but applies in general to DAB coverage measurements. 

A.8 Digital System A experimental evaluations and terrestrial field trials 

A.8.1 Experiments above 1 000 MHz 

A.8.1.1 Experiments made in Canada 

A two-site digital sound broadcasting (DSB) test emission facility operating in the band 
1 452-1 492 MHz was established in Canada to evaluate, measure and demonstrate the 
coverage/propagation and channel characteristics, as well as the transmitter/network configurations 
feasible for terrestrial DSB in this frequency range. 

The test facility consists of two transmitting installations established at existing broadcast sites, 
located respectively at the CN Tower in Toronto and at the CKVR-TV site in Barrie. The two sites 
are separated by 82.6 km and broadcast a single carrier for the coverage measurements and a 
3.5 MHz COFDM (Digital System A second generation) signal for the SFN trials, on the same 
frequency at 1 468.75 MHz. 

The transmitter parameters for Barrie are given in Table A.24 (See § A.6.1.1.1). The antenna in 
Barrie could be located at two positions on the tower, at 97 m and 230 m, respectively. To avoid 
excessive feeder losses the high power amplifier (HPA) was located on the tower beside the 
antenna. Although the HPA was capable of transmitting 240 W at saturation it was backed off to 
approximately 160 W to correspond to the power output used in the COFDM tests. An unmodulated 
carrier was used for the propagation measurements in order to maximize the capability of measuring 
low field strengths (i.e., as low as 15-20 dB(µV/m)). 
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For the SFN trials a second transmitter was set up on the CN Tower in Toronto operating on the 
same frequency as Barrie (i.e., 1 468.75 MHz). The pertinent characteristics of the CN Tower 
installation are given in Table A.28. 

 

 

TABLE  A.28 

Characteristics of the CN Tower transmitter 

 

 

 

The Toronto surrounding includes highly-dense urban, urban, suburban and rural environments. 

A.8.1.1.1 Toronto-Barrie two site SFN field trial 

In order to evaluate the performance of the SFN, two critical study routes (SR) were selected. One 
of these routes is analyzed. 

SR 404-8 is representative, in terms of coverage overlap and differential delays, of the general N-S 
routes covered by the SFN. The detailed surveyed route starts at the intersection of Highways 404 
and 7 (23 km from Toronto and 61.2 km away from Barrie), and ends at the intersection of Routes 8 
and 32 (62 km from Toronto and 26.5 km away from Barrie). The measured field strength along the 
route is plotted on Fig. A.94 for both the Toronto/Barrie SFN emission and also for Toronto 
emission only (Note: the two curves are misaligned by about a kilometre). 

The reception along the entirety of this route was continuous with no signal break-ups (100% 
locations). The transition from the Toronto emission to the Barrie emission and vice versa was 
seamless. 

Transmitter location CN Tower (Toronto) Lat. 43°38'33" 
Long. 79°23'15" 

Transmitter frequency 1 468.75 MHz 
Transmitter power 160 W 
Polarization Linear-Vertical  
Antenna beamwidth (–3 dB)   
 E-Plane 4 deg 
 H-Plane 60 deg 
Antenna gain 21 dBi 
Antenna height (AGL) 364 m 
e.r.p. 12.4 kW 
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FIGURE  A.94 

Field strength profile along Route 404 
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Observations in the field related to Fig. A.94: 

– Point A is 37.3 km from Toronto and 54.3 km from Barrie: the combined signal level is 
10 to 20 dB above the receiver threshold. Barrie is outside the guard interval but not 
interfering. 

– Point B is 42 km from Toronto and 43 km from Barrie: the combined signal level is 5 to 
10 dB above threshold, whereas the Toronto signal alone is 5 dB below threshold. The two 
signals are almost coincident inside the guard interval. 

– Point C is 48 km from Toronto and 38 km from Barrie: the combined signal level is 7 to 
15 dB above threshold, while the Toronto signal alone is 5 dB below threshold. The 
Toronto signal is approximately 5 µs outside the guard interval. 

– Point D is 52 km from Toronto and 34.5 km from Barrie: the combined signal level is 5 to 
8 dB above threshold, while the Toronto signal alone is 7 dB below threshold. The Toronto 
signal is approximately 18 µs outside the guard interval as illustrated in Fig. A.95. 

From Fig. A.94 it can be seen that at around 46 km from Barrie or 38 km from Toronto (Point B'), 
the Toronto signal is below threshold but is augmented by the Barrie signal which is received as a 
constructive echo, illustrating the positive effect of the SFN at the edge of the individual coverage 
of each transmitter. The SFN effect extends the coverage of Toronto into the one of Barrie. 

Another observation from Points C and D is that echoes outside the guard interval will not 
necessarily cause interference and loss of reception. 

The above SR 404-8 illustrates that it is possible to obtain continuous and seamless coverage using 
an SFN with transmitter spacings in the order of 80 km in the 1.5 GHz frequency range. 
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FIGURE  A.95 

Signal outside the guard interval (GI) 
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A.8.1.1.1.1 Detailed SFN coverage results 

Additional field measurements of the Toronto-Barrie network were carried out for the purpose of 
identifying the coverage obtained with this configuration and to compare the results with the 
predicted coverage. The heavy dashed lines in Fig. A.96 show the routes used for the detailed 
coverage measurements. Over 270 km of routes were measured. The area surveyed corresponds 
approximately to the central part of the coverage area between the Toronto and Barrie transmitter 
sites which, based on existing FM coverage experience, corresponds to the most difficult region to 
provide good FM coverage from Toronto. This is also supported by the predicted coverage of the 
SFN network which is also shown in Fig. A.96. The light shaded areas in Fig. A.94 correspond to 
the predicted locations where the field strength from either the Barrie or Toronto transmitters would 
not be sufficient for DSB reception. As can be seen from Fig. A.94, the survey routes chosen 
correspond to the predicted area for worst-case SFN coverage. 

The coverage survey was carried out by monitoring the DSB reception while travelling at normal 
highway speeds. When an outage occurred, the locations corresponding to the start of outage and 
the end of outage were recorded using the GPS receiver. Two types of outages were measured; low-
signal outages produced when the received signal was below the receiver threshold level, 
corresponding to a field strength of approximately 42 dB(µV/m), and outages produced by 
interference from the delayed co-channel signal from either the Toronto or Barrie transmitter. This 
second type of outage occurred when the differential delay of the echo from either the Barrie or 
Toronto transmitter was greater than the guard interval and of sufficient amplitude to result in 
outage even though the received signal was above the receiver threshold. The second generation 
Digital System A used a guard interval of 32 µs (Mode III). 

A.8.1.1.1.1.1 Low-signal outages 

The dark shaded areas in Fig. A.96 show the areas where the audio signal was lost due to 
insufficient field strength. A total of 46 areas were measured ranging in size from 100 m up to 
2 km. 

The total of all these measured outage or intermittent reception areas with unreliable service 
represents approximately 6.6% of the measured coverage area. The correlation between the 
predicted outages (light shaded areas in Fig. A.96) and the measured outages (dark shaded areas) is 
reasonably good. 
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FIGURE  A.96 

Measured and predicted outages due to low-signal strength 
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A.8.1.1.1.1.2 Interference outages 

Figure A.97 shows the locations where the audio signal was lost due to interference. This occurred 
when the active echo from either the Barrie or Toronto transmitter (depending on which signal the 
receiver is synchronized), was sufficiently delayed to fall outside the guard interval and of sufficient 
amplitude to cause outage. Two sets of lines drawn on Fig. A.97 indicate where the active echoes 
were constructive for two values of the guard interval. The inner lines correspond to the 32 µs guard 
interval Mode II of the second generation Digital System A equipment and the outer lines 
correspond to the 64 µs guard interval which will be used in the next phase of SFN testing. The 
locations where outages occurred are indicated as straight lines since this type of outage normally 
lasted for distances of a 100 m or less. There were a total of 33 outages of this type measured and 
they were fairly evenly split, 17 and 16 between two areas located at distances of 25 km and 34 km 
from Toronto and Barrie, respectively. As expected, there were no outages measured within the area 
encompassed by the 32 µs guard interval and 70% of the outages occurred within the area 
encompassed by the 64 µs guard interval and hence would be eliminated if this operational mode 
were used. 

Results of the detailed coverage survey indicate that a vehicular coverage availability greater than 
90% can be achieved in a simple two-site SFN configuration using directional antennas and with 
transmitter spacings greater than 80 km. Hence it is expected that in SFNs with suitable 
engineering, augmented with gap fillers and coverage extenders where required, increased guard 
interval and improved receiver design, coverage availabilities of up to 99% should be achievable. 
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FIGURE  A.97 

Outages due to interference (echoes outside guard interval) 
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A.8.1.1.1.2 Conclusions 

It is concluded from the measurements that it is possible to space the transmitters in a 1.5 GHz 
COFDM SFN at distances up to and probably further than 85 km which is considerably greater than 
the distances determined under the assumption that echoes outside the system guard interval are not 
allowed. 

The SFN trials described in this document were performed with a guard interval (GI) of 32 µs, and 
the results for 83 km transmitter spacing are very positive. While this GI could not cope with all the 
situations encountered in the field it was found that, in almost all cases investigated, a larger guard 
interval, closer to the 64 µs (Mode II) would be sufficient. 

More measurements are required to document further the performance of the 1.5 GHz SFN, for 
high-availability service and with more than two transmitters including the possible use of gap 
fillers and coverage extenders. 

It is also concluded that it is possible to provide coverage, with high availability at 1.5 GHz, of 
areas with a radius greater than 40 km, even under difficult terrain conditions, using a single 
transmitter with e.r.p.s comparable to those used in the VHF band. Based on the initial coverage 
measurement results averaged over six radials from Barrie, it was found that coverage extended 
further than 50 km for 90% of locations and for a transmit e.r.p. of 17 kW or approximately 2 kW 
per stereo channel. 

Finally, these trials have shown that the SFN concept is very effective in increasing the service 
availability in a spectrum and power-efficient manner. In theory, it would be possible to cover, with 
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90% to 99% availability, an area of approximately 80 × 160 km wide with two omnidirectional 
transmitters of e.r.p.s in the 10 kW range, using the same frequency in the 1.5 GHz range, when 
using a DSB system, such as the COFDM, which can use active echoes constructively. 

A.8.1.1.2 Three site Montreal SFN field trials 

A three-site DSB facility was established in the Montreal region to evaluate the coverage 
possibilities and the performance of various transmitter network configurations for terrestrial DSB 
in the 1 452-1 492 MHz frequency range. 

A.8.1.1.2.1 Description of the transmitting systems 

The facilities consist of three transmitting installations established at existing sites, located 
respectively on Mount-Royal (the main broadcasting site in Montreal) and two radiocommunication 
sites (used by the Fixed Service) located in Rigaud, and Lac Echo in the Laurentides. The average 
spacing between transmitters is 53 km. 

The three-site facility is convertible from a synchronized (SFN) to a three frequency network i.e. 
each station on a different frequency and measurements will be performed using both 
configurations to determine both individual and network coverage. 

The station parameters in the SFN configuration are given in Table A.29 as follows: 

The DSB equipment utilized is the third generation Eureka-147 DAB hardware with the following 
parameters: 

 Channel Bandwidth (–3 dB) : 1.536 MHz 

 RF Signal (Mode II) : COFDM/384 4-PSK carriers 

 Useful Bit Rate : 1 152 kbit/s 

 Symbol Period (Total) : 312 µs for Mode II 

 Guard Interval : 62 µs for Mode II 

 C/N at BER = 10–4 (Rayleigh) : 12 dB 

A.8.1.1.2.2 Measurements routes and results 

Figure A.98 shows the map of the area between the transmitting stations, the guard interval zone 
and some of the proposed measurement routes. The routes shown were separated into three zones: 
Zone 1 the area to the right of the guard interval zone, Zone 2 the area within the guard interval 
zone and Zone 3 the area to the left of the guard interval zone. Three additional zones will be 
measured comprising of the area below the measurement routes shown on the map. Some 
preliminary results were analysed for the SFN configuration with particular attention to the area 
within the common guard interval zone of the three stations. The measurements covered 191 km of 
routes within the guard interval zone and indicate that mobile reception is possible almost 
everywhere within the guard interval zone. Receiver drop-outs or coverage gaps were recorded for 
less than 0.6% of the total distance of the mobile receiving routes for this area. The initial 
examination of the signal levels in the vicinity of the coverage gaps suggests that the receiver drop-
outs were a result of signals below the receiver threshold. However, further analysis of the three 
frequency measurements giving individual signal levels and delays from each transmitter will allow 
better characterization of the cause of signal loss. When the measurements are completed, results 
for the three frequency measurements and for the coverage in areas outside the guard interval zone 
will be analysed. 
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The field measurements of all the routes in the six zones for both the SFN and three frequency 
configurations were completed in late November 1994. 

TABLE  A.29 

SFN configuration in Montreal 

 

A.8.1.1.3 Distributed emission system in Ottawa 

A.8.1.1.3.1 Introduction 

An experimental L-band DSB station has been operating in Ottawa CANADA since October 1995. 
This station was designed with the specific objective of creating a study case for the distributed 
emission concept. This facility presently serves as a test bed for a variety of technical studies and 
also for testing transmission and reception hardware. 

The Ottawa station is an attempt to demonstrate that by using strategically located low power 
transmitters, the total power requirement can be less than what is needed for more conventional 
configurations that use a single high power transmitter. The expenses due to the operation of more 
than one transmit site, each shared by typically five broadcasters, can be offset by the lower cost of 
the transmission equipment and the reduced demand in electrical power. Furthermore, in a good 
portion of the service area, signal diversity provided by the transmitters should be a significant 
factor contributing to the improvement of the service availability for mobile and indoor reception. 
Finally, this approach has the advantage of reducing interference outside the coverage area, thus 
allowing for closer re-use distances. 

 Mount Royal Rigaud Lac Echo 

Latitude (N) 45°30'20" 45°27'04" 45°51'48" 
Longitude (W) 73°35'32" 74°17'42" 74°01'20" 
Transmit frequency (MHz) 
(Vertical polarization) 

1 468.75 1 468.75 1 468.75 

Ground elevation 226 m 220 m 292 m 
Transmit height (AGL) 84 m 30 m 70 m 
Antenna beamwidth: (E) 
 E Plane 
 H Plane 

 
180° 
4° 

 
360° 
4° 

 
120° 
4° 

Antenna type (Tiltek) Dir Omni Dir 
Antenna gain 10.8 dBd 10.9 dBd 12.9 dBd 
Antenna tilt 0° 1.5° 6° 
Transmitters Locus Locus Thomson-LGT 
Transmit output power 100 W 100 W 80 W 
Tx line loss 2.92 dB 0.8 dB 1.8 dB 
e.r.p. 600 W 1 kW 1 kW 
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FIGURE  A.98 

SFN configuration with guard interval zone and measurements routes  
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This project will generate useful information about: 

– the feasibility of the distributed emission concept; 

– the technical challenges posed by the coverage extenders and gap fillers in non-ideal 
locations; 

– the difficulties in providing solid coverage with very low ERP at L-band; 

– the impact of distributed emission on indoor reception; 

– network gain and signal addition mechanisms. 

A.8.1.1.3.2 Station description 

The experimental Ottawa DSB station consists of four low power transmitters all emitting the same 
signal on a single operating frequency, 1 466.768 MHz. 

A primary transmission site is installed on the roof-top of one of the tallest buildings (Place du 
Portage) found directly north of the downtown core and of the Ottawa river. This location offers 
very good coverage of a wide area on both sides of the river. At this site, all programs are 
assembled, encoded, multiplexed and modulated for transmission on 1 466.768 MHz using a 100 W 
high power amplifier and a 13 dBi omnidirectional antenna positioned 114 m above ground level 
(AGL). Assuming 3 dB cable loss, this means a 600 W ERP. 

A secondary transmission site is installed on the roof-top of one of the tallest buildings (Carleton 
University’s Dunton Tower) found a few km’s south of the downtown core. This location offers 
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very good coverage of a wide area south of the river and is in line-of-sight with the primary 
transmission site. At this site, a 21 dBi grid parabolic antenna positioned on the roof-top at 111 m 
AGL and aimed at Place du Portage receives the transmitted signal, which is filtered and amplified 
via a 100 W high power amplifier before being re-broadcast with a 13 dBi omnidirectional antenna. 
No processing of the signal is performed at this site. Tests are now under way to identify the 
isolation between receive and transmit antennas, to determine how much of that 100 W can actually 
be used before running into instability problems. The secondary site can emit on the same frequency 
(on-channel repeater) or a different one than the main site, depending on the desired configuration 
for testing purposes. When operating on a separate frequency, it can provide 600 W ERP. 

These two sites are within the urban region, and for the larger target service area, the mean 
elevation is 90 m ASL and the interdecile elevation 60 m. 

Using only these two transmitter sites, the target service area – including all cities and towns within 
a 25 km radius from downtown Ottawa – is well covered for mobile reception, with a few 
exceptions. Measured coverage results show that a few communities to the East and West are not 
completely served by the two-transmitter configuration due to terrain shadowing. To ensure proper 
coverage in these outlying areas, two additional transmission sites are being planned, acting as both 
gap fillers and coverage extenders. The final location of these two additional sites are now being 
finalised based on the analysis of measured coverage, with both Place du Portage and Carleton 
University transmitters operational. These two additional sites will consist of a hardware 
configuration similar to that of the secondary site, although the ERP should be lower. 

Monitoring facilities have been installed at the transmission sites and elsewhere to supervise the 
system. Each monitoring station consists of a PC with a data acquisition card that samples various 
signal levels, including received and transmitted signal power. A modem allows remote access for 
retrieving the collected monitoring data, as well as real-time monitoring remotely. 

A mobile measurement and acquisition system (MMAS) has been developed to allow thorough 
technical studies of the above transmission facilities out in the field. Shown in Fig. A.99, this 
system consists of a PC that controls various instruments and also that collects data from them. For 
the purposes of the tests performed so far, the system included: 

– a Rohde & Schwarz ESVB 10 Coverage Test Receiver that was distance triggered to 
measure the field strength on three separate frequencies simultaneously; 

– a GPS receiver and a wheel encoder that provided location and distance travelled 
information; 

– an environment type selection box (ETSB) through which the pilot specifies the terrain type 
at any given location. 

For upcoming tests, including a non-synchronized SFN configuration where the service coverage 
will be measured using a real DSB receiver in addition to measuring field strengths, a Philips 
452 DAB receiver has been integrated. With this additional module, the system will be able to 
extract information about the AGC, AFC, RF signal presence, state of the channel and source 
decoders as well as a count of the Viterbi error flags. 
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FIGURE  A.99 

Mobile measurement and acquisition system (MMAS) 
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A.8.1.1.3.3 Measurement results – Preliminary subjective assessment 

As an initial assessment of the potential coverage, an investigation of the single site (Place du 
Portage) coverage with 600 W ERP was conducted in September 1996. Using a simple 
measurement set up that included a Philips 452 DAB receiver, over 1 200 km of routes have been 
visited to assess the reception quality of a 224 kbit/s audio service using error protection level 
3 (code rate R ≈ ½). At any given time along the routes, a user had to subjectively assess if the 
audio service presented: no perceptible impairments; a few drop outs; major drop outs; or complete 
muting (no service). 

Figure A.100 presents the compiled results. Subjective evaluation of the audio service is presented 
as routes where the quality of service is identified by grey levels. Black routes represent perfect 
audio service (imperceptible impairments), and grey routes represent few drop outs (light grey), 
major drop outs (lighter grey) and complete muting (lightest grey). For comparison, the predicted 
coverage depicted as service availability is presented as shaded areas for values of 95% and greater. 
This prediction was achieved using a terrain elevation and ground cover database to calculate 
realistic diffraction. A correlation is seen between the subjectively evaluated measurement of audio 
quality and the predicted service availability. Note that the actual receiver noise figure (3.85 dB) is 
slightly worse than the value of 3 dB assumed in the predictions. 
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A.8.1.1.3.4 Measurement results – Detailed field strength measurements 
The first detailed measurement campaign held in November and December 1996 yielded individual 
field strength data for three transmitters operating on three different frequencies at L-band, each 
with a wide-band COFDM-like energy content. These transmitters are the Place du Portage and 
Carleton University sites mentioned above, plus a DSB test facility installed at the Communications 
Research Centre (CRC) providing about 60 W ERP from an omni-directional antenna located at 
about 27 m effective height above average terrain. 

The field strengths from each transmitter were measured at 2 m distance intervals using the MMAS 
described above. Over 1 800 km of routes were travelled within a three week period and some 
835 000 valid data points stored in 44 Mbytes were collected. Each data point contains the 
following information: 
– RF field strengths in 1.5 MHz bandwidth for three separate frequencies at L-band, provided 

by the Rohde & Schwarz test receiver; 
– vehicle location (latitude, longitude), absolute time and data precision factor provided by 

the GPS receiver; 
– absolute distance travelled from the starting point, provided by a wheel encoder; 
– environment type information provided by the pilot via the ETSB. 
Before analysing this data set, some pre-corrections are performed to: 
– compensate for some invalid GPS coordinates; 
– minimise the impact on the statistics of the NULL symbol intrinsic to the Digital System A 

signal structure. 

From the pre-processed data set, fifteen new data sets are generated, from which a detailed analysis 
is performed. These new data sets are achieved by first extracting signal components and then by 
compartmentalising the results into different area sizes: 
– The pre-processed data set is processed using a 20-point sliding Hamming window to 

extract the slow- and the fast-varying components, resulting in three data sets (full, slow 
and fast). This is necessary because some of the analysis is representative for one or two of 
these sets. 

– Each of these three data sets (full, slow and fast) is then compartmentalised to extract 
statistics for grid blocks, where the whole area considered is divided into a grid of equally 
sized area blocks. Five block sizes are considered: 100 × 100, 250 × 250, 500 × 500, 
1 000 × 1 000 and 2 000 × 2 000 m2. 

From the resulting fifteen data sets, a wealth of statistics is extracted, only a small portion of which 
has been analysed so far. The preliminary coverage results presented next are only for the primary 
and secondary transmission sites (Portage and Carleton, respectively), not for the test site (CRC). 
Figures A.101 and A.102 show measured results for the main Portage and the secondary Carleton 
transmission sites respectively. These results are extracted from the full signal data set for an area 
size of 500 × 500 m2. This measure of service availability is calculated assuming a –95 dBm 
receiver threshold. 

All unmarked areas on the map contain no measurement data. 

These results are in very good agreement with the coverage predictions obtained as part of the 
system design. 

More detailed analysis results will be available in the near future. 
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A.8.1.2 1.5 GHz DSB network development in France 

A.8.1.2.1 SFN field trials conducted in France 
In 1994, within the Rennes area, a Single Frequency Network with two transmitting sites was 
constructed. The third generation Digital System A equipment in Mode II was used at 1.5 GHz. 
Field trials were conducted in September 1994 in order to study, on the one hand, the system 
behaviour inside the guard interval area, and, on the other hand, the unwanted field and interferers 
outside the guard interval area. 

Figure A.103 gives the main parameters of the Single Frequency Network. The guard interval area, 
which corresponds to about 20 km (in Mode II), is adjusted 32 km from the main transmitter 
(Rennes) by delaying the main signal. 

 

FIGURE  A.103 

Rennes DAB single frequency network at 1.5 GHz 
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Several axis routes were tested under the following three working conditions: 
– Rennes transmitter on, Plessala transmitter off, 
– Rennes transmitter off, Plessala transmitter on, 
– Both transmitters on. 
Figure A.104 shows results obtained on the Rennes-Plessala axis with the 2 transmitters on (Rennes 
is on the left-hand side). It indicates elevation and field level curves. In addition, mutes are 
represented by diamond-shaped figures on field level curve, and guard interval area is the one 
included within the 2 dashed lines. 

This experiment shows that the SFN concept is well established. However, due to quasi-optic 
propagation at such frequency ranges, important shadowing effects in valleys were observed (for 
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example, see Fig. A.104, inside guard interval area). Shadowing effects were especially noticeable 
at distances beyond 20 km from a transmitter. In addition, at such distances from transmitters 
(d > 20 km), muting occured frequently in small urban and wooded areas (fading of the order of 
15 dB). 

Another major contribution to muting was the mutual interference between the two transmitters, 
outside the guard interval area (see Fig. A.104). Such muting is closely dependent on the 
synchronization algorithm which, in the present case, makes the receiver synchronized on the first 
echo which is greater than 16 dB below total power and 10 dB above noise level. 

Another way of reducing this mutual interference could be the use of “cosecanted” beam-tilted 
antenna in order to reduce the emitted power beyond a given distance from a transmitter. Such 
antennas are characterized by their pattern which are achieved by tuning the phase on each of its 
radiating elements. 
 

 

FIGURE  A.104 

Rennes-Plessala axis with both transmitters in operation 
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A progress report on technical and service aspects 
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In December 1996, the French administration authorized the broadcasting of three digital 
system A DSB blocks in the Paris region. The three blocks are located in the 1.5 GHz band, using 
the following central frequencies: 1 454.672 MHz, 1 459.808 MHz, 1 466.656 MHz. 

The two lower blocks are operated in the following way: 

First block: 8 audio channels (one 96 kbit/s monophonic channel, two 192 kbit/s stereophonic 
channels, two 224 kbit/s stereophonic channels, three 64 kbit/s monophonic channels) and one data 
channel (32 kbit/s). 

Second block: 5 audio channels (one 256 kbit/s stereophonic channel, two 224 kbit/s stereophonic 
channels, one 192 kbit/s stereophonic channel, one 128 kbit/s monophonic channel) and 2 data 
channels (8 and 64 kbit/s). 

Digital System A operating in Mode II is used. This mode offers the best compromise in 1.5 GHz 
band. The guard interval is 62 µs long. A convolutional code using a protection ratio of about 
0.5 (one useful bit for two transmitted bits) is applied to each audio programme. The data channels 
are protected with a convolutional code using a protection ratio of 3/8. These protection ratios have 
been chosen in order to provide enough protection in the most difficult reception conditions (mobile 
reception in dense urban areas). Former field trials have shown that these are relevant values. 

Each block is broadcast by a three transmitter synchronized single frequency network. They are 
installed at the outskirts of Paris and radiate with quasi-omnidirectional radiation pattern and 
therefore provide a complete coverage of the whole city. The distances between the three 
transmitters are less than 18.5 km. Therefore, according to the system A synchronization rules and 
the Mode II features, if an appropriate synchronization is applied to each transmitter, there is no risk 
of self interference within the SFN network. The maximum Equivalent Radiated Power (ERP) for 
each site is 3 kW, and the polarization is vertical. 

As the audio and data channels are produced in different locations, they have to be collected via a 
gathering network. The paths from the studios to the transmitters are entirely digital, therefore 
digital source encoders are located at the studios. They are linked to an ensemble multiplexer 
by 2 Mbit/s digital microwave links. Each audio programme is digitized, compressed using MPEG 
Audio Layer II encoders and sent to the digital system A ensemble multiplexer via a G703/704 
telecom interface. The sampling frequency is 48 kHz. All the source encoders are synchronized via 
a stabilized pilot frequency using GPS. 

The ensemble multiplexer builds the 2 Mbit/s digital frame containing the audio and data 
programmes which is sent to the transmitters. The multiplexed signal is distributed to the 
transmitters via a transport network (2 Mbit/s digital microwave links). 

Both ensemble blocks have been fully operational since February 1997. 

The listening tests done in Paris and its suburb with measurement vehicles give excellent results. No 
impairment is noticeable along the routes in Paris and the suburb. The reception can be even 
achieved in several tunnels within the city. Areas in the suburbs where reception problems occur are 
well known and well predicted by the coverage software, because they are caused by blockage 
effects due to the terrain (hilly areas, deep valleys). 

Programme Associated Data (PAD) are incorporated inside the audio frame, directly in the source 
encoder. They use a negligible part of the audio frame, i.e. 10 kbit/s PAD in a 224 kbit/s audio 
frame, with a negligible effect on the audio quality. These data transmissions have been 
successfully tested on the Paris DSB network. DSB receivers offer the possibility to receive these 
data on screen. 
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A.8.1.3 Experiments in Australia 

A.8.1.3.1 Preliminary coverage results: two site single frequency network 

A.8.1.3.1.1 Introduction 
An experimental L-Band digital sound broadcasting (DSB) network has been operating in Canberra 
since March 1997. The facility, established jointly by the Communication Laboratory and National 
Transmission Agency, is used for demonstration purposes, and as a platform for planning and 
technical investigations into this broadcast technology. 

A.8.1.3.1.2 Network description 
The DSB network consists of two transmission sites operating as a single frequency network (SFN). 
The primary transmission facility is located at Black Mountain Tower, the main broadcast and 
telecommunications site in Canberra. The secondary transmitter is situated some 20 km to the south, 
on Tuggeranong Hill, which serves as a UHF translator site for television services in the southern 
region of Canberra. 

The two locations were selected on the basis of their well established infrastructure (towers, 
buildings etc) and potential to afford, together, coverage of a wide area. The Black Mountain site 
had been used in earlier trials and is known to afford good coverage of the northern and central 
population areas, although coverage of some suburbs and outlying areas in the southern region is 
limited by terrain shadowing. However, siting of a secondary transmitter on Tuggeranong Hill 
should extend coverage to these underserved areas and also contribute signal diversity in a good 
portion of the service area. 

Figure A.105 shows a terrain contour map of the general region with the shaded areas indicating the 
main population centres of Canberra and the neighbouring city of Queanbeyan. 

A schematic of the main equipment configuration at Black Mountain is shown in Fig. A.106(a). 
Most of the hardware is housed in a single rack, situated in the first floor equipment room of the 
Tower. A microwave link mounted on the outside deck is used for distributing the multiplexed 
ensemble to the secondary transmission site. The two high power amplifiers (HPAs) are housed in a 
small weatherproof shelter, and together with the transmit antennas, are located on an open radio 
telecommunications (RT) deck, two floors above the equipment room. 

Audio programme material is sourced from five local FM broadcasters. At the main equipment 
rack, the audio signals are encoded, multiplexed, channel coded, modulated and then up-converted 
to 1 487.6 MHz (L-band). The multiplexer output is also fed to a transmit network adapter which 
provides error protection and G.704 framing of the multiplexed data stream for transmission over 
the 2 Mbit microwave link. To ensure both sites emit time and frequency synchronized signals, a 
fixed delay of 139.08 milliseconds is inserted at the channel encoder. This compensates for the 
transmission delay over the microwave link, as well as the different processing delays at the 
two sites. Frequency synchronization is achieved by locking the modulator/up-converter to an 
external 10 MHz reference derived from a Global Positioning System (GPS) receiver. 
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FIGURE  A.105 

Terrain contour map of the region with shaded areas indicating the main population centres 
of Canberra and neighbouring city of Queanbeyan 

(Contour interval 60 m) Black Mountain Tower 

 
 

After the low level COFDM signal is preamplified, it is delivered to the RT deck and fed to the 
two 50 W HPA’s via a two way splitter. Each amplified signal is then transmitted using a high gain 
sectoral antenna fed by low loss heliax transmission line. Together, the two antennas afford 
coverage of a 320° sector extending west from Black Mountain. Taking into account transmission 
line losses, the effective radiated power (ERP) of each antenna is estimated at 1 064 W. 

A.8.1.3.1.3 Tuggeranong Hill 
Figure A.106(b) shows the hardware configuration at Tuggeranong Hill. The multiplex data 
received over the 10.5 GHz microwave link is delivered to an equipment rack, housed in a shelter at 
the base of the mast. Here, the data is fed to a receive network adaptor for reformatting and 
correction of any link transmission errors before being processed by the channel encoder/modulator. 
The output COFDM signal at 35 MHz is then up-converted to 1 478.6 MHz. Both the up-converter 
and channel modulator are frequency locked to a 10 MHz reference derived from a GPS receiver. 

The L-Band signal is amplified by a 50 W HPA mounted in the equipment rack, and then fed to a 
sectoral antenna using low loss heliax. The antenna is positioned on the mast approximately 15 m 
above ground level and immediately adjacent to the receive microwave link. The antenna is 
adjusted for a horizontal beamwidth of 120° with the boresight approximately in line with Black 
Mountain Tower. Considering line losses, the ERP of the installation is estimated at 555 W. 
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A.8.1.3.1.4 DSB measurement system 

To facilitate assessment of DSB coverage, a simple measurement system based on a Philips 
452 Test Receiver has been developed. Shown in Fig. A.107, this system utilizes the receiver’s 
Viterbi decoder error flag to obtain an indication of received audio quality. The error count is 
summed over a one second interval to coincide with the periodic position data provided by the GPS 
receiver. The microcontroller interface converts the error count and GPS coordinate information 
into ASCII format before sending the data to the laptop computer for storage. A handheld control is 
used to initiate, stop or temporarily suspend the collection of data. 

FIGURE  A.107 

Mobile measurement system 

Philips 452 Receiver

Bit error
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A series of laboratory tests were undertaken to establish the correlation between recorded error 
count and the threshold of audibility (TOA) for a range of audio bit rates and error protection levels. 
The TOA, in this instance, is defined as the onset of audio impairment. The laboratory results were 
verified in a subsequent series of field tests, prior to commencement of the coverage survey. 

The noise figure of the receiver measurement system is approximately 1.6 dB, which is somewhat 
better than the 3 dB figure commonly suggested for planning purposes. 

The network system parameters are given in Table A.30. 

A.8.1.3.1.5 Measured DSB coverage 

An initial assessment of the single site (Black Mountain) and two site (single frequency network) 
coverage has been conducted. Based on the system parameters in Table A.30, the reception quality 
of a 224 kbit/s audio service (using error protection level 3) was assessed along routes covering the 
major population centres and linking with the surrounding region. 
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TABLE  A.30 

Network system transmission parameters 

 

 

The results of the field survey are shown in Figs. A.108 and A.109. Along survey routes, the quality 
of the received audio service is indicated by two keys. Light grey sections represent perfect audio 
reception (no audible artefacts), while black sections indicate some level of audible impairment. 
The latter can range from short dropouts or audio garble through to complete muting of the receiver. 

Figure A.108 illustrates the measured DSB coverage with only the Black Mountain site operational. 
Most of suburban Canberra, along with the neighbouring city of Queanbeyan and a number of the 

Parameter System 

Source Coding  224 kbits/s Joint Stereo Mode 
Channel Coding Protection Level 3 (code rate R ~ 0.5) 
Modulation COFDM Mode II 
Transmit Frequency (MHz) 1 487.6 
Separation between sites (km) 20 
Transmit Delay (ms) 139.08 (Black Mountain) 
 Black Mountain Tower Tuggeranong Hill 
Transmitter Power (W) 50 50 50 
Cable Loss (dB) 0.82 0.82 2.4 
    

Terrain irregularity(1) ∆h (m) 74 104 120 

Antenna EHAAT(2) (m)  244 234 170 
Boresight (relative to True North)  350° 150° 355° 
Antenna Polarization Vertical Vertical Vertical 
Antenna Gain (dBi) 16.25 16.25 15.0 
Horizontal Beamwidth 160° 160° 120° 
Vertical Beamwidth 4° 4° 8° 
Antenna Beamtilt 2° 2° 3° 
    
ERP (W) 1 064 1 064 555 

(1) Terrain irregularity (∆h) has been determined over path lengths extending from 
3 to 20 km from the transmitter site and averaged over a number of radials 
within the antenna beamwidth. 

(2) The effective height above average terrain (EHAAT) has been calculated in 
accordance with the Recommendation ITU-R P.1546 definition and averaged 
over a number of radial paths within the antenna beamwidth. 
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outlying rural communities appear to be well served from this site. Nevertheless, there are still some 
underserved pockets within the main population areas. These include the suburb of Fraser located in 
the shadow of Mt Rogers, on the northern fringe of Canberra, and a number of suburbs in the south 
which are also obstructed by terrain. It is worth noting that many of these areas are known to 
experience poor FM reception – either due to path obstruction or multipath reflections from the 
surrounding terrain. 

FIGURE  A.108 

Measured DSB coverage (Black Mountain only) 
(Contour interval: 60 m) 

 
 

Notwithstanding these limitations, there are also regions where the observed coverage is better than 
first anticipated. Most notably, the area corresponding to the population centre of Queanbeyan, 
located partly in a basin south-east of Black Mountain, and sections of the main highway between 
Queanbeyan and the rural community of Bungendore. Many of the survey routes in these areas were 
heavily obstructed from the transmitter site. The absence of (audible) impairment suggests that 
reflections, from terrain features in the immediate vicinity, may have contributed sufficiently to the 
received signal level, to ensure continuity of service. The absence of “close-in” terrain features 
(capable of generating multipath echoes of sufficient level) may also explain why other obstructed 
areas, located at comparable distances from the transmitter – such as those noted in the previous 
paragraph – are not adequately served. 

Figure A.109 shows the resultant coverage with both sites operational. The previously underserved 
area, in the south of Canberra, is now well covered by the two-transmitter configuration. 
Improvements in coverage is also evident along routes immediately to the west and south-west of 
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Black Mountain (note that some of these are also outside the nominal Black Mountain coverage 
area). There is limited improvement in the far south, but this is to be expected given the directional 
antenna at Tuggeranong Hill. Use of an omnidirectional antenna (or panel array) should result in 
some extension of coverage in areas to the south and south-east of the transmitter site. 

FIGURE  A.109 

Measured DSB coverage (Black Mountain and Tuggeranong Hill) 
(Contour interval: 60 m) 

 
 

The contribution afforded by the secondary site in areas to the north is generally limited by the 
intervening terrain. Some improvement is evident along routes to the west of Black Mountain, 
however the northern fringe suburb of Fraser remains unserved as do sections along major routes 
linking to the north and north-east. It is possible that with the transmit antenna(s) mounted at a 
higher level on Black Mountain Tower, the coverage to these areas may be improved. However, a 
more desirable solution (from an overall coverage and service availability perspective) would be the 
establishment of an additional transmitter site, north-east of Black Mountain. Such a site would 
extend coverage along the major Canberra-Sydney interstate corridor and possibly the unserved 
section of the Kings Highway (linking Queanbeyan with Bungendore). Depending on the selected 
site it may also be possible to achieve signal diversity in some inner and northern suburbs of 
Canberra. 

A.8.1.3.1.6 Conclusion 

The results of this initial outdoor survey indicate the majority of the region’s population areas are 
adequately served by the present two site configuration. Extension of coverage to the unserved area 
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of Fraser, on the northern fringe of Canberra, can be readily achieved using a gapfiller, possibly 
located at an existing television translator site in the area. For an operational service it would be 
desirable to extend coverage into outlying rural areas, and along the major access highways into the 
surrounding region. The use of an omnidirectional antenna at the Tuggeranong Hill site would 
partly serve this purpose by enhancing coverage into the far southern region. A third transmitter 
site, located north-east of Black Mountain would be desirable to extend coverage to this area and 
along the major interstate corridor. 

A.8.1.3.2 Building penetration loss measurements conducted in Australia at 1.5 GHz 

A.8.1.3.2.1 Measurement results 

Twenty-nine domestic dwellings and four office/commercial premises were measured. The majority 
of the dwellings were detached single level buildings with outer walls of single or double brick 
construction. The exceptions were a single three level residence and two older style buildings – one 
of wood and the other of concrete “slab” construction. The roofs of seven of the buildings measured 
consisted of metal sheeting while the remainder consisted of either cement or terracotta tiles. In the 
case of the commercial office buildings, all were constructed from steel reinforced concrete or 
prefabricated concrete slab. With two exceptions, all measured office areas can be described as 
open-plan with the majority of workspaces separated by low to mid height dividers. 

The results of the measurement programme are presented in Table A.31 (for commercial office 
buildings) and Table A.32 (for domestic dwellings). The mean building penetration loss refers to 
the 50% location attenuation of the measured field inside the dwelling or office area compared to 
the 50% location field measured outside the building, while the standard deviation indicates the 
variation about this mean3. Also included in the results are the mean penetration losses of those 
rooms/office areas with the lowest and highest observed field. 

 

TABLE  A.31 

Digital System A penetration loss (50% location values) 
for commercial/office buildings 

 

____________________ 
3 Examination of the measured data for each building confirms that the penetration loss distributions tend 

towards log-normal. 

Site 
Reference 

Distance 
from Tx. 

(km) 

Line of 
sight 

YES/NO 

No. of areas 
measured 

Mean building 
penetration loss 

(dB) 

Standard 
Deviation 

Mean room 
penetration loss (dB) 

Lowest    Highest 

1 4.66 Y 8 15.6 6.5 11.3 22.4 

2 2.65 Y 4 12.4 6.9 6.9 17.3 

3 2.65 Y 3 15.8 6.8 10.4 22.3 

4 5.28 Y 6 19.1 6.8 12.6 24.9 

5 5.28 Y 2 19.5 5.8 15.8 22.8 

6 4.88 N 8 20.7 6.1 11.0 25.4 

7 4.88 Y 8 27.2 7.9 19.3 42.1 
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TABLE  A.32 

Digital System A penetration loss (50% location values) 
for domestic buildings 

 

Site 
Reference 

Distance 
from Tx. 

(km) 

Line of 
sight 

YES/NO 

No. of rooms 
measured 

Mean building 
penetration loss 

(dB) 

Standard 
deviation 

Mean room 
penetration loss (dB) 

Lowest    Highest 

1 3.43 Y 5 5.7 5.1 1.2 7.3 

2 8.01 N 8 5.9 5.4 0.1 8.0 

3 6.62 Y 6 4.0 4.4 0.9 5.4 

4 13.60 Y 9 13.0 8.0 4.5 19.6 

5 14.39 N 9 8.6 6.3 4.4 16.4 

6 7.63 N 6 5.3 5.4 2.5 8.3 

7 16.62 Y 8 7.2 5.6 1.9 14.3 

8 6.55 Y 6 12.4 6.2 6.1 15.6 

9 13.48 Y 6 7.0 6.8 0.7 11.3 

10 5.90 N 4 1.4 3.8 1.0 2.3 

11 3.29 N 6 3.8 5.5 0.5 7.3 

12 1.97 N 5 9.4 6.5 6.2 18.0 

13 7.25 Y 6 6.9 6.0 2.5 10.4 

14 7.04 Y 6 9.9 6.5 5.8 16.1 

15 3.25 Y 7 2.1 4.6 0.2 4.2 

16 8.73 Y 5 5.7 5.4 4.4 7.3 

17 15.43 N 5 7.8 4.9 4.3 9.1 

18 6.63 Y 5 6.8 5.3 4.6 8.4 

19 9.26 Y 5 4.2 4.8 2.0 5.6 

20 8.99 N 6 6.5 4.7 3.5 7.7 

21 2.11 Y 2 2.1 5.4 1.3 2.6 

22 2.11 Y 2 13.2 5.6 11.0 14.4 

23 2.11 Y 3 11.4 5.9 8.4 15.3 

24 0.80 Y 7 1.4 2.2 0.4 3.0 

25 10.10 Y 8 9.4 6.1 4.6 14.8 

26 10.07 Y 6 3.5 5.0 1.8 7.7 

27 8.37 Y 5 8.1 4.6 7.3 8.8 

28 4.33 Y 7 9.1 5.7 3.6 15.2 

29 3.86 N 6 6.2 5.9 2.3 12.9 

30 7.02 N 7 6.6 5.4 2.3 13.1 

31 8.09 N 5 1.6 4.7 0.1 3.3 
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A.8.1.3.2.2 Discussion 

The loss figure of 6.7 dB for domestic dwellings is noticeably less than suggested by previous 
studies in Europe and Canada. This apparent discrepancy is attributed to the reception environment 
and also the building structures which, it is believed, differ from those encountered in earlier 
studies. The buildings in this most recent survey were all detached single-family dwellings and 
were located in suburban areas. The majority of the buildings were also of brick-veneer 
construction. This has been a common form of construction for domestic dwellings in Australia for 
the past 20-30 years and comprises a wooden frame with single-brick face on external walls and 
plasterboard cladding on internal walls and ceilings. The penetration loss through both internal 
walls and ceilings is expected to be less than comparable solid brick/cement structures. Also, unlike 
some colder Northern climates, heat loss through windows is not a primary concern, so the number 
and size of signal entries into buildings is generally greater, which contributes further to improved 
indoor reception. In some older style buildings and/or in more urbanised areas building penetration 
losses may be higher. This is one area where further study is planned. 

Table A.32 provides a breakdown of the residential data, based on the type of building structure. In 
addition to brick-veneer, five of the dwellings were of double-brick4 construction. The internal 
walls of four of these residences were also brick while those of the remaining dwellings were of 
wood frame/plasterboard construction. 

Only limited data is available for wood or concrete domestic buildings. The (relatively) high 
penetration loss observed in case of the single wood dwelling is attributed to the sheet-metal roofing 
of this particular building together with the high receive angle sub-tended by the site (due to the 
close proximity of the building to the transmitter). 

As expected, penetration losses into commercial office buildings were considerably higher. Mean 
losses in individual areas varied from a low of 11.2 dB to over 40 dB, with an average attenuation 
of 18.6 dB for all measured office areas. The highest losses were encountered in the central floor 
areas of buildings or adjacent to lift-wells. These locations were generally removed from windows 
or other openings, which would normally be expected to provide scope for signal entry. In addition 
to the penetration losses, the standard deviations of the loss distributions, were also higher than 
those observed for domestic premises, with an average value of 6.7 (versus 5.4 for domestic 
dwellings). 

One interesting observation concerns the attenuation loss through windows of one of the office 
buildings (see site reference 7 in Table A.31). The windows of this recently established building 
incorporate treatment for light and heat reduction and were found to afford a signal penetration loss 
of approximately 5 dB at the test frequency. Although measurements were not performed at other 
frequencies, unsolicited comments were received from office workers during the course of the 
measurements concerning the poor FM and mobile phone reception within the building. 

A.8.2 Experiments below 1 000 MHz 

A number of frequency bands below 1 000 MHz have been identified as possible frequency bands 
for T-DSB services. Within the United Kingdom, spectrum occupancy has concentrated interest 
primarily on broadcast Band III, but Band I was also considered. The results detailed below are 
derived from an experimental evaluation and field trial on a single frequency network comprising 
six low-power transmitters in an area immediately to the south of London. Tests were mainly 
carried out at 211 MHz, but two of the stations were also equipped with transmitters operating on 
64 MHz. 

____________________ 
4 This form of external wall construction consists of two layers of brick separated by an air space. 
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Signals were recorded in a survey vehicle with a roof mounted antenna (at about 1.5 m above 
ground) equipped with a computer operated field strength logging system. 

A.8.2.1 Comparisons between standard deviations of field strength for CW signals and 
T-DSB (signals with a bandwidth of 1.75 MHz) 

In order to compare the location variability of wideband signals with the narrow-band emissions on 
which Recommendation ITU-R P.1546 is based, sequential measurements were made on two routes 
of CW signals and of DSB signals (with 1.75 MHz bandwidth). These routes were about 3 km and 
8 km in length respectively and, for each, emissions from three separate sources were measured. For 
one of these sources comparisons were also carried out for a third route 10.5 km in length. For each 
set of measurements the distribution with location was effectively log-normal at least within the 
range from 1% to 99% locations.  

Table A.33 shows the results expressed in terms of the standard deviations. 

The results indicate the significant reduction in standard deviation, by a factor of 1.6, due to a 
number of factors including the low antenna height and an omnidirectional antenna pattern. 

 

TABLE  A.33 

Comparison of standard deviations of location variation of CW signals  
and DSB with 1.75 MHz bandwidth 

 

 

A.8.2.2 Comparisons between T-DSB signals of different bandwidths in different types of 
environment 

The results shown in Table A.34 indicate the standard deviations, measured in a number of 0.5 km2 
areas at 211 MHz, each between 6 and 12 km from the transmitter. The measurements were carried 
out with T-DSB bandwidths of both 1.75 MHz and 3.5 MHz, and the areas were classified into 
three different environment types. The Table shows both the standard deviation and the difference 
between levels exceeded at 50% and 99% locations. 

Transmitter Route Standard deviation 
(dB) 

Ratio of 
DSB:CW 

  CW DSB (dB) 
A 1 9.2 5.7 0.62 
 2 9.5 6.5 0.65 
 1 7.0 4.5 0.64 

B 2 8.0 4.5 0.56 
 3 9.7 6.5 0.67 

C 1 9.7 4.5 0.47 
 2 9.7 5.5 0.57 
 Means 9.0 5.4 0.60 
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The results indicate that there is negligible difference between the two bandwidths or the 
environment type. Whilst the standard deviations are slightly greater than for the wideband 
measurements in Table A.33, the overall differences between 50% and 99% location values are 
entirely consistent with log-normal distributions having the specified standard deviations. 

A.8.2.3 Comparisons between location variations in Bands I and III 

Comparative surveys were carried out in an area of field strengths from two transmitters operating 
at 211 MHz. These were then repeated at a frequency of 64 MHz. The resulting standard deviations 
are given in Table A.35. 

TABLE  A.34 

Signal level variations for different bandwidths and environments 

 

 

TABLE  A.35 

Comparative location variations in Bands I and III 

 

 

This somewhat limited comparison, together with some other measurements indicates that, as might 
be expected, the signal level variability is slightly higher at the higher frequency. The difference is, 
however sufficiently small to support the assumption made in Recommendation ITU-R P.1546 that, 
for planning purposes, no differentiation is required. 

Environment Bandwidth 1.75 MHz Bandwidth 3.5 MHz 

 Standard 
deviation 

(dB) 

50%-99% 
variation 

(dB) 

Standard 
deviation 

(dB) 

50%-90% 
variation 

(dB) 

Dense urban 5.5 12.9 5.6 13.1 
Urban 5.2 12.0 5.0 11.7 

Suburban 6.0 13.9 6.2 14.5 
Mean 5.6 12.9 5.6 13.0 

Transmitter Standard deviation 
(dB) 

 64 MHz 211 MHz 

A 4.1 4.7 
B 4.6 4.8 

Mean 4.4 4.8 
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A.8.2.4 The effect of multiple sources on signal levels 

Chapter 3 considers the “internal network gain” available in a single frequency network using 
Digital System A. This results from the mutual addition of the signals of the transmitters of the 
network, and comprises two components, additive and statistical. 

Due to the low powers used in the first experimental SFN in the United Kingdom, the cumulative 
effect of the multiple emissions over any significant area was generally limited to two sources. The 
results in Table A.36 are obtained over six areas. In each area, mean field strengths and standard 
deviations are obtained for each of two contributory transmitters individually and then with both 
operating simultaneously. In five of the areas the mean field strengths of the contributors were 
within 2 dB of each other. 

The results show that in all areas the presence of two sources increases the mean level by at least 
1 dB. Similarly the mean value of standard deviation is reduced by around 0.8 dB, corresponding to 
an increase of about 2 dB at the 99% location level. It should be noted however that: 

– the standard deviation is not always less than that for transmitter 2 alone despite this 
providing the higher median field strength; 

– the improvement in coverage is somewhat lower than implied by the theoretical study, 
using the log-normal method for combining signals. 

TABLE  A.36 

Variations of median field strength and standard deviation (SD) in an SFN 

 

The averaged results of the measurements in Table A.36 indicate an increase in the median field 
strength of about 2.5 dB, associated with a reduction in the standard deviation corresponding to a 
further increase of about 2 dB at the 99% level, hence the overall advantage is 4.5 dB. The 
log-normal method (described in Report ITU-R BS.945) predicts that for a difference between 
median levels of 1.5 dB and standard deviations of 5.5 dB, the “network gain” at 99% locations is 
6.5 dB. 

Area 

Standard 
deviation of 

transmitter 1 
(dB) 

Standard 
deviation of 

transmitter 2 
(dB)(1) 

Difference
between 
medians 

(dB) 

Standard 
deviation – both 

transmitters 
(dB) 

Increase of 
median field 
strength(1) 

(dB) 

1 6.7 6.7 1.5 4.3 3.3 
2 4.7 6.1 1.6 5.1 1.8 
3 4.2 5.5 1.9 4.3 1.3 
4 5.7 3.7 0.7 4.2 1.8 
5 5.7 4.9 0.8 5.3 4.2 
6 5.8 4.6 9.3 4.2 1.0 

Mean 5.5 5.2  4.6  

(1) In all cases transmitter 2 has the higher median field strength and the values for increase 
are referred to this. 
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A.8.2.5 Implications of man-made noise on minimum usable field strength 

Paragraph 8.1.3 considers the minimum usable field strength level which in turn determines the 
e.r.p. required for a transmitter operating at 100 MHz. The field strength calculation is shown in 
Table A.37. 

It is noted that the increased effect of man-made noise may significantly affect the minimum usable 
field strength. The basis for Table A.37 is a derivation of minimum usable field strength which 
assumes a receiver with a noise figure of 10 dB at 100 MHz (equivalent noise 
temperature = 2 610 K). 

TABLE  A.37 

e.r.p. for a COFDM transmitter using the propagation model 
of Recommendation ITU-R P.1 546 at 200 MHz 

 

For frequencies in Bands I and III this implies that for 1% suburban man-made noise level 
enhancements above thermal noise are: 

– 27 dB for 58 MHz; 

– 17 dB for 67 MHz; 

– 9.5 dB for 215 MHz. 

In order to assess man-made noise levels, a series of measurements have been carried out in the 
United Kingdom at four frequencies between 58 MHz and 215 MHz in six towns/cities. In each 
case the measurements were divided into the following environment categories; dense urban, urban, 
suburban, and rural. The number of measurements in the rural areas tended to be lower than for the 
other categories. 

Measurements were made in a vehicle fitted with a roof-mounted antenna, and a computer 
controlled logging receiver, and comprised both static and mobile conditions. In the former case 
approximately 2 000 readings were taken at each location at a rate of 70 samples/s. 

Effective antenna height of transmitter 300 m 75 m 75 m 
Receiver antenna height  1.5 m  

∆h  50 m  

Transmission frequency  200 MHz  
Effective (corrected) minimum usable 
field strength per 1.5 MHz block 
including margins for 99% location and 
1.5 m antenna height 

   

 Gaussian channel (G) 30.5 + 13 + 10 53.5 dB(µV/m) (G) 
 Rayleigh channel (R) 38.5 + 13 + 10 61.5 dB(µV/m) (R) 

Distance between transmitter and 
receiver (service radius) 

 30 km 15 km 

e.r.p. per 1.5 MHz block  260 W(G) 260 W(G) 
  1 640 W(R) 1 640 W(R) 
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For the mobile measurements the sampling rate was about 50 000 measurements/km. As the 
measurement frequencies were within spectrum allocated to private mobile radio (PMR) services, 
preliminary listening tests were carried out in each area and small adjustments to the measurement 
frequency made if thought necessary to avoid these emissions. The results of these measurements 
are given in Table A.38. These are expressed in dB relative to thermal noise assuming a temperature 
of 290 K (expressed in dB(W/Hz)). For each frequency and environment, results indicate the levels 
exceeded at 10% and 50% of locations. 

TABLE  A.38 

Results of man-made noise level measurements 

 

These results show the expected increase in level with building density. Also, (with the exception of 
the apparently anomalous results at 106 MHz) the expected trend for increased levels with reducing 
frequency. 

Clearly, even in Band III, a large allowance would have to be made to overcome man-made noise in 
urban and dense urban areas. However, it is normal policy in planning broadcast networks to ensure 
that such areas are provided with field strengths well above the nominal minimum values for the 
particular service. A more realistic requirement may be to compensate for man-made noise at 99% 
of suburban locations. 

  Level relative to thermal noise (dB)  

Category Frequency 
(MHz) 

10% 
locations 

50% 
locations 

10%-50% 
(dB) 

Dense urban 58 + 28.5 + 23.5 5 
Urban 58 + 23.5 + 17.5 6 

Suburban 58 + 23.0 + 17.0 6 
Rural 58 + 7.0 + 7.0 0 

Dense urban 67 + 26.5 + 21.0 5.5 
Urban 67 + 20.0 + 17.0 3 

Suburban 67 + 14.0 + 10.0 4 
Rural 67 + 9.0 + 8.0 1 

Dense urban 106 + 23.0 + 20.0 3 
Urban 106 + 23.0 + 19.0 4 

Suburban 106 + 18.0 + 15.0 3 
Rural 106 + 12.0 + 11.0 1 

Dense urban 215 + 14.0 + 11.0 3 
Urban 215 + 11.5 + 8.5 3 

Suburban 215 + 7.0 + 4.0 3 
Rural 215 + 1.0 + 1.0 0 
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From Table A.38 we may perhaps neglect the rural values as based on insufficient samples. 

For log-normal distributions the 1% variation is about 1.8 times that of the difference between the 
10%-50% value, added to the 50% value. 

In conjunction with a receiver of assumed noise figure = 10 dB (i.e., 9 dB above thermal noise) the 
allowance required to compensate for man-made noise assuming power-sum addition is 3 dB for 
215 MHz. An interpolated value of 20 dB has been calculated for 100 MHz. 

urther studies are desirable to resolve the reason for the apparently anomalous results at 106 MHz 
and the large differences between those at 58 MHz and 67 MHz. However those at 215 MHz are 
felt to provide a reliable representation of levels in Band III. 

Measurements of man-made noise in Band I have also been undertaken in dense urban areas of 
Paris. Mobile measurements were made every 10 cm on several routes, the total length of these 
routes was in the order of 100 km. The noise was measured with a receiver centered on 67 MHz 
with a 1 MHz bandwidth filter. Each route was divided into sections of 50 m and from each section 
the noise exceeded for 1% locations was extracted. 

The cumulative distribution function (CDF) for these 1% locations was calculated for all routes. If 
we consider the 99% point of this CDF, the man-made noise level above thermal noise in Paris is 
estimated to be 32 dB. 

A.8.2.6 Measurements of building penetration losses at 211 MHz and 64 MHz 

Whilst T-DSB services may be planned primarily for vehicular reception they are also required to 
provide satisfactory reception in the home without the need for fixed antennas, e.g., for reception on 
portable receivers. To determine the allowance required in planning for building penetration losses, 
measurements were carried out in 23 dwellings, all of which were of traditional brick construction. 

In each house measurements were made in each room at heights of about 0.5 m and 1.5 to 2 m. The 
number of measurements were dependent of the size of the room and the amount of furniture, but 
typically about three measurements per square meter were made at each height. Similar 
measurement were made in rooms on the first floor (above the ground floor). Measurements were 
then made at a number of locations outside the building at 1.5 to 2 m above ground and a median 
value for field strengths outside the building obtained. In addition to the above 23 sets of 
measurements, results were obtained for three first-floor apartments, of which two were of brick 
construction and one of concrete. In these cases the outdoor reference was obtained by holding the 
receiving antenna outside the windows. 

These measurements were carried out with a emission having a bandwidth of 1.75 MHz at a 
frequency of 211 MHz. Five of the houses were remeasured with an emission frequency of 64 MHz. 

Table A.39 gives mean penetration losses obtained by subtracting median values of field strength 
inside the house from the median value outside. In some cases the house received comparable field 
strengths from more than one transmitter. In such cases the values below are those with all relevant 
transmitters in operation. 

In Table A.39 the measurements at the lower frequency appear to exhibit slightly higher losses and 
standard deviations, but these are for a smaller sample. For planning purposes it is probably 
sufficient to consider the losses as independent of frequency within the VHF broadcast bands. 
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Comparison with the results obtained at 1.5 GHz indicate that the mean ground floor losses at VHF 
are about half (in dB) those at 1.5 GHz. However, the former results relate to brick buildings and 
the latter to concrete, and this could influence the comparison. 

TABLE  A.39 

Mean penetration losses and standard deviations of signals in domestic dwellings 

 

A.9 Investigation of an optimum transmission mode for terrestrial SFN operation at 
1 500 MHz 

A.9.1 Introduction 

Digital System A is recommended by Recommendation ITU-R BS.1114 to be used for 
implementation of terrestrial DSB. A summary description of this system is appended to this 
recommendation and more information on its detailed description and performance in laboratory 
and field conditions are reported in this Annex B to the DSB Special Publication. 

In parallel with the ITU process, this system has been considered by the European 
Telecommunication Standard Institute (ETSI) and resulted in the adoption of the ETSI Emission 
Standard ETS 300 401 in December 1994 based on this Eureka-147 system. As part of both 
processes leading to the establishment of an emission standard for DSB, a number of computer 
simulations as well as laboratory and field tests have been conducted in Canada using the 3rd 
generation Eureka-147 equipment. In the meantime, the WARC-92 has allocated the 1 452-
1 492 MHz band, on a world-wide basis (except in the United States), for DSB. This band became 
the focus of the DSB work in Canada and extensive investigation has taken place in view of 
identifying whether any of the current transmission modes proposed in the DSB standard is 
optimum for SFN operation in the 1.5 GHz band. 

This section summarizes the results of these computer simulations and tests and concludes in 
identifying a need for a new transmission mode that would allow optimum operation of SFN at 
1.5 GHz. 

 Mean loss 
(dB) 

Standard deviation 
(dB) 

Ground floor measurements: 211 MHz 64 MHz 211 MHz 64 MHz 
 Room – highest field strength 5.0 6.2 3.2 4.5 
 Whole ground floor 7.9 8.7 3.0 3.8 
 Room – lowest field strength 10.0 11.1 3.7 3.5 
First floor measurements:     
 Room – highest field strength –0.7 –0.3 4.4 5.0 
 Whole first floor 2.8 3.7 3.4 4.0 
 Room – lowest field strength 5.7 7.2 4.3 4.5 
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A.9.2 Transmission modes for the Digital System A 

The question of the transmission mode was found to be one of the most important aspects of the 
Canadian studies on the optimum DSB system to be used at 1.5 GHz. The choice of the optimum 
transmission mode at 1.5 GHz is based on a trade-off between the probability of the service being 
affected by the Doppler spread of the channel at high vehicle speed when the symbol period is long 
(due to the close proximity of the carriers in the frequency domain), versus the disadvantage of a 
short guard interval in the time domain which would restrict the use of on-channel repeaters to 
shorter separation distances, thus resulting in an increase of required on-channel transmitters to 
improve the coverage availability over a given area through network gain. It must be recognised 
that this trade-off between the high availability of service for vehicles moving at high speed and the 
cost of implementing a DSB transmitter network is very complex. The conclusions that are 
developed here are based on Canadian experience in the field with the operation of Digital System 
A at 1.5 GHz, on measurements on the equipment using a hardware channel simulator, as well as 
extensive computer simulations. These different means were used to develop a better understanding 
of the trade-off involved. 

A.9.3 SFN operation at 1.5 GHz 

Early in the process, the use of Single Frequency Networks (SFN) has been recognized as a key 
feature of the new modulation scheme (i.e., COFDM) proposed in Digital System A. Furthermore, 
in our current approach for planning DSB at 1.5 GHz, SFN operation has become a critical element 
in meeting the requirements. 

Our findings, so far, indicate that, for 50 km transmitter separations in an SFN, even though a guard 
interval duration of 166.7 µs is required if the three transmitters are to be included within the guard 
interval zone (i.e., zone within which signals from all SFN transmitters are received as active 
echoes falling inside the guard interval for a given geographical transmitter configuration), values 
as small as 90 µs may be sufficient to minimize the intra-SFN interference limitations, depending 
on the environment and the type of terrain. As far as SFN operation is concerned, the optimum 
would tend to fall somewhere between transmission Modes I and II. In fact, it would fall slightly 
above a new “Mode 1.5” which is a logical extension of Mode I with half its symbol duration. This 
new reference “Mode 1.5” is easily defined as fitting exactly between the current Modes I and II in 
the geometrical progression of the currently proposed three system modes. The guard interval for 
this “Mode 1.5” would be about 125 µs, thus double that of the current Mode II. 

Depending on whether the emphasis is on the availability of the service for vehicles moving at high 
speed, or it is on the minimum complexity and maximum flexibility in implementing a SFN 
transmitter network, the actual optimum falls close to either Mode II or this new Mode 1.5’ 
respectively. Since the optimum operating point for 50 km transmitter separation is somewhere 
between this new Mode 1.5’ and the current Mode II, it would seem reasonable, from a practical 
point of view to include a new mode such as Mode 1.5’ or a mode slightly above (i.e., slightly 
shorter guard interval) as part of the emission system and thus allow for the choice of either this 
new mode or Mode II by the system operator depending on whether the broadcaster wants to stress 
the reliable SFN operation or the sustained service availability at high vehicle speed. 

A.9.4 Doppler spread considerations 

An increase of the guard interval duration which would make the SFN operation easier to 
implement will, however, tend to make the system less immune to channel Doppler spread effects 
and phase noise. A good balance therefore needs to stricken on a better understanding of the 
tolerances of the system to Doppler spread effects. 
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A.9.4.1 Computer simulations 

Computer simulations were carried out, based on the parameters of Mode II and the new Mode 1.5’, 
and the results are given in Figs. A.110 and A.111 for the “typical urban” and “rural” cases 
respectively. In all cases, Rayleigh fading (classical U-shaped Doppler spectrum) was used on all 
paths. Because of the assumed Rayleigh fading and the fact that there is no line-of-sight path, this 
actually represents a worse case condition, especially for the rural channel where line-of-sight 
reception (Rician channel) is considered predominant. The signal amplitude on each of the paths 
was defined based on the COST 207 model and actual field measurement results. As indicated on 
the graphs, these results correspond to BER of 10–3 and 10–4. It is felt that the level of audio quality 
produced by the decoder at a BER = 10–3 would, except for very critical audio material, be amply 
sufficient in a moving vehicle because of the increase in ambient noise at high vehicle speed. Since 
the factor of 2 in maximum vehicular speed was found to apply between Modes II and 1.5, the 
results for Mode I were simply extrapolated by a factor of 2 from those obtained for Mode 1.5. 

An additional set of simulations was carried out to quantify the performance of Mode II in a SFN 
rural environment (see the thick dotted line in Fig. A.112) by assuming two nearly equal active 
echoes separated by 5 µs and their accompanying Rician echoes (k = 2 dB). It was found that this 
situation is no worse than the worst case Rayleigh channel discussed above. 

 

 

FIGURE  A.110 

Results of simulations and field measurements on the effect of Doppler 
spread for typical urban channel 
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FIGURE  A.111 

Results of laboratory and field measurements on the effect of 
Doppler spread for typical urban channel 
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FIGURE  A.112 

Results of simulations and field measurements on the effect of Doppler 
spread for rural channel 
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A.9.4.2 Hardware measurements 

Measurements were conducted on actual third-generation Digital System A hardware for Modes I 
and II through a channel simulator (HP 11759C), to confirm the validity of the results. The results 
for two urban models are shown in Fig. A.111 for BER = 10–4. Both models are based upon the 
COST 207 “Typical Urban” recommendation for 6-path UHF channel simulation. In one version, 
the first two paths are Rayleigh fading (classical U-shaped Doppler spectrum), whereas the 
remaining four have discrete Doppler components which approximate the Gaussian spectrum 
recommended in the “Typical Urban” model. In the second version, all six paths are Rayleigh faded 
with U-shaped Doppler spectrum, which produces a more worst-case scenario. This latter model is 
similar to the one used in the computer simulations. In both cases, and especially in the case of the 
fully Rayleigh case, the measured performance is somewhat worse than that predicted through 
simulation. This is attributed to the non-ideal performance of the synchronization algorithm in the 
current hardware implementation. Another effect also seems to appear in the case of Mode I which 
tends to make the measurement worse than the results of the simulations; that is the effect of the 
residual phase noise in the system which will tend to make the system fail at lower speed. 

The results for the rural models are shown in Fig. A.113. One of the models is based upon the 
COST 207 “Rural Area” recommendation; it includes a first path with a Rician distribution, and the 
remaining paths are Rayleigh. The Rician K-factor for the case shown was about 2 dB. The other 
model is based upon a wideband channel measurement performed in a rural area near Trois-
Rivières, Québec; in this case, all 6 paths were modelled as Rayleigh fading (U-shaped Doppler 
spectrum), producing a “worst-case” scenario. This latter model is similar to the one used in the 
computer simulations. This is confirmed by the close correspondence between the speeds for which 
the system fails completely in both simulated and measured cases for both Modes I and II. As 
expected, the failure mode measured in the case of the COST 207 model with the Rician component 
occurs at much higher speed. This Rician propagation model will be typical of most cases of 
reception conditions in rural environment, especially in the case of highway reception where local 
clutter is minimized. However, in SFN operation, the performance of the system should be closer to 
that resulting from a Rayleigh channel in those areas where echoes are received at equivalent power 
as will be explained in the following section. 

A.9.4.3 Field measurements 

Results of actual field measurements conducted in the Montréal area are shown as dots on 
Figs. A.113. The findings, from field measurements using the third generation hardware operating 
in Modes I and II, tend to indicate that, in the urban case, the results are very consistent with the 
results measured in laboratory, thus proving the validity of the models used on the hardware 
simulator. The only clear difference is that the system seemed to need a minimum Eb/N0 of 15 dB 
to operate in the field, probably due to hardware implementation and possible calibration error. 
What is important, however, is the shape of the curve and not its absolute position on the vertical 
axis. Again, the results for Mode I were found to be slightly more severe than expected, likely due 
to the effect of equipment phase noise that caused a reduction in the margin. Because of the 
excessive speeds required, only a few significant data points indicating the effect of Doppler spread 
could be obtained on highways with the system operating in Mode II. This showed in practice the 
comfortable headroom that Mode II offers at 1.5 GHz against Doppler spread. 

In the rural case, the field results for Mode I operation indicate a better system performance than 
predicted, with the data points showing a relatively large dispersion, indicating the variability of the 
phenomenon. Clearly, line of sight reception (Rician channel) is a major factor in rural coverage. 
The anticipated service deterioration at 1.5 GHz due to Doppler spread effects for Mode I was 
found to be not as severe as previously expected because most of the time, line of sight reception 
exists which reduces the effect of Doppler spread with the receiver tracking the Doppler shift of the 
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main signal. In fact, if the maximum speeds found for highway environments for Mode I were to be 
doubled to provide an estimate of the system performance for Mode 1.5, the maximum vehicle 
speed would be no less than 90 km/h. 

 

FIGURE  A.113 

Results of laboratory and field measurements on the effect of Doppler 
spread for rural channel 
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The effect of reception in a SFN environment needs to be looked at carefully since a worse channel 
situation can be created by the presence of a number of active echoes of equivalent power, all being 
affected by different Doppler shifts caused by the vehicle displacement. In such a case, in the rural 
environment, a benign Rician channel can be transformed into a more difficult Rayleigh channel 
due to the presence of these active echoes. The extent of locations these active echoes will be 
received at relatively equal power will occur is however rather limited. This has to be considered in 
establishing the probability of the service being affected by this phenomenon. 

A.9.4.4 Discussion 

Since the key element, in the context of the Doppler spread, is the speed of the vehicle, the level of 
audio quality produced by the decoder at BER = 10–3 is expected to be sufficient, except for the 
most critical audio material in the case of a moving vehicle because of the increase in ambient noise 
at higher speed. It is therefore reasonable to consider the point of failure due to Doppler spread at 
BER = 10–3. It was found that Mode II gives a solid performance in all practical field situations. On 
the other hand, Mode I is clearly insufficient for operation at 1.5 GHz since the system fails at 
speeds as low as 40 km/h. However, the new Mode 1.5 would provide adequate service for most 
situations of moving vehicles (system breaking at 80-100 km/h in both urban and rural 
environments with no strong line-of-sight component), although not securing the solid headroom 
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that is observed with Mode II. A mode slightly above Mode 1.5 (i.e., shorter guard interval) would 
allow a better headroom, thus higher possible vehicle speed. Because of the obvious speed 
limitation in obstructed urban areas and the likely larger margin due to the likely presence of higher 
field strengths close to transmitters, the urban case is not seen as the most constraining case. 

In the case of rural reception, it is expected that the channel type will be Rician in most of the cases, 
especially on highways where the vehicles can move at high speed since these highways are usually 
elevated relative to the surrounding terrain and also that they have limited clutter in the immediate 
environment. The cases depicted in Fig. A.112 for the rural channel are therefore clearly worst case 
since they represent the fully obstructed Rayleigh channel with no direct path. In practice, it is 
expected that Mode 1.5 will allow vehicle speeds markedly higher on highways than shown in the 
Figures. In the case of reception in a SFN environment, however, the channel model for rural 
reception tends to become closer to a Rayleigh channel when a number of active echoes is received 
at equivalent power. This results in a more severe constraint on the allowable vehicle speed and 
corresponds closely to the obstructed Rayleigh case described above as can be seen on Fig. A.112. 
In such case, the presence of a number of active echoes will, on one hand, tend to improve the 
reception quality through network gain, while on the other hand, the reception will become 
impaired at high vehicle speed due to the effect of the Rayleigh channel, resulting in turn, in the loss 
of this network gain. The extent of the actual reduction of service availability in such a 
circumstance is hard to establish since it depends on a lot of statistical variables. 

One element that should be considered in establishing this trade-off between the point of failure due 
to Doppler spread and the use of large transmitter separation distances in a SFN is that the 
probability of failure due to Doppler spread is based on the joint probabilities of a vehicle going by 
a difficult reception environment and, at the same time, travelling at high speed and with signal 
reception near threshold. The conjunction of these events makes it less probable and should be 
taken into consideration in selecting the mode of operation based on practical conditions. 

A.9.5 Effect of carrier phase noise 

It has been indicated that using a longer symbol period at 1.5 GHz was a concern in manufacturing 
low cost receivers because of the resulting tighter phase noise tolerances, especially for the local 
oscillator in the receivers. Some measurements were made on actual third generation equipment and 
the results are presented in the following Table A.40. It was found that the tolerances were not as 
tight as expected and, in fact, the current prototype implementation of the 1.5 GHz RF front-end 
meets the requirement even for Mode I. This explains why reliable measurements using Mode I at 
1.5 GHz could be done in the field with this equipment. It is therefore expected that the phase noise 
tolerance for a new Mode 1.5 or slightly above, will be achievable. Furthermore it is anticipated that 
volume production of receivers, capable of meeting the requirements to operate in Mode 1.5, or 
slightly above, at 1.5 GHz, will make it even easier to achieve within five years. It is therefore 
concluded that this should not be a constraining factor in the decision to include a new mode in the 
emission standard. 
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TABLE  A.40 

Phase noise tolerance of the 3rd generation Eureka-147 DAB equipment 

 

A.9.6 Conclusion on optimum transmission mode investigations 

Considering the importance of being able to provide efficient and flexible large area SFN operation 
at 1.5 GHz, it is believed that operation with a larger guard interval than offered by Mode II 
(62.5 µs) would be advantageous. While Mode II was found to work well, through computer 
simulation, with wide transmitter separation in a SFN for smooth terrain environment, it is expected 
that specific engineering measures will be needed to operate with such large transmitter separations 
in a less uniform environment. The introduction of a new transmission mode at, or slightly above, 
the nominal Mode 1.5 would greatly facilitate the implementation of SFN with large transmitter 
separations, and thus would provide more flexibility in the localization of these transmitters. 

This inclusion on a new transmission mode, specifically matched to single-frequency network 
implementation in the frequency band 1 452-1 492 MHz, could be done through an enhancement, in 
a fully compatible manner, of Digital System A system. This new mode would bridge the gap 
between the current Mode I and Mode II and would allow for more optimum operation in the 
1.5 GHz band. If economically implemented as an addition in consumer receivers, it could lead to 
more economic, and hence, quicker implementation of Digital System A services in certain markets 
world-wide. This new mode could be used when the cost and constraints of large area SFN 
implementation is critical, whereas the current Mode II could be preferred when the availability of 
the service to vehicles travelling at high speed is of major importance. 

A.9.7 Further investigation on the susceptibility of Digital System A to Doppler spread 

During the first set of the investigations conducted in Canada during the summer of 1994 on the 
optimum transmission mode for terrestrial SFN operation at 1.5 GHz, it was found that the most 
critical element in defining the optimum set of transmission parameters for the digital system a was 
the determination of the susceptibility of the system to Doppler spread experienced in the field as a 
function of the maximum allowable vehicle speed. Since the speed of the vehicle, the transmission 
mode and the operating frequency are linearly dependent, it was decided to investigate further the 
Doppler spread limitations by operating the system in a very demanding set of conditions, i.e., In 
mode 1 at 1.5 GHz in order to easily identify the maximum speed allowable in various 
environments. This was done in quantifying, through extensive field measurements, the maximum 
speed allowable as a function of the equivalent reduction in the system operation margin. These 
new field measurements were conducted in two phases in early summer 1995 in Montreal (Canada). 

Mode 1 Mode 1 Mode II Mode II 
∆∆∆∆ frequence 

channel errors audio failure channel errors audio failure 

0.5 kHz –42 dBc –48 dBc –55 dBc –62 dBc 
1    kHz –42 dBc –48 dBc –55 dBc –62 dBc 
5    kHz –53 dBc –58 dBc –65 dBc –71 dBc 
10  kHz –57 dBc –61 dBc –71 dBc –78 dBc 
20  kHz –61 dBc –66 dBc –74 dBc –81 dBc 
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The main objective of phase 1 of these measurements was to quantitatively characterise the 
performance of the digital system a in a mobile environment by establishing a relation between the 
receiver velocity and the operation margin of the system before failure in various environments, 
expressed as additional required Eb/N0 relative to the Eb/N0 needed at low speed. The objective of 
the phase 2 of this study was to evaluate, in a qualitative way, the practical limit due to signal 
degradation imposed by the vehicle movement in various environments. 

A.9.7.1 Equipment set-up 

The transmitter site was located at Mont-Royal with 200 W fed to a 2-panel transmitting antenna 
located 84 meters above ground level, resulting in an ERP of approximately 600 Watts. The source 
material was a single arpeggio of 4 Glockenspiel notes (SQAM CD Track 35 – first section only) 
continuously repeated, transmitted at a bit rate of 224 kbit/s and an error correction rate of 1/2. 

During phase 2 of the field measurements, an additional 200 W transmitter feeding a different 
antenna configuration was used at Mont-Royal, resulting in an ERP of approximately 2.1 kW. This 
ERP was more representative of the required power for a 30 km radius coverage, although still 
slightly under powered. Normal radio program content was used during phase 2. 

An omnidirectional receiving antenna was located on the rooftop of the measurement van. The 
signal passed through two variable attenuators that provided attenuation in steps of 1 dB. A 
down-converter was used to bring the signal from L-band to VHF. Special care was taken to use a 
highly stable reference local oscillator to minimize the residual phase noise in the equipment. A 4th 
generation prototype receiver was used for these measurements. An RF power meter was also 
included to monitor the RF signal in order to determine the available signal margin. The audio 
output was monitored using high quality headphones 

A.9.7.2 Route selection 

For each environment type of interest, four to twelve routes were selected to represent a wide 
variety of possible situations. As well, certain technical and logistics issues had to be taken into 
consideration in the selection of these routes, including: 

– Signal margin, 

– Environment Homogeneity, 

– RF power stability, and 

– Speed limits and route access. 

A total of 29 routes were selected for phase 1 of the measurement program. These routes were 
selected to be representative of urban, suburban, rural, industrial and forested environments. Other 
routes were selected for phase 2 where a mixture of environments (urban, suburban and rural) 
existed. This new selection was based on the results of phase 1 measurements where enough field 
strength margin was found available to make the reception representative of normal DRB service 
conditions. 

A.9.7.3 Measurement methodology 

For each selected route, the measurements were done as follows: 

a) At a point along the route, the available signal margin was determined for the static case 
(fixed reception) by increasing the attenuation at the receiver until TOA was reached. This 
point was determined by listening to critical audio material with headphones and 
identifying any audio distortion. 
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b) At a given vehicle speed, starting at 10 km/h, measurements were done along the route to 
determine the amount of perceptible distortion for the attenuation determined in Step 1. 

c) The attenuation was decreased (or increased, if necessary) in steps of 1 dB until the TOA 
for the whole route was reached, that is the point where no perceptible distortion is heard 
along the whole route. 

d) When this point had been reached, the process was repeated for other vehicle speeds, using 
increments of 10 km/h (20 km/h in rural areas). 

e) If the TOA could not be reached even with 0 dB attenuation (i.e. the system failed without 
input attenuation), measurements along that route were deemed completed. 

For phase 2, the measurements were done as follows for each selected route: 

a) Starting from a target speed derived from the average results obtained during phase 1 for 
different environment types, casual listening was done using the high fidelity speaker 
system installed in the vehicle. 

b) The vehicle speed was increased or decreased along the route until the POF (paint of 
failure) was reached. 

c) When the POF was reached, observations were recorded on the signal margin, channel 
impulse response and the nature and repetition rate of the impairments. 

A.9.7.4 Results 

The results of Phase 1 are presented in Figs. A.114 to A.118, expressed in terms of additional 
Eb/N0 (dB) required to achieve proper reception at a given vehicle speed. The results were 
normalized to 0 dB for the quasi-static case (10 km/h). 

A number of curves in these figures feature a circle around the last data point. This indicates that 
even with no attenuation at the receiver (i.e. using the highest signal power possible) perceptible 
impairments were still present. When this is the case, one of the three following letters is used to 
qualify these impairments: A) few hits were found without muting but intelligibility was not 
affected; B) many hits were found without muting, intelligibility could be affected and overall 
distortion was annoying, and C) many hits occurred with muting, intelligibility is affected. 

For urban reception, Figure A.114 indicates that the receiver requires an increased Eb/N0 between 
30 and 40 km/h. Route #14 was especially difficult because of the high density traffic combined 
with blockage of the transmitter by the surrounding buildings. For suburban reception, the 4th 
generation presented important degradation only beyond 40 km/h, except for route #27 which was 
found to be more critical because of the presence of trees on both sides of the street. This is shown 
in Fig. A.115. 

In the rural case (Fig. A.116), the vehicle speed could be sustained up to even 80 km/h when there 
was line-of-sight. Degradations were experienced around 60 km/h when there were houses and trees 
on the side of the road. For forested reception (Fig. A.117) the degradation became very apparent at 
around 40 km/h. Finally, for industrial reception (Fig. A.118), the receiver demonstrated increased 
degradation at around 40 km/h. 

The phase 2 measurement results are presented in Table A.41. The vehicle speed (range and 
average values) required to reach the POF in Mode I is given for each environment type. An 
indication is also given of the number of routes used for the given results. Phase 2 measurement 
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results mainly confirm the results obtained during Phase 1. In urban and suburban areas, noticeable 
degradation appears at around 40-45 km/h. On highways, the vehicle could reach somewhat higher 
speeds before the POF was reached: on average, 54 instead of 50 km/h in urban areas and 
64 instead of 49 km/h in suburban areas (see Table A.41). 

TABLE  A.41 

Phase 2 Doppler spread measurement results 

 

A.9.7.5 Conclusion 

In general, it can be concluded that the Digital System A operating in Mode I at 1.5 GHz can 
sustain its performance for vehicle speeds of up to 40 km/h in the case of urban, suburban and 
forested areas, and for speeds of up to 60 km/h in the rural areas. Depending on the AFC 
performance in the receiver, there does not seem to be any practical limit in vehicle speed in the 
case of line-of-sight reception. 

Because of the measurement method used during Phase 1 of the experiment (minimization of phase 
noise and headphone listening of critical material), these results can be considered as very critical. 
Casual listening in a car would most likely permit higher speed before the system degradation start 
to be perceived. Never-the-less, the possible range of higher speeds seems to be somewhat limited 
due to the apparent steepness of the asymptote of the curves when the system gets close to failure. 
Phase 2 measurements tend to reinforce this finding since POF has been reached at speeds that were 
generally close to the TOA results. 

Since there is a linear relationship between the symbol period used in the Digital System A, the 
maximum speed that can be used before considerable degradation occurs due to Doppler spread and 
the carrier frequency, the above conclusions can be applied to any transmission mode and at any 
frequency. This is done by scaling linearly between maximum vehicle speed, frequency of 
operation and total symbol period, which is related to the actual mode of operation. The results of 
such scaling are given in Table A.42. 

Environment Number of 
routes 

Speed where POF was achieved 
(average)   (km/h) 

Urban 8 45-60 (50) 
Urban highway 10 40-70 (54) 
Suburban 9 40-60 (49) 
Suburban highway 5 50-75 (64) 
Industrial 1 55 (55) 
Forested 3 55-65 (60) 
Rural 2 55-65 (60) 
Rural highway 1 60 + 
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TABLE  A.42 

Speed at which Doppler spread starts to affect reception in urban and suburban 
areas rural areas as a function of the frequency band of operation 

and the mode of operation 

 

 

 

 

 

 

FIGURE  A.114 

Additional required Eb /N0 in an urban area as a function of vehicular speed 
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Mode Mode I Mode IV Mode II Mode III 

Guard Interval 246 µs 123 µs 62 µs 31 µs 
216-240 MHz 260/390 km/h 520/780 km/h   

1 452-1 492 MHz 40/60 km/h 80/120 km/h 160/240 km/h 320/480 km/h 
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FIGURE  A.115 

Additional required Eb /N0 in a suburban area as a function of vehicle speed 
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FIGURE  A.116 

Additional required Eb /N0 in a rural area as a function of vehicle speed 
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FIGURE  A.117 

Additional required Eb /N0 in a forested area as a function of vehicle speed 
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FIGURE  A.118 

Additional required Eb /N0 in an industrial area as a function of vehicle speed 
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A.9.8 Field measurements conducted in Ottawa, Canada, in summer 1997 

A Doppler spread measurement program was carried out during summer 1997 using the Ottawa 
DSB experimental site. At the time, a small number of receivers that were capable to receive in 
Mode IV became available and spurred the interest in conducting actual field measurements in 
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Mode IV. The receivers used for the measurement program were the Bosch Hanover 106 and the 
Kenwood KRC-358DAB. The transmission set-up was very similar to what was used in 1995 in the 
Montreal measurement program described in Section A.8.7.2. The measurement methodology was 
also the same. The routes were selected on the basis of a worse case situation whereby sites with 
impaired reception were identified and then documented in detail. 

A.9.8.1 Objective of the measurement program 

The objective of this new measurement program was to perform subjective tests (listening to a 
critical audio program in the moving vehicle and subjectively rate its quality) to determine the 
maximum speeds at which mobile reception is still possible in Mode IV, for various routes and 
service margin levels. Early in the process, measurements were made to confirm the validity of the 
linear interpolation between Modes I and IV with respect to the vehicle speed to represent the effect 
of the Doppler spread on the signal reception. It was confirmed that the results obtained in Mode I 
operated at L-band can simply be scaled at double the vehicle speed to represent the situation for 
Mode IV. This proved to be generally the case although the Mode IV reception seemed to be 
slightly more forgiving, attributed to the more effective time interleaving correcting for very short 
signal drop-outs at higher speeds. Once this scaling was confirmed, the measurements reverted to 
the Mode I testing which allowed easier measurements at reasonable speeds. 

A.9.8.2 Results of the measurements 

Figure A.119 summarizes the results of this measurement program. The few triangles indicate the 
results using Mode IV and the squares represent the constellation of results from the Mode I 
measurements but scaled by a factor of two in terms of vehicle speed. These results are represented, 
as previously, as apparent increases in the required Eb/N0 (which translates into a decrease in the 
available fade margin) as a function of the vehicle speed using Mode IV. The measurement 
resolution was 1 dB. As can be seen the triangles are shown to fall over the squares, confirming the 
validity of scaling the speed by a factor of two for Mode I results. 

As can be seen in Fig. A.119, the scatter of results indicate that the effect becomes undeniable in the 
range between 60 km/h and 80 km/h in a urban/suburban environment. In order to confirm these 
field test results, the results from a set of laboratory measurements based on threshold of audibility 
and using a channel simulator programmed for “typical urban” channel were added as well as the 
results of computer simulation giving the median of the results for the “typical urban” channel 
(circles). The difference between these two last sets of results is attributed on one hand to the ideal 
synchronization recovery which was assumed in the computer simulations and on the other hand to 
the difference between the very critical criterion of threshold of audibility of impairment used in the 
lab versus the median of Eb/N0 values resulting in a BER of 10–4 in the computer simulations. 

It is interesting to note that there are instances where the required Eb/N0 seems to decrease below 
the normal received threshold with vehicle speeds in the range between 30 km/h and 80 km/h. This 
is attributed to the improvement in reception reliability due to the more effective time interleaving 
at higher vehicle speed. 
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FIGURE  A.119 

Doppler spread performance of Digital System A in Mode IV in urban 
and suburban environment 

-2

0

2

4

6

8

10

12

14

16

18

20

0 20 40 60 80 100 120

Vehicle speed (km/h)

A
dd

iti
on

al
 re

qu
ire

d 
Eb

/N
o 

(d
B

)

Field measurements in Mode 1
scaled to Mode IV

Field measurements in Mode IV

Laboratory measurements in
Mode IV

Computer simulations in Mode IV

99
%

~8
0%

 

 

A.9.8.3 Discussion 

The results so far indicate that reception in Mode IV behaves as anticipated in computer and lab 
simulations (see Fig. A.119). The upper limit in vehicle speed to avoid impairment caused by 
Doppler spread in critical cases of urban/suburban reception is somewhere between 60 km/h and 
80 km/h, depending on the channel conditions and the available fade margin. This confirms the 
results obtained in the previous measurement programs reported in the previous sections. 

In recalling the fact that the test routes were chosen to be very critical, an exercise of translating 
these results in terms of service availability was done based on the accumulated experience in the 
field. The two curves generated encompass all the field, lab and simulation results as shown in 
Fig. A.119. These two curves were developed based on an empirical extrapolation of what could 
have been the entire population of results had all the routes of the urban and suburban Ottawa been 
covered. This best guess led us to quantify the curve at the left of the cloud of points to be the 99% 
service availability curve and the curve at the right to be the 80% service availability curve. 

Much more measurements, way beyond the scope of the measurement program, would have 
allowed a possible substantiation of these assumptions. In fact, a further field measurement program 
should also include an assessment of the maximum possible vehicle speed in each circumstance 
because it was observed that, in many instances, the maximum vehicle speed tends to be limited for 
basic safety reasons in those places where the effect of Doppler spread would have otherwise been 
restrictive. There seems to be a strong correlation between the speed limitation due to Doppler 
spread and the speed limitation due to the physical environment. In reality, the amount of multipath 
will normally be more pronounced in largely built-up areas, therefore where there would be more 
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traffic. In other words, there is a tendency to see less Doppler spread impairments where the 
vehicles are allowed to move at higher speeds such as on elevated highways. 

Although the transmitted signal format can no longer be changed at this time, it is believed that 
there are some means to make the reception of the Digital System A more immune to Doppler 
spread therefore allowing unimpaired reception at higher vehicle speeds. More work is needed in 
trying to improve the demodulation algorithms used in the receivers to achieve higher vehicle 
speeds. This is the field of research where more attention should be focused in the coming years. 

A.9.8.4 Multiple transmitter experiment 

Some work was done in trying to quantify the effect of Doppler spread in an SFN environment. An 
experiment was conducted using two on-channel transmitters. The experiment consisted in 
evaluating the additional signal degradation when a gap-filler was alternately turned on and off. The 
two transmitters emitted the same power. During the first set of measurements (Fig. A.120), the 
receiver travelled on a street perpendicular to the direction to the nearby gap-filler. The street 
selected formed a triangle with the two transmitters with the distance to the gap-filler being 3 times 
shorter than the distance to the main transmitter. The results given in Fig. A.121 are averaged for 
both travelling directions for the single and double transmitter cases. 

During the second set of measurements (Fig. A.122), a street radial to the gap-filler was selected 
(i.e., the vehicle going towards and away from the gap-filler). This street was located such that it 
formed a triangle with the two transmitters with the distance to the gap-filler being 2 times smaller 
than that towards the main transmitter. Again, the results indicated on the figure are averaged for 
the two travel directions. 

FIGURE  A.120 

Effect of Doppler spread for reception in single and double transmitter arrangements 
(street is perpendicular to the direction to the gap-filler) 
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FIGURE  A.121 

Effect of Doppler spread for reception in single and double transmitter arrangements  
(street is radial to the gap-filler) 
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The experiment showed that when the route is in the radial direction with the gap filler, the presence 
of the gap-filler increases the degradation due to excessive Doppler shift (the receiver sees two 
strong echoes being displaced in frequency in opposite directions. In the other case, the addition of 
a gap filler when the route follows a direction perpendicular to this radial direction has the tendency 
to reduce the degradation. 

Overall, this simple experiment tends to indicate that there would be some ways to improve the 
urban and suburban reception with Mode IV under some specific arrangements such as carefully 
placed gap-fillers using directional transmit antennas. Specific trials with gap-fillers along highways 
would need to be investigated further. 

A.10 L-Band satellite experiments using Digital System A 

Digital System A is designed to function using a frequency multiplex of several broadcast programs 
with COFDM modulation within a 1.5 MHz frequency block, whereas the Digital System B method 
is a coherent detection modulation SCPC signal that for a “CD quality” program requires less than a 
0.3 MHz transmitted bandwidth. Additionally, “backoff” on the satellite transponder to preserve 
linearity is required using Digital System A. These factors affect the pfd of the received signal for a 
given satellite, but have no real effect on the downlink propagation characteristics. Therefore, it is 
reasonable to consider the results from both these experiments and those using Digital System B as 
representative of the same phenomena. The only differences that might surface are those due to the 
wavelength differences from 20 cm (1 500 MHz) to 15 cm (2 000 MHz). 

With this in mind, both the Optus B3 and the Solidaridad 2 tests using Digital System A provide 
propagation information similar to that of the Digital System B propagation test program. (The 
information is summarized in the remainder of this subsection.) In short, when direct line of sight 
was available, such as for long stretches on rural Australian roads, the full audio quality of the 
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Digital System A transmission was present. The direct line of sight signal is effectively constant, 
multipath problems are minimal, and the azimuthally omnidirectional receive antenna has enough 
gain to feed the receiver with a strong enough signal. The fairly small link margin does not impede 
good reception, when coupled with a typical amount of error correction coding . 

However, blockage from buildings and other objects that prevents direct line of sight destroys 
signal reception if, in the mobile case, it lasts longer than the one second or so that is typical of the 
time interleaving employed. Whether or not the blockage “fade” under identical conditions is less 
than or more than that at S-band is of no real consequence; the signal reductions because of 
blockages are much greater than the link margins possible. 

A.10.1 Experimental results from the Australian tests using the satellite Optus B3 

A.10.1.1 Introduction 

A series of L-Band satellite trials were undertaken with the Australian Optus B3 satellite. The 
objectives of these trials were to confirm the operation of Digital System A over an operational 
satellite at L-Band; to undertake a qualitative assessment of the performance of Digital System A in 
a variety of reception environments; and to collect data on the fade statistics of the L-Band mobile 
satellite channel for a range of reception environments and elevation angles. The results of the 
propagation work are reported in Section 7. 

The satellite trials were implemented in two phases over the period June 1995 to February 1996. 
The first phase measurements were undertaken in Canberra and the surrounding regional area 
during June/July 1995. These were followed by a second series of measurements in Adelaide 
(December 1995) and Perth (January 1996). 

A.9.10.2 Background 

The Optus B3 satellite is based on a Hughes 601 space platform. At time of commencement of the 
trials the satellite was in a slightly inclined orbit at 152º E, in preparation for entry into service at a 
location of 156º E. 

The L-Band payload aboard the spacecraft operates in the 1 545-1 559 MHz frequency range and 
comprises eight solid state power amplifiers (SSPA), which combine to provide a total output 
power of 150 W. The package is designed for the mobile telephony communications service and 
utilises L-Band transmission and reception to mobile stations, and Ku-Band communication 
between the satellite and ground base station. The L-Band service foot print extends over 
continental Australia and provides an EIRP of 49 dBW at beam centre [1]. The corresponding 
signal level in Adelaide is 48 dBW, and somewhat less in Canberra and Perth (46.8 dBW and 
46.1 dBW respectively). 

A.10.1.3 Equipment configuration 

A.10.1.3.1 Up-link equipment 

Figure A.123 shows a schematic of the encoding and up-link equipment. The digital broadcast was 
based on third generation Eureka 147 hardware (Philips PDS). The equipment is capable of 
generating a DSB signal at an intermediate frequency of 36 MHz using any one of the three 
transmission modes, initially identified for the Eureka system. The encoded signal has a fixed frame 
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format allowing selection of one of nine different applications, corresponding to audio and data 
channels of varying bit rate and protection level. For the trials transmission Mode II was used. The 
audio programme from the CD player was “compressed” using the DSB system’s internal 
MUSICAM encoder at a bit rate of 256 kbits/sec (independent stereo mode) and channel coded 
using an average rate of 6/10. The output of the encoder was then “shifted” to an intermediate 
frequency of 70 MHz and up-converted to Ku-Band for up-linking to the B3 spacecraft. 

During the first phase of the trials, the encoded signal was up-linked from the Optus Belrose 
(Sydney) earth station using a 4.5 m tracking antenna5. For the second phase the signal was up-
linked from a 4.6 m antenna, situated in Canberra. 

 

FIGURE  A.122 

Hardware configuration for satellite up-link 

Audio
Analogue

34 MHz
+7 dBm

Mixer Filter

CD Player

Ku-Band
Upconverter

AmplifierEureka-147
Encoder

ENCODER UP-LINK

36 MHz 70 MHz

Signal
Generator  

 

 

A.10.1.3.2 Receiver equipment 

The corresponding hardware configuration for monitoring of the received satellite signal is shown 
in Fig. A.124. The down-link frequency of 1 552.5 MHz is only 4-7% above the nominal DSB 
L-Band allocation (1 452-1 492 MHz), so it is reasonable to expect results to correlate well with 
operation in this band. For mobile reception a bifilar helix rod antenna, designed for the L-Band 
mobile telephony service was used. This antenna has an omnidirectional pattern in the horizontal 
plane but an inclined pattern in the vertical axis which is adjustable to match the elevation angle of 
the satellite. The nominal peak gain of the antenna is 8.5 dBic. For fixed monitoring a directional 
panel antenna with gain of 14 dBic was used. The receiver front end consisted of two cascaded low 
noise amplifiers, followed by a mixer stage, and a third generation Eureka receiver for decoding of 
the signal. The recovered audio signal was monitored using both headphones and high quality loud 
speakers. 

____________________ 

5 Use of a tracking antenna was necessary during the first phase of the trials as the satellite was in a slightly 
inclined orbit. 
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FIGURE  A.123 

Receiver hardware configuration for mobile monitoring 
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A.10.1.4 L-Band transponder operating point 

With the Optus B3 L-band payload the single carrier saturated output (or 0 dB OBO) of the non-
linearized transponder is set arbitrarily to the 2 dB compression point. However, the SSPAs are not 
rated for continuous operation at this level. The maximum safe single carrier output power level is 
2.2 dB less (i.e 2.2 dB OBO), and it is this level which is also deemed to be the maximum 
continuous operating point for multi-carrier operation. 

For the trials a further 1 dB of input back-off (IBO) was applied, resulting in a total OBO of 
3.96 dB, relative to the 2 dB compression point, and a corresponding downlink EIRP of 46.3 dBW 
(Adelaide), 45.1 dBW (Canberra) and 44.4 dBW (Perth). 

A.10.1.5 Satellite link budget 

Table A.43 provides a summary of the satellite down-link budget based on parameter values for 
each of the three locations. The link budget does not include implementation allowances, such as 
for hardware, interference and fading, normally expected of an operational service. Because of the 
relatively low transponder power it was necessary to improve the receiver figure-of-merit (G/T) by 
using a relatively high gain antenna and by incorporating a two stage low noise amplifier at the 
front-end of the third generation Eureka receiver. These changes resulted in a 7 dB improvement 
over the nominal G/T figure anticipated for an operational service (see Table 12 in the main 
Handbook text). 

The link budget calculations indicate that for mobile reception the receiver system is 0.1 to 2.3 dB 
above receiver threshold, depending on location. In the case of fixed reception, using the higher 
gain panel antenna, the corresponding margin ranges from 3.7 to 5.9 dB. Based on these 
preliminary calculations it was anticipated that mobile reception would be marginal, particularly in 
Perth and Canberra, while fixed reception could be expected to be satisfactory. 

____________________ 
6 The additional 1.7 dB OBO is comprised of 0.5 dB due to the IBO/OBO transfer characteristic of the 

SSPAs, and a further 1.2 dB due to amplitude compression effects on the multi-carrier COFDM signal at 
this operating point. 
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TABLE  A.43 

Summary of OPTUS satellite down-link budget 

 

A.10.1.6 Audio monitoring programme 

Audio monitoring of the satellite DSB signal was undertaken, initially, in Canberra. Using the fixed 
panel antenna reception was consistent with no impairment of the decoded audio signal. For mobile 
reception, test routes included sections of flat open and suburban areas, as well as the main business 
district which is characterised by multi-storey buildings (typically 6-7 floors). In open and suburban 
areas the reception quality was judged as consistently good. Because of the relatively high elevation 
of the satellite (51º), blockage of the signal in both these environments was infrequent, and then, 
usually due to overhanging trees along the roadside. As expected, the receiver suffered more 
frequently from signal blockage in the built up business district. Depending on the relative 
orientation of the satellite and buildings the receiver would generally mute. It was interesting to 
observe that in this environment there is little evidence of audio signal degradation before the onset 
of muting. The presence of large building obstructions, together with the relatively low vehicle 
speed, results in abrupt and extended blockage of the signal, ensuring that the transition from 
perfect reception to complete muting occurs very “cleanly”. Similarly, once clear of building 
obstructions the presence of a relatively constant signal level enables the receiver to recover 
quickly, and in an equally clean manner. 

Parameter  

Operating frequency 1 552.5 MHz 
Polarisation Right Hand Circular 

 Mobile Fixed 

Receiver antenna gain 8.5 dBic 14 dBic 
Estimated antenna noise 
temperature 

90 K 90 K 

Antenna cable loss 0.5 dB 1.6 dB 
Receiver system noise figure 1.2 dB 1.2 dB 
Receiver G/T –15.1 dB/K –11.5 dB/K 
Required C/N (3rd 
generation receiver) 

8.0 dB 8.0 dB 

 Canberra Adelaide Perth 

Satellite elevation angle 51° 45.4° 33.3° 
Satellite EIRP (dBW) 45.1 46.3 44.4 
Satellite range (km) 37 036 37 387 38 327 
Spreading loss (dB) 162.4 162.4 162.7 
Available PFD (dB(W/m2)) –117.3 –116.1 –118.3 
C/N – mobile/fixed (dB) 9.1/12.7 dB 10.3/13.9 8.1/11.7 
Margin – mobile/fixed (dB) 1.1/4.7 2.3/5.9 0.1/3.7 



- 330 - 

 

The audio failure characteristic was more disconcerting in other mobile reception situations – most 
notably where the satellite path was obstructed by closely spaced features such as trees, or by 
foliage of varying density. Here, the effect is similar to that observed with terrestrial operation 
where rapid fluctuations in received signal level below and above threshold can result in a more 
objectionable failure characteristic. 

Based on the encouraging results of these initial trials, an extensive audio monitoring programme 
was undertaken along some 4 400 km of road distance, extending from Canberra to Adelaide, and 
on to Perth. 

In rural areas between Canberra and Adelaide, mobile reception was generally good. Although 
audio impairment was evident in the presence of all, but the most minor obstructions (i.e roadside 
light or power poles, overhanging power lines, or individual lightly foliaged trees), this was 
expected given the low link margin. Even so, the relatively high satellite elevation angle and mostly 
open reception conditions ensured such occurrences were infrequent. 

The most consistent reception was noted along the national highway linking Adelaide and Eucla, a 
small roadhouse community just within the West Australian border. The 1 350 km section of 
highway traverses mainly flat terrain with either low shrub or scattered tree cover, the latter set well 
back from the road. Reception along this section was virtually continuous (i.e., approaching 100% 
of locations) and coincided with maximum signal level for the entire route – estimated at 2.7 dB 
above receiver threshold. The very few cases of audio impairment were due to antenna 
misalignment, caused by flexing of the helix rod antenna at highway speeds (which at times 
exceeded 120 km/h). 

Travelling from Eucla, the open shrubland gave way to areas of woodland resulting in more 
frequent signal outages due to road-side shadowing. This, and the remaining leg of the journey to 
Perth was accompanied by a progressive reduction in received signal level, associated with the 
satellite foot-print. Despite this, satisfactory reception was still possible along a mainly open section 
of highway between Kalgoorlie and Tammin (approximately 180 km east of Perth). 

The results of this monitoring exercise indicate that reliable (i.e high availability) mobile satellite 
reception is possible in open or limited obstructed conditions, and at vehicle speeds exceeding 
120 km/h, using very modest link margins (of the order of a few dB’s). Clearly, in built-up areas, 
obstruction of the satellite-to-receiver path is the limiting factor on satellite coverage and, for this 
reason, the nature of the environment in the vicinity of the receiver and satellite elevation angle are 
major factors affecting service availability. As Digital System A is designed to make constructive 
use of echoes, it is possible to supplement the satellite signal with on-channel terrestrial repeaters to 
“fill” shadowed areas created by large buildings and other obstructions (the hybrid satellite 
broadcast concept). In rural and possibly some suburban environments, the frequency and depth of 
signal fades is considerably less and, therefore, inclusion of an appropriate fade allowance in the 
satellite down-link budget should ensure reliable service in these situations. 

In many ways the Australian experiments involving Digital System A and the Optus 3B satellite 
were similar to the Digital System B experiments at S-band (see Annex B). The audio system was 
shown to work well with direct line of sight but, because of low mobile reception link margins in 
comparison to the physics of the situation,in depth propagation effects analyses were not possible 
until the investigators turned to the use of a narrow-band CW signal. (In this case, the mobile 
reception link margins were less than 2.5 dB.) 

A.10.1.7 Transponder linearity 

With the multi-carrier modulation scheme (COFDM) used in Digital System A, non-linearities in 
the amplification process will produce both in-band and out-of-band intermodulation products. 
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These unwanted products may result in interference to adjacent channels, as well as an increase in 
the apparent noise of the amplifier. 

Some investigations were undertaken into the impact of transponder operating point on the 
intermodulation levels generated by the non-linearised SSPAs aboard the B3 spacecraft. The 
downlink COFDM spectrum was monitored at the Optus Belrose (Sydney) earth station using a 
4.6 m dish with calibrated L-Band down converter and measurement receiver. With Digital System 
A, a measure of unwanted products is the “DAB linearity”. This is defined as the level of 
attenuation of the side lobes, present at the band edges of the COFDM emission, relative to the 
main signal spectrum. Table A.44 shows the measured DAB linearity for three different operating 
points of the L-Band transponder. The corresponding DAB linearity of the uplinked Ku-Band 
waveform exceeded 30 dB. 

TABLE  A.44 

DAB linearity versus transponder output back-off (OBO) on Optus satellite 

 

For terrestrial services it has been suggested that at least 30 dB (DAB) linearity is required in order 
to minimise system degradations [2, 3, 4]. However, such stringent constraints on amplifier linearity 
may not be necessary for a satellite service. In the case of a single COFDM satellite service, the 
received signal is already relatively low and, unless the DAB linearity is particularly poor, the 
out-of-band intermodulation products are unlikely to have an impact on an adjacent terrestrial 
channel. With a two (or more) adjacent channel COFDM satellite service there is need to consider 
the interference contribution from the adjacent channel(s), however the linearity requirement will be 
less demanding than the terrestrial situation because of the comparable signal levels and limited 
margin available at the receiver. 

It is also interesting to note that the encouraging results from the audio monitoring programme were 
achieved despite 20 dB linearity and low signal margin. This would suggest that the reduction in 
receiver margin due to in-band intermodulation products, at this lower linearity figure, is minimal. 

A.10.1.7.1 L-Band transponder operating point 

The gain transfer curves of Travelling Wave Tube Amplifiers (TWTA) show a characteristic 
flattening, and a so called “saturated” power output can be clearly defined. In contrast SSPAs have 
a less clearly defined output limiting characteristic. As the input level is increased, SSPAs exhibit 
increasing gain compression, and dissipate greater amounts of heat, eventually failing due to 
thermal breakdown. With no inherent protection on the amplifiers aboard the spacecraft, up-link 
“overdrive” can cause thermal failure. 

Uplink 
EIRP 

(dBW) 

Dowlink 
EIRP 

(dBW) 
OBO (dB) DAB linearity 

(dB) 

76 
77(1) 
78 

44.4 
45.1 
45.6 

4.6 
3.9 
3.4 

22 
20 
18 

(1) Operating point for audio monitoring programme 
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A.10.1.8 Measurement of signal fade distributions at L-Band 

As noted previously, the extent of the fading is largely a function of the environment in the vicinity 
of the receiver and the satellite elevation angle. In order to characterise these relationships at 
L-Band frequencies, a series of signal fade measurements were undertaken in a range of reception 
environments and at three separate elevation angles – 51°, 45.4° and 33.3°. These angles correspond 
to receive locations in Canberra, Adelaide and Perth respectively, and are representative of the 
mid-to-lower (geostationary) elevation angles in Australia. 

A.10.1.9 Measurement procedure 

Measurement data was collected over approximately 2 200 km of road distance, covering a variety 
of environments. To assist in categorising reception conditions a terrain and clutter descriptor was 
applied. The latter was based on the sample land cover classification scheme described in ITU-R 
Report 567-4. A listing of the various classifications is provided in Table A.45. 

To characterize the combined fade contribution (i.e from shadowing and multipath), measurements 
of the received signal level were taken at regular intervals of 2.5 cm. Data was recorded, in 
“segments” of 400 m, along a total of 82 test routes, comprising 21 in Canberra, 30 in Adelaide and 
31 in Perth. The length of individual routes varied from 12 to 196 km. 

A.10.1.10 Data processing 

Log sheet(s) were examined in order to validate reception conditions along each test route. 
Segments not consistent with the terrain/clutter definitions of Table A.45, or which were identified 
as invalid (for example, during transitions from one environment type to another) were flagged and 
omitted from further analysis. Within each run, consecutive segments of the same terrain/clutter 
type were then concatenated to form a “sector” file. This process generally resulted in several sector 
files, depending on the number of environment types traversed during the course of each run. 

The first phase of processing involved level adjustment of the data to offset any contribution due to 
receiver system noise. At high carrier-to-noise ratios this offset is negligible, however, at low ratios 
(i.e near the noise floor of the measurement system) the noise contribution becomes significant and 
can no longer be ignored. To ensure measurement accuracy was maintained over the range of 
recorded signal levels, a weighted correction factor was applied to each data point in the file. 

In the second phase, cumulative fade distribution functions were generated from the “corrected” 
files. The data in each sector file was subtracted from the reference line-of-sight measurement and 
the resulting data file converted to a discrete probability distribution function (PDF) with 0.5 dB 
bins. The resulting PDF was then integrated to generate the cumulative fade distribution function. 

In a separate exercise, a moving 41 point (i.e one metre) Hanning window was used to average or 
“smooth” the data set in each corrected file, before a second series of computations to derive the 
corresponding cumulative fade distribution function. This averaging process serves to remove 
“small” area effects arising from multipath while preserving the “wide” area component of the 
signal fade due to shadowing. The relatively short averaging distance ensures that high frequency 
shadowing due to small obstructions, such as individual trees, is also preserved. 
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TABLE  A.45 

Terrain/clutter descriptors for defining reception environment 

 

A.10.1.11 Presentation of results 

Figures A.125 to A.128 show the cumulative fade distribution (CFD) function for each environment 
type7 (open, rural, wooded, suburban, dense suburban, urban, dense urban and highrise), at each of 
the three elevation angles (51°, 45.4° and 33.3°). These “narrow-band” graphs are derived directly 
from the measured fade data, and contain both shadowing and multipath information. 

For each graph three CFD curves are shown. The inner and outer curves represent the “best” and 
“worst” sectors respectively, and indicate the range of fade variation encountered for a given 
environment type and elevation angle. The third curve is obtained by pooling all sector files, 
belonging to the particular environment/elevation angle, and then calculating the CFD function. The 
size of the pooled data base is indicated by the distance (dist) figure. As an example, the fourth sub-
figure of Fig. A.127 shows the narrow-band (i.e measured CM) CFD curves for wooded 
environments at 45.4° (Adelaide). For 90% of locations, measured signal fades were less than 2 dB 
for the best-case sector or 11.3 dB for the worst-case sector. With all data from wooded sectors at 

____________________ 

7 Although the environment type includes both terrain and clutter descriptors, only the latter have been 
considered in presentation of the cumulative fade distribution graphs. 

Environment description 

Terrain Flat Level ground varying less than 5 m along test route or within 50 m 
of road. 

Undulating 
Hilly 

Terrain varying 5-15 m along test route or within 50 m of road. 
Terrain varying more than 15 m but less than 30 m along test route 
or within 50 m of road. 

Mountainous Terrain varying by more than 30 m along test route or within 50 m 
of road 

Clutter Highrise Central Business Districts with buildings typically over four 
stories. Canyon type street scapes. 

Dense urban Built-up areas of two to four stories. Little, if any, spacing between 
buildings. 

Urban Single to two storey buildings fronting road. Little, if any, spacing 
between buildings. 

Dense suburban Single to two storey buildings set back from road. Narrow spacing 
between buildings. In some cases tree-lined streets. 

Suburban Single storey buildings set back from road. Larger spacing 
between buildings. In some cases tree-lined streets. 

Rural Paddocks with some trees or occasional building. 
Open Open areas with no significant features within 30-50 m from road. 
Wooded Forested areas or continuous tree lined road. 



- 334 - 

 

this elevation angle pooled, providing a data base extending over 68.8 km of road distance, the 
signal fade was less than 7 dB for 90% of locations. 

A.10.1.12 Discussion of narrow-band fade results 

A.10.1.12.1 Open areas 

In open environments there is evidence of some fading, however this is largely due to uncertainties 
associated with the measurement system including antenna gain variations with elevation and 
azimuth and, to a lesser extent, the coarseness of the bin size (0.5 dB) used in generating the PDFs. 

A.10.1.12.2 Rural, suburban and dense suburban areas 

The rural and suburban (including dense) CFD curves show fades in some sectors approaching 
15 to 20 dB (at the 1% level). However, this level of fading is relatively infrequent as illustrated by 
the pooled CFD curves which show substantially less fade overall. On the basis of the pooled data, 
close to 95% of rural and suburban locations, at the three elevation angles, would be served with a 
fade margin of 5 dB. The same fade allowance would ensure just over 90% location availability in 
the case of dense suburban environments, although this figure does not include measurement data 
for Perth. In all three environments, tree/foliage obstruction is the dominant cause of signal 
impairment. This is reflected in the CFD curves, which exhibit very similar fade distributions. 

A.10.1.12.3 Wooded areas 

The CFD curves for this environment are characterised by a broader distribution and a higher 
“knee” in the function, indicating increased signal attenuation for a greater percentage of locations. 
In the worst-case sectors, signal fades are seen to exceed 20 dB (1% level) at all three elevation 
angles. In these same sectors, signal attenuation exceeds 10 dB in about 10 to 25% of locations, 
depending on elevation. The increased impairment is also reflected in the pooled data. Here, the 
CFD curves show fades exceeding 10 dB for about 2% (Canberra), 5% (Adelaide) and 10% (Perth) 
of locations. 

A.10.1.12.4 Urban, dense urban and highrise areas 

In urban, dense urban and highrise environments, building obstruction is the dominant cause of 
signal impairment. Notwithstanding the limited dynamic range of the measurement system, the 
general trend in the distributions suggest that fade levels approaching 25 to over 30 dB are possible 
in all three environments. The high knee and shallow roll-off evident in the dense urban and 
highrise curves (particularly at the lower elevations) also indicates the presence of severe 
shadowing. In the case of Perth, the worst-case curves show signal fades exceeding 10 dB for 20% 
(urban), 45% (dense urban) and 70% (highrise) of locations. The corresponding figures based on the 
pooled data are 7%, 18% and 35% respectively. It is clear that reliable mobile satellite reception in 
these environments will be difficult to achieve. 

The low degree of fading evident in the Canberra data is due to a number of factors. Apart from the 
high elevation angle, the city is characterized by relatively wide streets, and few built-up districts. 
These districts also tend to be less cluttered in terms of building density with generally greater 
separations and lower heights, than encountered in most other cities. In case of the urban curves, the 
data base consists of only four short sectors of which two were in line with the path to the satellite, 
also resulting in minimal obstruction. A similar situation exists with the Adelaide urban curves. 
Here, all three sectors in the data base are offset from the satellite bearing by 30°, resulting in less 
path obstruction than might otherwise have been the case. 



- 335 - 

 

A.10.1.13 Shadowing and multipath contribution to signal variability 

As noted previously, a mobile receiver is subject to fading from both shadowing and multipath, 
resulting in large variations in the level of the received signal. A measure of signal variability is 
obtained from the standard deviation (SD) of the received levels. Table A.46 presents SD values for 
each environment/elevation angle, as derived from the corresponding pooled data bases. Both 
narrow-band (NB) and smoothed narrow-band (S-NB) values are shown. 

The tabulated narrow-band data illustrates the effect of reception environment and elevation angle 
on overall signal variability. Those environments characterised by high clutter levels (for example, 
wooded, urban and highrise) exhibit larger SD values, indicating greater variation of the received 
signal. A reduction in satellite elevation angle also results in larger signal variation, for a given 
environment type. Although there are individual exceptions, the general trend is clearly evident 
from the data set. 

Table A.46 also shows the relative contribution of shadowing and multipath to overall signal 
variability. It is important to bear in mind that the narrow-band SD values reflect overall signal 
variation (i.e from shadowing and multipath), while the corresponding smoothed narrow-band 
values reflect only the shadowing component. These results show that the differences in standard 
deviations are relatively small – ranging from 0.07 dB (open) to 0.78 dB (wooded), which suggests 
that multipath is not a major factor in the variability of the received signal. In other words, the 
narrow-band SD’s are more representative of the shadowing component than the multipath 
component. This appears to be the case across the range of environment types and elevation angles 
presented. 

 

 

TABLE  A.46 

Narrow-band/smoothed narrow-band standard deviations (dB) for different 
environment types and elevation angles 

 

Location Canberra (51.0°) Adelaide (45.4°) Perth (33.3°) 

 NB S-NB NB S-NB NB S-NB 

Open 0.97 0.83 0.58 0.51 0.85 0.76 
Rural 1.30 1.00 2.05 1.66 2.18 1.93 

Suburban 1.99 1.60 2.26 1.89 2.46 2.20 
Dense suburban 2.76 2.23 1.68 1.37 N/A N/A 

Wooded 2.75 2.16 3.57 2.79 4.67 3.90 
Urban 1.47 1.19 2.23 1.93 4.29 3.99 

Dense urban 3.35 3.02 3.85 3.43 6.79 6.38 
Highrise 4.12 3.75 7.03 6.30 8.03 7.44 
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Another measure of the multipath contribution is obtained by comparing the narrow-band and 
smoothed narrow-band CFD functions. It was observed that in cluttered environments, the 
narrow-band curves exhibit more fading at low levels of received power (i.e at the higher fade 
depths). This usually corresponds to situations where the line-of-sight path is heavily attenuated (i.e 
shadowed) and the presence of low-level multipath contributes to increased fading due to signal 
cancellation between the scattered signal components. In this case, multipath is an important factor 
in the variability of the received signal. At high levels of received power (i.e at the lower fade 
depths) the line-of-sight path, although somewhat attenuated, is the dominant component and the 
received signal is much less affected by low-level multipath. Here, shadowing is the major factor 
and both the narrow-band and smoothed narrow-band curves exhibit similar fade characteristics. 

The impact of multipath is quantified in Table A.47 which shows the relative fade contributions 
from both shadowing and multipath at 90% location availability. The data is derived from the 
pooled CFD curves. 

The table shows that in less cluttered environments the multipath fade contribution is minimal. In 
this data set many of the tabulated values are within the uncertainty associated with the PFD bin 
size, so it is questionable whether even these marginal contributions are realised. 

The multipath is most apparent in wooded, highrise and, to a lesser extent, dense urban 
environments. In the former case, results show a 1.1 dB contribution at a shadowed fade level of 
9.2 dB. Not surprisingly, this is observed at the lowest elevation angle. In highrise environments the 
multipath contributions are somewhat larger, but the values are realised at shadowed levels 
exceeding 15 dB. The relatively high multipath contribution evident in wooded areas is attributed to 
extensive “close-in” scattering of the signal from overhanging foliage and road-side trees. 

 

 

TABLE  A.47 

Shadowing and multipath fade contributions (dB) at 90% location availability 

 

Location Canberra (51.0°) Adelaide (45.4°) Perth (33.3°) 

 Shadow Multipath Shadow Multipath Shadow Multipath 

Open 1.2 0.2 1.5 0.0 1.2 0.1 
Rural 1.2 0.4 1.7 0.4 2.1 0.3 

Suburban 2.2 0.4 2.5 0.5 2.6 0.4 
Dense suburban 3.6 0.4 1.6 0.4 N/A N/A 

Wooded 3.4 0.4 6.0 0.8 9.2 1.1 
Urban 2.3 0.4 2.7 0.5 6.7 0.0 

Dense urban 2.2 0.8 4.3 0.6 15.2 0.8 
Highrise 3.3 0.6 16.5 1.8 17.6 2.4 
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A.10.1.14 Summary and conclusions of Optus tests 
A Digital System A signal was successfully transmitted from an L-Band communications payload 
aboard the Optus B3 satellite, and the reception of CD quality audio material demonstrated under 
both mobile and fixed site conditions. 

The results of subjective assessment trials indicate that reliable mobile reception is possible in open 
or limited obstructed environments, and at vehicle speeds exceeding 120 km/hr, using very modest 
link margins (of the order of a few dB’s). 

An extensive series of L-Band fade measurements were made in a variety of environments, and at 
three separate locations, representative of the mid-to-lower geostationary elevation angles in 
Australia. Results obtained from this exercise suggest that reliable coverage (exceeding 90%) is 
possible in open, rural and suburban environments with a fade allowance of around 5 dB. In more 
cluttered environments (i.e wooded, urban, dense urban and highrise), the depth and extent of the 
signal fades is much greater, and cannot be compensated without excessive link margins. For these 
environments, signal diversity (for example, through use of terrestrial repeaters) is the only viable 
option for significantly improving coverage. 

Analysis of the collected fade data indicates that multipath is a factor only in heavily cluttered 
environments, and then, at received signal levels some 10 to 20 dB below the unobstructed line-of-
sight signal, depending on the particular environment (i.e wooded, highrise). At higher levels of 
received power, shadowing is the dominant component. As satellite systems are power limited, link 
margins are unlikely to exceed 5 to 10 dB, and so (any) multipath contributions will be below the 
noise threshold of the receiver. As a consequence, the major constraint on service availability will 
be shadowing. 

The low level of the multipath reflections also means that frequency diversity and/or receiver 
processing techniques designed to enhance reception in a frequency selective (i.e multipath) 
environment are of little consequence in a mobile satellite-only channel. This leads to the 
conclusion that, for the range of elevations considered, narrow-band propagation measurements 
may also provide a useful measure of the performance of wideband COFDM systems. 
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FIGURE  A.124 

Cumulative fade distribution (CFD) function for open, rural environments 

Open Rural
 
   Canberra Elv: 51.0°             Dist: 47.6 km             Dist: 151.2 km

   Adelaide Elv: 45.4°             Dist: 17.2 km             Dist: 57.2 km

   Perth Elv: 33.3°             Dist: 42.0 km             Dist: 74.0 km
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FIGURE  A.125 

Cumulative fade distribution (CFD) function for open, suburban and dense urban 
environments 

Suburban Dense Suburban
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FIGURE  A.126 

Cumulative fade distribution (CFD) function for wooden and urban environments 

Wooded Urban
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FIGURE  A.127 

Cumulative fade distribution (CFD) function for dense urban and high-rise environments 

Dense Urban Highrise

   Canberra Elv: 51.0°             Dist: 6.4 km             Dist: 3.2 km

   Adelaide Elv: 45.4°             Dist: 6.8 km             Dist: 5.6 km

   Perth Elv: 33.3°             Dist: 10.4 km             Dist: 6.0 km
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A.10.2 Tests of Digital System A using the Solidaridad satellite 

Tests of Digital System A were carried out using the Mexican satellite, Solidaridad. These tests 
confirmed the more extensive tests carried out as part of the Optus programme reported earlier in 
this section. 

Digital System A provides the option of using four modes, each aimed at different types of 
reception. Only Mode III has been specifically designed for L-band satellite operation In the 
Solidaridad tests, three of these modes were assessed. 

– Mode I (1 536 carriers, 1 kHz spacing) 

– Mode II (384 carriers, 4 kHz spacing) 

– Mode III (192 carriers, 8 kHz spacing). 

All the modes tested – Modes 1, 2 and 3 – gave satisfactory reception. The differences in 
performance between the three modes of operation were very small, but there was a noticeable 
power penalty of about 1 dB between Modes I and III (with mode III giving the best performance). 
The most likely reason for this could have been the possible presence of phase noise in the 
upconverter oscillator used in the SNG vehicle that did the uplinking – the satellite on-board 
oscillator was known to have excellent performance. This highlights a need to ensure good 
oscillator stability throughout the chain. 

A second series of tests were made on the use of Digital System A using the Mexican Solidaridad 2 
satellite’s L-band downlink. The audio system tests and results were similar to and confirmed those 
previously carried out in Australia with Digital System A. The resulting report does not contain any 
detailed propagation characteristics results. In trials in a moving vehicle the same sort of results as 
obtained in Australia at L-band and in the USA at S-band were exhibited; i.e., little fluctuation in 
signal strength in the open when there is direct line of sight and large drops when obstacles got in 
the way or when the receive antenna was not directly aligned with the satellite. 
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A.12 Lists of definitions and acronyms 

A.12.1 Definitions 

Audio bit stream: A sequence of consecutive audio frames. 

Audio frame: A frame of a duration of 24 ms (at 48 kHz sampling frequency) or of 48 ms (at 
24 kHz sampling frequency) which contains a Layer II encoded audio signal ISO/IEC 
11172-3 [3], ISO/IEC 13818-3 [14], corresponding to 1 152 consecutive audio samples. It is 
the smallest part of the audio bit stream which is decodable on its own. 

Audio mode: The audio coding system provides single channel, dual channel, stereo and joint 
stereo audio modes. In each mode, the complete audio signal is encoded as one audio bit 
stream. 

Auxiliary Information Channel (AIC): All or part of sub-channel 63, used to carry information 
redirected from the Fast Information Channel. 

Capacity Unit (CU): The smallest addressable unit (64 bits) of the Common Interleaved Frame 
(CIF). 

Common Interleaved Frame (CIF): The serial digital output from the main service multiplexer 
which is contained in the Main Service Channel part of the transmission frame. It is 
common to all transmission modes and contains 55 296 bits (i.e. 864 CUs). 

Convolutional coding: The coding procedure which generates redundancy in the transmitted data 
stream in order to provide ruggedness against transmission distortions. 

DAB audio frame: The same as audio frame, but includes all specific DAB audio-related 
information. 

DAB transmission signal: The transmitted radio frequency signal. 

Data service: A service which comprises a non-audio primary service component and optionally 
additional secondary service components. 

Dual channel mode: The audio mode, in which two audio channels with independent programme 
contents (e.g. bilingual) are encoded within one audio bit stream. The coding process is the 
same as for the Stereo mode. 
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Energy dispersal: An operation involving deterministic selective complementing of bits in the 
logical frame, intended to reduce the possibility that systematic patterns result in unwanted 
regularity in the transmitted signal. 

Ensemble: The transmitted signal, comprising a set of regularly and closely-spaced orthogonal 
carriers. The ensemble is the entity which is received and processed. In general, it contains 
programme and data services. 

Equal Error Protection (EEP): An error protection procedure which ensure a constant protection 
of the bit stream. 

Extended Programme Associated Data (X-PAD): The extended part of the PAD carried towards 
the end of the DAB audio frame, immediately before the Scale Factor Cyclic Redundancy 
Check (CRC). Its length is variable. 

Fast Information Block (FIB): A data burst of 256 bits. The sequence of FIBs is carried by the 
Fast Information Channel. The structure of the FIB is common to all transmission modes. 

Fast Information Channel (FIC): A part of the transmission frame, comprising the Fast 
Information Blocks, which contains the multiplex configuration information together with 
optional service Information and data service components. 

Fast Information Data Channel (FIDC): The dedicated part of the Fast Information Channel 
which is available for non-audio related data services, such as paging. 

Fast Information Group (FIG): A package of data used for one application in the Fast 
Information Channel. Eight different types are available to provide a classification of the 
applications. 

Fixed Programme Associated Data (F-PAD): The fixed part of the PAD contained in the last two 
bytes of the DAB audio frame. 

Joint stereo mode: The audio mode in which two channels forming a stereo pair (left and right) are 
encoded within one bit stream and for which stereophonic irrelevance or redundancy is 
exploited for further bit reduction. The method used in the DAB system is Intensity stereo 
coding. 

Main Service Channel (MSC): A channel which occupies the major part of the transmission frame 
and which carries all the digital audio service components, together with possible 
supporting and additional data service components. 

Masking: Property of the human auditory system by which an audio signal cannot be perceived in 
the presence of another audio signal. 

MSC data group: A package of data used for one application in the Main Service Channel. MSC 
data groups are transported in a series of one or more packets. 

Multiplex Configuration Information (MCI): Information defining the configuration of the 
multiplex. It contains the current (and in the case of an imminent re-configuration, the 
forthcoming) details about the services, service components and sub-channels and the 
linking between these objects. It is carried in the FIC in order that a receiver may interpret 
this information in advance of the service components carried in the Main Service Channel. 
It also includes identification of the ensemble itself and a date and time marker. 

Null symbol: The first Orthogonal Frequency Division Multiplex (OFDM) symbol of the 
transmission frame. 

OFDM symbol: The transmitted signal for that portion of time when the modulating phase state is 
held constant on each of the equi-spaced, equal amplitude carriers in the ensemble. Each 
carrier is four-phase differentially modulated from one symbol to another, giving a gross bit 
rate of two bits per carrier per symbol. 
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Packet mode: The mode of data transmission in which data are carried in addressable blocks called 
packets. Packets are used to convey MSC data groups within a sub-channel. 

Programme Associated Data (PAD): Information which is related to the audio data in terms of 
contents and synchronization. The PAD field is located at the end of the DAB audio frame. 

Protection level: A level specifying the degree of protection, provided by the convolutional coding, 
against transmission errors. 

Psychoacoustic model: A mathematical model of the masking behaviour of the human auditory 
system. 

Scale Factor (ScF): A factor by which a set of values is scaled before quantization. The numerical 
codefor the Scale Factor is called the Scale Factor Index. 

Service component: A part of a service which carries either audio (including PAD) or data. The 
service components of a given service are linked together by the Multiplex Configuration 
Information. Each service component is carried either in a sub-channel or in the Fast 
Information Data Channel. 

Service Information (SI): Auxiliary information about services, such as service labels and 
programme type codes. 

Service: The user-selectable output which can be either a programme service or a data service. 

Single Frequency Network (SFN): A network of DAB transmitters sharing the same radio 
frequency to achieve a large area coverage. 

Stereo mode: The audio mode, in which two channels forming a stereo pair (left and right) are 
encoded within one bit stream and for which the coding process is the same as for the Dual 
channel mode. 

Stream mode: The mode of data transmission within the Main Service Channel in which data are 
carried transparently from source to destination. Data are carried in logical frames. 

Stuffing: One or more bits which may be inserted into the audio bit stream. Stuffing bits are 
ignored by the audio decoding process. The purpose is to fill up a data field when required. 

Sub-band: A subdivision of the audio frequency range. In the audio coding system, 32 sub-bands 
of equal bandwidth are used. 

Sub-channel: A part of the Main Service Channel which is individually convolutionally encoded 
and comprises an integral number of Capacity Units per Common Interleaved Frame. 

Synchronization channel: A part of the transmission frame providing a phase reference. 

Transmission frame: The actual transmitted frame, specific to the four transmission modes, 
conveying the Synchronization channel, the Fast Information Channel and the Main Service 
Channel. 

Transmission mode: A specific set of transmission parameters (e.g. number of carriers, OFDM 
symbol duration). Four transmission modes (i.e. I, II, III and IV) are defined to allow the 
system to be used for different network configurations and a range of operating frequencies. 

Unequal Error Protection (UEP): An error protection procedure which allows the bit error 
characteristics to be matched with the bit error sensitivity of the different parts of the bit 
stream. 

X-PAD data group: A package of data used for one application in the Extended Programme 
Associated Data (X-PAD). 
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A.12.2 Acronyms 

 A/D Analog/Digital converter 

 ACS Adjacent Channel Selectivity 

 AES Audio Engineering Society 

 AM Amplitude Modulation 

 API Application Programmer’s Interface 

 BER Bit Error Rate 

 CIF Common Interleaved Frame 

 COFDM Coded Orthogonal Frequency Division Multiplexing 

 CRC Cyclic Redundancy Check 

 CRC Cyclic Redundancy Check 

 CU Capacity Unit 

 DAB Digital Audio Broadcasting 

 D-QPSK Differential QPSK 

 DRC Dynamic Range Control 

 EBU European Broadcasting Union 

 EEP Equal Error Protection 

 ESA European Space Agency 

 ETI Ensemble Transport Interface 

 ETS European Telecommunication Standard 

 FFT Fast Fourier Transform 

 FIB Fast Information Block 

 FIC Fast Information Channel 

 FIG Fast Information Group 

 FM Frequency Modulation 

 F-PAD Fixed Programme Associated Data 

 F-PAD Fixed Programme Associated Data 

 HEO Highly inclined Elliptical Orbit 

 IEC International Electrotechnical Commission 

 ISO International Organization for Standardization 

 LSb Least Significant bit 

 LSB Least Significant Byte 

 MCI Multiplex Configuration Information 

 MOT Multimedia Object Transfer 
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 MPEG Moving Pictures Expert Group 

 MSb Most Significant bit 

 MSB Most Significant Byte 

 MSC Main Service Channel 

 N-PAD Non-Programme Associated Data 

 OFDM Orthogonal Frequency Division Multiplex 

 OSI Open Systems Interconnection 

 PAD Programme Associated Data 

 PCM Pulse Coded Modulation 

 PRBS Pseudo-Random Binary Sequence 

 Pty Programme Type 

 QPSK Quadrature Phase Shift Keying 

 RDS Radio Data System 

 SC Service Component 

 SFN Single Frequency Network 

 SI Service Information 

 STI Service Transport Interface 

 STN Service Transport Network 

 TII Transmitter Identification Information 

 TMC Traffic Message Channel 

 UEP Unequal Error Protection 

 UHF Ultra High Frequency 

 VHF Very High Frequency 

 X-PAD Extended Programme Associated Data 
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ANNEX  B 
 

DIGITAL  SYSTEM  B 

SATELLITE  DSB  USING  SINGLE  CARRIER 
MODULATION  (VOA/JPL) 

B.1 Introduction 

Digital Sound Broadcasting System B is a flexible, bandwidth and power-efficient system for 
providing digital audio and data broadcasting, for reception by indoor/outdoor, fixed and portable, 
and mobile receivers. System B is designed for satellite, terrestrial, as well as hybrid broadcasting 
systems and is suitable for use in any broadcasting band. 

System B allows a flexible multiplex of digitized audio and data sources to be modulated onto each 
carrier. This, together with a range of possible transmission rates, results in an efficient match 
between service provider requirements and transmitter power and bandwidth resources. 

The System B receiver design is modular. A standard core receiver design provides the necessary 
capability for fixed and portable reception. This design is based on standard, well proven signal 
processing techniques for which low cost integrated circuits have been developed. Mitigation 
techniques, which are generally needed for mobile reception, are implemented as add-on processing 
functions. 

In satellite broadcasting, the main impairment is signal blockage by buildings, trees, and other 
obstacles. Signal blockage produces very deep signal fades and it is generally not possible to 
completely compensate for it through link margin. Several mitigation techniques were developed or 
adapted during the design of the System B receiver. The System B receiver can support each of the 
following: 

– Time Diversity (Data Retransmission) – A delayed version of the data stream is multi-
plexed together with the original data and transmitter on the same carrier 

– Reception Diversity (Antenna/Receiver Diversity) – Two physically separated antennas/-
receivers receive and process the same signal 

– Transmission Diversity (Satellite/Transmitter Diversity) – The same data stream is 
transmitted by two physically separate transmitters on separate frequencies, are received by 
the same antenna, then processed independently 

– On-Channel Boosters (Single Frequency Network) – The same data stream is transmitted 
by two or more physically separate transmitters on the same frequency, then the composite 
received signal is processed by an equalizer 

In a terrestrial system with several on-channel transmitters, as well as in a satellite system with 
terrestrial on-channel boosters, System B will use equalization in the receiver. This is the only time 
the core receiver configuration is impacted. If a receiver does not perform equalization, it must have 
the capability to recognize and discard the training symbols which have been inserted into the data 
stream. 
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B.2 System overview 

An overview of the System B design can be best obtained by examining the functional block 
diagram of the receiver (starting at the IF) presented in Fig. B.1. Core receiver functions are shown 
as solid blocks, while the optional functions for performing mitigation of propagation problems are 
shown as dashed blocks. 

After the desired carrier is selected by the receiver tuning section, the signal is translated down to a 
fixed IF frequency. 

In the core receiver, carrier reconstruction takes place in a QPSK Costas loop, and symbols are 
detected by a matched filter with timing provided by a symbol tracking loop. After frame sync is 
established, the recovered symbols are decoded and demultiplexed. The Reed-Solomon decoder 
performs the additional function of marking data blocks which were not successfully decoded. This 
information is used by the audio decoder and can be used by the time or signal diversity combiner, 
if implemented in the receiver. 

The selected digital audio source data is provided to the audio decoder while other digital data is 
provided to the appropriate data interfaces. Each audio encoder will have the capability of 
multiplexing asynchronous, program related data, with the audio data stream as shown in Fig. B.1. 

FIGURE  B.1 

System B: receiver functional block diagram 
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In a receiver equipped with an equalizer, the equalization can be disabled in the absence of 
multipath because the equalizer will introduce a nominal amount of performance degradation.  

The presence of multipath can be detected automatically or the equalizer can be switched in 
manually if the receiver is to be operated in an area served by terrestrial transmitters. When the 
equalizer is operating, the carrier and symbol tracking loops are opened. 

Time diversity is implemented by transmitting a delayed version of a data stream multiplexed 
together with the original. In the receiver, these two data streams are demultiplexed and time 
realigned. The data stream with the fewest errors is selected for output. 

Signal diversity requires the independent processing of the signal, or of different frequency signals, 
up to the diversity combiner. The diversity combiner then performs the functions of time alignment 
and selection of the most error free data stream. 

B.3 System description 

The processing layers of the System B transmitter and receiver are described block by block, 
referenced to the diagram of Fig. B.2. Specifications are defined for each block as appropriate. 

B.3.1 Transmitter 

The transmitter performs all the processing functions needed to generate a single RF carrier. The 
process includes multiplexing all analog audio and digital data sources to be combined onto one 
carrier, forward error correction encoding, and QPSK modulation. 

B.3.2 Input interfaces 

The transmitter accepts a set of sampled analog audio signals, a set of asynchronous data sources 
associated with each audio source, and a set of independent synchronous data sources. 

B.3.3 Audio encoding 

A number of audio encoders are provided to handle the required number of limited bandwidth 
monaural, limited and full bandwidth stereo, and full bandwidth five channel surround sound 
channels. 

Each encoder also accepts an asynchronous data channel, which is multiplexed with the audio data 
stream. The data rate of these channels varies dynamically according to the unused capacity of the 
audio channel. 

The output of each audio encoder is a synchronous data stream with a data rate proportional to the 
audio bandwidth and quality. The rate ranges from a minimum of 16 kbit/s for limited bandwidth 
monaural, to approximately 320 kbit/s for five channel (exact rate to be determined by MPEG-2 
committee). Audio encoder data rates are limited to multiples of 16 kbit/s. 

B.3.4 Program multiplexing 

All digitized audio channels and data channels are multiplexed into a composite serial data stream. 
The output data rate will range from a minimum of 32 kbit/s to a maximum determined by the 
transmitting system bandwidth and power resources. This maximum is anticipated to be in the range 
of 1 Mbit/s to 10 Mbit/s. 

Each allowed multiplex combination of audio sources and their rates, as well as data sources and 
their rates, will be assigned a unique transmission identifier number. This number will be used by 
the receiver to set up the data rate and demultiplexing configuration. 
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FIGURE  B.2 

System B block diagram 
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B.3.5 Error correction encoding 

Error correction encoding of the composite data stream consists of rate 1/2, k = 7 convolutional 
encoding, preceded by rate 140/160 Reed-Solomon encoding. 

B.3.6 Interleaving 

A block interleaver is used to time interleave the composite data stream. The interleaver block 
length will be proportional to the composite data rate to provide an interleaver frame time on the 
order of 200 ms at any data rate. 

B.3.7 Frame synchronization 

A PN code word is inserted at the beginning of each interleaver frame. The interleaver frame sync 
will also have a unique relationship with the program multiplexer frame. 

B.3.8 Training sequence insertion 

If the broadcast is to be received in an environment with on-channel repeaters, a known training 
symbol sequence will be inserted, with a training symbol placed every n data symbols, where n can 
range from 2 to 4. The presence of training symbols and their frequency will be also identified by 
the unique transmission identifier number. 
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B.3.9 Modulation 
The final step in the process is QPSK modulation at an IF frequency. Pulse shaping will be used to 
constrain the bandwidth of the signal. From this point the modulated IF signal is translated to the 
appropriate carrier frequency for transmission. In a frequency division multiplex (FDM) approach, 
additional carriers are generated by duplicating the transmitter described above. 

B.4 Receiver 
After tuning to the desired carrier and translating the signal down to a fixed IF frequency, the 
receiver will perform the demodulation, decoding, and demultiplexing functions, as well as the 
digital to analog conversion of the selected audio signal. 

The receiver data rate and program demultiplex configuration will be set up by inserting the unique 
transmission identifier number. The core receiver will be able to perform all required receive 
functions in a fixed or portable reception environment, where there is a stable signal with sufficient 
signal to noise ratio. 

In mobile reception environments, where there are sufficient problems with signal blockage, the 
receiver will include the enhancements needed to accommodate time or signal diversity, or 
equalization if boosters are used. 

The receiver specifications and selected default parameters are given in Table B.1. 

B.4.1 Demodulation 
Normally carrier demodulation takes place in a phase locked coherent QPSK demodulator, and 
symbols are detected by a matched filter with timing provided by a symbol tracking loop.  

When equalization is used in the presence of echoes, the carrier and symbol tracking loops are 
opened. A FFT frequency estimator is used to set a fixed carrier demodulation reference. The 
symbol matched filter is sampled at twice the symbol rate and these samples are provided to the 
equalizer. 

B.4.2 Frame synchronization 
Interleaver frame synchronization is established through cross-correlation detection of the unique 
frame sync word. This process also removes the ambiguity produced by QPSK modulation.  

TABLE  B.1 
System B engineering model receiver specifications 

Parameter Range Default 

IF frequency 52-88 MHz 70 MHz 
RF frequency 2.03-2.1 GHz 2.03 GHz 
Modulation type BPSK, QPSK, OQPSK QPSK 
Data rate 32 kbit/s-384 kbit/s 160 kbit/s 
Convolutional code 1/2, 1/3 1/2 
Reed-Solomon code 0, 28/32, 140/160, 220/240 140/160 
Interleaver 0 to 1 048 576 symbols 92 160 (W = 90, H = 1 024) 
Data source Any AT&T PAC 
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B.4.3 Equalization 

In the presence of echoes, there will be several closely spaced correlation peaks in the frame sync 
detector output. This information can be used to automatically switch in the equalizer. The 
equalizer uses a locally generated training sequence whose start is based on an estimate of the 
position of frame sync word. A comparison of the timing of the locally generated frame sync word 
and the frame sync detector output allows the equalizer to adjust for any timing error between the 
incoming symbols and locally generated symbol timing reference.  

System B uses a Lattice Predictive Decision Feedback Equalizer (Lattice PDFE) design. The 
leeway allowed in the time spread of all the echoes is a function of the length of the equalizer. 
System B performance testing employed an equalizer with 22 forward taps and 4 feed back taps. 
The equalizer will acquire within 100 successive symbol times. Equalizer length can be increased if 
it is necessary to compensate for greater signal delay spread. 

B.4.4 Training sequence deletion 

At the output of the equalizer, the training sequence symbols are discarded. If a receiver without an 
equalizer works with a signal that contains training symbols, it also must discard these symbols. 
This is a simple process since the position of the training symbols is known in relation to the frame 
sync word. 

B.4.5 De-interleaving 

The deinterleaver reestablishes the original time sequence of the detected symbols, as it existed in 
the transmitter prior to interleaving. 

B.4.6 Error correction decoding 

A Viterbi decoder, followed by a Reed-Solomon decoder, reduces the detected symbol error rate 
and converts the symbols back into data bits. If the Reed-Solomon decoder is unable to remove all 
the errors in a data block, it marks the data block as bad. This indication can later be used by the 
diversity combiner to select the better signal, as well as by the audio decoder to control audio output 
squelching. 

B.4.7 Program demultiplexing 

At this point the composite data stream is demultiplexed into separate digital data streams and the 
desired audio data stream is selected and routed to the audio decoder. 

If time diversity is used, the program demultiplexer separates the real time and delayed version of 
the data stream, and sends them to the diversity combiner for selection of the least corrupted data. 

If an independent receiver is used for diversity reception, this is the point where the more robust 
output data is selected. 

B.4.8 Audio decoding 

The audio decoder converts the selected digital audio channel to analog. It also demultiplexes the 
auxiliary data channel and provides the data to the appropriate output interface. 

The interface from the program demultiplexer provides not only recovered data and clock, but also 
a data quality indication from the Reed-Solomon decoder. This signal can be used to help control 
audio decoder muting during threshold signal conditions. This feature was used during testing of 
Digital System B with the AT&T PAC audio decoder, and disabled during tests with a MUSICAM 
audio decoder. 
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B.4.9 Output interfaces 

Output interfaces consist of the selected audio channel and selected data channels. Data can be 
marked as good or bad using the Reed-Solomon data quality indicator. The data channels can drive 
displays in the receiver, or be routed to special purpose displays in data casting applications. Since 
more than one audio channel may exist in a transmission multiplex, the channels not selected for 
listening can be recorded for later playback. 

B.5 Computer simulations 

B.5.1 Introduction 

The simulation models of Digital System B are described in this section. These models are used for 
analyzing the performance of the receiver in the presence of mobile and multipath channels. 
Figure B.3 illustrates the general block diagram.  

Simulation models have been developed for analysing the performance of this receiver using the 
following parameters: 

– data rate, 

– symbol signal-to-noise ratio (SNR), 

– coding rate, 

– interleaver size, 

– mobile channel parameters, 

– multipath parameters, and 

– channel equalizer parameters (under development). 

Receiver characteristics 
– symbol synchronizer loop bandwidth, 

– Costas loop bandwidth, 

– acquisition criterion, and 
– loop update rates. 

The results of the performance analysis include, but are not limited to: 

– BER (bit-error-ratio) versus the Eb/N0 as a function of the channel model and interleaver 
size; 

– BER versus the Eb/N0 as a function of the adjacent channel interference; 
– Performance degradation as a function of the multipath parameters; 

– Acquisition statistics (e.g. , mean time of acquisition and drop lock statistics); and 

– Tracking analysis (e.g., analysis of the cycle slips as a function of the channel parameters). 

The receiver in Fig. B.3 is modeled using the COMDISCO Signal Processing Worksystem (SPW). 
Figure B.4 illustrates the detail of the QPSK demodulator and the symbol synchronizer. The models 
are developed both at the hardware level and at the symbol level. The hardware level simulation 
uses the IF and sampling frequency. These models are used for analysing the hardware 
implementation of the IF filters, and for determining the minimum required number of bits per 
sample. 
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FIGURE  B.3 

Digital receiver system simulation setup 
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The simulation algorithm used for determining the performance of the receiver is implemented at 
the symbol rate (Gevargiz, 1993), to avoid excessive simulation time. Therefore, each simulation 
cycle corresponds to one symbol increment instead of a sample increment. Figure B.5 illustrates the 
SPW implementation of the QPSK system depicted in Fig. B.4. This approach significantly reduces 
the computation time as compared to simulating the system at the sample rate. 

For example, at the sampling frequency of 10 MHz and symbol rate of 500 ksymbol/s, there will be 
20 samples per symbol. Therefore the simulation at the sample rate will be approximately 20 times 
longer compared to the symbol rate simulation. 

From Fig. B.5, both analytical and simulation tools are used to obtain the performance of the QPSK 
Costas loop and the symbol synchronizer. The outputs of the integrate-and-dump filters are derived 
analytically, whereas simulation is used for obtaining the outputs of the loop filters, numerically 
controlled oscillators, update filters, and phase detectors. 

B.5.2 Simulation results 

The performance of the digital receiver (Fig. B.3) is analysed for various receiver parameters. The 
preliminary results of the performance analysis are presented in Figs. B.6 and B.7. Figure B.6 
illustrates the receiver performance in an additive white Gaussian noise (AWGN) channel with and 
without interleaving. The interleaver produces a slight performance loss because of the synchro-
nization overhead. The BER results for the AWGN case without interleaver are also compared to 
their theoretical counterpart. The comparison has shown the simulation results to be within a small 
margin of theory. Figure B.7 illustrates receiver performance in the presence of multipath, as well 
as in a mobile fading environment. 
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FIGURE  B.6 

Bit error ratio vs. Eb/N0 in AWGN channel 
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FIGURE  B.7 

Bit error ratio vs. Eb/N0 with impairments 
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B.6 Performance 

The performance of System B is referenced to a set of standardized channel models: an additive 
white Gaussian noise (AWGN) channel; a satellite model for a single satellite signal; and a multiple 
(single frequency) signal model which can represent a satellite signal with terrestrial boosters or a 
purely terrestrial network. 

B.6.1 AWGN channel 

A clear line-of-sight satellite link can be approximated with a AWGN channel. There is very little 
multipath (Rician k factors generally below 10 dB) at satellite elevation angles above 20°. 

The measured performance of a System B receiver over a AWGN channel is shown in Fig. B.8. 
Also shown are some comparisons between theory, simulation, and measurement results. 

Since System B can use several independent carriers in a FDM mode, carrier spacing is of interest. 
Figure B.9 shows the measured performance degradation as a function of adjacent carrier spacing. 
Spacing is given as a ratio of carrier separation in Hz, to transmitted symbol rate in symbols per 
second. In System B the symbol rate is equal to the data rate times the Reed-Solomon overhead of 
160/140, times the training symbol overhead. 

FIGURE  B.8 

System B performance in AWGN 
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FIGURE  B.9 

System B performance degradation as a function of carrier spacing 
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B.6.2 Satellite channel 

The satellite channel changes for mobile reception because the satellite signal is randomly blocked 
by buildings, trees, and other obstacles. In order to evaluate System B performance under mobile 
reception conditions, a model was established through a satellite signal measurement over a specific 
test course in the Pasadena, California area. The satellite signal measurement was a narrow band 
measurement which yielded a dynamic range of over 35 dB. See section B.11 for details of the 
results. 

B.6.3 Time diversity 

If only a single satellite signal is available, an effective mitigation technique is time diversity. A 
delayed version of a data stream is multiplexed with the original data stream, with the expectation 
that at least one version will not be blocked. The receiver realigns the two data streams in time and 
selects the one with the fewest errors. This can be done on the basis of the Reed Solomon decoder 
error indication. 

Retransmission of the data stream adds a 3 dB penalty to the system, however it can be shown that 
this is more effective than a 3 dB increase in link margin. Figures B.10 and B.11 show the 
effectiveness of time diversity, using the Pasadena channel model. Figure B.10 shows the joint 
probability of a fade exceeding a range of link margins, averaged over all the model reception 
conditions. Note that most of the improvement occurs within about 4 s of delay. Figure B.11 shows 
the joint fade probabilities, for a fixed 10 dB margin, separated by different reception conditions.
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B.6.4 Satellite diversity 

More than one satellite can be used to broadcast the same data stream, using separate frequencies 
and separate receivers for each signal. The expectation with this technique is that at least one of the 
signals will not be blocked because of the difference in direction from the receiver to the satellites. 

The effectiveness of satellite diversity, as with time diversity, depends on the local geometry of the 
obstacles producing the signal blockage. Photogrammetric techniques have recently been applied to 
obtain the statistics on the effectiveness of satellite diversity. These techniques involve taking 
photographic images with a fish eye lens camera pointed at zenith, then analysing them to 
determine the percentage of sky that is clear, shadowed, or blocked. Satellite position can be 
overlaid on these images to give an assessment of diversity gain over a specific location or path. 

B.7 Protection ratios 

B.7.1 Interference into Digital System B 

Laboratory testing of the effects of interference into Digital System B was carried out. In general, 
the performance of Digital System B in the presence of interference will be similar to other digital 
single-channel-per-carrier systems with equivalent modulation and coding. 

B.7.1.1 Protection ratios for Digital System B interfered with by Digital System B 

The first step in the determination of these parameters was a measurement of the performance loss 
induced by an adjacent channel, as a function of the ratio of frequency separation in Hz to symbol 
rate in symbols per second. The result of this measurement is shown in Fig. B.9 (for Digital 
System B at a 160 kbit/s data rate, the symbol rate is approximately 183 ksymbol/s). 

FIGURE  B.10 
Joint fade probability vs. link margin 

FIGURE  B.11 
Joint fade probability vs. environment 
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Another measurement that is needed is the performance loss due to an on-channel interferer. The 
result of this measurement is shown in Fig. B.12. 

FIGURE  B.12 

Loss due to on-channel interference 
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B.8 Sharing considerations 

Since the signal characteristics of Digital System B are similar to other digital single channel per 
carrier systems with equivalent modulation and coding, sharing analyses for System B should be 
straightforward. Since there is no approved satellite service using System B, no specific system 
parameters have been defined. 

B.9 Single frequency network 

A method for getting a satellite signal into very difficult reception areas is to use a network of on-
channel terrestrial retransmitters. System B uses equalization to work in this signal environment. 
The only restriction in the use of equalization is that each signal is delayed at least one half symbol 
from every other. There is no restriction as to how close boosters are to each other if different 
delays are incorporated in each one. The maximum delay between boosters will be set by the 
number of stages incorporated into the equalizer. 

B.9.1 Channel models 

Two signal models were set up to evaluate the performance of the System B equalizer. In addition, 
the effectiveness of signal reception diversity was evaluated. 

The first is a Rician model, with one half the power in a direct signal component, and one quarter of 
the power in each of two Rayleigh components. The Doppler spread on the Rayleigh components 
was set to ± 213 Hz, which corresponds to a vehicle speed of 100 km/h, at a carrier frequency of 
2.3 GHz. The transmission rate is 300 000 symbols/s. Eb/N0 is defined on the basis of total signal 
power and includes the effect of the training sequence overhead. 
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The second is a Rayleigh model, with three equal power Rayleigh signal components. 

B.9.2 Equalizer performance 
Initial trade-off and performance evaluation was accomplished using a “short-cut” simulation 
approach that assumed signal time separation in integral symbols times and perfect symbol timing 
recovery. The results are shown in Fig. B.13. The bit error rate is uncoded error rate, before the 
Viterbi and Reed-Solomon decoding. An uncoded error rate of 1 in 102 will be reduced to 1 in 106 

by the decoding process. 

Figure B.14 shows performance obtained with full scale simulation, including open loop operation 
of the carrier demodulation and symbol timing loops. 

FIGURE  B.13 

System B ideal equalizer performance (uncoded) 
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B.10 Propagation experiments related to Digital System B 

B.10.1 Introduction 
Propagation at S band and L band frequencies is almost strictly line-of-sight. Solid obstacles such as 
hills and buildings can produce signal attenuation greater than 20 dB. Signal attenuation caused by 
trees, bushes, and similar non solid obstacles can vary over a wide range, depending on the amount 
of foliage or other material in the signal path. 

In a satellite system, reflected signals, or coherent multipath components, are generally more than 
10 dB below the direct signal. Unless the satellite signal is very strong, multipath signals cannot be 
relied on during periods of direct signal blockage. 

It is feasible to compensate for some signal blockage by providing sufficient link margin. Practical 
values of link margin will most likely be limited to 10 to 15 dB. To accurately assess the 
effectiveness of link margin in this range, it is necessary to characterize the channel so that fades 
down to at least 20 dB are accurately represented. It is difficult to obtain a dynamic range of more 
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than 20 dB with a satellite signal because of the low power generally available. A narrowband 
signal must be transmitted and special measurement techniques must be used. One such 
measurement has been recently accomplished by the NASA Propagation Program at S band, using a 
pair of TDRS satellites. 

FIGURE  B.14 

System B equalizer performance (uncoded) 
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B.10.2 Propagation channel data base 

Channel models for various propagation environments were established using data from measure-
ments at 1.5 GHz with an INMARSAT satellite in 1989, as well as at 2 GHz using TDRS. The 
following figures show examples of 1.5 GHz measurements. Figure B.15 shows received signal 
strength for a rural environment. Figure B.16 shows a signal strength plot for a suburban 
environment. 

The data from the narrow-band measurements at 2 GHz with TDRS was analyzed later. The 
measurement technique used were expected to allow for an even greater dynamic range (up to 
40 dB) in the signal power measurement. 
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FIGURE  B.15 

Measured satellite signal strength in a rural environment 
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FIGURE  B.16 

Measured satellite signal strength in a suburban environment 
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B.10.3 Propagation channel modeling 

While sample data files of field measured signal strength can be used for both simulation and 
laboratory testing of the system, it is advantageous to have a computer generated channel model. 
Such a model allows changing certain channel statistics in a controlled manner in order to evaluate 
system sensitivity to different channel parameters. 

A Markov channel model is being used in the testing of Digital System B (described in 
Appendix X). In order to determine the accuracy of the channel model, time history plots of 
simulated signal strength were generated. Figure B.17 shows a simulated rural environment, 
corresponding to the measured plot of Fig. B.15. Figure B.18 shows a simulation of the suburban 
environment corresponding to the plot of Fig. B.17. 

The signal strength statistics were also computed for the two measured and simulated cases. These 
are shown in Figs. B.19 and B.20. The parameters of the Markov model used for generating the 
simulated data are also shown on the figures. Note the close agreement between the statistics of the 
measured and simulated signals. 

Figure B.19 shows the cumulative probability of the signal being less than x dB for both the 
measured and simulated rural conditions shown in Figs. B.15 and B.17. 

FIGURE  B.17 

Simulated satellite signal in a rural environment 
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FIGURE  B.18 
Simulated satellite signal in a suburban environment 
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FIGURE  B.19 
Signal statistics for rural environment 
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Figure B.20 shows the cumulative probability of the signal being less than x dB for both the 
measured and simulated suburban conditions shown in Figs. B.16 and B.18. 

FIGURE  B.20 

Signal statistics for suburban environment 
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B.11 First set of experimental evaluations and field trials using Digital System B with 
NASA/TDRS satellites 

B.11.1 Introduction 

System B was tested and evaluated in 1994 through simulation, laboratory testing, and satellite field 
trials. The goal of the simulation is to evaluate those aspects of the system which are complex, such 
as equalization and other special features of System B. It is also easier to evaluate complex 
communication channels, such as those which involve networks of terrestrial boosters. 

In order to obtain confidence that the simulation is accurate, certain tests were run on the simulation 
of the basic System B receiver and the results compared with laboratory tests on the hardware 
receiver. The results of the simulation tests were described in section B.5. The results of laboratory 
tests and field trials conducted to September 1994 are presented in this section. 

B.11.2 Laboratory tests 

The setup for laboratory testing is shown in Fig. B.21. It is possible to run performance 
measurements with AWGN alone, or with AWGN and the signal controlled by a measured or 
simulated fading file. 
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FIGURE  B.21 

Test setup 
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The results of AWGN bit error ratio measurements on the receiver are shown in Figs. B.22 and 
B.23 whereas Fig. B.24 gives the receiver BER performance in presence of on-channel interference. 

FIGURE  B.22 

Measured receiver bit error ratio 
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FIGURE  B.23 
Receiver bit error ratio with adjacent channel 
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FIGURE  B.24 
Receiver bit error rate with on-channel interference 
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An example of receiver performance under fading conditions is shown in Figs. B.25, B.26 and 
B.27. In this case, the key performance indicator is the squelch, which shows when the receiver is 
above or below threshold. The fade file is shown in Fig. B.25. Link margin was varied by setting 
unfaded Eb/N0 to two values. 

FIGURE  B.25 

Test fade file (rural received signal) 
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FIGURE  B.26 

Squelch at 8 dB Eb /N0 
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FIGURE  B.27 

Squelch at 12 dB Eb /N0 
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B.11.3 Field trials 

B.11.3.1 Test description 

The use of the TDRS facilities was provided by NASA on an experimental basis. During the period 
of 20 May to 25 July 1994, the TDRS 3 satellite was to be moved from 62° W to 171° W. A series 
of mobile reception tests was scheduled for this time period to take advantage of the range of 
satellite elevation and azimuth angles that would result from this move. 

Figure B.28 shows a time history plot of elevation and azimuth to TDRS 3 during this time period. 
Three bifilar helix receiving antennas were used in this series of tests. Each has a gain of 8 dBic, but 
peak gain is maximized at different elevation angles (25°, 35°, and 45°). For this reason tests were 
scheduled for as close as possible to the dates that the satellite elevation coincided with these three 
angles. 

FIGURE  B.28 

Time history of TDRS azimuth and elevation from Pasadena 
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B.11.3.2 Objectives and scope 

The objectives for this series of tests were twofold: 

– to obtain a qualitative assessment of the performance of a satellite digital audio broad-
casting system over a range of reception environments; and 

– to obtain a quantitative assessment of performance over a range of system and link 
parameters and to estimate the amount of link margin that will be needed in an operational 
system. 

Since the power available from TDRS is limited, it was not possible to provide margins greater than 
about 8 to 10 dB. Thus it is only possible to directly answer the question as to whether this amount 
of margin is sufficient in a given reception area, but not exactly how much more margin would 
provide perfect service. However, with the measurements that were obtained during these tests, data 
from the NASA Propagation Program measurements, as well as further propagation modeling and 
laboratory tests, it should be possible to estimate the benefits of higher link margin. 

B.11.3.3 Test route 

A test route was chosen which combined a range of reception environments, from open freeway to 
several types of business and residential areas. The route is shown on a map of Pasadena in 
Fig. B.29 and on a latitude-longitude map in Fig. B.30. 

The route segments are numbered sequentially in the order driven. The main types of environments, 
beginning with the starting point at JPL, were as shown in Table B.2. 

 

 

FIGURE  B.29 FIGURE  B.30 

Test route map GPS derived vehicle position 
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TABLE  B.2 

Test route description 

 

A video recording was made of the route during each test run, with a VHS camcorder in the van and 
with a 2 frame per second video camera on the roof of the van. The received audio was also 
recorded with the camcorder. This makes it possible to identify the obstacles that get in the path of 
the satellite signal and cause audio drop-outs. 

B.11.3.4 Equipment configuration 

Figure B.31 shows a block diagram of the equipment, both at the uplink station at White Sands, 
New Mexico, and in the test van in Pasadena. Two different audio encoders/decoders were used, a 
MUSICAM system built by Comstream running at 256 kbit/s, and a AT&T PAC system running at 
160 kbit/s. 

There is one difference in the interface between the receiver and the audio decoder in the two 
systems, in the use of the squelch signal provided by the receiver. As shown in the DBS receiver 
block diagram (Fig. B.31), the receiver provides a squelch on the basis of whether the 
Reed-Solomon decoder was successful or not decoding each block of 140 bytes of data. 

The PAC audio decoder uses the squelch signal to either try to restore the audio, if the squelch 
duration is short, or to turn off the audio if the squelch is more than a certain duration. The 
MUSICAM system does not use the squelch, but relies on an internal bit error detector to determine 
when to shut down. In either case, the squelch signal is a good indicator of how close the link is to 
threshold. 

Because of limited satellite time, it was only practical to test a few of the possible modes. The 
standard configuration was a convolutional code rate of 1/2, interleaver length of 92 160 symbols, 
and Reed-Solomon rate 140/160. 

Buildings and trees on JPL property 1 
Medium width, 4 lane street with trees at varying distance from roadway 2 
Freeway above street level, with occasional overpasses 3 
Wide, 4 lane street with trees at varying distance from roadway (North) 4 
Wide, 4 lane street with trees at varying distance from roadway (South) 5 
Commercial area with low buildings 6 
Freeway above street level, with occasional overpasses 7 
Two long tunnels 8 
Freeway below street level, with occasional overpasses 9 
Commercial area, mostly 3 story, but some tall buildings 10 
Mixed open area with some trees close to road 11 
Residential area heavily shaded by trees 12 
Medium width, 4 lane street with trees at varying distance from roadway 13 
Buildings and trees on JPL property 14 
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FIGURE  B.31 

Block diagram of field test equipment 
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B.11.3.5 Test matrix 

Table B.3 lists the tests that were scheduled and conducted by date and by the equipment 
configuration. The data rate indicates which audio compression system was used 
(256 kbit/s = MUSICAM, 160 kbit/s = PAC). An X in the data record column shows which type of 
record was obtained. Receiver modes, modes 1 through 4, indicate several coding and interleaver 
length options that were tested. These modes are defined in Table B.4. Mode 1 is the nominal 
operating mode of the receiver. 

B.11.3.6 Link parameters 

The link parameters for the tests are shown in Table B.5. Because of the difference in data rates 
between the two audio compression systems, there is a 2 dB difference in the link margin. 

The link budget allows 3 dB receiving antenna pointing loss, which does not always occur. The link 
margin can therefore at times be up to 3 dB higher than that indicated by the link budget. 

On 6 July 1994 the satellite antenna was not pointed correctly, which produced a signal about 5 to 
6 dB lower than normal. All the runs that day were made with a very small link margin. The same 
mispointing occurred on 14 July, but was corrected after two test runs had been made.  

B.11.3.7 Data acquisition system 

The system used to record the test parameters consisted of the data acquisition system (DAS), 
which is part of the JPL test van, plus a hand held video camcorder and a digital audio tape recorder 
(DAT). The measurement block diagram is shown in Fig. B.32. 

The DAS records both analog and digital test signals, a limited bandwidth audio channel, GPS 
information, and video frames from a camera mounted on the roof of the van. All of these 
measurements are stored on a digital tape together with a time mark. 



- 385 - 

 

The video camcorder was pointed out the front window of the van and the entire test route was 
taped. This, as well as frames from the still camera on the van, will allow recorded signal variations 
to be correlated with the objects that caused them. Viewing the camcorder playback also gives a 
good overall feel of how well the link operates in various reception environments. 

In order to provide a good quality record of the received audio, the output of the audio decoder was 
also recorded on a DAT recorder. 

TABLE  B.3 

Test matrix 

 

TABLE  B.4 

Receiver mode definition 

 

Date 
(1994) 

Run Data rate
(kbit/s) 

VHS DAT DAS Comments 

22 May Mode 1 256   X  
27 May  Mode 1 256 X X X  
 
3 June 

Mode 1 
Mode 3 
Mode 4 

256 
256 
256 

X 
X 
X 

X 
X 
X 

X 
X 
X 

 

9 June  Mode 1
 Mode 3 

256 
256 

X 
X 

X 
X 

X 
X 

 

 
6 July 

Mode 1 
Mode 2 
Mode 3 

160 
160 
160 

X 
X 
X 

X 
X 
X 

X 
X 
X 

Satellite antenna mispoint 
Satellite antenna mispoint 

 
14 July 

Mode 1 
Mode 1 
Mode 1 

256 
160 
160 

X 
X 
 

X 
X 
X 

X 
X 
X 

Satellite antenna mispoint 
Satellite antenna mispoint 

21 July Mode 1 
Mode 1 

256 
160 

X 
X 

X 
X 

X 
X 

 

Parameter Mode 1 Mode 2 Mode 3 Mode 4 

Viterbi 1/2 1/3 1/2 1/3 
INT W 90 90 90 90 
INT D 1 1 1 1 
INT H 1024 1024 4096 4096 
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TABLE  B.5 

Link budget for line-of-sight digital audio broadcasting reception 
at S band (2.05 GHz) 

 

Audio bit rate (stereo)  (kbit/s) 256.00 160.00 
Satellite transmitter power  (W) 7.00 7.00 
Satellite transmitter power  (dB(W)) 8.45 8.45 
Frequency (GHz) 2.05 2.05 
Satellite antenna diameter (m) 5.00 5.00 
Satellite antenna gain (dBi) 38.02 38.02 
Satellite antenna beamwidth  (degrees) 2.05 2.05 
e.i.r.p. (dB(W)) 46.47 46.47 
Satellite elevation angle (degrees) 35.00 35.00 
Slant range (km) 38 373 38 373 
Free space loss (dB) –190.32 –190.32 
Atmospheric losses (dB) 0.25 0.25 
Signal at antenna (dB(W)) – 144.09 – 144.09 
Receive antenna gain  (dBi) 8.00 8.00 
Receive antenna pointing loss (dB) 3.00 3.00 
Received signal (dB(W)) – 139.09 – 139.09 
Antenna temperature (K) 150 150 
Receiver noise figure (dB) 1.50 1.50 
Receive system noise temperature (K) 274 274 
Receive system G/T (on antenna 
axis) 

(dB(K–1)) – 16.37 – 16.37 

C/N0 (dB(Hz)) 65.13 65.13 
Bit rate (dB) 54.08 52.04 
Eb/N0 available (dB) 11.05 13.09 
Theoretical Eb/N0 (BER = 10–6) (dB) 3.50 3.50 

Receiver implementation loss  (dB) 1.00 1.00 
Interference degradation (dB) 0.50 0.50 
Receiver Eb/N0 requirement (dB) 5.00 5.00 
Link margin, beam centre (dB) 6.05 8.09 
Link margin, beam edge (dB) 3.05 5.09 
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FIGURE  B.32 

TDRS test receiver measurements 
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B.11.3.8 Preliminary results 

Time history plots of received signal strength and squelch behavior have been plotted for each of 
the test runs. This gives a good overview of effects of test route segments on signal reception. These 
plots can be used to visually correlate obstacles and recorded instances of received signal going 
below threshold. The effects of other obstacles, which cause signal attenuation, but not to the point 
of threshold, can be quantified. 

The fading statistics have been computed using the squelch data. These give an indication in the 
changes to link performance as a function of satellite elevation and link margin. 

Further investigation of link margin requirements have been conducted in the laboratory as part of 
the second set of evaluation and field trials reported in section B.12. One or more of the measured 
satellite signal time plots, at several values of Eb/N0, are used to drive a satellite channel simulator. 

B.11.3.8.1 Effects of terrain and satellite direction 

A first-order feel for the effects of terrain can be obtained by looking at a typical time history plot 
shown in Fig. B.33. This plot is annotated with numbers corresponding to the route segments 
described in Table B.2. Shown are plots of received signal power and receiver squelch output as a 
function of time. Whenever the squelch goes to the low state, the signal has dropped below 
threshold. Statistics on the squelch are given in Table B.6. Histograms of squelch duration are 
shown in Figs. B.34 and B.35. 

Pictures were available from the hand-held video camera and still-frame video camera on top of the 
van to show the terrain and thus identify the obstacles causing the signal fluctuation. 
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FIGURE B.33 

TDRS field test data: Run 691 on 9 June 1994 
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TABLE  B.6 

Statistics for Run 691 

 

B.11.3.8.2 Preliminary assessment of system performance 

The quality of the receiver audio is very good as long as the satellite signal is above threshold. 
When the signal drops below threshold, the audio decoder mutes. It is very difficult to detect any 
performance deterioration in the audio; the audio is either on and perfect, or muted. For this reason 
signal drop-outs are not as annoying as they could be if the audio degraded gradually. 

Signal drop-outs caused by overpasses on the freeway are about one to two seconds long and cannot 
be eliminated by time interleaving. With knowledge of approximate direction to the satellite, these 
drop-outs soon become predictable. The predictability and the abrupt transition between the on and 
off states seem to make them subjectively more tolerable. The worst subjective listening is in areas 
of very heavy foliage, where the link rapidly and randomly goes below threshold. 

Run
No. 

Average 
received 
power  
(dB) 

Receiver 
power  
mode 
(dB) 

Percent 
time 

squelched 

Number of 
squelches 

Time 
squelched 

(s) 

Average 
squelch  
length 

(s) 

691 – 27.55 – 26.9 5.50 268 154.01 0.57 
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The transition between the audio on and off states is very abrupt because of the signal structure and 
of the behavior of the audio decoders. With concatenated convolutional and Reed Solomon coding, 
the error rate changes very rapidly with signal to noise ratio, as illustrated in Fig. B.8. The 
Reed-Solomon decoder corrects up to 10 byte errors in a 1 120 bit (140 byte) block. When the bit 
error ratio exceeds this value, it puts out uncorrected data and generates a squelch signal during 
each bad data block. The PAC audio decoder uses this squelch signal to either correct the 
corresponding audio segment or to shut down the audio output. The MUSICAM audio decoder 
relies on internal bit error detection to determine when to shut down. Since the bit error ratio is so 
high at the point the Reed-Solomon decoder fails, this shut-down is accomplished rapidly. 

FIGURE  B.34 
Histogram of squelch durations for Run 691 
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FIGURE  B.35 
Histogram of squelch durations for Run 691 
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B.11.3.8.3 Preliminary assessment of link margin requirements 

The test data is being processed to determine parameters such as link availability percentage. It is 
clear from the test data that 100% availability cannot be guaranteed even with a link margin of close 
to 10 dB. Tests have been conducted in the laboratory with the measured fade files and higher 
values of link margin as part of the second set of evaluations and field trials reported in 
section B.12. These results are compared against other mitigation techniques that are being 
considered for Digital System B. 

B.12 Second set of experimental evaluations and field trials using Digital System B with 
NASA/TDRS satellites and some terrestrial transmissions 

The bulk of the experiments done for BSS (sound) since 1991 has been accomplished through the 
use of Digital System B in concert with satellites available for limited time periods under the 
control of the NASA. In the beginning, before WARC-92, tests were made with an early version of 
Digital System B and an L-band downlink above 1 500 MHz (MARECS-B). The vast majority of 
the experiments, however, were conducted at S-band, from 1992 through 1996, using various 
Tracking and Data Relay System (TDRS) satellites. 

B.12.1 Summary  

These TDRS satellites contain a S-band downlink using a 2° steerable beam. The downlink 
frequencies used were around 2 050 MHz, roughly midway between the two BSS (sound) frequency 
allocations that are planned for operational use in the near future. 

The uplink to any of the TDRS satellites used was from White Sands, New Mexico. The steerable 
downlink beam permitted experiments to take place at reception points in Argentina, Brazil, 
Canada, Venezuela and the USA. The more extensive data collection campaigns were conducted 
within the USA, particularly at Pasadena and San Francisco in California. Limited data were taken 
across the southern part of the USA, particularly during a period when one of the TDRS satellites 
being used was slowly moved from a position over the Atlantic Ocean to one over the Pacific 
Ocean at a longitude approximately that of Hawaii. 

As a result of the opportunities made available, data were collected at elevation angles from satellite 
to ground-based receivers that varied from 22° to 78°, thus covering almost the complete range of 
look angles for a satellite broadcasting service. Much of the data with respect to elevation angle 
variation were taken as a TDRS satellite’s position was moved. This gave variations in California 
from 22° to just above 50°. As expected, when direct line of sight was available, elevation angle 
made little difference in reception quality. As has been shown in other experiments, as the elevation 
angle increases, for mobile reception the probability of a blockage decreases in urban and suburban 
areas. Blockage never goes away completely, and the environmental conditions in many cities are 
not attractive for satellite alone delivery as a radio broadcasting service for mobile reception. For 
example, many cities have streets where even an 80° elevation signal will be blocked. The same is 
clearly true for heavily wooded areas alongside a road. 

The situation as a function of elevation angle is more complicated for indoor antenna reception 
integral with a “table-top” radio. Very high elevation angles result in penetration through roofs, etc. 
The opportunity afforded by a window is missing, and reception can be worse than what it would be 
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if, for example, an elevation angle of, say, 30° to 55° were present. For reception aided by a 
window into a room, the window needs to be in line of sight to the satellite. Then a complex 
radiation pattern is set up within the room because of the generation of standing wave patterns. In 
general, some locations in the room will have pfd’s high enough for audio reception, while most 
locations will not. 

The line of sight link margin for the experiments conducted was typically 7 to 10 dB. This 
permitted unfailing audio reception as long as a line-of-sight condition was present. 

Most of the experimentation was conducted with a full “CD quality” audio signal. However, it was 
noted that the “noise floor” was too high under this condition to ascertain the full statistics on the 
“depth of fade/blockage” for a significant number of “outages” due to tree clusters and buildings 
while driving around a carefully laid out 45 min test route in the Pasadena, California area. 
Therefore, a narrow-band CW signal was used to obtain this information. It is the data from these 
tests that showed blockages in the range of 30 dB to 60 dB were commonly experienced. No 
practical order of satellite power and mitigation techniques can overcome these levels of blockage. 

When the CW signal tests were conducted, low elevation (grazing angle) transmissions were made 
from a hilltop in Pasadena to obtain data on terrestrial propagation characteristics that could be 
compared directly to the satellite transmissions at elevation angles a little higher than 20°. The 
differences clearly show that the outdoor propagation conditions for terrestrial transmissions are 
significantly different than those from satellite elevation angles. As expected, the radiation fields at 
outdoor receive sites are more “Rayleigh-like”, with multipath effects of significance. The tests also 
show that realistic terrestrial power levels can provide local coverage, again as expected. Finally, 
within building reception needs to combat propagation conditions that are as severe as those 
encountered via satellite. However, the much higher power levels outside a building within a 
prescribed coverage area will enhance the penetration possibilities for indoor antenna reception 
though not as well as, for example, current FM in the 100 MHz carrier frequency range. 

The need for narrow-band CW signals is noted below to determine the true depths of the blockages 
observed with the full band (approximately 300 kHz) audio signals. 

B.12.2 Tables and figures of propagation experiment results 

Figure B.33 is representative of the propagation effects on Digital B audio reception along the Pasadena 
test course. The top part of the Figure shows signal reductions of the order of 10 dB within some parts 
of the path. The bottom part of the Figure shows where the audio signal was squelched. These correlate 
one-to-one with the deep fades. However, it was not known how deep these fades went. 

The bottom line of Fig. B.33 indicates the local environmental condition along the path. It can be 
interpreted from Table B.7. For example, within section 12, “residential area heavily shaded by 
trees”, the audio signal was useless throughout. 

B.12.3 Satellite and terrestrial narrow-band propagation measurements at 2 050 MHz 

Tests were conducted during December 1994 in Pasadena, California using a narrow-band CW 
signal. The satellite elevation angle was 22° and a terrestrial signal came from a high point on JPL 
property at essentially 0° elevation. 

Figure B.29 shows a map of the test route, with a short description of the terrain given in Table B.7. 

Figure B.30 shows a GPS derived plot of the vehicle position during the test run. 
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TABLE  B.7 

Test route description 

 

 

Figure B.36 is a plot of the received signal power, at 100 samples per second, relative to a line-of-
sight value referenced to 0 dB. The measurement indicates that there is very little multipath under 
line-of-sight conditions. Most impairments are due to signal blockage by buildings and trees. 

Figures B.37 and B.38 show the difference between satellite and terrestrial reception. 

These runs were conducted over the same test course as Fig. B.29, with the exception of sections 3 
through 6 to the West of JPL. These sections could not be covered by the terrestrial transmitter. 

Because of transmission at a lower elevation angle, the terrestrial signal suffers much more 
multipath than the satellite signal. In addition there is a greater chance of terrain blockage. This test 
started on the hill near the terrestrial transmit site. In the initial part, from 10:43 h to 10:49 h, the 
signal was blocked by the ridge upon which the transmitter was located. There are also indications 
of signal blockage by terrain at 11:12 h and at 11:19 h. 

Buildings and trees on JPL property 1 
Medium width, 4 lane street with trees at varying distance from roadway 2 
Freeway above street level, with occasional overpasses 3 
Wide, 4 lane street with tree at varying distance from roadway (North) 4 
Wide, 4 lane street with tree at varying distance from roadway (South) 5 
Commercial area with low buildings 6 
Freeway above street level with occasional overpasses 7 
Two long tunnels 8 
Freeway below street level with occasional overpasses 9 
Commercial area, mostly 3 storey, but some tall buildings 10 
Mixed open area with some trees close to the road 11 
Residential area heavily shaded by trees 12 
Medium width, 4 lane street with trees at varying distance from roadway 13 
Buildings and trees on JPL property 14 



- 393 - 

 

FIGURE  B.36 

Received satellite signal power for Run 691 
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FIGURE  B.37 

Received satellite signal power for Run 6 
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The test also included several 360° loops in a parking lot. Figure B.39 shows a plot of the satellite 
and terrestrial signal during the parking lot calibration circles. This plot also indicates that there is 
much more multipath for the terrestrial signal path. 



- 394 - 

 

FIGURE  B.38 

Received terrestrial signal power along the same route as in Figure B.37 
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FIGURE  B.39 

Satellite and terrestrial signal measurement during calibration turns on Run 6 
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Another test was conducted under over the same test course as before, except that it was started past 
the initial area of terrestrial signal blockage. It also included a segment with the terrestrial signal 
turned off, which provided a calibration of the noise floor of the receiver for the terrestrial signal 
measurement. 

Figures B.40 and B.41 show the received satellite and terrestrial sampled signals for this test. 

FIGURE  B.40 

Satellite signal measurement 

S-band Satellite Pasadena, Run 7
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Figures B.37 through B.41 show that the terrestrial signal is significantly more affected by multi-
path. The effects of blockage by obstacles such as trees and buildings, on the other hand, appear less 
pronounced than on the satellite signal. 

The average attenuation of the terrestrial signal over the test course was not excessive. Multipath 
effects can be overcome to some extent by antenna diversity. Since it is possible to have larger 
terrestrial signal transmitter power, the use of wide area terrestrial boosters for augmenting satellite 
signal reception at S-band appears promising. 

Figure B.42 show the signal statistics for the satellite and terrestrial signal measurements of Fig. B.30. 
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FIGURE  B.41 

Received terrestrial signal power 
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FIGURE  B.42 

Histograms and cumulative probabilities of received signal power for Run 7 
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B.12.4 Indoor measurements 

One set of the measurements was conducted indoors, walking through JPL building 161. Shown in 
Fig. B.43 is a close-up photo of Building 161, looking from the general direction of the terrestrial 
transmit site. 

 

 

FIGURE  B.43 

Close-up view of JPL Building 161 

 

 

 

The receiver was carried into the second floor East entrance to the building, carried through the 
North corridor, out through the West door (at 14:35:30), back in and down the West corridor, then 
back all the way to the East entrance and outside (at 14:39:40). Figure B.44 shows the signal 
statistics. Figures B.45 through B.48 show the signal power measurements, including one second 
averages. 
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FIGURE  B.44 

Signal statistics for indoor tests at JPL 
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FIGURE  B.45 

Received satellite signal during indoor tests 
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FIGURE  B.46 

Received satellite signal during indoor tests – one second averages 
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FIGURE  B.47 

Received terrestrial signal during indoor tests 
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FIGURE  B.48 

Received terrestrial signal during indoor tests – one second averages 
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B.12.5 Blockage and shadowing events 

In looking at the time history plot of the received signal, it becomes evident that there are many 
signal blockage and shadowing events along this route. Because of the video record, most of these 
can be correlated with objects that block the line-of-sight to the satellite. 

If the object blocking the signal is wide enough, then the direct signal is blocked completely, 
leaving only a diffuse multipath component. This is illustrated in Fig. B.49, which shows the effect 
of a wide freeway overpass. 

The fading rates (power change per meter distance) observed near ingress and egress are well 
matched by diffraction about a sharp edge. This is illustrated by Fig. B.50, which shows what 
happens the satellite enters clear line-of-sight after being blocked by a large building (black line). 
The vehicle was travelling south and building and satellite were to the west. This fade event can be 
successfully modeled as blockage by an infinite opaque half-plane (green line) at a distance of 
25 m, which is consistent with the distance inferred from the video. 
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FIGURE  B.49 

Blockage event caused by wide overpass 
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FIGURE  B.50 

Predicted and measured blockage due to infinite half-plane 
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If the blockage is caused by a narrower opaque object, the signal will behave as shown in Fig. B.51. 
In this Figure the received signal power as a function of vehicle distance is plotted (black line) as a 
large metal utility pole passed in front of the satellite. This fade event is fairly well modeled (green 
line) as blockage by an opaque long narrow rectangle at a distance of 36 m and a width of 0.8 m, 
which is consistent with the video. 
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FIGURE  B.51 

Signal blockage by large utility pole 
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Finally, if the signal is blocked by a non opaque object such as a tree, the effect on the signal 
depends on the fine structure of the object. This is illustrated in Figs B.52 and B.53 which show the 
effects of a palm tree, with a trunk but no branch structure, and a tree with branches and leaves. 

FIGURE  B.52 

Effects of palm tree shadowing 
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FIGURE  B.53 

Effects of shadowing by branched (pine) trees 
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B.12.6 Multipath 

Multipath is caused by the combined effect of many signal reflections from the surrounding terrain. 
Specular multipath occurs when there is a large reflecting surface in the vicinity of the receiver. 
This causes either a constructive or destructive coherent addition to the signal. Its effect can be 
tracked by a coherent tracking receiver. Its magnitude is also readily measurable from a received 
signal plot. 

Diffuse multipath consists of many components which act like additive noise. When combined with 
specular multipath, the combined disturbance to a receiver can be a very complex, as illustrated by 
the power spectral density of Fig. B.54. 

It is expected that specular multipath from stationary objects observed from a moving vehicle will 
be Doppler-shifted from the transmitted carrier frequency. The amount of frequency shift will be 
the vehicle velocity expressed in wavelengths per second multiplied by the negative cosine of the 
angle between the vehicle direction and the multipath source. Thus, as an object moves from in 
front of the vehicle to behind, the multipath frequency should go from negative to positive, with a 
typical change of about 200 Hz (Doppler range of ± 90 Hz at 30 mph). 

The Doppler frequency can be observed in our data set by taking a block of 1 ms complex voltages 
and Fourier transforming to get the power spectral density per time block. Since the effects of 
oscillator drift are removed in post-processing by a 4 Hz bandwidth phase-locked loop tracking the 
clear line-of-sight phasor, we measure the Doppler frequency relative to the clear line-of-sight 
frequency, which also suffers a Doppler shift. 

Figure B.54 shows power spectral density (gray level) as a function of time (horizontal axis) and 
frequency (vertical axis). Each FFT is computed for 128 1 ms time points, or a resolution of about 
1/8 of a second. The frequency scale is naturally marked with omnipresent 60 Hz noise. 
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FIGURE  B.54 

Example of multipath power spectral density vs. time 

 

 

Since vehicle bearing and velocity are known as a function of time, bounds on the maximum 
Doppler shift from a stationary object in addition to Doppler on the satellite line-of-sight may be 
computed. The black lines tracing the power envelope in the plot are computed as a sum of 
maximum/minimum frequency shift and the satellite line-of-sight Doppler shift. They accurately 
match the observed multipath power frequency extremes. 

If multipath were only from a diffuse isotropic background of scatters, then the multipath power vs 
frequency would be roughly homogeneous between the Doppler bounds in the plot above. Any 
specular source, however would start at the positive frequency bound and move the negative bound 
as the object moves from in front of the vehicle to the rear. Many such objects are visible in the plot 
above, and all can be well correlated with large objects (typically buildings) visible in the fisheye 
video record. 

B.12.6.1 Specular multipath 

The satellite signal measurement allowed the resolution of several interesting specular multipath 
effects which are illustrated in the following three Figures. 

Figure B.55 shows the effect of moving in the vicinity of a large reflecting surface. A high chain-
link fence paralleled the observing vehicle, with the vehicle moving between the satellite and the 
fence. From the video record, the distance to the fence decreased by about 1 or 1.5 m over the 
length of the fence, or about 8 wavelengths. This should cause about 16 fade troughs, which is what 
is seen below. 

The effects of vehicles moving between the test vehicle and the satellite, as the test vehicle was 
stopped for a traffic light, are shown in Fig. B.56. The angle given at each fade event corresponds to 
the angular separation of satellite and vehicle causing multipath. 
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FIGURE  B.55 

Specular multipath event due to chain tink fence 
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FIGURE  B.56 

Effects of cross traffic at stop light 
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An interesting event caused by traffic moving in the opposite direction on the freeway is shown in 
Fig. B.57. After a fade caused by a narrow pedestrian overcrossing, a flatbed truck carrying metal 
construction equipment on the opposite side of the freeway passed about 15° below the satellite, 
causing pronounced multipath. Such an event was not observed anywhere else along several miles 
of road, even though many large trucks were present. 
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FIGURE  B.57 

Combined fade and multipath effect on a freeway 
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B.14 List of acronyms 

AGC Automatic Gain Control 

AMP Amplifier 

AWGN Average White Gaussian Noise 

BER Bit Error Rate (a more precise term would be Bit Error Ratio) 

BPSK Binary Phase Shift Keying 

BSS Broadcast Satellite Service 

CL Control 

CW Constant Wave 

DAS Data Acquisition System 

DAT Digital Audio Tape recorder 

DBS Direct Broadcast Satellite 

e.i.r.p Effective Isotropic Radiated Power 

FDM Frequency Division Multiplex 

FDM Frequency Division Multiplexing 

FFT Fast Fourier Transform 
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GPS Global Positioning System 

HBF Half Band Filter 

IDF Integrate and Dump Filter 

JPL Jet Propulsion Laboratories, California, USA 

MARECS Maritime Rescue and Communication Satellite (operated by Inmarsat) 

NCO Numerical Controlled Oscillator 

OQPSK Offset Quaternary Phase Shift Keying 

PAC Perceptial Audio Coder (developed by Bell Labs) 

pfd Power-Flux Density 

QPSK Quaternary Phase Shift Keying 

RS Reed-Solomon, block coding 

SNR Signal to Noise Ratio 

SPW Signal Processing Worksystem (COMDISCO, California) 

SQ Squelch 

SSL Symbol Synchronisation Loop 

TDRS Tracking and Data Relay Satellite 

VHS Video Home System (video tape recorder standard) 

VOA Voice of America 

WARC World Administrative Radiocommunication Conference (held under the auspice of the 
ITU) 
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ANNEX  C 
 

DIGITAL  SYSTEM  C 

TERRESTRIAL  DIGITAL  SOUND  BROADCASTING 
USING  IBOC  TECHNOLOGY 

C.1 System description 
Digital System C uses in-band on-channel (IBOC) technology and is designed to permit a smooth 
evolution from current analog radio to digital. This system delivers digital audio and data services 
to mobile, portable, and fixed receivers from terrestrial transmitters in the existing Very High 
Frequency (VHF) radio band. Broadcasters may continue to transmit analog FM simultaneously 
with the new, higher-quality and more robust digital signals, allowing themselves and their listeners 
to convert from analog to digital radio while maintaining their current frequency allocations. 

C.1.1 Abbreviations, symbols, and conventions 

C.1.1.1 Introduction 
This section presents the following items pertinent to a better understanding of this Annex: 
– Abbreviations and Acronyms 
– Presentation Conventions 
– Mathematical Symbols 
– FM System Parameters 

NOTE – A glossary defining the technical terms used herein is provided in Section C.1.6. 

C.1.1.2 Abbreviations and acronyms 
AM Amplitude Modulation 

BC L1 Block Count 

BPSK Binary Phase Shift Keying 

DD Analog Diversity Delay Control 

DDI Analog Diversity Delay Indicator 

EAS Emergency Alert System 

FCC Federal Communications Commission 

FM Frequency Modulation 

GPS Global Positioning System 

IBOC In-Band On-Channel 

IDS IBOC Data Service 

IP Interleaving Process 

kbit/s kilobits per second 

L1 Layer 1 
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L2 Layer 2 

MF Medium Frequency 

MP1-MP7 Primary Service Modes 1 through 7 

MS1-MS4 Secondary Service Modes 1 through 4 

N/A Not Applicable 

OFDM Orthogonal Frequency Division Multiplexing 

OSI Open Systems Interconnection 

P1-P3 Primary Logical Channels 1 through 3 

PIDS Primary IBOC Data Service Logical Channel 

PM Primary Main 

PSM Primary Service Mode 

PX Primary Extended 

QPSK Quadrature Phase Shift Keying 

RF Radio Frequency 

RSID Reference Subcarrier Identification 

S1-S5 Secondary Logical Channels 1 through 5 

SAP Service Access Point 

SB Secondary Broadband 

SCA Subsidiary Communications Authorization 

SCCH System Control Channel 

SCI Secondary Channel Indicator 

SCU Service Control Unit 

SDU Service Data Unit 

SIDS Secondary IBOC Data Service Logical Channel 

SM Secondary Main 

SP Secondary Protected 

SSM Secondary Service Mode 

SX Secondary Extended 

UTC Universal Time Coordinated 

VHF Very High Frequency 

C.1.1.3 Presentation conventions 

Unless otherwise noted, the following conventions apply to this Annex: 
– In this document, all provisions enclosed in brackets{ } are anticipated to be subject to 

change upon review. 
– All items in the glossary are presented in italics upon their first usage in the text. 
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– All vectors are indexed starting with 0. 
– The element of a vector with the lowest index is considered to be first. 
– In drawings and tables, the leftmost bit is considered to occur first. 
– Bit 0 of a byte or word is considered the least significant bit. 
– When presenting the dimensions of a matrix, the number of rows is given first (e.g., an 

n × m matrix has n rows and m columns). 
– In timing diagrams, earliest time is on the left. 

C.1.1.4 Mathematical symbols 

C.1.1.4.1 Variable naming conventions 
The variable naming conventions defined in Table C.1 are used throughout this Annex. 

TABLE  C.1 

Naming conventions used in this Annex C 

 

C.1.1.4.2 Arithmetic operators 
The arithmetic operators defined in Table C.2 are used throughout this Annex C. 

Category Definition Examples 

Lower and upper case 
letters 

Indicates scalar 
quantities i, j, J, g11 

Underlined lower and 
upper case letters Indicates vectors u, V 

Double underlined lower 
and upper case letters 

Indicates two-
dimensional matrices u, V 

[i] 
Indicates the ith element 
of a vector, where i is a 
non-negative integer 

u[0], V[1] 

[ ] Indicates the contents of 
a vector v = [0, 10, 6, 4] 

[i] [j] 

Indicates the element of 
a two-dimensional 
matrix in the i-th row and 
j-th column, where i and 
j are non-negative 
integers 

u[i][j], V[i][j] 








  Indicates the contents of 
a matrix 








=

572
130

m  

n …m Indicates all the integers 
from n to m, inclusive 3 …6 = 3, 4, 5, 6 

n:m 
Indicates bit positions n 
through m of a binary 
sequence or vector 

Given a binary vector 
i = [0, 1, 1, 0, 1, 1, 0, 
0], i2:5 = [1, 0, 1, 1] 
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TABLE  C.2 

Arithmetic operators used in this Annex C 

 

C.1.1.5 FM system parameters 
The symbol timing parameters defined in Table C.3 are used throughout this Annex. 

TABLE  C.3 

Symbol timing parameters used in this Annex C 

 

Category Definition Examples 

· Indicates a multiplication 
operation 3 · 4 = 12 

INT( ) Indicates the integer portion of a 
real number 

INT(5/3) = 1 
INT(–1.8) = –1 

a MOD b Indicates a modulo operation 33 MOD 16 = 1 

⊕  Indicates modulo-2 binary 
addition 011 =⊕  

| Indicates the concatenation of 
two vectors 

B = [S | F] 
The resulting vector B consists 
of the elements of S followed 

by the elements of F. 
j Indicates the square-root of –1 j = 1−  

Re( ) Indicates the real component of a 
complex quantity If x = (3 + j4), Re(x) = 3 

Im( ) Indicates the imaginary 
component of a complex quantity If x = (3 + j4), Im(x) = 4 

Log10 Indicates the base-10 logarithm log10(100) = 2 

Parameter name Symbol Units Exact value 
Computed value 
(to 4 significant 

figures) 
OFDM Subcarrier 
Spacing ∆f Hz 1 488 375/4 096 363.4 
Cyclic Prefix Width α none 7/128 5.469 × 10–2 

OFDM Symbol Duration Ts s (1 + α) /∆f = 
(135/128) · (4 096/1 488 375) 2.902 × 10–3 

OFDM Symbol Rate Rs Hz = 1/Ts 344.5 
L1 Frame Duration Tf s 6 5536/44 100 = 512 · Ts 1.486 
L1 Frame Rate Rf Hz = 1/Tf 6.729 × 10–1 
L1 Block Duration Tb s = 32 · Ts 9.288 × 10–2 
L1 Block Rate Rb Hz = 1/Tb 10.77 
L1 Block Pair Duration Tp s = 64 · Ts 1.858 × 10–1 
L1 Block Pair Rate Rp Hz = 1/Tp 5.383 

Diversity Delay Frames Ndd none = number of L1 frames of 
diversity delay 3 
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C.1.2 Digital System C layers 
The Digital System C detailed performance specifications are organized in terms of the 
International Standards Organization Open Systems Interconnection (ISO OSI) layered model. The 
definitions of this model are summarized below for reference: 
– Layer 1: Physical layer 

– Modem, Interleaving, FEC, Scrambling  
– Layer 2: Data link layer 

– Routing Layer 1 Frames to/from Layer 4 – Minimal frame integrity checking 
– Layer 3: Network layer – Not needed for Digital System C 
– Layer 4: Transport layer – Builds services, reliable data delivery in format required for 

specific applications  
– Digital Audio 
– Control Data and Text 
– File and Packet Delivery 

– Layer 5: Session layer – Not needed for Digital System C 
– Layer 6: Presentation layer – Provides services like Encoding/Decoding  

– Images 
– Text 
– Audio, PAC  

– Layer 7: Application layer 7 – Provides means of exchanging information to the user via 
human machine interface  

– Audio – blending, audio processing, etc. 
– Text – Processing for display. 
– Video – Video image presentation. 
– Specialized applications like java applets, etc. 

Each OSI layer of the broadcasting system has a corresponding layer, termed a peer, in the 
receiving system. The functionality of these layers is such that the combined result of lower layers 
is to effect a virtual communication between a given layer and its peer on the other side. 

For the purposes of this Handbook covering the IBOC Transmission System, only Layer 1 will be 
described. Layer 3 and Layer 5 are not applicable to a broadcast system such as Digital System C. 

C.1.2.1 Introduction 
Layer 1 of Digital System C converts information and system control from Layer 2 (L2) into the 
FM IBOC waveform for transmission in the VHF band. The information and control is transported 
in discrete transfer frames via multiple logical channels through the Layer 1 service access points 
(SAPs). These transfer frames are also referred to as Layer 2 service data units (SDUs) and service 
control units (SCUs), respectively. 

The L2 SDUs vary in size and format depending on the service mode. The service mode, a major 
component of system control, determines the transmission characteristics of each logical channel. 
After assessing the requirements of their candidate applications, higher protocol layers select 
service modes that most suitably configure the logical channels. The plurality of logical channels 
reflects the inherent flexibility of the system, which supports simultaneous delivery of various 
classes of digital audio and data. 
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Layer 1 also receives system control as SCUs from Layer 2. System control is processed in the 
System Control Processor. 

The following sections present: 
– An overview of the waveforms and spectra 
– An overview of the system control, including the available service modes 
– An overview of the logical channels 
– A high-level discussion of each of the functional components comprising the Layer 1 FM air 

interface 

NOTE 1 – Throughout this Handbook, various system parameters are globally represented as 
mathematical symbols. Refer to subsection C.1.1.4 for their values. 

C.1.2.2 Waveforms and spectra 
The design provides a flexible means of transitioning to a digital broadcast system by providing 
three new waveform types: Hybrid, Extended Hybrid, and All Digital. The Hybrid and Extended 
Hybrid types retain the analog FM signal, while the All Digital type does not. All three waveform 
operate well below the allocated spectral emissions mask as currently defined by the FCC. 

The digital signal is modulated using orthogonal frequency division multiplexing (OFDM). OFDM 
is a parallel modulation scheme in which the data stream modulates a large number of orthogonal 
subcarriers, which are transmitted simultaneously. OFDM is inherently flexible, readily allowing 
the mapping of logical channels to different groups of subcarriers. 

C.1.2.2.1 Hybrid waveform 
The digital signal is transmitted in Primary Main (PM) sidebands on either side of the analog FM 
signal in the Hybrid waveform. The power level of each sideband is approximately 23 dB below the 
total power in the analog FM signal. The analog signal may be monophonic or stereo, and may 
include subsidiary communications authorization (SCA) channels. 

C.1.2.2.2 Extended hybrid waveform 

In the Extended Hybrid waveform, the bandwidth of the Hybrid sidebands can be extended toward 
the analog FM signal to increase digital capacity. This additional spectrum, allocated to the inner 
edge of each Primary Main sideband, is termed the Primary Extended (PX) sideband. 

C.1.2.2.3 All Digital waveform 

The greatest system enhancements are realized with the All Digital waveform, in which the analog 
signal is removed and the bandwidth of the primary digital sidebands is fully extended as in the 
Extended Hybrid waveform. In addition, this waveform allows lower-power digital secondary 
sidebands to be transmitted in the spectrum vacated by the analog FM signal. 

C.1.2.3 System control channel 
The System Control Channel (SCCH) transports control and status information. Primary and 
secondary service modes and diversity delay control are sent from Layer 2 to Layer 1, while 
synchronization information is sent from Layer 1 to Layer 2. 

The service modes dictate all permissible configurations of the logical channels. There are a total of 
eleven service modes. 
– The seven primary service modes are MP1, MP2, MP3, MP4, MP5, MP6, and MP7. They 

configure the primary logical channels. 
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– The four secondary service modes are MS1, MS2, MS3, and MS4. They configure the 
secondary logical channels. 

C.1.2.4 Logical channels 

A logical channel is a signal path that conducts L2 SDUs in transfer frames into Layer 1 with a 
specific grade of service, determined by service mode. Layer 1 of the FM air interface provides ten 
logical channels to higher layer protocols. Not all logical channels are used in every service mode. 
Refer to Subsection C.1.2.5 through Subsection C.1.2.7 for details. 

C.1.2.5 Primary logical channels 

There are four primary logical channels which are used with both the Hybrid and All Digital 
waveforms. They are denoted as P1, P2, P3, and PIDS. 

Table C.4 shows the theoretical information rate supported by each primary logical channel as a 
function of primary service mode. 

TABLE  C.4 

Theoretical information rate of primary logical channels 

 

C.1.2.6 Secondary logical channels 

There are six secondary logical channels that are used only with the All Digital waveform. They are 
denoted as S1, S2, S3, S4, S5, and SIDS. Table C.5 shows the theoretical information rate 
supported by each secondary logical channel as a function of secondary service mode. 

C.1.2.7 Logical channel functionality 

Logical channels P1 through P3 are designed to convey audio and data. S1 through S5 can be 
configured to carry data or surround sound audio. Primary IBOC Data Service (PIDS) and 
Secondary IBOC Data Service (SIDS) logical channels are designed to carry IBOC Data Service 
(IDS) information. 

The performance of each logical channel is completely described through three characterization 
parameters: transfer, latency, and robustness. Channel encoding, spectral mapping, interleaver 
depth, and diversity delay are the components of these characterization parameters. The service 
mode uniquely configures these components for each active logical channel, thereby allowing the 
assignment of appropriate characterization parameters. 

Theoretical information rate 
(kbit/s) Service  

mode 
P1 P2 P3 PIDS 

Waveform 

MP1 25 74 0 1 Hybrid 
MP2 25 74 12 1 Extended Hybrid 
MP3 25 74 25 1 Extended Hybrid 
MP4 25 74 50 1 Extended Hybrid 
MP5 25 74 25 1 Extended Hybrid, All Digital 
MP6 50 49 0 1 Extended Hybrid, All Digital 
MP7 25 98 25 1 Extended Hybrid, All Digital 
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In addition, the service mode specifies the framing and synchronization of the transfer frames 
through each active logical channel. 

TABLE  C.5 

Theoretical information rate of secondary logical channels 

 

C.1.3 Functional components 

This subsection includes a high-level description of each Layer 1 functional block and the 
associated signal flow. Figure C.1 is a functional block diagram of Layer 1 processing. Audio and 
data are passed from the higher OSI layers to the physical layer, the modem, through the Layer 1 
Service Access points. 

The flow of the signal is detailed in Section C.3.1 through Section C.1.3.8. 

C.1.3.1 Service access points 

The L1 SAPs define the interface between Layer 2 and Layer 1 of the system protocol stack. Each 
logical channel and the SCCH have their own SAP. Each channel enters Layer 1 in discrete transfer 
frames, with unique size and rate determined by the service mode. These Layer 2 transfer frames 
are typically referred to as L2 SDUs and SCUs.  

C.1.3.2 Scrambling 

This function randomizes the digital data in each logical channel to “whiten” and mitigate signal 
periodicities when the waveform is demodulated in a conventional analog FM demodulator. 

C.1.3.3 Channel encoding 

Digital System C uses Viterbi convolutional codes with an effective coding rate of 2/5. This 
convolutional encoding adds redundancy to the digital data in each logical channel to improve its 
reliability in the presence of channel impairment. The size of the logical channel vectors is 
increased in inverse proportion to the code rate. The encoding techniques are configurable by 
service mode. Diversity delay is also imposed on selected logical channels. At the output of the 
channel encoder, the logical channel vectors retain their identity. 

Theoretical information rate 
(kbit/s) Service  

mode 
S1 S2 S3 S4 S5 

SID
S 

Waveform 

MS1 0 0 0 98 6 1 All Digital 

MS2 25 74 25 0 6 1 All Digital 

MS3 50 49 0 0 6 1 All Digital 

MS4 25 98 25 0 6 1 All Digital 
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FIGURE C.1

FM air interface layer 1 functional block diagram

 
C.1.3.4 Interleaving 
Interleaving in time and frequency is employed to mitigate the effects of burst errors. The 
interleaving techniques are tailored to the VHF fading environment and are configurable by service 
mode. Each logical channel is individually interleaved. The depth of the interleaver is sized based 
on the use of the channel. The length of the interleaver in the primary audio channels (P1 and P2) is 
equivalent to one L1 frame. In this process, the logical channels lose their identity. The interleaver 
output is structured in a matrix format; each matrix is comprised of one or more logical channels 
and is associated with a particular portion of the transmitted spectrum. Total diversity delay 
including interleaving is three L1 frames (3 × 1.486 s). 
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C.1.3.5 System control processing 

This function generates a matrix of system control data sequences which includes control and status 
(such as service mode), for broadcast on the reference subcarriers. 

C.1.3.6 OFDM subcarrier mapping 

This function assigns the interleaved matrices and the system control matrix to the OFDM subcarriers. 
One row of each active interleaver matrix is processed every OFDM symbol Ts to produce one output 
vector X, which is a frequency-domain representation of the signal. The mapping is specifically 
tailored to the non-uniform interference environment and is a function of the service mode. 

C.1.3.7 OFDM signal generation 

This function generates the digital portion of the time-domain FM IBOC waveform. The input 
vectors are transformed into a shaped time-domain baseband pulse, yn(t), defining one OFDM 
symbol. 

C.1.3.8 Transmission subsystem 

This function formats the baseband waveform for transmission through the VHF channel. Major sub-
functions include symbol concatenation and frequency up-conversion. In addition, when transmitting 
the Hybrid waveform, this function modulates the analog source and combines it with the digital signal 
to form a composite Hybrid signal, s(t), ready for transmission. 

C.1.3.9 Audio compression 

Digital System C uses the AAC audio compression technology operating in a range from 48 to 
96 kbit/s. 

C.1.4 Functional description 

C.1.4.1 Introduction 

OFDM Signal Generation receives complex, frequency-domain OFDM symbols from OFDM 
Subcarrier Mapping, and outputs time-domain pulses representing the digital portion of the FM 
IBOC signal. A conceptual block diagram of OFDM Signal Generation is shown in Fig. C.2. 

The input to OFDM Signal Generation is a complex vector Xn of length L, representing the 
complex constellation values for each OFDM subcarrier in OFDM symbol n. The output of OFDM 
Signal Generation is a complex, baseband, time-domain waveform yn(t), representing the digital 
portion of the FM IBOC signal for OFDM symbol n. 
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FIGURE  C.2 

OFDM signal generation conceptual block diagram 
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C.1.4.2 Functionality 

Let Xn[k] be the scaled constellation points from OFDM Subcarrier Mapping for the n-th symbol, 
where k = 0, 1, …, L-1 indexes the OFDM subcarriers. Let yn(t) denote the time-domain output of 
OFDM Signal Generation for the n-th symbol. Then yn(t) is written in terms of Xn[k] as follows: 
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where n = 0, 1, …, ∞, 0 < t < ∞, L = 1093 is the total number of OFDM subcarriers, and Ts and ∆f 
are the OFDM symbol duration and OFDM subcarrier spacing, respectively, as defined in 
Subsection 2.5. 

The pulse-shaping function h(ξ) is defined as: 
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where α is the cyclic prefix width defined in Subsection 2.5, and T = 
f∆

1  is the reciprocal of the 
OFDM subcarrier spacing. 
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C.1.4.3 Transmission subsystem 

C.1.4.3.1 Introduction 

The Transmission Subsystem formats the baseband FM IBOC waveform for transmission through 
the VHF channel. Functions include symbol concatenation and frequency up-conversion. In 
addition, when transmitting the Hybrid or Extended Hybrid waveforms, this function delays and 
modulates the baseband analog signal before combining it with the digital waveform as illustrated 
in Fig. C.3. 

FIGURE  C.3 

Hybrid/Extended Hybrid transmission subsystem functional block diagram 
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The input to this module is a complex, baseband, time-domain OFDM waveform, yn(t), from the 
OFDM Signal Generation function. A baseband analog signal m(t) is also input from an analog 
source, along with optional subsidiary communications authorization (SCA) signals, when 
transmitting the Hybrid or Extended Hybrid waveform. In addition, analog diversity delay control 
(DD) is input from Layer 2 via the CCH. The output of this module is the VHF FM IBOC 
waveform. 

The All-Digital transmission subsystem functional block diagram is illustrated in Fig. C.4. 
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FIGURE  C.4 

All-Digital transmission subsystem functional block diagram 
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C.1.4.3.2 Functional components 
The functional components of the Transmission Subsystem are specified in Subsection C.1.4.3.2.1 
through Subsection C.1.4.3.5. 

C.1.4.3.2.1 Symbol concatenation 
The individual time-domain OFDM symbols generated by OFDM Signal Generation are 
concatenated to produce a continuum of pulses over t = 0, …,∞ , as follows: 

  ∑
∞

=
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n
n tyty  

C.1.4.3.2.2 Up-conversion 
The concatenated digital signal y(t) is translated from baseband to the RF carrier frequency as 
follows: 

  





 ⋅= )(π2jeRe)( tytcftz  

where fc is the VHF allocated channel frequency and Re[ ] denotes the real component of the 
complex quantity. For the All Digital waveform, the output of the up-converter is the transmitted 
VHF FM IBOC waveform, and therefore, s(t) = z(t). 
The carriers retain their 200 kHz spacing over the 88.0 to 108.0 MHz frequency range. Channels are 
numbered from 201 to 300, where channel 201 is centred on 88.1 MHz and channel 300 is centred 
on 107.9 MHz. The absolute accuracy of the carrier frequency is defined in Section C.1.5. 
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C.1.4.3.2.3 Diversity delay 
When broadcasting the Hybrid and Extended Hybrid waveforms, z(t) is combined with the analog 
FM signal a(t), as shown in Fig. C.3. The first step in generating a(t) is the application of diversity 
delay to the baseband analog signal m(t). 
The analog diversity delay control bit (DD), received from Layer 2 via the SCCH, is used by upper 
protocol layers to enable or disable the diversity delay. If DD is 0, the diversity delay is disabled; if 
DD is 1, it is enabled. When diversity delay is enabled, an adjustable delay τ is applied to the 
baseband analog signal m(t). The delay is set so that, at the output of the analog/digital combiner, 
a(t) lags the corresponding digital signal z(t) by Tdd. In the IBOC system the analog and digital 
signals carry the same audio program with the analog audio delayed from the corresponding digital 
audio by Tdd at the output of the analog/digital combiner. The delay is adjustable to account for 
processing delays in the analog and digital chains. 
The absolute accuracy of the diversity delay, when enabled, is defined in Section C.1.5. 

C.1.4.3.4 Analog FM modulator 
For the Hybrid and Extended Hybrid waveforms, the appropriately delayed baseband analog signal 
m(t-τ) is frequency modulated to produce an RF analog FM waveform identical to existing analog 
signals. 

C.1.4.3.5 Analog/Digital combiner 
When broadcasting the Hybrid or Extended Hybrid waveform, the analog-modulated FM RF signal 
is combined with the digitally-modulated RF signal to produce the VHF FM IBOC waveform, s(t). 
Both the analog and digital portions of the waveform are centered on the same carrier frequency. 
The levels of each digital sideband in the output spectrum are appropriately scaled by OFDM 
Subcarrier Mapping. The subcarrier scale factors and power ratios with respect to the total power of 
the analog FM carrier are provided in Section C.1.5. 
The spectral noise and emission limits of the IBOC digital signal are defined in Section C.1.5. 

C.1.4.3.6 Use of on-channel repeaters 
The use of OFDM modulation in Digital System C allows on-channel digital repeaters of the digital 
component in single frequency networks or coverage extenders to fill areas of desired coverage 
where signal losses due to terrain and/or shadowing are severe. A typical application would be 
where mountains or other terrain obstructions within the station’s service areas limit analog or 
digital performance. 
Digital System C operates with an effective guard time between OFDM symbols of approximately 
150 µs1. To avoid significant intersymbol interference the effective coverage in the direction of the 
primary transmission system should be limited to within 22 km. Specifically the ratio of the signal 
from the primary transmitter to the booster signal should be at least 10 dB at locations more than 22 
km from the repeater in the direction of the primary antenna. Performance and distances between 
on-channel boosters can be improved through the use of directional antennas to protect the main 
station. 

C.1.4.3.7 GPS synchronization 
In order to ensure precise time synchronization, for rapid station acquisition and booster 
synchronization, each station is GPS locked. 

____________________ 
1 150 µs equates to a 45 km propagation distance. 
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This is normally accomplished through synchronization with a signal synchronized in time and 
frequency to the Global Positioning System (GPS)2. Transmissions that are not locked to GPS, will 
not benefit from fast tuning since they cannot be synchronized with other stations3. 

C.1.4.4 Waveforms and spectra 

C.1.4.4.1 Introduction 

This section describes the output spectrum for each of the three digital waveform types: Hybrid, 
Extended Hybrid, and All Digital. Each spectrum is divided into several sidebands, which represent 
various subcarrier groupings. All spectra are represented at baseband. 

C.1.4.4.2 Frequency partitions and spectral conventions 

The OFDM subcarriers are assembled into frequency partitions. Each frequency partition is 
comprised of eighteen data subcarriers and one reference subcarrier, as shown in Fig. C.5 (ordering 
A) and Fig. C.6 (ordering B). The position of the reference subcarrier (ordering A or B) varies with 
the location of the frequency partition within the spectrum. 

For each frequency partition, data subcarriers d1 through d18 convey the L2 SDUs, while the 
reference subcarriers convey system control. Subcarriers are numbered from 0 at the center 
frequency to ± 546 at either end of the channel frequency allocation. 

Besides the reference subcarriers resident within each frequency partition, depending on the service 
mode, up to five additional reference subcarriers are inserted into the spectrum at subcarrier 
numbers −546, −279, 0, 279, and 546. The overall effect is a regular distribution of reference 
subcarriers throughout the spectrum. For notational convenience, each reference subcarrier is 
assigned a unique identification number between 0 and 60. All lower sideband reference subcarriers 
are shown in Fig. C.7. All upper sideband reference subcarriers are shown in Fig. C.8. The figures 
indicate the relationship between reference subcarrier numbers and OFDM subcarrier numbers. 

FIGURE  C.5 

Frequency partition – Ordering A 
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____________________ 
2 GPS Locked stations are referred to as Level I:  GPS-locked transmission facilities 
3 Level II: Non-GPS locked transmission facilities 
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FIGURE  C.6 

Frequency partition – Ordering B 
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FIGURE  C.7 

Lower sideband reference subcarrier spectral mapping 
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FIGURE  C.8 

Upper sideband reference subcarrier spectral mapping 
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Each spectrum described in the remaining subsections shows the subcarrier number and center 
frequency of certain key OFDM subcarriers. The center frequency of a subcarrier is calculated by 
multiplying the subcarrier number by the OFDM subcarrier spacing ∆f. The center of subcarrier 0 is 
located at 0 Hz. In this context, center frequency is relative to the radio frequency (RF) allocated 
channel. 

For example, the upper Primary Main sideband is bounded by subcarriers 356 and 546, whose 
center frequencies are located at 129 361 Hz and 198 402 Hz, respectively. The frequency span of 
the Primary Main sideband is 69 041 Hz. (198 402-129 361). 

C.1.4.4.3 Spectrum for Hybrid Mode 

The digital signal is transmitted in PM sidebands on either side of the analog FM signal, as shown 
in Fig. C.9. Each PM sideband is comprised of ten frequency partitions, which are allocated among 
subcarriers 356 through 545, or –356 through –545. Subcarriers 546 and –546, also included in the 
PM sidebands, are additional reference subcarriers. The amplitude of the subcarrier within Primary 
Main sidebands are uniformly scaled by an amplitude scale factor, a0. The amplitude scaling factor 
is described in Section C.1.5. Table C.6 summarizes the upper and lower Primary Main sidebands 
for the Hybrid waveform. 
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FIGURE  C.9 

Spectrum of the Hybrid waveform – Service mode MP1 

(The level of the digital subcarriers is such that the total power of these carriers is 20 dB below the 
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TABLE  C.6 

Hybrid waveform spectral summary – Service mode MP1 

 

Sideband 
Number 

of 
frequency 
partitions 

Frequency 
partition 
ordering 

Subcarrier 
range 

Subcarrier 
frequencies 
(Hz from 
channel 
centre) 

Ampl. 
scale 

factor 

Frequency 
span 
(Hz) 

Comments

Upper 
Primary 

Main 
10 A 

356 
to 

546 

129 361 
to 

198 402 
a0 69 041 

Includes 
additional 
reference 
subcarrier 

546 

Lower 
Primary 

Main 
10 B 

–356 
to 

–546 

–129 361 
to 

–198 402 
a0 69 041 

Includes 
additional 
reference 
subcarrier 

−546 

NOTE – Refer to Section C.1.5 for details regarding the amplitude scale factors shown above. 
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C.1.4.4.4 Spectrum for Extended Hybrid Mode 

The Extended Hybrid waveform is created by adding Primary Extended sidebands to the Primary 
Main sidebands present in the Hybrid waveform, as shown in Fig. C.10. Depending on the service 
mode, one, two, or four frequency partitions can be added to the inner edge of each Primary Main 
sideband. 

FIGURE  C.10 

Spectrum of the Extended Hybrid waveform – Service modes MP2 through MP4 

(The level of the digital subcarriers is such that the total power of these carriers is 20 dB 
below the nominal power of the FM analog carrier) 
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Each Primary Main sideband consists of ten frequency partitions and an additional reference 
subcarrier spanning subcarriers 356 through 546, or –356 through –546. The upper Primary 
Extended sidebands include subcarriers 337 through 355 (one frequency partition), 318 through 355 
(two frequency partitions), or 280 through 355 (four frequency partitions). The lower Primary 
Extended sidebands include subcarriers –337 through –355 (one frequency partition), –318 through 
–355 (two frequency partitions), or –280 through –355 (four frequency partitions). The subcarriers 
within Primary Extended sidebands are uniformly scaled the same amplitude scale factor, a0, as the 
Primary Main sidebands. The amplitude scaling factor is described in Section C.1.5. 

Table C.7 summarizes the Upper and Lower Primary sidebands for the Extended Hybrid waveform. 

C.1.4.4.5 Spectrum for All Digital Mode 

The All Digital waveform is constructed by removing the analog signal, fully expanding the 
bandwidth of the primary digital sidebands, and adding lower-power secondary sidebands in the 
spectrum vacated by the analog signal. The spectrum of the All Digital waveform is shown in 
Fig. C.11. 
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TABLE  C.7 

Extended Hybrid waveform spectral summary – Service modes MP2 through MP4 

 

Sideband 
Number of 
frequency 
partitions 

Frequency 
partition 
ordering 

Subcarrier 
range 

Subcarrier 
frequencies 
(Hz from 
channel 
centre) 

Ampl.
scale 

factor 

Frequency 
span  
(Hz) 

Comments 

Upper 
Primary 

Main 
10 A 

356 
to 

546 

129 361 
to 

198 402 
a0 69 041 

Includes 
additional 
reference 
subcarrier 

546 

Lower 
Primary 

Main 
10 B 

–356 
to 

–546 

–129 361 to 
–198 402 a0 69 041 

Includes 
additional 
reference 
subcarrier

–546 
Upper 

Primary 
Extended 

(1 frequency 
partition) 

1 A 
337 
to 

355 

122 457 
to 

128 997 
a0 6 540 none 

Lower 
Primary 

Extended 
(1 frequency 

partition) 

1 B 
–337 

to 
–355 

–122 457 to 
–128 997 a0 6 540 none 

Upper 
Primary 

Extended 
(2 frequency 
partitions) 

2 A 
318 
to 

355 

115 553 
to 

128 997 
a0 13 444 none 

Lower 
Primary 

Extended 
(2 frequency 
partitions) 

2 B 
–318 

to 
–355 

–115 553 to 
–128 997 a0 13 444 none 

Upper 
Primary 

Extended 
(4 frequency 
partitions) 

4 A 
280 
to 

355 

101 744 
to 

128 997 
a0 27 253 none 

Lower 
Primary 

Extended 
(4 frequency 
partitions) 

4 B 
–280 

to 
–355 

–101 744 to 
–128 997 a0 27 253 none 

NOTE – Refer to Section C.1.5 for details regarding the amplitude scale. 
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FIGURE  C.11 

Spectrum of the All-Digital waveform 
Service modes MP5 through MP7, MS1 through MS4 

(The level of the digital subcarriers is such that the total power of these carriers is no 
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In addition to the ten main frequency partitions, all four extended frequency partitions are present in 
each primary sideband of the All Digital waveform. Each secondary sideband also has ten 
Secondary Main (SM) and four Secondary Extended frequency partitions. Unlike the primary 
sidebands, however, the Secondary Main frequency partitions are mapped nearer to channel center 
with the extended frequency partitions farther from the center. 

Each secondary sideband also supports a small Secondary Protected (SP) region consisting of 
12 OFDM subcarriers and reference subcarriers 279 and –279. The sidebands are referred to as 
“protected” because they are located in the area of spectrum least likely to be affected by analog or 
digital interference. An additional reference subcarrier is placed at the center of the channel (0). 
Frequency partition ordering of the SP region does not apply since the SP region does not contain 
frequency partitions as defined in Fig. C.5 and Fig. C.6. 

Each Secondary Main sideband spans subcarriers 1 through 190 or –1 through –190. The upper 
Secondary Extended sideband includes subcarriers 191 through 266, and the upper Secondary 
Protected sideband includes subcarriers 267 through 278, plus additional reference subcarrier 279. 
The lower Secondary Extended sideband includes subcarriers –191 through –266, and the lower 
Secondary Protected sideband includes subcarriers –267 through –278, plus additional reference 
subcarrier –279. The total frequency span of the entire All Digital spectrum is 396 803 Hz. The 
subcarriers within the Primary Main and Primary Extended sidebands are scaled by an amplitude 
scale factor, a2, as indicated in Table C.8. The subcarriers within the Secondary Main, Secondary 
Extended and Secondary Protected sidebands are uniformly scaled by an amplitude scale factor 
having four discrete levels a4 - a7, as indicated in Table C.8. Table C.8 summarizes the upper and 
lower, primary and secondary sidebands for the All Digital waveform. 
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TABLE  C.8 

All-Digital waveform spectral summary – Service modes MP5 through MP7,  
MS1 through MS4 

 

 

Sideband 
Number of 
frequency 
partitions 

Frequency 
partition 
ordering 

Subcarrier 
range 

Subcarrier 
frequencies 
(Hz from 
channel 
centre) 

Ampl. 
scale 

factor 
Frequency 
span (Hz) Comments 

Upper 
Primary 

Main 
10 A 

356 
to 

546 

129 361 
to 

198 402 
a2 69 041 

Includes 
additional 
reference 
subcarrier 

546 

Lower 
Primary 

Main 
10 B 

–356 
to 

–546 
–129 361 to 

–198 402 a2 69 041 

Includes 
additional 
reference 
subcarrier 

−546 
Upper 

Primary 
Extended 

4 A 
280 
to 

355 

101 744 
to 

128 997 
a2 27 253 none 

Lower 
Primary 

Extended 
4 B 

–280 
to 

–355 
–101 744 to 

–128 997 a2 27 253 none 

Upper 
Secondary 

Main 
10 B 

0 
to 

190 

0 
to 

69 041 
a2 69 041 

Includes 
additional 
reference 

subcarrier 0
Lower 

Secondary 
Main 

10 A 
–1 
to 

–190 

–363 
to 

–69 041 
a2 68 678 none 

Upper 
Secondary 
Extended 

4 B 
191 
to 

266 

69 404 
to 

96 657 
a4 – a7 27 253 none 

Lower 
Secondary 
Extended 

4 A 
–191 

to 
–266 

–69 404 
to 

–96 657 
a4 – a7 27 253 none 

Upper 
Secondary 
Protected 

N/A N/A 
267 
to 

279 

97 021 
to 

101 381 
a4 – a7 4 360 

Includes 
additional 
reference 
subcarrier 

279 

Lower 
Secondary 
Protected 

N/A N/A 
–267 

to 
–279 

–97 021 
to 

–101 381 
a4 – a7 4 360 

Includes 
additional 
reference 
subcarrier 

279 

NOTE – Refer to Section C.1.5 for details regarding the amplitude scale factors. 
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C.1.4.5 Auxiliary data capacity 

Digital technology converts music, speech, text and graphical information into a digital bit stream. 
Like other digital communications systems, Digital System C is capable of transmitting both audio 
services and a variety of wireless data services. At the most basic level, Digital System C will 
enable radio broadcasters to transmit data related to the digital audio programming, including song 
title, artist, and station information. The initial receiver applications are expected to include the 
ability to display simple text information related to the audio programming. Additional data services 
are expected to include the delivery of paging-like services, including traffic, weather, sports scores, 
stock quotes, and targeted messages. 

Digital technology will also enable IBOC receivers to store, replay and potentially download digital 
audio programming, low-bit rate on-demand audio and text-to-speech applications, and other 
features that allow radio to become a more personalized, on-demand service. Future digital receiver 
functionality is expected to enable enhanced advertising services that include the capability to 
deliver location-based advertisements, electronic coupons, and a “more information” service that 
allows listeners to opt for additional related content. Finally, by coupling Digital System C 
technology – a low-cost broadcast downlink – with a communications uplink (e.g., in-vehicle cell 
phone), radio broadcasters can potentially provide navigation and concierge services, on-demand 
entertainment, and the opportunity for listeners to purchase programming-related music, concert 
tickets, sports tickets, and books. 

Digital System C includes a layered protocol design that supports the delivery of compressed audio, 
short messages related to the audio programming, fast-tuning radio station related information, non-
program related short-text messages and files, and the opportunity for specialized applications to 
interact through an applications programming interface (API) with the IBOC transport layer. The 
layered protocol will allow a large number of service providers and applications developers to 
interact with Digital System C through an API without requiring detailed knowledge of the system. 
The approach will enable Digital System C to be implemented with an initial set of value-added 
data services with the flexibility for new services to be implemented as they become commercially 
viable for broadcasters and device manufacturers. 

It is anticipated that initial receivers will support program associated data applications. Service 
offerings and digital receiver features are expected to expand rapidly. The types of data services 
available to consumers will depend on broadcaster’s decisions regarding audio quality and data 
capacity. Digital System C operating in the hybrid mode will support a limited amount of data when 
a broadcaster is utilizing the highest possible digital and analog audio quality. Broadcasters can gain 
additional data capacity by adopting one of the extended hybrid modes and adding additional digital 
carriers closer to the analog host. By adding digital carriers in 1, 2 or 4 frequency partitions 
(122.5-129.4 kHz, 115.6-122.5 kHz, and 101.7-115.6 kHz) a broadcaster can increase data capacity 
by up to 50 kbit/s. 

However, as broadcasters add partitions closer to the analog host they increase the potential for host 
compatibility problems on certain lower quality fixed analog receivers. Broadcasters will also have 
the ability to increase data throughput by reducing the amount of audio throughput. Reducing audio 
throughput from 96 kbit/s to 64 kbit/s, the digital audio quality level used in both satellite DARS 
systems authorized to provide service in the United States, increases data capacity by 32 kbit/s. 

Broadcasters will have the flexibility to adjust digital audio quality in 8 kbit/s steps, providing 
substantial flexibility in capacity tradeoff decisions. For example, a broadcaster may decide to 
operate with the highest possible digital audio quality (96 kbit/s) in the morning drive time with 
minimal data capacity. However, in the late night hours the broadcaster may reduce audio 
throughput to 48 kbit/s thereby increasing data capacity by 48 kbit/s, without requiring the extended 
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hybrid carriers. This flexibility to trade off audio throughput for data capacity continues in the all-
digital mode, however substantially more data capacity will become available. As Table C.9 
summarizes, broadcasters have tremendous flexibility to tailor their audio and data throughput 
based on the needs of their listeners in all modes of implementation. 

TABLE  C.9 

Digital System C data throughput rates 

 

As the Table suggests, there is an inherent trade-off between audio quality and wireless data 
transmission rates. With IBOC and other digital systems, the higher the wireless data throughput 
rates, the lower the audio throughput. The flexibility to make these trade-offs will be at the 
discretion of radio broadcasters. 

An additional feature of Digital System C is the availability of an additional 2-3 kbit/s of 
opportunistic data. The system’s audio compression technology is capable of identifying situations 
where the audio/speech content is not making full use of the bandwidth allocated to audio services. 
In these situations, the codec is capable of reallocating the bandwidth for data services. This 
additional 2-3 kbit/s is in addition to the data rates in the table above. This minimal amount of 
opportunistic data capacity would be enough to support most RBDS type services. 

It is anticipated that many broadcasters in the hybrid mode may choose to broadcast digital audio 
quality at 64 kbit/s. In this scenario, the 33 kbit/s of data capacity would exceed the data capacity of 
the current generation of mobile phones, which ranges from 9 to 19 kbit/s and would be similar to 
the effective throughput of GPRS technology currently being implemented by many cellular 
carriers. By operating at 64 kbit/s and adding the extended hybrid partitions, a broadcaster would 
increase capacity to 81 kbit/s of data, well in excess of a typical telephone modem. All-digital data 
rates are comparable to the effective mobile throughput for the cellular industry’s planned upgrade 
to third-generation technologies (CDMA2000, W-CDMA). 

C.1.5 FM transmission specifications 

C.1.5.1 Introduction 
This section presents the key transmission specifications for Digital System C, as described in the 
body of this document. 

C.1.5.2 Synchronization tolerances 
The synchronization tolerances are specified in Subsection C.1.5.2.1 through Subsection C.1.5.2.3. 
The system shall support two levels of synchronization for each broadcaster: 
– Level I: GPS-locked transmission facilities 
– Level II: Non-GPS-locked transmission facilities 

Normally, transmission facilities will operate as Level I facilities in order to support numerous 
advanced system features. 

 Digital audio bit 
rate – 96 kbit/s 

Digital audio bit 
rate – 64 kbit/s 

Hybrid 1 kbit/s 33 kbit/s 
Extended Hybrid 51 kbit/s 83 kbit/s 
All Digital 181 kbit/s 213 kbit/s 
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C.1.5.2.1 Analog diversity delay 

The absolute accuracy of the analog diversity delay in the transmission signal will be within ± 10 µs 
for both synchronization Level I and Level II transmission facilities. 

Diversity delay accuracy will be verified with a calibrated test receiver receiving the RF channel 
under test. A digitally generated 4 kHz sinusoidal test tone at a level of –6 dB from full scale will be 
applied to both the analog and digital transmit signal paths. The tone will be a pulsed signal, 
consisting of a repeating pattern of 0.5 s on followed by 4.5 s off. 

C.1.5.2.2 RF carrier frequency and OFDM symbol clock 
For synchronization Level I transmission facilities, the absolute accuracy of the carrier frequency 
and OFDM symbol clock frequency will be maintained to within 1 part per 108 at all times. 

For synchronization Level II transmission facilities, the absolute accuracy of the carrier frequency 
and OFDM symbol clock frequency will be maintained to within 2 parts per 106 at all times. 

C.1.5.2.3 GPS phase lock 
For Level I transmission facilities, all transmissions will maintain phase lock to absolute GPS time 
within ± 1 µs. 

If the above specification in a synchronization Level I transmission facility is violated, due to a GPS 
outage or other occurrence, it will be classified as a synchronization Level II transmission facility 
until the above specification is again met. 

C.1.5.3 IBOC noise and emissions limits 
The noise and emissions limits are as specified in Subsection C.1.5.3.1 through Sub-
section C.1.5.3.3. 

C.1.5.3.1 Analog waveform 
Measurements of the analog signal are made at the antenna input by averaging the power spectral 
density in a 1 kHz bandwidth over a 10 s segment of time. The FCC RF Spectral emission mask in 
specified in Table C.10. 

C.1.5.3.2 Hybrid and Extended Hybrid waveforms 
Hybrid and Extended Hybrid waveform transmissions including noise and spuriously generated 
signals from all sources, including phase noise of the IBOC exciter and intermodulation products 
will remain within the Noise and Emissions Limit as depicted in Fig. C.12 and summarized in 
Table C.11. Measurements of the digitally-modulated signals are relative to the PM sidebands of the 
digital carriers spectral density in a 1 kHz bandwidth. 

TABLE  C.10 
FCC RF spectral emissions mask 

 

Offset from 
carrier frequency 

(kHz) 

Power spectral density relative to unmodulated 
analog FM carrier 

(dBc/kHz) 
120 to 240 –25 
240 to 600 –35 

greater than 600 
–80, or –43 – (10 · log10 [power in watts]), 
whichever is less, where [power in watts] refers to 
the total unmodulated transmitter output carrier 
power 
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FIGURE  C.12 

IBOC FM HPA Hybrid Mode signal and noise emission limits 
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C.1.5.3.3 All Digital Waveform 
All Digital waveform transmissions will remain within the Noise and Emissions Limit as depicted 
in Fig. C.13 and summarized in Table C.12. Measurements of the digitally-modulated signals are 
relative to the PM sidebands of the digital carriers spectral density in a 1 kHz bandwidth. 

C.1.5.4 Digital sideband levels 
The amplitude scaling of each OFDM subcarrier within each digital sideband is given in Table C.13 
for the Hybrid, Extended Hybrid, and All Digital waveforms. The values for the Hybrid waveforms 
are specified relative to the total power of the unmodulated analog FM carrier (assumed equal to 1). 
The values for the All Digital waveform are specified relative to the total power of the unmodulated 
analog FM carrier (assumed equal to 1) that would have been transmitted in the Hybrid and 
Extended Hybrid modes. 

TABLE  C.11 

IBOC FM HPA Hybrid Mode signal and noise emission limits 

 

Frequency, F, offset 
relative to carrier 

Level 
(dB/kHz) 

0-30 kHz offset –60 dB 
30-95 kHz offset [–60 + (|frequency in kHz|–30 kHz) * 0.3077] dB 
95-100 kHz offset [–20 + (|frequency in kHz|–100 kHz) * 4.0] dB 

200-205 kHz offset [–20 – (|frequency in kHz|–200 kHz) * 4.0] dB 
205-270 kHz offset [–40 – (|frequency in kHz|–205 kHz) * 0.3077] dB 

>270 kHz offset –60 dB 
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FIGURE  C.13 

IBOC FM HPA All-Digital Mode signal and noise emission limits 
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For the Hybrid and Extended Hybrid waveforms, the values were chosen so that the total average 
power in a primary digital sideband (upper or lower) is 23 dB below the total power of unmodulated 
analog FM carrier. 

TABLE  C.12 

IBOC FM HPA All-Digital Mode signal and noise emission limits 

 

For the All Digital waveform, the values were chosen so that the total average power in a primary 
digital sideband (upper or lower) is at least 10 dB above the total power in the Hybrid primary 
digital sidebands. In addition, the values were chosen so that the total average power in the 
secondary digital sidebands (upper and lower) is at least 20 dB below the total power in the All 
Digital primary digital sidebands. 

Frequency, F, offset 
relative to carrier 

Level 
(dB/kHz) 

0-100 kHz offset –17dB 
200-207.5 kHz offset [–20 – (|frequency in kHz|–200 kHz) *4.0] dB 
207.5-270 kHz offset [–50 – (|frequency in kHz|–207.5 kHz) * 0.3200] dB 
270-600 kHz offset –70 dB 

>600 kHz offset –80 dB 
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TABLE  C.13 

OFDM subcarrier scaling 

 

C.1.6 Glossary 

For the purpose of better understanding this Handbook, the following definitions apply: 

All Digital waveform – The transmitted waveform composed entirely of digitally modulated 
subcarriers (subcarrier –546 to +546) without an analog FM signal. Use of this waveform will 
normally follow an initial transitional phase utilizing hybrid waveforms incorporating both analog 
and digital modulation (see Hybrid waveform and Extended Hybrid waveform). 

allocated channel – One of the one hundred possible frequency assignments in the FM band. 

amplitude modulation (AM) – Modulation in which the amplitude of a carrier wave is varied in 
accordance with the amplitude of the modulating signal. 

amplitude scale factor – A factor which multiplies the baseband components of a particular 
sideband of the transmitted spectrum to constrain the radiated power to a prescribed level. 

analog signal – refers to signals that are modulated on the main carrier by conventional 
high-modulation-index frequency modulation (see digital signal). 

Binary Phase Shift Keying (BPSK) – A form of digital phase modulation that assigns one of two 
discrete phases, differing by 180°, to the carrier. Each BPSK symbol conveys one bit of 
information. 

channel encoding – The process used to add redundancy to each of the logical channels to improve 
the reliability of the transmitted information. 

Waveform Mode Sidebands 
Amplitude 
scale factor 

notation 

Amplitude scale 
factor(1) 

(relative to total 
analog FM 

power) 

Scale 
factor(2) 

(dB, relative 
to total 

analog FM 
power) 

Hybrid MP1 Primary a0 5.123 × 10–3 –41.39 
Extended 
Hybrid 

MP2 – 
MP7 Primary a0 5.123 × 10–3 –41.39 

MP5 – 
MP7 Primary a2 1.67 × 10–2 –31.39 

Secondary a4 5.123 ×10–3 –41.39 
Secondary a5 3.627 × 10–3 –44.39 

Secondary a6 2.567 × 10–3 –47.39 

All-Digital 
MS1 – 
MS4 

Secondary a7 1.181 × 10–3 –50.39 

(1) Amplitude Scale Factor per IBOC subcarrier range. 
(2) Amplitude Scale factor in dB measured in 1 kHz bandwidth. 
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characterization parameters – The unique set of defining parameters for each logical channel for 
a given service mode. The channel encoding, interleaving, spectral mapping, and diversity delay of 
the logical channel determine its characterization parameters. 

code rate – Defines the increase in overhead on a coded channel resulting from channel encoding. 
It is the ratio of information bits to the total number of bits after coding. 

convolutional encoding – A form of forward error-correction channel encoding that inserts coding 
bits into a continuous stream of information bits to form a predictable structure. Unlike a block 
encoder, a convolutional encoder has memory; its output is a function of current and previous 
inputs. 

differential encoding – Encoding process in which signal states are represented as changes to 
succeeding values rather than absolute values. 

digital signal – refers to signals that are digitally modulated on subcarriers by OFDM (q.v.) (see 
analog signal). 

diversity delay – Imposition of a fixed time delay in one of two channels carrying the same 
information to defeat non-stationary channel impairments such as fading and impulsive noise. 

Extended Hybrid waveform – The transmitted waveform composed of the analog FM signal plus 
digitally modulated primary main subcarriers (subcarriers +356 to +546 and −356 to –546) and 
some or all primary extended subcarriers (subcarriers +280 to +355 and –280 to –355). This 
waveform will normally be used during an initial transitional phase preceding conversion to the All 
Digital waveform (see All Digital waveform and Hybrid waveform). 

fading – The variation (with time) of the amplitude or relative phase (or both) of one or more 
frequency components of a received signal. 

frequency modulation (FM) – Modulation in which the instantaneous frequency of a sine wave 
carrier is caused to depart from the centre frequency by an amount proportional to the instantaneous 
amplitude of the modulating signal. 

frequency partition – A group of 19 OFDM subcarriers containing 18 data subcarriers and one 
reference subcarrier. 

Hybrid waveform – The transmitted waveform composed of the analog FM-modulated signal, plus 
digitally modulated Primary Main subcarriers (subcarriers +356 to +546 and -356 to –546). This 
waveform will normally be used during an initial transitional phase preceding conversion to the All 
Digital waveform (see All Digital waveform and Extended Hybrid waveform). 

interleaving – A reordering of the message bits to distribute them in time (over different OFDM 
symbols) and frequency (over different OFDM subcarriers) to mitigate the effects of signal fading 
and interference. 

interleaving process – A series of manipulations performed on one or more coded transfer frames 
(vectors) to reorder their bits into one or more interleaver matrices whose contents are destined for a 
particular portion of the transmitted spectrum. 

L1 block – A unit of time of duration Tb. Each L1 frame is comprised of 16 L1 blocks. 

L1 block count – An index that indicates one of 16 equal subdivisions of an L1 frame. 

L1 block pair – Two contiguous L1 blocks. A unit of time duration Tp. 
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L1 block pair rate – The rate, equal to the reciprocal of the L1 block pair duration, 










pT
1 , at 

which selected transfer frames are conducted through Layer 1. 

L1 block rate – The rate, equal to the reciprocal of the L1 block duration, 








bT
1 , at which selected 

transfer frames are conducted through Layer 1. 
L1 frame – A specific time slot of duration Tf identified by an ALFN. The transmitted signal may 
be considered to consist of a series of L1 frames. 

L1 frame rate – The rate, equal to the reciprocal of the L1 frame duration 










fT
1 , at which selected 

transfer frames are conducted through Layer 1. 
latency – The time delay that a logical channel imposes on a transfer frame as it traverses Layer 1. 
One of the three characterization parameters (see robustness and transfer). 

Layer 1 (L1) – The lowest protocol layer in the OSI Reference Model (also known as the Physical 
layer). Primarily concerned with physical connections and the transmission of data over a 
communication channel. 

Layer 2 (L2) – The Data Link layer in the OSI Reference Model. Primarily concerned with specific 
requirements for frames (such as blocks and packets), synchronization, and error control. 

logical channel – A signal path that conducts transfer frames from Layer 2 through Layer 1 with a 
specified grade of service. 

lower sideband – The group of OFDM subcarriers (subcarriers number –1 through −546) below the 
carrier frequency. 

OFDM Signal Generation – The function that generates the modulated baseband signal in the time 
domain. 

OFDM subcarrier – One of 1 093 possible narrow-band PSK-modulated carriers within the 
allocated channel, which, taken in aggregate, constitute the frequency domain representation of one 
OFDM symbol. 
OFDM subcarrier mapping – The function that assigns the interleaved logical channels 
(interleaver partitions) to the OFDM subcarriers (frequency partitions). 
OFDM symbol – Time domain pulse of duration Ts, representing all the active subcarriers and 
containing all the data in one row from the interleaver and system control data sequence matrices. 
The transmitted waveform is the concatenation of successive OFDM symbols. 

Open Systems Interconnection (OSI) Layered Model – A multi-tiered model of network 
architecture and a suite of protocols (a protocol stack) to implement it. Developed by the 
International Standards Organization (ISO) in 1978 as a framework for international standards in 
heterogeneous computer network architecture. The OSI architecture is logically divided into seven 
protocol layers, from lowest to highest, as follows: 
 Layer 1 – Physical layer 
 Layer 2 – Data Link layer 
 Layer 3 – Network layer 
 Layer 4 – Transport layer 
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 Layer 5 – Session layer 
 Layer 6 – Presentation layer 
 Layer 7 – Application layer 

Each layer uses the layer immediately below it and provides a service to the layer above. 

Orthogonal Frequency Division Multiplexing (OFDM) – A parallel multiplexing scheme that 
modulates a data stream onto a large number of orthogonal subcarriers that are transmitted 
simultaneously (see OFDM symbol). 

parity – In binary-coded data, a condition maintained so that in any permissible coded expression, 
the total number of “1”s or “0”s is always odd, or always even. 

Primary Extended (PX) sidebands – The portion of the primary sideband that holds the additional 
frequency partitions (1, 2, or 4) inside the main partitions in the FM Extended Hybrid and All 
Digital waveforms. It consists, at most, of subcarriers 280 through 355 and −280 through –355. 

Primary Main (PM) sidebands – The ten partitions in the primary sideband consisting of 
subcarriers 356 through 545 and –356 through –545. 

primitive – basic definition of control and/or data comprising a service access point. 

pulse-shaping function – A time-domain pulse superimposed on the OFDM symbol to improve its 
spectral characteristics. 

Quadrature Phase Shift Keying (QPSK) – A form of digital phase modulation that assigns one of 
four discrete phases, differing by 90°, to the carrier. Each QPSK symbol conveys two bits of 
information. 

robustness – The ability of a logical channel to withstand channel impairments such as noise, 
interference, and fading. There are eleven distinct levels of robustness designed into Layer 1 of the 
FM air interface. One of the three characterization parameters. (see latency and transfer). 

Scrambling – The process of summing the input data bits with a pseudo-random bit stream to 
randomize the time domain bit stream. 

secondary sidebands – The sidebands to be added in the spectrum vacated by the analog signal. 
The secondary sidebands are divided into the Secondary Main (SM) sidebands containing ten 
frequency partitions, Secondary Extended (SX) sidebands containing four frequency partitions and 
the Secondary Protected (SP) sidebands containing two groups of twelve protected subcarriers. The 
secondary sidebands consist of subcarriers −279 through +279. 

Service Access Point (SAP) – The interface between Layer 1 and Layer 2 at which the data from 
Layer 2 is formatted for delivery to Layer 1. 

service control units (SCU) – Units of system control data transferred between Layer 2 and 
Layer 1. 

service data units (SDU) – Units of user content transferred from Layer 2 to Layer 1. 

service mode – A specific configuration of operating parameters specifying throughput, 
performance level, and selected logical channels. 

spectral noise and emissions limit – A specification limiting the maximum level of out-of-band 
components of the transmitted signal. 

spectral mapping – The association of specific logical channels with specific subcarriers or groups 
of subcarriers. 
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system control – Data from Layer 2 specifying service mode and analog diversity delay. 

System Control Channel (SCCH) – A channel consisting of control information from Layer 2 and 
status information from Layer 1. 

system control data sequence – A sequence of bits destined for each reference subcarrier 
representing the various system control components relayed between Layer 1 and Layer 2. 

system control processing – The function that generates the system control data sequence. 

system protocol stack – The protocols associated with operation of the layers of the OSI Reference 
Model. 

transfer – A measure of the data throughput through a logical channel. One of the three 
characterization parameters (see latency and robustness). 

transfer frame – An ordered, one-dimensional collection of data bits of specified length originating 
in Layer 2, grouped for processing through a logical channel. 

transfer frame modulus – The number of transfer frames in an L1 frame. 

transfer frame multiplexer – A device that combines two or more transfer frames into a single 
vector. 

transfer frame rate – The number of transfer frames per second entering the SAP and traversing 
Layer 1. 

transfer frame size – The number of bytes in a transfer frame. 

transmission subsystem – The functional component used to format and up-convert the baseband 
IBOC waveform for transmission through the very-high frequency (VHF) channel. 

upper sideband – The group of OFDM subcarriers (subcarriers number 0 through +546) above the 
carrier frequency. 

vector – A one-dimensional array. 

C.2 Hybrid mode laboratory performance test report 

C.2.1 Overview 

In an attempt to faithfully reproduce the full range of expected environments in a controlled 
laboratory setting, Digital System C was subject to a number of tests to measure its performance in 
the presence of co- and adjacent-channel hybrid IBOC interference and selective fading. 
Performance in a given environment is quantified using block error rate curves, which describe the 
system’s block error probability in terms of available signal-to-noise ratio. Blocks are simply large 
groups of information bits at the input to the audio decoder. Each block has an assigned cyclic 
redundancy check (“CRC”); if the CRC is incorrect, the block is deemed in error. Block error rate is 
computed by dividing the number of blocks in error by the total number of blocks received. 

In order to couch these results in the familiar context of existing analogue service, analogue audio 
from a consumer FM receiver was recorded in each of the test environments at the point where 
noticeable impairments could just be detected in the digital signal. This point is referred to as the 
digital threshold of audibility (“TOA”). For Digital System C, the digital TOA is defined as a block 
error rate of 0.01. This allows straightforward comparison between the performance of IBOC digital 
signals and existing analogue signals. 
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In particular, the following tests were performed: 

– Performance in Gaussian Noise. This test measures an upper bound to system performance 
and records analogue audio at the digital TOA, in the presence of Gaussian noise. 

– Performance in Rayleigh Fading. This test measures the performance of the desired IBOC 
signal, and records analogue audio at the digital TOA, in Gaussian noise with various types 
of Rayleigh fading.  

– Performance in the Presence of Independently Faded Interference. This test measures the 
performance of the desired IBOC signal, and records analogue audio at the digital TOA, in 
Gaussian noise and Rayleigh fading, in the presence of first-adjacent, second-adjacent, or 
co-channel hybrid IBOC signals. 

C.2.2 Definitions and assumptions 

Accurate interpretation of the results is incumbent upon a thorough understanding of the 
assumptions and definitions described below. 

C.2.2.1 Desired signal 

The desired hybrid IBOC signal was comprised of an analogue FM host signal and a baseline DSB 
signal with total power 22 dB below the total power in the host FM signal. It was generated using a 
proprietary FM IBOC DSB exciter. 

The analogue FM host signal consisted of a pilot and a main audio channel modulated by processed 
pop music. The audio processing was provided using an Omnia FM audio processor. The host FM 
signal was generated using a Harris SuperCiter FM exciter. For analogue recording at the digital 
TOA, the music was a critical listening medley of Dire Straits (31 s), Pearl Jam (32 s), and Suzanne 
Vega (11 s) developed by the National Radio Systems Committee (“NRSC”). 

C.2.2.2 Block Error Rate curves 

Performance in a given environment is provided by block error rate curves, which describe the 
system’s block error probability in terms of available Cd/N0. Block error rate is used as a metric 
since it provides the most accurate indication of the TOA of the audio codec. The TOA, defined as a 
block error rate of 0.01, is depicted on the block error rate curves as a bold horizontal line. 

Cd/N0 is defined as the carrier-to-noise-density ratio of the digital portion of the hybrid signal at the 
receiver input. Cd is a measure of the total power in the digital signal, while N0 is comprised of 
Gaussian noise (but not interfering signals) measured in a 1 Hz bandwidth. 

Assuming a mid-band carrier frequency of 100 MHz and a dipole antenna of unity gain (due to 
ground-plane losses, etc.), electric field intensity E (V/m) can be converted to carrier power C (W) 
at the input to the receiver using: 

  eAEC
π

=
120

2
 

where: 

  GAe π
λ=
4

2
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In this case, Ae = 0.716 m2 is the effective aperture of the unity-gain dipole antenna. Since the total 
power in the two DSB sidebands is 22 dB below the total power in the analogue FM, Cd (dBm) is 
computed as: 

  3022)(log10 10 +−= CCd  

To convert from noise temperature in degrees K to noise power in dBm/Hz, the following formula 
is used: 

  30)(log10 100 += kTN  

where N0 is the noise power (dBm/Hz), k is Boltzmann’s constant (j / K) (1.38 × 10–23), and T is the 
noise temperature (K). Cd/N0 (dB-Hz) is calculated by subtracting N0 (dBm/Hz) from Cd (dBm). 

Analogue recordings at the digital TOA were performed at an ambient Gaussian noise level of 
100 000 K. In a 1 Hz bandwidth, the 100 000 K temperature produces a noise power of 
−48.6 dBm/Hz. The noise was produced using a Noise/Com Gaussian noise generator, and was 
summed with the signal just prior to the receiver input. 

C.2.2.3 Interference 

The tests were performed in the presence of co-channel, first-adjacent channel, and second-adjacent 
channel interference. All analogue and digital interferers were mutually uncorrelated, FM hybrid 
IBOC signals. Hybrid IBOC signals were chosen since they represent the most challenging 
environment for digital performance. 

The analogue FM interference signals were modulated with processed pink noise using a Sencore 
SG-80 FM Stereo Analyser. Pink noise is simply white Gaussian noise that has been filtered with a 
3 dB/octave rolloff and is subsequently processed using an Orban FM Optimod 2200D. The pink 
noise was generated by the Audio Precision System Two 2322. 

C.2.2.4 Fading 

The selective-fading channel was modelled by summing a number of delayed and attenuated 
flat-faded Rayleigh paths. Four different multipath models were used: “urban slow”, “urban fast”, 
“rural fast”, and “terrain-obstructed fast”. The “fast” and “slow” modifiers refer to the ground speed 
of the vehicle on which the receiver is mounted. This ground speed directly determines the degree 
of Doppler spread experienced by the signal. The fading scenarios are summarized in Tables C.14 
through C.17. 

These fading profiles were generated in the laboratory using a Noise/Com MP2700 Multipath 
Fading Emulator. Both desired and interfering signals were independently faded per these profiles. 
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TABLE  C.14 

Urban slow Rayleigh multipath profile 

 

 

TABLE  C.15 

Urban fast Rayleigh multipath profile 

 

 

Ray Delay 
(µs) 

Doppler 
(Hz) 

Attenuation 
(dB) 

1 0.0 0.1744 2.0 
2 0.2 0.1744 0.0 
3 0.5 0.1744 3.0 
4 0.9 0.1744 4.0 
5 1.2 0.1744 2.0 
6 1.4 0.1744 0.0 
7 2.0 0.1744 3.0 
8 2.4 0.1744 5.0 
9 3.0 0.1744 10.0 

Ray Delay 
(µs) 

Doppler 
(Hz) 

Attenuation 
(dB) 

1 0.0 5.2314 2.0 
2 0.2 5.2314 0.0 
3 0.5 5.2314 3.0 
4 0.9 5.2314 4.0 
5 1.2 5.2314 2.0 
6 1.4 5.2314 0.0 
7 2.0 5.2314 3.0 
8 2.4 5.2314 5.0 
9 3.0 5.2314 10.0 
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TABLE  C.16 

Rural fast Rayleigh multipath profile 

 

TABLE  C.17 

Terrain-obstructed fast Rayleigh multipath profile 

 

C.2.2.5 Analogue FM audio recordings at digital TOA 

A Delco car stereo (part number 16195161) was used to assess analogue audio quality at the digital 
TOA in each of the test environments. An RF signal was delivered to the analogue receiver over 
coaxial cable through a BNC connector. Left- and right-channel audio outputs were recorded using 
an Akai DR8 eight-channel digital recorder.  

Ray Delay 
(µs) 

Doppler 
(Hz) 

Attenuation 
(dB) 

1 0.0 13.0785 4.0 
2 0.3 13.0785 8.0 
3 0.5 13.0785 0.0 
4 0.9 13.0785 5.0 
5 1.2 13.0785 16.0 
6 1.9 13.0785 18.0 
7 2.1 13.0785 14.0 
8 2.5 13.0785 20.0 
9 3.0 13.0785 25.0 

Ray Delay 
(µs) 

Doppler 
(Hz) 

Attenuation 
(dB) 

1 0.0 5.2314 10.0 
2 1.0 5.2314 4.0 
3 2.5 5.2314 2.0 
4 3.5 5.2314 3.0 
5 5.0 5.2314 4.0 
6 8.0 5.2314 5.0 
7 12.0 5.2314 2.0 
8 14.0 5.2314 8.0 
9 16.0 5.2314 5.0 
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These recordings were subsequently used to assess analogue audio quality at the digital TOA for 
each environment. At the time of measurement, the test engineer roughly quantized the audio 
quality into one of three categories: 
– imperceptible degradation; 
– audible degradation; 
– degradation beyond the point of failure (“POF”). 

Note that the analogue audio was recorded in the existing analogue environment; all digital 
subcarriers – both desired and interfering – were removed prior to recording. This allows a fair 
appraisal of analogue signals as they currently exist at the signal and noise levels where digital 
signals begin to degrade. 

Although inherently subjective, to lend repeatability to the test and remove human inconsistency, 
the digital TOA has been quantified as a block error rate of 0.01. Not only does this preclude bias of 
the test engineer, it allows direct interpretation of the measured block error rate curves. 

C.2.3 Test procedures 

In the following tests, digital performance is depicted using block error rate curves. The analogue 
audio recordings allow comparison of potential digital performance with existing analogue service. 

C.2.3.1 Performance in Gaussian noise 

This test measures an upper bound to system performance, and records analogue audio at the digital 
TOA, in the presence of Gaussian noise, in the absence of Rayleigh fading and interference. The 
test setup is shown in Fig. C.14. 

FIGURE  C.14 

Gaussian noise test setup 
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a) Transmit a 54 dBu desired hybrid IBOC signal. Add white Gaussian noise at a level which 
produces the desired Cd/N0. 

b) Run until either 100 block errors are observed, or 10 min have elapsed, whichever takes 
longer. Record the block error rate. 

c) Repeat steps a) and b) for at least two other values of Cd/N0. Attempt to set the Cd/N0 so 
that the resulting curve intersects the TOA. 

d) Adjust the noise level to produce 100 000 K white Gaussian noise, and vary the level of the 
signal until a block error rate of 0.01 is attained. 

e) Remove the digital sidebands from the desired signal and record the resulting audio from 
the analogue receiver using the Akai digital recorder. Record the filename and assign an 
analogue audio quality rating (imperceptible, audible, or beyond POF). 

C.2.3.2 Performance in Rayleigh fading 

This test measures system performance, and records analogue audio at the digital TOA, in Gaussian 
noise and in various types of Rayleigh fading. The test setup is shown in Fig. C.15. 

FIGURE  C.15 

Rayleigh fading test setup 
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a) Transmit a 54 dBu desired hybrid IBOC signal in an urban-fast 9-ray fading environment. 
Add white Gaussian noise at a level which produces the desired Cd/N0, measuring over 
sufficient duration to average the fading-induced amplitude variations. 

b) Run until either 100 block errors are observed, or 10 min have elapsed, whichever takes 
longer. Record the block error rate. 

c) Repeat steps a) and b) for at least two other values of Cd/N0. Attempt to set the Cd/N0 so 
that the resulting curve intersects the TOA. 

d) Adjust the noise level to produce 100 000 K white Gaussian noise, and vary the level of the 
signal until a block error rate of 0.01 is attained. 

e) Remove the digital sidebands from the desired signal and record the resulting audio from 
the analogue receiver using the Akai digital recorder. Record the filename and assign an 
analogue audio quality rating (imperceptible, audible, or beyond POF). 
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f) Repeat steps a) through e) using the urban slow, rural fast, and terrain-obstructed fast 
fading profiles. When using the urban slow profile, run block error rate points until at least 
30 min have elapsed to ensure a statistically significant sample. 

C.2.3.3 Performance in the presence of independently faded interference 

This test measures system performance in Gaussian noise and Rayleigh fading, in the presence of 
independently faded first-adjacent, second-adjacent, and co-channel hybrid IBOC interferers. The 
test setup is shown in Fig. C.16. 

FIGURE  C.16 

Independent faded interference test set-up 
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a) Transmit a 54 dBu desired hybrid IBOC signal in an urban-fast 9-ray fading environment, 
in the presence of an independently faded hybrid IBOC first-adjacent interferer whose total 
power is 6 dB below the total power in the desired signal. Add white Gaussian noise at a 
level which produces the desired Cd/N0, measuring over sufficient duration to average the 
fading-induced amplitude variations. 

b) Run until either 100 block errors are observed, or 10 min have elapsed, whichever takes 
longer. Record the block error rate. 

c) Repeat steps a) and b) for at least one other value of Cd/N0. Attempt to set the Cd/N0 so that 
the resulting curve intersects the TOA. 

d) Adjust the noise level to produce 100 000 K white Gaussian noise, and vary the level of the 
signal until a block error rate of 0.01 is attained. 
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e) Remove the digital sidebands from the desired signal and record the resulting audio from 
the analogue receiver using the Akai digital recorder. Record the filename and assign an 
analogue audio quality rating (imperceptible, audible, or beyond POF). 

f) Repeat steps a) through e) using first-adjacent interferers whose total power is 18 dB, 
24 dB, and 30 dB below the total power in the desired signal. 

g) Repeat steps a) through e), replacing the first-adjacent interferer with a single 
independently faded hybrid IBOC second-adjacent interferer whose total power is 20 dB 
above the total power in the desired signal. 

h) Repeat steps a) through e), replacing the second-adjacent interferer with a single 
independently faded hybrid IBOC co-channel interferer whose total power is 10 dB and 
20 dB below the total power in the desired signal. 

C.2.4 Test results 

The test results are summarized in Table C.18. In this Table, the fading profile is denoted by UF 
(urban fast), US (urban slow), RF (rural fast), or TO (terrain-obstructed fast), and is independently 
applied to the desired signal and each of the interferers. The interference level is given in units of 
dBdes, which is defined as dB relative to the total power of the desired hybrid signal. 

For each block error rate test, Table C.18 lists the interference scenario under which it was run, the 
Cd/N0 (dB-Hz), the fading profile, the level of the interference, and the measured block error rate. 

C.2.4.1 Performance in Gaussian noise 

This test measured an upper bound to system performance and recorded analogue audio at the 
digital TOA in the presence of Gaussian noise, in the absence of Rayleigh fading and interference. 
Performance is shown in the block error rate curves of Fig. C.17, and summarized in Table C.18. 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded. 

C.2.4.2 Performance in Rayleigh fading 

This test measured system performance and recorded analogue audio at the digital TOA in Gaussian 
noise and in various types of Rayleigh fading. Performance is shown in the block error rate curves 
of Fig. C.17, and summarized in Table C.18. Results indicate an insensitivity to fading profile, 
except in the case of urban slow fading, which produces signal fades of very long duration. The 
urban slow fading profile produces particularly annoying outages in existing analogue 
transmissions. 

C.2.4.2.1 Urban Fast 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded. 

C.2.4.2.2 Urban Slow 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded. 

C.2.4.2.3 Rural Fast 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded. 
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C.2.4.2.4 Terrain Obstructed Fast 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded. 

FIGURE  C.17 

Block Error Rate results of the Hybrid System in 
different types of 9-ray fading and AWGN 
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TABLE  C.18 

FM Hybrid IBOC DSB performance test results 

Digital 
Performance

54.1 0.16
54.5 0.032
55.1 0.0029
55.4 0.8
56.4 0.056
57.3 0.012
59.3 0.106
60.4 0.054
61.4 0.0202
55.9 0.6
56.8 0.087
57.8 0.007
55.9 0.317
56.9 0.026
57.8 0.001
61.5 0.075
62.4 0.045
63.4 0.00842
59.4 0.077
60.3 0.012
61.3 0.006
58.2 0.0735
59.2 0.0109
60.1 0.005
57.2 0.0287
58.2 0.0082
57.9 0.1
58.9 0.018
60.5 0.00085
60.2 0.013
61.3 0.0097
65.3 0.00014
58.4 0.013
59.3 0.0011
60.4 0.00035

Tests
2nd Adj 
(dB des )

Cd/No   
(dB-Hz) Fading

Co-Chan 
(dB des )

1st Adj 
(dB des )

Block Error 
Rate Filename

Subjective 
Audio 

Degradation

Input Parameters

Analog Subjective 
Evaluation at Digital 

TOA

         Measurements

Co-channel 
Interference

audio1.wav

2nd Adjacent 
Interference

audio7.wav1st Adjacent 
Interference

TO

audible

US

Gaussian Noise  
(No Fading/     

No Interference)

9-Ray Fading

audio4.wav audible

audio3.wav audible

UF

audible

audible

UF -6.0 audio6.wav

audio5.wav

audible

audio8.wav audible
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audible
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audio12.wav audible

RF

UF -18.0

UF -24.0

UF -30.0
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C.2.4.3 Performance in the presence of independently faded interference 

This test measured system performance and recorded analogue audio in Gaussian noise and 
Rayleigh fading, in the presence of independently faded first-adjacent, second-adjacent, and 
co-channel hybrid IBOC interferers. Each interferer was passed through the same type of Rayleigh 
fading channel as the desired signal; however, all signals were independently faded, and were 
therefore uncorrelated. 
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C.2.4.3.1 Single First-Adjacent Interference 

Properly spaced Class B stations are protected to the 54 dBu contour from first-adjacent channel 
interference exceeding 48 dBu in 50% of the locations for 10% of the time. As a result, tests were 
performed with first-adjacent hybrid interferers of varying power, up to a level that is 6 dB below 
that of the desired signal. 

The block error rate results are shown in Fig. C.18, and summarized in Table C.18. As might be 
expected, performance degrades as the interference level increases from –30 dBdes to −6 dBdes. 
However, the First-Adjacent Cancellation (“FAC”) algorithm employed in the receiver ensures 
superior system performance, even with a high-level first-adjacent interferer in an urban fast-fading 
environment. Table C.18 gives the subjective analogue audio evaluation, which indicates that, just 
prior to digital TOA, analogue audio quality is audibly degraded for all levels of first adjacents. 

C.2.4.3.2 Single Co-channel Interference 

Properly spaced Class B stations are protected to the 54 dBu contour from co-channel interference 
exceeding 34 dBu in 50% of the locations for 10% of the time. This means that 90% of the time at 
the 54 dBu contour the D/U exceeds 20 dB. Based on this information, a number of observations 
can be made regarding the character of co-channel interference. 

A hybrid co-channel interferer should have a minimal effect on the performance of the desired 
digital signal, since it will usually be at least 20 dB lower in power than the digital sidebands at the 
54 dBu analogue protected contour. This has been verified via laboratory test. A –20 dBdes hybrid 
co-channel interferer was applied to the desired hybrid signal in an urban fast-fading environment. 
The block error rate results are shown in Fig. C.18, and are summarized in Table C.18. Figure C.18 
indicates that adding a –20 dBdes hybrid co-channel interferer degrades performance by only about 
1 dB. Figure C.18 also shows that, even if the level of the co-channel interferer were increased to 
−10 dBdes, the incremental degradation would be limited to less than 3 dB. 

Table C.18 gives the subjective analogue audio evaluation, which indicates that, just prior to digital 
TOA, analogue audio quality is audibly degraded for a –20 dBdes co-channel interferer. For a 
−10 dBdes co-channel interferer, analogue audio quality is degraded beyond the point of failure 
before the digital audio even reaches its TOA. 

C.2.4.3.3 Single Second-Adjacent Interference  

A hybrid IBOC second-adjacent interferer may have a slight effect on digital performance, since 
interference side lobes could spill into the desired digital sidebands. This effect has been quantified 
in laboratory tests. A single +20 dB hybrid second-adjacent interferer was applied to the desired 
hybrid signal in an urban fast-fading environment. The block error rate results are shown in 
Fig. C.20, and are summarized in Table C.18. Figure C.20 indicates that adding a +20 dB hybrid 
second-adjacent interferer degrades performance by about 2 dB. Table C.18 gives the subjective 
analogue audio evaluation, which indicates that, just prior to digital TOA, analogue audio quality is 
audibly degraded. 
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FIGURE  C.18 

Block Error Rate results of a Hybrid System in 9-ray urban fast fading with an 
independently faded first – adjacent interferer 
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FIGURE  C.19 

Block Error Rate results of the Hybrid System with an independently faded 
10-channel interferer 
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FIGURE  C.20 

Block Error Rate results of the Hybrid system with an independently 
faded second adjacent interferer 
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C.2.5 Conclusions 

The recordings indicate that, in all environments tested, at the point where the digital signal begins 
to degrade, the corresponding analog audio itself exhibits audible degradation. This implies that 
analog audio is degraded at signal levels where digital audio degradation is not yet perceptible. As a 
result, up to the point of digital TOA, the performance of the digital signal surpasses that of the 
existing analog signal. And when the digital signal finally begins to exhibit degradation, the IBOC 
receiver will automatically blend to analog. Therefore, the performance of the Digital System C is 
better than the performance of existing analog FM service. 
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C.3 Hybrid Mode laboratory compatibility tests 

C.3.1 Background 
The Advanced Television Technology Center (“ATTC”) of Alexandria, Virginia was commissioned 
to test the compatibility of Digital System C operating in a hybrid mode with existing analogue 
radios. ATTC is a private, non-profit corporation organized by the broadcast and consumer products 
industries to test digital broadcast systems. 

C.3.2 Test overview 

C.3.2.1 Receiver selection process 
The following three consumer FM receivers were randomly selected from each of their broad 
classes: 
– Automotive – Delco 16195161 FM stereo  
– Home HiFi – Yamaha HTR5130 
– Portable – Philips AZ1020/17 boombox 

C.3.2.2 ATTC test bed 
An automated test bed was constructed at the ATTC facility for compatibility testing of Digital 
System C. The system is capable of testing receivers under static and fading conditions, with up to 
two simultaneous interferers. The desired signal and its undesired interferers can be configured as 
either conventional analogue signals or hybrid IBOC signals. 

The equipment employed in the test bed is controlled by a custom computer program that was 
designed to implement the guidelines for testing IBOC systems. These guidelines were developed in 
1999 by the NRSC. The NRSC is jointly sponsored by the National Association of Broadcasters and 
the Consumer Electronics Association to study and make recommendations for technical standards 
that relate to radio broadcasting. The test bed’s flexible architecture allows the ATTC to fully test a 
receiver by performing 558 tests and record 27 900 signal-to-noise ratios in a period of less than ten 
hours. This automated system ensures accurate recording of data, and allows the expeditious 
completion of the test program. 

The test bed employs commercial off-the-shelf broadcast exciters, audio processing equipment, and 
subcarrier generators. The digital portion of the hybrid IBOC signal was generated using the IBOC 
2000 Exciter. The digital signal was subsequently summed with the output of the analogue 
broadcast chain to create the hybrid IBOC signal. The level of the DSB sidebands was 22 dB below 
the level of the analogue host. The equivalent of 100 000 K Gaussian noise was added to the signal 
to accurately reflect the actual environment in which receivers operate.  

C.3.2.3 Test description 
These tests measured the resulting change in audio signal-to-noise ratio (“SNR”) and total harmonic 
distortion (“THD”) when DSB sidebands were added to an existing analogue host or interfering 
signals for each of the receivers in static conditions (i.e. no fading). This test is comprised of the 
following procedures: 
– Single Interferers: These tests measured SNR and THD changes caused by the addition of 

DSB to the interfering signals, over a range of desired-to-undesired signal (“D/U”) ratios, 
with single upper or lower, first or second adjacent interferers. 

– Dual Interferers: These tests measured SNR and THD changes caused by the addition of 
DSB to the interfering signals, over a range of D/U ratios, with various combinations of 
dual upper and lower, first and second adjacent interferers. 
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– Co-channel interferers: These tests measured SNR and THD changes caused by the 
addition of DSB to the interfering signals, over a range of D/U ratios, with a single 
co-channel interferer. 

– Host compatibility: These tests measured SNR and THD changes caused by the addition of 
DSB to the host signal, over a range of desired signal levels. 

C.3.3 Test results 

The ATTC reported the results of over 546 interference scenarios, 1 674 desired to undesired signal 
ratios, and 83 700 SNR tests. The report focuses the presentation of results on the interference 
scenarios indicated in Table C.19, which might be expected at the edge of the protected contour of a 
typical FM station. 

TABLE  C.19 

Tested interference scenarios 

 

For these D/U ratios, the ATTC objective test report presents the changes in host analogue SNR and 
THD caused by the addition of –22 dB DSB sidebands to an analogue interferer or to the host. 

C.3.3.1 Objective test results 

The ATTC results may be summarized as follows: 

– Single first adjacent. The addition of –22 dB DSB sidebands to a single, −6 dB analogue 
first adjacent degrades the audio SNR by an average of 4.2 dB.  

– Single second adjacent. The addition of –22 dB DSB sidebands to a single, +20 dB 
analogue second adjacent degrades the audio SNR by an average of 1.85 dB.  

– Dual interferers. The addition of –22 dB DSB sidebands to various combinations of dual 
adjacent interferers degrades the audio SNR by an average of 4.1 dB. Simultaneous 
adjacent channel interference is generally not found in the real world, given the present 
allocation structure, at the levels tested in the ATTC compatibility document. However, that 
does represent the extreme and was worthy of investigation by the ATTC. 

– Co-channel interference. The addition of –22 dB DSB sidebands to a single, −20 dB 
analogue co-channel degrades the audio SNR by an average of 0.06 dB.  

– Host compatibility: The addition of –22 dB DSB sidebands to a desired analogue host 
degrades the audio SNR by an average of 0.4 dB over a range of desired signal levels. 

Desired signal levels Level of desired signal relative to the 
interferer (D/U) 

 Co-channel 1st adjacent 
channel 

2nd adjacent 
channel 

Moderate: −62 dBm +20 dB +6 –20  
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C.3.4 Conclusions 

The compatibility tests conducted by the ATTC have demonstrated that the addition of DSB 
sidebands to analogue signals may slightly degrade the audio SNR. In the majority of signal 
environments, the addition of DSB sidebands to the analogue host caused negligible degradation. 
Even though slight decreases in audio SNR were measured, the effects should largely go unnoticed 
in normal listening environments. 

C.4 Hybrid Mode field tests conducted in 2000 

C.4.1 Overview 

Three sets of field tests were performed on the system. The Digital Coverage tests illustrate that the 
DSB audio quality exceeds that of an existing analogue FM signal and show that IBOC DSB offers 
coverage comparable to existing analogue service. The First Adjacent Compatibility test verifies 
that the DSB signal does not interfere with the reception of first adjacent analogue FM signals. 
Finally, the Host Compatibility test shows that the digital portion of the hybrid IBOC DSB signal 
does not interfere with its analogue host. 

C.4.2 Test setup 

C.4.2.1 Station configuration 

The test stations were modified, as shown in Fig. C.21, to generate the FM hybrid IBOC DSB 
signal. Figure C.21 shows that, when the source audio enters the DSB exciter, it is split into two 
paths. 

The first path routes the audio out of the DSB exciter to the DSB audio processor. The processed 
audio is then returned to the DSB exciter, where audio encoding and DSB modulation is applied to 
produce the digital portion of the hybrid signal. The output of the DSB exciter is then amplified by 
a linear HPA, before being routed to the high-power combiner. 

The second path routes the audio to the diversity delay for blend before sending it to the analogue 
audio processor. The processed analogue audio is then input to the analogue FM exciter and FM 
transmitter to produce the host portion of the hybrid signal. Finally, the analogue host portion is 
combined with the DSB to produce the final IBOC FM hybrid signal. 

C.4.2.2 Van configuration 

Mobile test platforms were created to collect data while performing field tests. Test vans were 
modified to support the equipment and interfaces shown in Fig. C.22. Test data was acquired and 
stored using a proprietary Field Test PC application. Table C.17 describes the manufacturer and 
model number of the test equipment in the van. 

The Field Test PC provides a graphical user interface (“GUI”), and controls and collects data from 
three sources:  

– GPS receiver; 

– Spectrum analyser; 

– DSB receiver. 
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FIGURE  C.21 

Diagram of typical FM transmitter setup 
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C.4.2.2.1 GPS receiver data and processing 

The following data is collected by the GPS receiver over an RS-232 interface: 

– GPS time; 

– GPS position (latitude and longitude). 

During setup, the operator enters the position of the transmitter. Current latitude and longitude are 
then taken directly from the GPS receiver and displayed. The application uses this information to 
compute and display the current distance from the transmitter. 

C.4.2.2.2 Spectral data and processing 

The following data is collected by the spectrum analyser over a GPIB interface: 

– lower first adjacent signal level; 

– upper first adjacent signal level; 

– lower second-adjacent signal level; 

– upper second-adjacent signal level; 

– desired signal level. 

This data is then displayed directly by the Field Test PC application. 
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C.4.2.2.3 DSB receiver data and processing 

The following data is collected from the DSB receiver over an RS-232 interface: 

– desired signal strength; 

– DSB receiver audio mode (digital or analogue); 

– cumulative blend counter, which increments whenever the receiver changes its blend status. 

C.4.2.2.4 PC application 

This application displays new data from each device every 8 s. All data shown on the display is also 
stored to a file. The data stored in this file is then re-formatted to generate a strip-chart recording, 
which plots the variation of select parameters with time over the length of the test. 

C.4.2.2.5 Video processing and storage 

Video cameras are mounted on the front and back of each test van. The outputs from each camera, 
along with the video display from the spectrum analyser, are multiplexed into one image by a 
quad-screen controller, and recorded on videotape. The operator keeps logs to coordinate the stored 
images with the data collected by the Field Test PC application. 

C.4.2.2.6 Audio processing and storage 

During Digital Coverage Testing, the Akai DR8 digital audio recorder simultaneously records audio 
from the Delco and IBOC receivers. During First Adjacent and Host Compatibility Testing, the 
digital audio recorder simultaneously records audio from all test receivers: the Delco car stereo, 
Yamaha home HiFi, and Philips boombox (host compatibility test only). All audio and video 
equipment is controlled manually. 

TABLE  C.20 

Test equipment manufacturer and model numbers 

 

Type Manufacturer Model 

Spectrum Analyser Hewlett Packard HP-8591 
Video Multiplexer Capture CPT-MQ4 

VCR AVE RT195 
Video Camera(s) Marshall V1212BNC 

GPS Receiver Garmin GPS II 
Digital Recorder Akai DR8 Hard Disk 

Car Stereo Delco 16195167 
Home HiFi Yamaha HTR-5130 
Boombox Philips Magnavox AZ1020 
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FIGURE  C.22 

Test van equipment setup 
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C.4.3 Digital coverage tests 

C.4.3.1 Overview 

This test measures the digital coverage of the hybrid IBOC signal. During the testing the following 
information was stored: 

– data from the Field Test PC application; 

– video from the spectrum analyser; 

– video from the front and back cameras; 

– audio from the Delco and IBOC receivers. 

C.4.3.2 Route selection 

The following steps were followed to create the routes travelled by the test vans: 

– Radials were plotted for at least six azimuth lines from the transmitter site. 

– The shortest driving routes were selected to approximate the desired radials. 

– Driving instructions from commercial mapping software were obtained for each route. 

– Efforts were made to route the van through areas of varying terrain, with urban and 
suburban population densities. 
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C.4.3.3 Test Procedure 
a) At the starting location, tune the PC, the IBOC receiver, and the Delco receiver to the 

desired operating frequency. Enter the GPS coordinates of the transmitter site into the PC. 
Load the recording media into the Digital Audio Recorder, set the analogue audio levels, 
and label the audio cut. Place a tape into the VCR and setup to record. 

b) All notes, tapes, and data should have the same time reference, which is derived from the 
GPS. Be sure all clocks are synchronized. 

c) Simultaneously begin recording on the VCR, Digital Audio Recorder, and PC. 

d) Follow driving instructions for the selected radial. Proceed to the end of the planned route, 
or to a point several miles beyond the edge of digital coverage.  

e) Close all files, and remove and mark all tapes. 

f) Repeat steps a) through e) for all radials. 

C.4.3.4 Presentation of test results 

The field test results are summarized using maps illustrating the extent of IBOC coverage. The 
maps, using data recorded by the Field Test PC application, colour code the audio mode of the 
IBOC receiver along each of the field test radials. The colours signify three main regions of IBOC 
coverage: 

– Black indicates the portion of the radial where digital audio is uninterrupted. 

– Yellow indicates the portion of the radial where the audio is blending between analogue 
and digital. 

– Red indicates the portion of the radial where digital audio is no longer available, and the 
receiver has blended to analogue. 

C.4.3.5 Washington/Baltimore tests 

WETA, a Class B FM public radio station which broadcasts 75.0 kW effective radiated power 
(“ERP”) at 90.9 MHz in the Washington, D.C. metropolitan area, was used to test the range of 
digital coverage tests. The transmitter is located at 38 53’30” N latitude and 77 07’55” W longitude. 
The power in each of the DSB sidebands was 25 dB below the total power in the analogue host; 
thus, the total digital power was 473 W ERP. 

This report illustrates the IBOC DSB coverage for all six test radials. One radial that runs northeast 
through Washington, D.C. and Baltimore, Maryland was selected for more detailed analysis in this 
report. This radial was selected because it illustrates the performance of one IBOC station in two 
major metropolitan areas; the radial passes directly through the center of each city. In particular, the 
analysis focuses on three critical locations along this radial: 

– Test Point 1. This test point, indicated on the IBOC coverage map as TP 1, is located 
where digital audio is continuously available. 

– Test Point 2. This test point, indicated on the IBOC coverage map as TP 2, is located 
where the audio first blends from digital to analogue. 

– Test Point 3. This test point, indicated on the IBOC coverage map as TP 3, is located 
where the audio blends from digital to analogue for the last time on this radial. 

Figure C.23 illustrates the extensive coverage of Digital System C on the six test radials. The 
northeast radial contains designations for the three test points analysed. 
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FIGURE  C.23 

WETA FM IBOC coverage map 

 
(scale: 1” = 18.4 km) 

C.4.3.5.1 Comparison of IBOC coverage to existing analogue signal levels 

To provide context to the measured IBOC coverage shown in Fig. C.23, the test radials have been 
superimposed on a map which predicts the analogue signal levels of WETA. This map is shown in 
Fig. C.24. 

This map, generated using Longley-Rice propagation prediction software, displays the predicted 
analogue signal strength at a given location using colour-coded pixels. For example, green areas 
correspond to signal levels in the 50 to 59 dBu range; a location on the innermost portion of the 
green area would have a signal strength of 59 dBu, while a location on the outer edge of the green 
area would have a signal strength of 50 dBu. 

Actual recordings confirm the validity of the propagation predictions in Fig. C.24. The recordings 
indicate that the IBOC receiver begins to blend at desired signal levels of about 45 dBu. 
Figure C.24 shows that blends for most radials commence in the center of the light-blue region, 
which corresponds to a 45 dBu signal level. Therefore, actual field measurements verify that the 
signal-strength prediction map of Fig. C.24 is indeed accurate. 



- 473 - 

 

C.4.3.5.2 Comparison of measured digital performance with existing analogue service 

Besides showing that the IBOC receiver begins to blend at a signal level of about 45 dBu, Fig. C.24 
illustrates that the edge of digital coverage lies beyond the 40 dBu signal level, and that solid, 
unperturbed digital coverage extends to the 50 dBu signal level. It can be shown from Fig. C.24 that 
IBOC digital coverage is comparable to existing analogue coverage. To further interpret these 
results, the data collected at each test point is discussed below. 

FIGURE  C.24 

Overlay of IBOC coverage radials onto analogue signal strength prediction map 

 

(scale: 1” = 18.4 km) 
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C.4.3.5.2.1 Test point 1: Uniform digital coverage 

Performance in this region is characterized by uninterrupted, virtual CD-quality digital audio. This 
region extends beyond signal strengths of 50 dBu, and is indicated in Figs. C.23 and C.24 by black 
radials. The field test data shows that Digital System C covers a huge area with no lapses in digital 
coverage; the audio is completely free of degradation due to the noise, multipath, and interference 
that typically plague existing analogue service. 

Analysis of recordings made at Test Point 1 show while the analogue receiver suffers from the 
effects of noise and multipath, the IBOC receiver delivers unimpaired, virtual CD-quality audio. 
Not only is the digital audio free of impairments when analogue audio is not; the digital audio 
quality is superior to analogue, even when the analogue audio is unimpaired. 

C.4.3.5.2.2 Test point 2: Blend area 

This test point is located just beyond the point of the initial blend to analogue. Performance around 
Test Point 2 is characterized by recurrent blending between analogue and digital audio. This point is 
located near the 45 dBu signal level, at the first black-to-yellow transition on the Washington-
Baltimore test radial of Figs. C.23 and C.24. 

Audio recordings made at Test Point 2 demonstrate the seamless performance of the blend function, 
and indicate that the IBOC receiver, even while recurrently blending, delivers audio quality which 
is superior to the analogue receiver. In fact, analogue audio from the IBOC receiver often sounds 
better than audio from the analogue receiver, due largely to proprietary FM demodulation 
techniques developed to mitigate the effects of multipath. 

The recordings also indicate that, at the point where the digital signal begins to degrade – that is, the 
blend point – the corresponding analogue audio itself exhibits audible degradation. Hence, the 
analogue audio is degraded at signal levels where digital audio degradation is not yet perceptible. 
The same conclusion was made as a result of the laboratory performance tests; this field data simply 
confirms the laboratory results. 

C.4.3.5.2.3 Test point 3: Edge of digital coverage 

This test point is located at the edge of digital coverage, around the point of the final blend to 
analogue. Performance around Test Point 3 is dominated by analogue audio, with a couple of brief 
blends to digital. This point falls between signal levels of 30 dBu and 40 dBu, at the yellow-to-red 
transition on the Washington-Baltimore test radial of Figs C.23 and C.24. 

Audio recordings around TP3 indicate that, for much of the segment, both the digital and analogue 
receivers’ audio is beyond the point of failure. This field data validates the results of the laboratory 
evaluations, which indicate that the point of failure for existing analogue radios lies between 
received signal strengths of 30 dBu and 40 dBu. As a result, the coverage of the IBOC signal is 
comparable to that of existing analogue service. 

Most importantly, these results show the graceful degradation of the IBOC signal. When the digital 
signal degrades sufficiently, the receiver blends to analogue, without subjecting the listener to 
annoying digital artifacts, drop-outs, and muting. In this manner, the performance of the IBOC 
signal can never be worse than, and is usually much better than, the performance afforded by 
existing analogue service. 
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C.4.3.6 Las Vegas performance tests 

These tests analysing the system’s resistance to multipath interference were conducted using 
KWNR, a Class C FM commercial radio station which broadcasts 92.0 kW Effective Radiated 
Power (“ERP”), with a transmitter power output of 29 kW at 95.5 MHz in the Las Vegas, Nevada 
metropolitan area. The station’s transmitter is located on a mountain outside Las Vegas with 
coordinates 36 00’31” N latitude and 115 00’22” W longitude. The test procedures and approach 
were similar to those used for the Washington/Baltimore tests. 

It is well known that the Las Vegas, Nevada area is located in a “bowl” shaped desert valley. 
Mountainous areas encircling the city often block completely the KWNR analogue signal. This 
shadowing also impacts digital reception. The tests indicated system blending occurs as a result of a 
significant drop in received signal strength. When cross-referenced to the corresponding terrain 
profile, it becomes apparent that blending begins at a point that experiences extreme terrain 
shadowing. In fact, the signal profile closely approximates the terrain profile, indicating that signal 
strength is proportional to elevation. 

Figure C.25 illustrates the coverage of the digital system in all test radials. 

C.4.3.6.1 Comparison of IBOC coverage to existing analogue signal levels 

To facilitate a meaningful comparison of analogue and digital coverage, the test radials are 
superimposed in Fig. C.25 on a map which predicts the analogue signal levels of KWNR.  

This map, generated using Longley-Rice propagation prediction software, displays the predicted 
analogue signal strength at a given location using colour-coded pixels. For example, green areas 
correspond to signal levels in the 50 to 59 dBu range; a location on the innermost portion of the 
green area would have a signal strength of 59 dBu, while a location on the outer edge of the green 
area would have a signal strength of 50 dBu. 

Field recordings for each radial were used to confirm the validity of the propagation predictions in 
Fig. C.25. The recordings confirm the IBOC receiver begins to blend at desired signal levels of 
about 45 dBu. Figure C.25 shows that blends for most radials commence in the center of the light-
blue region, which corresponds to a 45 dBu signal level. Therefore, actual field measurements 
verify that the signal-strength prediction map in Fig. C.25 is indeed accurate. 

C.4.3.6.2 Comparison of measured digital performance with existing analogue service 

Besides showing that the IBOC receiver begins to blend at a signal level of about 45 dBu, Fig. C.25 
illustrates that the edge of digital coverage lies beyond the 40 dBu signal level, and that solid, 
unperturbed digital coverage extends to the 50 dBu signal level. As was the case with the 
Washington/Baltimore tests, these results demonstrate digital coverage is comparable to existing 
analogue coverage. To further interpret these results, the data collected at each test point is 
discussed below. 

The Las Vegas tests confirm the results observed in Washington/Baltimore. Performance initially is 
characterized by uninterrupted, virtual CD-quality digital audio beyond signal strengths of 50 dBu. 
Performance is characterized by recurrent blending between analogue and digital near the 45 dBu 
signal level. The edge of digital coverage falls between signal levels of 30 dBu and 40 dBu. 
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C.4.3.6.2.1 Test radials 
Each of the eight test radials extend outward from the KWNR transmitter site in as straight a line as 
local highways allow. In any case, distance from the transmitter always increases (or decreases) 
with time. Due to the wide variance in terrain, analogue and digital signal characteristics on each 
radial are worthy of further description: 

45° Radial 

The 45° radial run began approximately 27 km from the transmitter without any terrain blockage. 
Altitude increased from 700 to 900 m AMSL heading northeast for another 27 km. During this time 
the digital audio quality showed no impairment, while the analogue was distorted by a small 
amount of the “specular multipath” characteristic of this area. The first blend to analogue occurred 
at 54 km from the transmitter, where the test radial was in the shadow of a mountain that exceeded 
the path clearance by 500 m. The route emerged out of the shadow at 57 km, where the system 
reacquired digital audio. The signal remained digital until 64 km, when again, the route was 
shadowed. The route continued heading northeast. At this point, the system blended to analogue 
three more times. At 75 km from the transmitter, the digital signal level dipped below the threshold 
of detection. Recordings indicated the point of blend to analogue uniformly occurs at a level of 40 
to 45 dBu. The analogue audio quality at this point is sufficiently degraded as to become 
unlistenable.  

90° Radial 

The 90° radial run began shortly before crossing the peak of Sunrise Mountain, to the west of Las 
Vegas. After cresting the peak, the KWNR signal was severely degraded by the shadowing of the 
immediately adjacent rock outcroppings. Most of the recovered analogue transmission at this point 
was reflected signal, with severe multipath. After emerging from behind Sunrise Mountain, the 
receiver blended back to digital and remained unimpaired until 48 km from the transmitter. At this 
point, the local terrain elevation was approximately 150 m below a clear transmission path and the 
received field approached 45 dBu. The receiver blended to analogue and remained that way for the 
remainder of the radial, except for a few transitions to digital from 55 to 65 km. 

135° Radial 

The 135° radial began 58 km from the transmitter on the Arizona side of the Colorado River. This 
radial was run in a reverse direction (towards the transmitter). Where data collection began, the 
signal had blended to severely impaired analogue. The terrain profile at this point was that of a 
desert plain, with mountain ranges that shadow the KWNR signal on each side of the river. 
Nevertheless, heading west, the signal blended to digital at about 45 km from the transmitter. It 
remained digital for the next 10 km (except for a short blend to analogue at 40 km). At 35 km, 
shadowing from the mountains to the west of the river caused a blend to analogue, which remained 
in effect as the route descended into the Colorado River Valley and crossed Hoover Dam. The 
system did not reacquire digital transmission until approximately 15 km from the transmitter as the 
route crossed the shielding mountains. The signal remained robust and unimpaired digital until the 
radial ended in sight of the transmitting tower. 

180° Radial 

The 180° radial began at 60 km from the transmitter in Searchlight, Nevada, and proceeded north. 
This is another one of the three “reverse” radials that was measured as the test van approached the 
transmitter site. The digital signal was robust and unimpaired for the duration of the radial. 



- 478 - 

 

225° Radial 
The digital signal remained robust and unimpaired until the test van was about 50 km from the 
transmitter. The signal then blended to analogue and stayed below the threshold of digital 
acquisition due to shadowing from two mountain ranges to the north. 

270° Radial 

The 270° radial began in a desert valley surrounded by mountains. Heading west toward the 
mountains, the digital signal was unimpaired until the route passed through the extreme terrain of 
Red Rock Canyon. At that point, 46 km from the transmitter) the signal blended to analogue and 
remained that way until the radial ended. 

315° Radial 
The digital signal stayed robust and unimpaired until the highway curved around a mountain just 
past the intersection of Route 156. 

360° Radial 

The 360° radial was another radial that was measured in a reverse direction, approaching the 
transmitter site. Where measurements began, the signal was below digital threshold of detection, 
and the analogue signal quality was severely impaired, due to low signal level. At approximately 
80 km, the system acquired the digital transmission and observed mode blending every 5 km until 
58 km from the transmitter. At this point, the overall elevation increased sufficiently to allow for 
unimpaired reception of the digital signal. The field intensity dropped enough to cause a short blend 
to analogue at 45 km. At this point, the test van was in the direct shadow of an adjacent mountain. 
From this location, and until the radial ended, the signal remained digital and unimpaired. 

C.4.3.7 Summary of Digital Coverage tests 
Within the first coverage area, the IBOC signal covers a huge area with no lapses in digital coverage; 
the audio is completely free of degradation that typically plagues existing analogue service. Even in 
unimpaired conditions, the digital audio quality is superior to analogue audio quality. 

Afterward, the blend function exploits the availability of both the analogue and digital portions of the 
hybrid signal. The receiver outputs unimpaired digital audio, and seamlessly blends to analogue 
when the digital audio is sufficiently impaired. This maximizes the quality of the audio beyond that 
of existing analogue service. 

At the point of digital failure, the IBOC signal exhibits graceful degradation. When the digital signal 
deteriorates and the receiver blends to analogue, the performance of the IBOC signal mirrors that of 
existing analogue service, without subjecting the listener to muting and annoying digital artifacts. 

The results of the Digital Coverage field test have confirmed the findings of extensive simulations 
and laboratory performance tests: the audio quality of the Digital System C signal is superior to 
analogue audio quality, and the digital coverage is comparable to that provided by existing analogue 
service. 

C.4.4 First adjacent compatibility test 
WPOC, a Class B FM station which broadcasts 16.0 kW ERP at 93.1 MHz in the Baltimore, 
Maryland metropolitan area, was used for the First Adjacent Compatibility and Host Compatibility 
tests. The transmitter is located at 39°17'14'' N latitude and 76°45'17'' W longitude. The power in 
each of the DSB sidebands was 25 dB below the total power in the analogue host; thus, the total 
digital power was 101 W ERP. 
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Its closest first adjacent interferers are: WMMR, a class B FM station which broadcasts 18 kW ERP 
at 93.3 MHz in Philadelphia, Pennsylvania at 39°57'09'' N latitude and 75°10'05'' W longitude, and 
WFLS, a Class B FM station which broadcasts 50 kW ERP at 93.3 MHz in Fredericksburg, 
Virginia at 38°18'46'' N latitude and 77 26'20'' W longitude. 

C.4.4.1 Overview 
This test demonstrates that a hybrid IBOC signal does not interfere with its nearest analogue first 
adjacent channels. WPOC transmitted the hybrid IBOC signal, and WMMR and WFLS served as 
the analogue first adjacent channels. In these tests, audio was recorded from WFLS or WMMR 
while the DSB portion of the hybrid signal was toggled on and off over a five-minute interval. This 
interval was chosen to allow evaluation of audio quality with and without DSB over a variety of 
programming content.  

C.4.4.2 Test point locations 
Using ComStudy 2.2 coverage prediction software, a map was created that shows the 74 dBu, 
54 dBu, and 40 dBu contours of WPOC, and the 54 dBu and 40 dBu contours of WMMR and 
WFLS. Test points were chosen at the points on the 54 dBu and 40 dBu contours of the analogue 
first adjacent channels where the hybrid IBOC signal was believed to be strongest. Figure C.26 
identifies these test points. 

C.4.4.3 Test procedure 
a) Drive to the selected test location and tune the analogue receivers to the desired operating 

frequency. Load the recording media into the Digital Audio Recorder, set the analogue 
audio levels, and label the audio recording cut. Place a tape into the VCR and setup to 
record. 

b) All notes, tapes, and data should have the same time reference, which is derived from the 
GPS. Be sure all clocks are synchronized.  

c) Simultaneously begin recording on the VCR and Digital Audio Recorder (for all analogue 
receivers). 

d) Coordinate with the transmitter site to begin the five-minute test sequence turning the 
digital signal on and off. 

e) Upon completion of the recording remove the recording media. 
f) Repeat steps a) through e) for each test location. 
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C.4.4.4 Test results 

C.4.4.4.1 Analysis of audio performance at test points 

C.4.4.4.1.1 WMMR results 

On both receivers, at both the 40 dBu and 54 dBu contours of WMMR, there was no perceptible 
difference in the recorded audio upon addition or removal of DSB sidebands from WPOC. 
Therefore, the addition of DSB sidebands to the first adjacent analogue signal did not introduce 
audible degradation at this point.  

C.4.4.4.1.2 WFLS results 

On both receivers, at the 54 dBu contour of WFLS, there is no perceptible difference in the 
recorded audio upon addition or removal of DSB sidebands from WPOC. At the 40 dBu contour of 
WFLS, the Delco receiver does not exhibit audible degradation due to the addition of DSB 
sidebands to WPOC. The Yamaha receiver does exhibit audible degradation at this point. This is 
immaterial, however, since both receivers are already well beyond the analogue point of failure at 
this location before the introduction of DSB sidebands to WPOC. 

C.4.4.4.2 Summary 

This test indicates that the addition of DSB sidebands to a first adjacent interferer will not degrade 
the audio quality of the desired analogue signal within its listenable coverage area. This conclusion, 
based on measured field data, corroborates the laboratory compatibility test results, which found 
that the introduction of DSB sidebands to a large first adjacent interferer should be inaudible. Since 
the introduction of IBOC DSB to WPOC in August 1999, no listener complaints have been 
received. Similarly, no complaints were received during the more limited time period of the Las 
Vegas test. 

C.4.5 Host compatibility test 

C.4.5.1 Overview 

This test demonstrates that the DSB portion of the hybrid IBOC signal does not interfere with its 
analogue host. In this test, analogue audio was recorded from WPOC while the DSB portion of its 
hybrid signal was toggled on and off over a five-minute interval. This interval was chosen to allow 
evaluation of audio quality with and without DSB over a variety of programming content.  

C.4.5.2 Test point location 

A point between one and two miles from the test transmit site was selected. This distance assures 
that the effects of the DSB sidebands can be accurately evaluated, without being masked by noise 
and interference. Figure C.26 shows the location of the selected test point. 

C.4.5.3 Test procedure 
a) Drive to the selected test location and tune the analogue receivers to the desired operating 

frequency. Load the recording media into the Digital Audio Recorder, set the analogue 
audio levels, and label the audio recording cut. Place a tape into the VCR and setup to 
record. 

b) All notes, tapes, and data should have the same time reference, which is derived from the 
GPS. Be sure all clocks are synchronized. 
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c) Simultaneously begin recording on the VCR and Digital Audio Recorder (for all analogue 
receivers). 

d) Coordinate with the transmitter site to begin the five-minute test sequence turning the 
digital signal on and off. 

e) Upon completion of the recording remove the recording media. 

C.4.5.4 Test results 

On all three receivers, there was no perceptible difference in the recorded audio upon addition or 
removal of DSB sidebands from WPOC. Since the addition of DSB was not audible in such a clean, 
high-signal, interference-free environment, it will certainly not degrade the host signal in most 
listening environments. This conclusion, based on measured field data, corroborates the laboratory 
compatibility test results, which also found that the introduction of baseline DSB had no audible 
effect on the analogue host. 

C.4.6 Field test summary 

These field test results demonstrate the robust performance of the Digital System C in a real-world 
environment, and have validated the results of extensive simulations and laboratory performance 
tests. The Digital Coverage test illustrated that the DSB audio quality exceeded that of an existing 
analogue FM signal, and showed that IBOC DSB offers coverage comparable to existing analogue 
service. The First Adjacent Compatibility test verified that the DSB signal does not interfere with 
the reception of its first adjacent analogue FM neighbours. The Host Compatibility test showed that 
the digital portion of the hybrid IBOC DSB signal does not interfere with its analogue host. 

C.5 Laboratory and field tests conducted in 2001 

Further laboratory and field tests of Digital System C were conducted as part of the standards 
setting activity of the National Radio Systems Committee, an industry standards setting body in the 
United States sponsored by the National Association of Broadcasters and the Consumer Electronics 
Association. 

C.5.1 Overview of the test program 

All test results presented herein were obtained using laboratory and field test procedures the NRSC 
developed for testing IBOC systems. The test procedures had two components. First, they were 
designed to assess the performance of Digital System C (i) in a clean channel environment, (ii) with 
various forms of impairments, (iii) with co- and adjacent channel interference, and (iv) with 
multipath interference. Second, they were designed to address the system’s compatibility with 
existing analog operations by looking at any impact on host channel analog operations. 

Based on its analysis of market information, the NRSC selected the four analog receivers listed in 
Table C.21 for testing, representing commercially available and commonly used receivers in the 
most important market segments. These receivers also were selected for their ability to provide 
some of the best performance in their respective market segments. All four receivers were used for 
both performance and compatibility testing. In the performance tests, recordings were made of the 
digital and analog receivers. The analog receivers were used to provide an analog reference for 
comparison with digital performance. In compatibility testing, only the analog receivers were used. 
These tests were designed to compare the quality of the analog receiver with IBOC turned off and 
on, in order to allow an assessment of any impact of digital transmissions on the analog signal. 
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TABLE  C.21 

List of test receivers 

 

 

 

 

 

 

 

C.5.1.1 Test facilities 

All objective laboratory tests were conducted at the Advanced Television Technology Center, Inc. 
(“ATTC”) in Alexandria, Virginia using the IBOC test bed established for Digital System C. The 
NRSC and its observers were afforded open access to the ATTC test bed at all times, and an NRSC 
representative actively participated in the lab’s work. The ATTC recorded audio samples for both 
the digital and analog receivers for each test conducted. The audio samples were subsequently sent 
to Dynastat, Inc. in Austin, Texas for subjective evaluation. Dynastat’s laboratory has been 
conducting high quality subjective evaluations of audio and speech technology for more than 
27 years. Dynastat’s laboratory also was open to the NRSC, and an NRSC observer validated the 
procedures used at Dynastat. Field testing comprised the final component of the test program. The 
NRSC’s field test procedures identified specific conditions to be tested, the test stations to be used 
and the drive routes to be followed. These field tests were conducted at several commercial and one 
experimental FM radio station. Field tests were conducted in the presence of an independent auditor 
supplied by the ATTC and/or an NRSC observer. The field test stations are listed in Table C.22. 

Audio samples from the field tests were selected for further evaluation based on the NRSC’s criteria 
for characteristics to be assessed from the field tests. These audio samples were sent to Dynastat for 
subjective evaluation and were used as the basis for developing Mean Opinion Scores for digital 
performance. An NRSC observer inspected the methodology and procedures and set up for 
selection of audio samples from the field tests and certified that the process conformed to the 
NRSC’s standards. 

Type Manufacturer Model No. 

Original Equipment Auto Delphi PN 09394139 

Aftermarket Auto Pioneer KEH-1900 

Home Hi-Fi Technics SA-EX140 

Portable Sony CFD-S22 
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TABLE  C.22 

Field test stations 

 

C.5.1.2 Subjective evaluation, component of the test program 

The NRSC approved a large-scale subjective test program for the purpose of evaluating Digital 
System C. Approximately 480 people with diverse demographic backgrounds participated in the 
subjective evaluation program. Results from each experiment represent data from 40 participants, 
stratified by both gender and age. The subjective evaluations were conducted using the Absolute 
Category Rating Mean Opinion Score (ACRM) methodology, which has been used in a variety of 
circumstances to test customer opinion of telecommunications and audio products entering the 
marketplace. This methodology was chosen because of its ability to test customer preference and 
market acceptability. In the ACR methodology, subjects judge the sound samples they hear on an 
individual basis. For each sample, they use their internal frame of reference to judge the audio 
quality. Participants subjectively evaluate audio samples based on five categories: Excellent; Good; 
Fair; Poor; Bad. Answers from the participants are later translated into numerical values 
(5 through 1) for the purpose of computing mean opinion scores from individual scores. In each 
ACR experiment, participants were presented with approximately 200 sound samples that differed 
on several dimensions. They were asked to give a statement of “overall quality” for each sample, 
taking into consideration the variety of audio dimensions or impairments that were present. Before 
starting the experiment, participants were familiarized with the range of impairments they would 
encounter. The subjective evaluation lab screened participants for their ability to hear small 
impairments and/or differences in audio quality. Only responses from participants who were trained 
and who passed the screening test were included in the data that is presented in this report. 

C.5.2 Hybrid Mode test results 

This document analyses the test results based on a series of evaluation criteria for IBOC the NRSC 
developed. These criteria are consistent with the evaluation criteria for DSB the Federal 
Communications Commission developed in the United States in 1999. 

Station Location Frequency Class 
Analog 
power 
(ERP) 

Digital 
power HAAT(1) 

WETA Washington, DC 90.9 MHz B 75kW 750W 185m 
WHFS Annapolis, MD 99.1 MHz B 50kW 500W 142m 
WPOC Baltimore, MD 93.1 MHz B 16kW 160W 269m 
WNEW New York, NY 102.7 MHz B 6kW 60W 413m 
WWIN Baltimore, MD 95.9 MHz A 3kW 30W 95m 
KWNR Las Vegas, NV 95.5 MHz C 92kW 920W 351m 
KLLC San Francisco, CA 97.3 MHz B 82kW 820W 315m 

WD2XAB Columbia, MD 93.5 MHz N/A 800W 8W 15m 

(1) HAAT: Height above average terrain 
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C.5.2.1 Audio quality 

The performance tests, taken in their entirety, establish conclusively the superiority of the audio 
quality of Digital System C over existing analog FM. Aggregating the subjective evaluations of all 
the performance tests, evaluators overwhelmingly and consistently scored digital superior to analog. 
Performance sound samples were selected from seven of the eight FM test stations providing a 
strong cross section of formats and conditions4. These samples comprised three full tests at 
Dynastat and involved 120 listeners evaluating over 600 sound samples. As Fig. C.27 below 
illustrates, digital consistently outperformed analog. Figure C.27 aggregates the performance of the 
IBOC, Delphi and Pioneer receivers in all conditions. This includes first adjacent, second adjacent 
and dual adjacent interference, noise, multipath and channel impairments. In each genre tested, 
digital was judged to be superior to analog. 

FIGURE  C.27 

Performance of digital and analog receivers 
aggregating all field test conditions 
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Although these performance tests also assessed the durability of the system, listener evaluations 
were based on the superior audio quality of the digital signal, the system’s enhanced ability to 
overcome impairments and the improved quality of the overall listening experience. The first and 
third of these factors relate to overall audio quality. These perceptions of enhanced audio quality 
can be attributed to two benefits of Digital System C. IBOC is able to deliver higher audio fidelity 
that approaches compact-disc quality. At the same time, many of the innovative technologies 
incorporated in the system have been designed to reduce or eliminate the noticeable impairments 
that frequently degrade the listening experience of analog FM. The elimination or reduction of 
effects from multipath interference, the reduction in the system’s susceptibility to noise and other 
impairments and the interference reducing techniques incorporated in the system all reduce the 
audible pops and clicks that have impaired the analog FM listening experience. 

____________________ 
4   Field testing of WWIN was completed after the performance audio samples had been sent for subjective 

evaluation. 
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C.5.2.2 Service area 

Field tests using eight stations demonstrated that Digital System C provided an extensive digital 
service area in all environments typically encountered in FM broadcasting. Even at 1/100 of the 
power of analog, IBOC provided high quality audio throughout the existing market. Field test 
environments emphasized (i) first and second adjacent channel interference, (ii) severe specular and 
diffuse multipath, (iii) urban, suburban and rural conditions, and (iv) terrain obstructions. Field test 
stations included all classes of FM stations licensed in the United States with one Class A station, 
five Class B stations and one Class C station. In all cases, digital coverage extended to 
approximately the 45-50 dBu signal level. In several cases, digital coverage extended well beyond 
this point to the 15-25 dBu signal level. Although the differing characteristics of the field test 
stations make it difficult to generalize about the digital service area, the results indicate the IBOC 
system offers digital coverage meeting or exceeding each station’s protected analog coverage area. 
In all cases, the system’s blend-to-analog feature ensures that coverage was never less than existing 
analog coverage. 

The field test stations incorporated in the NRSC test procedures were selected to assess system 
performance in the most common FM environments. Table C.23 contains a list of the relevant 
broadcast environments included in the field test program and which stations were used to assess 
each environment. 

TABLE  C.23 

Field test stations and characteristics assessed during tests 

 

C.5.2.2.1 Overall coverage 

WETA provides one of the best examples of the overall coverage of Digital System C. WETA has 
no strong first or second adjacent channel interferer and does not have significant terrain 
obstructions, except in the western part of its service area. Because WETA is located in a 
congested, urban market, multipath interference impacts coverage and service quality for analog 
reception. Even so, with an antenna height of 186 m HAAT and analog power of 75 kW, WETA 
enjoys extensive analog coverage. The field performance tests demonstrate extensive digital 
coverage on WETA as well. On all test radials, the system delivered consistent digital coverage to 
approximately the 35 dBu signal level. 

Characteristic assessed Station 

1  Overall Coverage – Performance in an area 
characterized by low interference WETA 

2  1st Adjacent Channel Interference WPOC, WNEW 
3  2nd Adjacent Analog Interference WNEW, KLLC 
4  2nd Adjacent Digital Interference WD2XAB 
5  Dual 2nd Adjacent Channel Analog 

Interference WHFS 

6  Multipath WNEW, KLLC, 
KWNR, WHFS 

7  Centrally Located Urban Antenna WNEW 
8  Terrain Obstructions KLLC, KWNR 
9  Low Level Power Combining WWIN 
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A more detailed analysis of the western radials for WETA reinforces the conclusion that WETA has 
extensive digital coverage. Figure C.28 provides a more detailed presentation of the WETA analog 
field intensity for the 270° and 315° radials. As Fig. C.28 highlights, the first blends on these radials 
occurred at approximately 35 dBu. However, even after the initial blends, digital reception 
continued into areas of 5-10 dBu signal level. In both these cases, this digital coverage occurred 
even after terrain related blockages caused initial blends to analog. It is important to note analog 
quality is degraded at the points where digital blends. 

FIGURE  C.28 

WETA 270°°°° and 315°°°° radial with analog field intensity 
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Although many other stations experience greater limitations on their analog coverage due to 
significant interference or other impairments, the WETA coverage illustrates the potential for 
extensive digital coverage on the numerous analog stations which currently enjoy large analog 
coverage. 

C.5.2.2.2 Coverage with first adjacent channel analog interference 

Tests conducted on both WPOC and WNEW demonstrated first adjacent channel interference did 
not impact digital coverage. Both stations have first adjacent interferers that were assessed in the 
field test program. Table C.24 lists the adjacent channel interferers for each station. 
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TABLE  C.24 

First adjacent interferers 

 

In both cases, the digital coverage was consistent and extensive. Even in the presence of first 
adjacent channel interference, digital coverage for each station extended to the 35-38 dBu signal 
level. 

C.5.2.2.3 Coverage with second adjacent channel analog interference 

Tests conducted using WNEW demonstrated the strength of digital coverage even in the presence of 
strong second adjacent channel analog interference. WNEW has a lower second adjacent channel 
station, WBAB-FM, operating at 102.3 MHz in Babylon, New York. Figure C.29 illustrates the 
WNEW 90° radial plotted against the WBAB differential field intensity. This shows the D/U ratio 
for WBAB’s interference to WNEW. As can be seen in Fig. C.29, the 90° radial for WNEW passed 
directly by the WBAB transmitter. Nonetheless, the system continued to deliver digital coverage. 
Figure C.29 shows that digital coverage extended to the 100 dBu contour for WBAB. At that point, 
the system was experiencing a D/U ratio of approximately –47 dB. 

Similar results were obtained with second adjacent channel interference in the San Francisco 
market. On the South Loop for KLLC, the radial passed within a few kilometers of the KFFG-FM 
transmitter. KFFG is an upper second adjacent channel interferer operating at 97.7 MHz. Digital 
System C offered primarily digital coverage within the 80 dBu contour of KFFG. 

C.5.2.2.4 Coverage with second adjacent channel digital interference 

WD2XAB was used to demonstrate Digital System C’s ability to maintain digital coverage with 
second adjacent channel digital interference. WD2XAB operates at 93.5 MHz, second adjacent to 
WPOC at 93.1 MHz. For these tests, WD2XAB operated in the hybrid mode at the same time that 
WPOC was broadcasting a hybrid signal. Because WD2XAB is an experimental station operating at 
limited power of 800 W, its analog coverage is extremely limited. Nonetheless, the tests 
demonstrated the system’s ability to deliver digital coverage even with high levels of second 
adjacent channel digital interference. The test results demonstrate the station was able to provide 
extensive digital coverage to approximately the –15 dB D/U signal ratio. 

Desired station Interferer 

Call sign Location Channel Class Call sign Location Channel Class 

Distance 
between 
stations 

(km) 

WFLS Fredericksberg 
VA 93.3 B 123 

WPOC Baltimore 
MD 93.1 B 

WMMR Philadelphia, 
PA 93.3 B 155 

WNEW New York 
NY 

102.7 B WMGK Philadelphia, 
PA 

102.9 B 132 
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FIGURE  C.29 

WNEW 90°°°° radial with WBAB field intensity 
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C.5.2.2.5 Coverage with dual second adjacent channel analog interferers 

Field tests conducted using WHFS confirmed the system’s ability to withstand strong levels of dual 
second adjacent channel interference and still deliver digital coverage. WHFS, located in 
Annapolis, Maryland and operating at 99.1 MHz, has two second adjacent channel interferers 
operating in the same market. WIHT-FM, Washington, D.C., is an upper second adjacent operating 
at 99.5 MHz. WMZQ-FM, Washington, D.C., is a lower second adjacent operating at 98.7 MHz. 
Both second adjacent interferers are located at the western edge of WHFS’ analog coverage area. 

A detailed examination of the 270° radial illustrates the significant coverage of the digital system. 
This radial passes within less than 1 km of the transmitter for WMZQ. Even so, the system exhibits 
only limited blending throughout this area. Significant blends do not occur until past the WMZQ 
transmitter site where the radial reaches beyond the edge of digital coverage. Figure C.30 shows the 
radial plotted against the WMZQ interference to WHFS. As Fig. C.30 illustrates, even within the 
120 dBu contour of WMZQ, which is approximately 49 km from the WHFS transmitter, WHFS 
still delivered partial digital coverage. That means the IBOC system was able to perform even with 
interference levels of –65 dB D/U. 
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In the majority of this area, the digital signal is lost due to front end overload caused by close 
proximity to the WMZQ transmitter. At this interference level, the undesired signal saturates the 
receiver front end eliminating reception of the desired signal. Analog radios experience the same 
effect in these situations. 

FIGURE  C.30 

WHFS 270°°°° radial with WMZQ predicted analog interference 
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This location illustrates one of the most extreme cases of second adjacent interference due to the 
distance from the WHFS transmitter and the proximity to the second adjacent interferer. 
Nonetheless, the digital system delivers exceptional performance. 

C.5.2.2.6 Coverage with multipath 

Throughout the test program, Digital System C provided an outstanding coverage area even in 
markets characterized by severe multipath. KWNR in Las Vegas, Nevada is located in a market 
dominated by severe specular multipath. The geography of Las Vegas, situated in a bowl 
surrounded by mountains, encourages the reflection of FM signals. Even with this severe multipath 
situation, the digital system provided excellent coverage of the Las Vegas market. The Las Vegas 
tests also included a downtown radial on “The Strip” to maximize the potential for multipath 
interference. There was uniform digital coverage throughout this drive. 
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Similar results were obtained in urban markets characterized by specular multipath. In New York, 
WNEW coverage was uninterrupted by the high levels of multipath typical of Manhattan’s urban 
canyons. This outstanding digital coverage was obtained in an area well known for severely 
degraded analog reception. The New York Downtown Loop included lower Manhattan, midtown, 
and upper Manhattan. This loop has a range of urban conditions including lower Manhattan’s 
narrow streets lines with skyscrapers, midtown’s wider streets surrounded by dense development 
and upper Manhattan’s mid-rise development. Figure C.31 shows the absence of blend throughout 
the loop except for one blend related to a tunnel. 

FIGURE  C.31 

WNEW downtown loop street map 
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Thus, the existence of extreme levels of urban multipath did not impact system performance. 
Similar results were obtained on KLLC in San Francisco during the KLLC downtown loops. In that 
case, the system offered consistent digital coverage throughout the downtown area. In the case of 
WNEW and KLLC, each station’s transmitter was located at a high height in the urban area being 
studied. WHFS provided an opportunity to study the digital coverage in the face of urban multipath 
when the transmission originates from a distant, suburban location. The WHFS transmitter is 
located outside Annapolis, Maryland in an area roughly equidistant from Washington and 
Baltimore. On the 270° radial, the test route passed through downtown Washington. Even though 
the downtown areas were 30+ km from the WHFS transmitter, the digital system was able to 
provide consistent digital coverage of the area. 

C.5.2.2.7 Coverage with multiple antenna configurations 
The field tests demonstrated Digital System C’s ability to offer extensive service areas using all 
commonly employed FM antenna configurations. On WNEW, the digital system operated with a 
centrally located multiplexed antenna that carries most of New York’s major FM stations. WWIN 
offered the opportunity to demonstrate the system’s operation with common amplification whereby 
both the analog and digital signals were amplified by the same device. WPOC uses a stand-alone 
directional antenna with a null to minimize the signal level in the Washington, D.C. market. In the 
other cases, the system operated with stations using stand-alone antennas. It is also important to 
note that the test program included stations with varying antenna heights and power combinations. 
WHFS, which holds a conventional Class B authorization, operates at near the authorized height 
and full authorized power. In contrast, WNEW, also a Class B station, operates at significantly 
reduced power due to the height of its antenna on the Empire State Building. In all cases, the digital 
system offered extensive digital coverage and no compatibility issues with the various antenna 
configurations. 

C.5.2.2.8 Coverage with terrain obstructions 
Even with terrain obstructions, Digital System C is able to provide digital coverage comparable to 
analog coverage. Although terrain elevation challenges can be found in most of the field test 
markets, San Francisco and Las Vegas presented some of the greatest challenges for digital 
coverage. Nonetheless, the IBOC coverage for both KLLC and KWNR was comparable to analog 
coverage. 
The San Francisco market represents one of the most challenging environments for FM reception. 
The complete set of loops run on KLLC provides the most comprehensive overview of the system’s 
extensive service area in a market characterized by extremes of multipath terrain obstructions. 
Digital System C was able to provide service throughout the bay area, extending to both the 
northern and southern ends of the bay as well as the mountains east of San Francisco. On the north 
loop, the system operated without any blends. As was discussed above, even though there were 
blends on the south loop, this actually highlights the system’s ability to withstand extreme second 
adjacent interference from KFFG-FM. The two areas of significant blends-to-analog appear in the 
east and west loops. In both cases, the system provides extensive coverage except in those areas 
with very severe and direct terrain blockage. In those cases, the terrain also significantly impacts 
analog reception. 
The IBOC system offered similar performance in Las Vegas. Unlike San Francisco, which has a 
combination of water, mountains, urban and suburban areas, Las Vegas has one urban centre 
surrounded by a ring of mountains. The system delivered extensive coverage throughout the area, 
even into areas with high terrain elevation. The only significant blends were directly attributable to 
loss of signal due to terrain shielding from the mountains or the descent into the Colorado River 
basin at Hoover Dam. In this market, the mountains create a barrier that almost completely blocks 
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the analog signal. In particular, there is complete muting of analog as the elevation drops down to 
the Hoover Dam basin. The loss of the digital signal mirrors the limitations of analog coverage in 
these areas. 

C.5.2.3 Durability 
Digital System C demonstrated tremendous durability in the face of both interference and channel 
impairments throughout the test program. As was discussed above, the digital system provided 
strong coverage in areas characterized by significant levels of first or second adjacent channel 
interference, multipath and terrain obstructions. Moreover, the subjective evaluation of digital and 
analog audio samples derived from numerous listening environments confirms the durability of the 
system. Finally, the “Ticker” test demonstrated the digital system eliminates the majority of and the 
most severe impairments that degrade the analog listening experience. 
Of particular note from the test results is the observation that digital broadcasting will transform 
areas where analog is currently unacceptable into areas with excellent digital quality. Digital 
System C’s ability to eliminate impairments that substantially degrade the analog listening 
experience significantly extends radio coverage into new areas. 

C.5.2.3.1 Subjective evaluation of field audio samples 
Audio samples from the field tests were selected to assess the digital and analog performance in a 
variety of environments including first and second adjacent channel interference and multipath. 
Subjective evaluators were given analog and digital samples recorded simultaneously from the same 
point of a particular test radial. Because the field tests were conducted primarily in a mobile mode, 
only the two automobile receivers were used for these tests. Due to the nature of their designs, it can 
be expected that the home and portable receivers would have received lower subjective evaluation 
scores relative to IBOC than those received by the automobile receivers. Throughout the tests, 
digital consistently scored higher than both analog radios. Moreover, the close tracking of the two 
analog radios throughout these tests enhances confidence that the subjective evaluation effectively 
captured the correct performance of the analog receivers. 
The existence of first adjacent interference had a greater impact on analog radio than digital for both 
music and speech selections. Overall, Fig. C.32 illustrates that the IBOC system received higher 
scores than analog for both music and speech audio selections with the existence of both weak and 
moderate first adjacent channel interference. 
This test provides several interesting insights into the relative performance of the digital and analog 
receivers. As the interference level increases, the digital performance stays the same. It can be 
anticipated that this trend would continue until the loss of digital coverage. Due to its design, 
Digital System C provides consistent digital quality throughout the digital service area. The 
consistent score for both music and speech as the interference level increases from weak to 
moderate underlines this important aspect of digital performance. The analog receivers, in contrast, 
quickly begin to degrade as the interference level increases. With both the Delphi and Pioneer 
receivers, analog performance degrades as the interference increases, with much more dramatic 
degradation occurring with speech than with music. In fact, when comparing performance with 
moderate interference levels and speech selections, the analog receivers degrade to a point where it 
is unlikely that listeners will continue to stay tuned to the radio. The introduction of digital will 
increase resistance to interference and transform these areas with unacceptable analog performance 
into areas with excellent digital quality. 
Similar benefits of the digital system can be found by examining the relative performance of the 
digital and analog receivers with second adjacent channel interference. As Figs. C.33 and C.34 
illustrate, with both music and speech selections, Digital System C offers superior performance 
when compared to analog. 
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FIGURE  C.32 

Digital and analog performance with weak and 
moderate first adjacent interference 
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FIGURE  C.33 

Digital and analog performance with dual second 
adjacent channel interferers – Music 
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FIGURE  C.34 

Digital and analog performance with dual second  
adjacent channel interferers – Speech 
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The digital system demonstrates equivalent improvements over analog with multipath interference. 
With both music and speech selections, as shown in Figs. C.35 and C.36, Digital System C has only 
slight degradation as multipath interference increases from weak to moderate and then severe. This 
contrasts dramatically with the performance of the analog receivers. In both cases, the subjective 
evaluation of the analog receivers decreases quickly as the multipath interference increases. 
Moreover, the difference between the digital and analog scores increases substantially as the 
multipath conditions worsen. 

C.5.2.3.2 Ticker test 

The Ticker Test, which used a different methodology from the rest of the performance tests, 
demonstrated the superior durability of the digital system. Participants in this test indicated analog 
radio is much more impaired than digital and that the impairments in analog degrade the overall 
evaluation of analog. In this test, listeners were asked to evaluate longer audio segments from the 
digital receiver and both analog auto radios. Listeners were asked to indicate each impairment they 
heard, no matter how small, and to distinguish between weak and strong impairments. 

In order to aggregate results from this test, all minor, or soft impairments participants reported were 
classified as “weak”, and all large, or loud impairments were classified as “severe”. Figure C.37 
shows the total number of temporal impairments reported by all participants for each 4-min 
segment. As is evident from this Figure, participants heard 4-5 times the number of impairments on 
the analog segments that they heard on the IBOC segments. Even more importantly, the number of 
severe impairments participants reported hearing on the analog segments was 6-7 times greater than 
on IBOC segments. The number of impairments heard from the digital recordings would be 
consistent with what would be heard listening to a CD. 
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FIGURE  C.35 

Digital performance in weak, moderate 
and severe multipath conditions – Music 

 

 

FIGURE  C.36 

Digital performance in weak, moderate and 
severe multipath conditions – Speech 
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FIGURE  C.37 

Number of temporal impairments heard on average 

 

 

It is interesting to note the IBOC impairments were fairly evenly distributed throughout the 
segments, indicating that, in general, participants were reporting low-level, uniform impairments. In 
contrast, the impairments from analog segments were more defined, clustered more heavily around 
certain points. This pattern indicates that the impairments were more likely to be “rapid-fire”, as 
would be found in multipath environments. 

Fifteen second segments extracted from the longer audio used in the Ticker Test was subjectively 
evaluated using the ACRM methodology used for the rest of the subjective evaluation program. 
Figure C.38 shows mean opinion scores participants gave to the audio segments in this experiment. 
In both moderately and severely impaired cases, the IBOC receiver consistently scored over 4.1, 
indicating that participants were satisfied with the level of audio they heard, in spite of reporting 
occasional temporal impairments. In contrast, in moderately impaired conditions, the analog 
receivers scored only between 3.1 and 3.4, and in severely impaired conditions received scores of 
between 2.4 and 2.7, indicating that participants were significantly less satisfied with the quality of 
this reception. These results show that participants not only clearly heard temporal impairments 
over long periods of time, but that the quality ratings they assigned were directly affected by the 
frequency and magnitude of these impairments. Because IBOC eliminates significant temporal 
impairments as compared to FM analog transmission-reception systems, even in areas close to the 
transmitter, this results in a marked improvement in audio quality and durability. 
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FIGURE  C.38 

MOS Scores for Audio Segments from Ticker 
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C.5.2.4 Acquisition performance 

Digital System C was designed to offer acquisition performance comparable to that found in 
existing analog receivers. Digital System C incorporates a blend function that allows the system to 
acquire the analog signal instantly. This ensures that the listener immediately hears audio after 
tuning to a station. The system automatically blends to digital as the digital signal is acquired. As a 
result, system design ensures signal acquisition can never be slower than acquisition of existing 
analog radio. 

Laboratory tests confirm the functionality of this element of the system design. The laboratory tests 
revealed that the system acquired the signal and offered a listenable signal in 135 ms on average. 
This is comparable to typical analog receiver signal acquisition. 

C.5.2.5 Behaviour as signal degrades 

Digital systems typically are characterized by abrupt drop off of the signal at the edge of coverage. 
Sudden loss of the digital signal can be disturbing to listeners, particularly in the case of radio. 
Existing radio listeners are accustomed to a gradual loss of the analog signal as it becomes 
increasingly degraded from interference or impairments. Digital System C was designed with the 
blend-to-analog function to address this problem. As the digital signal degrades, the system tracks 
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the number of frame errors being experienced. At a predetermined error rate, the system blends to 
analog. This blend function plays a dual role as the digital signal degrades. First, it allows the 
system to blend from the digital signal before the appearance of digital artifacts that are normally 
associated with the edge of digital coverage. Second, it facilitates a more gradual loss of the audio. 
Even though analog typically is quite degraded at the point of failure of the digital signal, this blend 
function ensures a more gradual loss of the audio in a manner that mirrors the experience a listener 
has with analog radio. 

In order to examine the effect of digital/analog blending on the audio quality of the Digital System 
C receiver, a Point-of-Blend experiment was conducted at Dynastat. Although blending is a 
particularly important feature of iBiquity’s system, it is a function, not a “condition”. Because blend 
audio samples include both digital and analog segments as well as the point-of-blend, it is likely 
that participants’ overall quality ratings are derived from their impression of the entire audio 
segment, including the various analog and digital components. It is important to note that because it 
is likely that the analog component of the Digital System C receiver will only get better in 
production, it was felt that resulting data from this experiment would be an extremely conservative 
measure of how people perceived blend-to-analog. As Fig. C.39 illustrates, there was no meaningful 
difference in the evaluation of digital selections including blends when compared with the 
evaluation of the same selections only in analog. 

FIGURE  C.39 

Performance of Digital System C with blend conditions 
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These results were obtained with both music and speech selections. These results prove blend-to-
analog provides an acceptable means of creating a graceful degradation of the digital signal. 
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C.5.2.6 Host compatibility 

The test program confirmed that Digital System C causes no harm to the analog operations of the 
host station. For purposes of this discussion, “host” is used to mean the station that has adopted 
hybrid IBOC broadcasting to allow for simultaneous analog and digital broadcasts. The tests 
confirm that the newly introduced digital signal will not degrade the analog operation of the same 
station. 

An analysis of the subjective evaluation of the host compatibility test results indicates there is no 
meaningful difference between the scores of the host analog signal without IBOC and with IBOC. 
These tests were conducted by recording analog reception on all four analog radios with IBOC 
turned off. After IBOC was introduced, audio samples of the station’s audio were recorded using 
the same four receivers. Figure C.40 illustrates that the subjective evaluators found no impact from 
the introduction of IBOC, both with speech and with music audio samples. 

FIGURE  C.40 

IBOC compatibility with host main audio in the field 
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C.5.3 Extended Hybrid Mode 

In the extended hybrid mode (see Section C.1.4.4.4.4), the digital sidebands are extended inward 
toward the analog FM signal to increase digital capacity. These additional digital carriers are used 
to increase datacasting capacity rather than to increase the number of carriers devoted to the main 
audio signal. Because the extended hybrid mode does not change the power levels of the digital 
carriers or extend outward the placement of the digital carriers, the extended hybrid mode will not 
change the performance results of the hybrid mode. Therefore, no additional tests using the 
extended hybrid mode were deemed necessary. Because the extended hybrid mode adds digital 
carrriers closer to the host analog FM signal, it is assumed that it will increase interference to the 
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host analog signal. Because broadcasters will have full control of this by deciding whether to 
operate in the hybrid or extended hybrid mode, no additional tests of host compatibility using the 
extended hybrid mode were conducted. It is assumed the extended hybrid mode would be used with 
formats, such monophonic speech, that are least likely to be affected by host interference. 

C.5.4 All Digital Mode 

In the all digital mode (see Section C.1.4.4.5), the primary digital sidebands are fully extended 
inward, as in the case of the extended hybrid mode, and the power level of the digital sidebands is 
increased by as much as 10 dB to preserve the same coverage as existing analog FM. Because the 
all digital mode increases the power of the digital sidebands, it increases the potential for the digital 
system to impact adjacent channel analog operations. It is envisioned that the all digital mode will 
be used in areas where there is no significant analog broadcasting that would be affected by the 
digital signals or only at such time as a particular Administration determined that it no longer 
desired to protect analog operations, such as after a significant portion of the population has 
acquired digital receivers. In cases where an Administration authorizes the simultaneous operation 
of analog, hybrid and all digital stations, individual interference situations can be addressed by 
adjusting the power levels of particular stations to reduce potential interference. 

Field testing of the all digital mode was conducted on three FM existing stations: WETA, WPOC 
and WWIN5. In all three tests, the results confirmed that the all digital mode provides durability 
equal to that provided by hybrid mode operations. At the same time, the all digital system 
significantly extends digital coverage to ensure that digital coverage extends to the area currently 
served by existing analog operations. At the same time, the all digital system offers broadcasters the 
opportunity to increase datacasting capability over that offered by the hybrid mode of operation. 

C.5.5 Conclusions 

This report demonstrates the benefits of Digital System C, including its superior audio quality and 
robustness when compared to existing analog FM service. In addition, the report details that the 
introduction of IBOC will have no meaningful impact on existing analog stations or analog 
listeners. 

 

 

 

 

 

 

 

 

 

 

____________________ 
5  In the case of WWIN, the power levels of the digital sidebands and the spectrum occupancy were 

increased to the all digital levels without removing the analog signal. For WETA and WPOC, the tests 
were conducted by temporarily removing the analog signal. 
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ANNEX  D 
 

DIGITAL  SYSTEMS  DS  AND  DH 

HYBRID  SATELLITE/TERRESTRIAL  DSB  USING  SINGLE  CARRIER 
AND  MULTI-CARRIER  MODULATIONS  ON  SATELLITE  AND 

TERRESTRIAL  TRANSMITTERS  RESPECTIVELY  (WORLDSPACE) 

D.1 Introduction 

Digital System DS is designed to provide satellite digital audio and data broadcasting for reception 
by inexpensive indoor/outdoor fixed, portable and mobile receivers. It has been designed to 
optimize performance for satellite service delivery in the the frequency band 1 452-1 492 MHz. This 
is achieved through the use of coherent QPSK modulation with block and convolutional error 
coding, and nonlinear amplification at TWTA saturation. The system provides for a flexible 
multiplex of digitized audio sources to be modulated onto a downlink TDM carrier, and uses a 
hierarchical multiplex structure of three layers (physical, service and transport) that conforms to the 
OSI model as recommended in Recommendation ITU-R BT.807. 

The system design was validated in tests through a complete end-to-end satellite simulator, and, 
more recently, with digital audio signals transmitted via the AfriStar satellite at 21° E. During an 
extensive system validation campaign, the audio signals were uplinked from three different 
locations to the transparent and processed payloads of the satellite, broadcast over three beams 
covering Africa and the Near and Middle East, and received by receivers produced by four different 
manufacturers. 

Digital System DS has been further developed to take account of the requirement to enhance system 
performance in non-line-of-sight situations, when blockage and multipath reception difficulties are 
expected in urban areas and mobile reception environments. This additional development work has 
led to the specification of the system architecture known as Digital System DH to provide terrestrial 
augmentation in a hybrid satellite/terrestrial configuration or for the stand alone terrestrial delivery 
of digital sound broadcasting services using a common low-cost receiver. 

The satellite delivery component of Digital System DH is based on the same broadcast channel 
transport used in Digital System DS but with several significant enhancements designed to improve 
line-of-sight reception in areas partially shadowed by trees. These enhancements include fast QPSK 
phase ambiguity recovery every 1.4375 ms, early/late time diversity and maximum likelihood 
combination of early/late time diversity signals. 

The terrestrial delivery system component is based on Multi-Carrier Modulation (MCM). MCM is a 
multipath-resistant orthogonal frequency division multiplex technique that has gained wide 
acceptance as the technique of choice for similar terrestrial communications systems. The system 
utilizes multiple frequencies to avoid frequency selective fades and to narrow the RF receive signal 
bandwidth to minimize delay spread. This modulation scheme is most suitable for reliable reception 
in urban mobile environments, and leads to spectrum efficient solutions when single frequency 
networks are used. 

A new Digital System DH receiver design extends and improves upon the Digital System DS 
receiver design for satellite signal reception. It adds an MCM terrestrial reception branch to receive 
terrestrial signal single frequency network emissions. It uses two radio frequency tuner branches 
and demodulates the same TDM stream from both the satellite and terrestrial signal components. 
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For the MCM component of Digital System DH, new terrestrial and physical layer specifications are 
added to the current service, transport and physical layers of Digital System DS. The satellite 
component of Digital System DH is included in Recommendation ITU-R BO.1130 and its terrestrial 
component is included in Recommendation ITU-R BS.1547. 

D.2 Layer structure of Digital Systems DS and DH 

Digital Systems DS and DH use the system layer structure illustrated in Fig. D.1 and Fig. D.2, 
respectively. It comprises service, transport and physical layers for the TDM satellite segment of 
Digital System DS and for both the TDM satellite and the TDM-MCM terrestrial repeater segments 
of Digital System DH. 

 

FIGURE  D.1 

Signal layers of the WorldSpace Digital System DS 
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FIGURE  D.2 
Signal Layers of the WorldSpace Digital System DH  
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D.2.1 Service layer 
The service layer comprises Audio, Image and Data source coders1. The source data is organized 
into 432 ms Broadcast Channel (BC) frames in Prime Rate Channels (PRC) of 16 kbit/s. Prime Rate 
Channels are the building bricks of the baseband multiplex architecture. A Broadcast Channel 
Frame can support up to 8 Service Components, each carrying a rate from 8 kbit/s to 128 kbit/s, that 
can be individually accessed at the receiver. Each Prime Rate Channel can support two 8 kbit/s 
service components. The sum of service component rates in a Broadcast Channel must not exceed 
128 kbit/s. A Broadcast Channel transports a mix of services such as music, talk in selectable 
multiple languages, images associated with the latter and data in the form of packets or streaming. 
Each Broadcast Channel frame carries a Service Control Header which at a receiver provides a 
Broadcast Channel frame synchronization preamble and the information needed identify the type of 
information carried, the information rate, the identity of the various services carried, ancillary 
information related to the various services, alpha-numeric text display, narrow casting of services, 
selection of the accessed services and authorization to access restricted and subscription services to 
individual users. 
 

____________________ 
1 WorldSpace Digital System DS uses a variation of ISO MPEG 2 Layer III called MPEG 2.5 Layer III for 

audio and ISO JPEG for image. 
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D.2.2 Transport layer 

D.2.2.1 Stationary reception from a single satellite 

For single satellite operation, the transport layer uses the architecture shown in Fig. D.3. It accepts 
the bits of the broadcast channels from the service layer and applies a concatenated Forward-Error 
Correction scheme consisting of an outer (255,223) Reed-Solomon block code followed by a block 
interleaver, and an inner Rate-½ convolutional code. The FEC coded Broadcast Channels are then 
multiplexed (either on the ground, or on-board a processing payload satellite) into a 96-PRC TDM 
carrier. 

FIGURE  D.3 
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D.2.2.2 Time diversity from a single satellite 

For time diversity only using one satellite, the transport layer uses the architecture shown in 
Fig. D.4. It accepts the bits of the broadcast channels from the service layer and first organizes them 
into symbols, each carrying two bits. Forward-Error-Correction (FEC), using the concatenation of a 
Reed-Solomon (RS) block coder and a convolution coder, next codes the symbols. Puncturing of 
the latter coder output creates two complementary companion error correction protected Broadcast 
Channels. One of the punctured Broadcast Channels is designated as the early channel. It is 
interleaved over a 432 ms frame to combat short term reception fades. Its companion punctured 
Broadcast Channel, designated as the late channel, is delayed for approximately 4.32 s. This 
channel is intended for reception by the current standard WorldSpace receivers as well as by the 
new mobile radios. Also, it is not interleaved because doing so would render it incompatible for 
reception by a conventional WorldSpace receiver. The 4.32 s delay between the early and late 
broadcast channels provides long delay protection to combat blockages of satellite signal reception 
by bridges, short tunnels and trees as a vehicle travels along highways at typical speeds. The two 
companion punctured Broadcast Channels are next time division multiplexed into the TDM stream 
along with other mobile and non-mobile conventional Broadcast Channels. The system is intended 
to carry a mix of conventional Broadcast Channels for reception by the ordinary WorldSpace 
satellite broadcast receivers and complementary pairs of punctured Broadcast Channels, one early 
and one late, for reception by mobile receivers. 
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FIGURE  D.4 

Time diversity with a single satellite 
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D.2.2.3 Time and space diversity with two satellites 

The satellite broadcast transport layer architecture for time and space diversity, illustrated in 
Fig. D.5, uses two satellites spaced apart from one another by 15° to 35° along the geostationary 
orbit. It is best if the bisector between the satellites is centered over the intended earth coverage 
area. It uses the same early and late Broadcast Channel architecture described above for the time 
only diversity case. However, two TDM carriers are used, one transported by each satellite. Each 
may carry a mix of early and late Broadcast Channels or one can be designated to carry only early 
and the other only late. Also conventional Broadcast Channels not intended for mobile reception 
can be mixed with those for mobile. This is possible because every Broadcast Channel has its own 
Broadcast Channel Identifier (BCID) that is used at the receiver to select specific Broadcast 
Channels from one or either of two received TDM stream(s). 

FIGURE  D.5 

Space and time diversity with two satellites 
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D.2.2.4 Broadcast channel frame and forward error correction 

Figure D.6 shows a Broadcast Channel frame containing three Service Fields. Each Service Field 
carries a rate that is an integer multiple ni of the 16 kbit/s Prime Rate Channel. Thus within each 
432 ms frame, a service field i carrying a rate ni × 16 kbit/s has assigned to it ni × 6 912 bits. The bit 
rate of a Service Field has a range from 16 kbit/s to 128 kbit/s. Also the bit rate of a Broadcast 
Channel has a range from 16 kbit/s to 128 kbit/s. 

A Broadcast Channel can carry a maximum of 8 Service Components that have rates ranging from 
8 kbit/s to 128 kbit/s. Note that Service Components are in multiples of 8 kbit/s. Hence, whenever a 
Service Component's rate is an odd multiple of 8 kbit/s, a dummy 8 kbit/s must be appended to 
produce an integer multiple of 16 kbit/s for the Service Fields in a Broadcast Channel. The total 
number of service fields in a Broadcast Channel is n = Σi (ni). 

To prepare for transport, each 6 912 bit Service Field Prime Rate Increment of a Broadcast Channel 
is assigned 224 bits in a Service Control Header bringing the number of bits per Broadcast Channel 
frame to n × 7 136. The Broadcast Channel frame is next forward error correction coded by a 
(223,255) Reed-Solomon block coder to yield an output of n × 8 160 bits per frame. To prepare for 
mobile service, the output of the RS coder is next supplied to a R-¼ convolution coder whose 
output is split into two R-½ convolution coded Broadcast Channels, one destined to be the early 
Broadcast Channel and the other the late Broadcast Channel. At this point there are n × 16 320 bits 
assigned to the n Service Fields in each Broadcast channel. The n Service Fields are next 
demultiplexed into n Prime Rate Channels (PRCs). Adding a 96 bit preamble to each PRC brings 
the total to 16 416 bits per PRC. 

FIGURE  D.6 

Broadcast Channel frame 

Service Comp 1
n    x 6912

Service Comp 2
n    x 6912

Service Comp 3
n    x 6912

SCH
n x 224 bits

Frame Duration = 0.432 Seconds

n x 6912 bits

Service Segment,  n =        (n  )Σ

1 2 3

ii

Service
Control
Header  

 

D.2.2.5 Terrestrial transport 

If an originating studio is remote from an uplink station, the PRCs of a Broadcast Channel are 
transported to the station over terrestrial digital telephony links. This is typically done via 
ITU-T G.736 digital telephony multiplexes. If the originating studio is collocated at or near the 
originating studio, the signals are simply transported over a local cable. The signal transported is 
that generated at the output of the RS block coded level. At this point the Broadcast Channels are 
said to be carried in a Protected form. At the uplink stations the PRCs of the Protected Broadcast 
Channels arriving from a multiplicity of origins are synchronously aligned by means of a 
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plesiochronous buffer to prepare them for uplinking to the satellite. Next the PRCs of the protected 
Broadcast Channels are R-¼ convolution coded and split by complementary puncturing into the 
R-½ convolutionally encoded early and late Broadcast Channels. The latter PRCs of the Broadcast 
Channels are next uplinked to the satellite communications payload. The system has two ways to 
transport via the satellite communications payload. One is that via a processing payload and the 
other that via a transparent payload. 

D.2.2.6 Uplinking to the satellite 

For the PRCs of Broadcast Channels destined to the processing payload, the uplink signals are 
transported in a Frequency Division Multiple Access (FDMA) format. Each FDMA signal 
comprises a 38 kbit/s QPSK modulated digital stream operating on carriers separated by 38 kHz in 
sets of 48 contiguous band carriers. Thus each 48 carrier set occupies 1 824 kHz of bandwidth. Six 
of these sets are uplinked to the satellite at frequencies located between 7 025 and 7 075 MHz. 
Onboard the satellite 96 PRCs of the FEC coded Broadcast Channels are demodulated to their 
symbol level, synchronously aligned. The PRCs of each Broadcast Channel can be routed to one, 
two or three TDM multiplexers. The routed symbols are time division multiplexed into 2 622 sets of 
96 symbols each in a 138 ms TDM frame period. At the start of each TDM frame there are attached 
a 96 symbol Master Frame Preamble (MFP) and a 2 112 symbol Time Slot Control Word (TSCW) 
making the entire frame 253 920 symbols long and yielding a symbol rate of 1 840 000 symbols/s. 
Hence, each TDM carrier requires a bandwidth of 2.3 MHz. For improved robustness in transport 
and reception, a pseudo random symbol sequence is modulo-two added to scramble symbols of the 
TDM stream. Operationally, these TDM streams can support twenty-four 64 kbit/s Broadcast 
Channels for FM stereo quality audio service using the MPEG 2.5 Layer III source coder. Three 
processing payload TDM streams, QPSK modulated onto three carriers, are transmitted, one in each 
of three beams on different frequencies between 1 467 and 1 492 MHz. In each of the three 
downlink beams, the beam centre e.i.r.p. of each carrier is 53.5 dBW. The −3 dB beamwidth is 
approximately 6°. 

Figure D.7 shows the typical block diagram of a feeder link station for use with a satellite using 
on-board processing. It assembles the Broadcast Channels, together with signaling information for 
transmission to the satellite. Concatenated convolutional and Reed-Solomon codes are used to 
provide a rugged uplink. Typical minimum Eb/N0 requirements are 8.8 dB, resulting in typical 
required e.i.r.p. of 43 to 47 dBW, depending on location. 

For the transparent payload, at the uplink station the PRCs of the R-½ convolutionally encoded 
Broadcast Channel signals are multiplexed onto a TDM carrier. An aggregate of 96 PRCs, 
converted to 2 bit symbols, is time multiplexed into 2 622 groups. Each group contains one symbol 
of the 96 PRCs carried in a TDM frame period of 0.138 s. To this is added a Master Frame 
Preamble of 96 symbols and a Time Slot control channel of 2 112 symbols to yield a total TDM 
frame of 253 920 symbols and a rate of 1.84 Mbit/s. The bandwidth needed to accommodate this 
TDM stream using QPSK modulation is typically 2.3 MHz. The 96 PRCs carried in the TDM 
stream carry the traffic of the mix of Broadcast Channels for both mobile and non-mobile services. 

For Broadcast Channels intended only for non-mobile (direct-line-of-sight) reception, a rate-½ 
convolutional coder is used after the RS coder. This R-½ convolution coder and the R-¼ punctured 
to R-½ convolution coder used for the late mobile channel are compatible to the same receive side 
Viterbi decoder. In all other regards Broadcast Channel processing and TDM multiplexing for 
mobile and non-mobile receivers is the same. 
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FIGURE  D.7 
Feeder link station for Digital System DS 
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D.3 Digital System DS 

D.3.1 System overview 
Each broadcast comprises a Time Division Multiplexed (TDM) carrier. A 3.68 Mbit/s TDM carrier 
transports 96 prime rate channels each bearing a 16 kbit/s prime rate increment of capacity. These 
are grouped in Broadcast Channel (BC) frames, each of which can carry up to eight prime rate 
channels. The prime rate channels can be used individually or combined to provide service 
component rates of n × 16 kbit/s with n ranging from 1 to 8, thus providing considerable flexibility 
to the broadcast service providers. 

Each TDM downlink carrier delivers 1.536 Mbit/s of traffic at baseband. The TDM traffic stream is 
divided into 96 channel time slots each carrying a 16 kbit/s prime rate channel referenced to 
baseband. The addition of Service Control Headers (SRC), synchronization preambles and 
redundancy for forward error correction, increases the actual bit rate on each downlink TDM stream 
needed to carry the 96 prime rate channel to 3.68 Mbit/s. QPSK modulation on the 1.5 GHz carriers 
is used to transport the TDM stream to the receiver. Frequency spacing ranging from 2.3 to 
3.0 MHz2 between TDM carriers provides sufficient guard band to allow operation with minor to 
negligible intersymbol and adjacent channel interference at TWTA saturation in channels defined 
by rooted 40% raised cosine filters with aperture equalization applied on the transmit side. Small 
personal portable radios receive and select the channel slots from the TDM data streams to recover 
the digital baseband traffic information. 

____________________ 
2 The required frequency spacing between the center frequencies of the TDM carriers is a function of the 

geographic beam isolation and polarization isolation between adjacent carriers. 
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Table D.1 summarizes the main technical characteristics of the Digital System DS and Fig. D.8 
illustrates a block diagram of the satellite showing the processing and transparent payloads. The 
existing AFRIBSS and ASIABSS as well as the future CARIBSS satellites use on-board 
processing. Although not a requirement of the broadcast link, it is a major feature of the system. 

TABLE  D.1 

Summary of main system characteristics for Digital System DS 

 

D.3.1.1 On board processing payload 

A key feature of Digital System DS is the satellite communications processing payload that includes 
an onboard baseband digital processor. In the first implementation, the on-board demultiplexer-
demodulator and routing switch connects up to 288 FDMA uplink channels to one, two or three 
downlink TDM digital streams that are broadcast in three beams. Figure D.9 provides a block 
diagram of the end-to-end signal processing via the processing payload. 

MPEG Layer III encoded audio signals are transported over the system formatted in prime rate 
increments of 16 kbit/s. From one to eight prime rate increments are multiplexed into Broadcast 
Channels. For each prime rate increment, 6 912 bits are assigned in a 0.432 s duration Broadcast 
Channel frame. These can be divided into several service components in the Broadcast Channel 
frame. A BC frame, as shown in Fig. D.6, starts with a Service Control Header (SCH). 

To identify and demultiplex service components, the SCH contains a Service Component Control 
Field for each service component. Radio functions thus controlled can include encryption of 
subscription services, service category selection, addressing subsets of users, displaying messages, 
enabling and disabling a service, etc. Broadcast frames are assembled at the service origination 
facility. 

Transmit parameters 

Uplink frequency 7 025-7 075 MHz 
Downlink frequency 1 452-1 492 MHz 
Transponder e.i.r.p. (peak) 53.5 dBW 
Transponder e.i.r.p. eoc primary service area 49 dBW 
Transponder e.i.r.p. eoc secondary service 
area 

44 dBW 

Receiver 

Modulation Coherent QPSK 
Threshold (at antenna input (0 dBi gain )) –109 dBm 
Error coding Block and convolutional 
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FIGURE  D.8 

Satellite communications payload for Digital System DS 
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To prepare the signal for transmission, a broadcast channel frame of 0.432 s duration is assembled 
consisting of a service segment of n × 16 kbit/s (n × 6 912 bits per frame), plus a Service Control 
Header segment of n × 518.5 bit/s (n × 224 bits per frame). Note that n is an integer ranging from 
1 to 8. Thus, broadcast channels are structured in multiples of n × 16.5185 kbit/s. The service 
segment of a broadcast channel can be further divided into separate service components intended 
for specific uses, such as music, speech, image, dynamic image and others. Service components are 
organized in terms of integer multiples of 8 kbit/s per component with a maximum of 8 service 
components per broadcast channel. The assignment of service components may be dynamic. For 
example a music service component using 64 kbit/s may be dynamically converted to four 16 kbit/s 
voice service components in four languages to constitute a program mixing a single high-quality 
music service with a four-language voice service. 

After assembly, the broadcast channel is next forward-error-correction (FEC) coded by 
concatenating a 255,223 Reed Solomon block coder, followed by a block interleaver, followed by a 
Rate-½ convolution coder. This coding multiplies the bit rate by a factor of 2 × 255/223. Thus, the 
coded broadcast channel rate is n × 37.77 kbit/s. FEC coded Broadcast Channel frames are next 
synchronously demultiplexed into n parallel Prime Rate Channels, each containing 16 320 bits every 
Broadcast Channel frame period (0.432 s). Addition of a synchronization header raises the coded 
prime rate channel to precisely 38 kbit/s (16 416 bits per frame). Coded prime rate channels are next 
differentially coded and QPSK modulated onto n single-channel-per-carrier FDMA carriers and 
transmitted to the satellite. 
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FIGURE  D.9 

End-to-end signal processing (processing payload) 
for AFRIBSS using Digital System DS 
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Onboard the satellite the coded prime rate uplink carriers are received in 48 Prime Rate Channel 
carrier groups, demultiplexed and demodulated to their individual baseband coded prime rates. A 
TDM frame assembler locates each Prime Rate Channel in one of 96 Prime Rate Channel time slot 
locations in a 0.138 s duration TDM frame. Each Prime Rate Channel time slot contains 5 244 bits 
and the frame contains 96 × 5 244 = 503 424 bits. The TDM frame is shown in Fig. D.10. Each 
TDM frame starts with a 192 bit Master Frame Preamble (MFP) followed by a 4 224 bit Time Slot 
Control Channel (TSCC). 

FIGURE  D.10 

Downlink TDM frame 
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The MFP and TSCC are used by the radio receiver to synchronize to the TDM frame and to locate 
the Prime Rate Channels comprising the various Broadcast Channels carried in the frame and 
provide the information needed by a receiver to demultiplex the Prime Rate Channels belonging to 
a selected Broadcast Channel and to reconstruct the Broadcast Channel. The TDM traffic stream is 
divided into 96 TDM time slots each carrying a 16 kbit/s prime rate channel at a baseband rate of 
1.536 Mbit/s. Due to the addition of Service Control Headers, synchronization preambles and 
redundancy for forward error correction, the actual bit rate on each downlink TDM stream needed 
to carry the 96 Prime Rate Channels is 3.68 Mbit/s. QPSK modulation on the 1.5 GHz carriers at a 
symbol rate of 1.84 Msym/s (2 bit/sym) is used to transport the TDM stream to the receivers. 

D.3.1.2 Transparent payload 

If Digital System DS is used with a transparent payload, the TDM waveform format used on the 
uplink and downlink of the transparent payload is identical to that described above for the 
processing payload downlink. However, rather than its being assembled onboard the satellite, it is 
assembled at an uplink TDM waveform earth station. 

D.3.2 Audio source coding 

D.3.2.1 General 

ISO/MPEG Layer III was selected for use in the Digital System DS satellite sound broadcasting 
system. The three versions of Layer III widely used are the standardized schemes MPEG-1 
Layer III and MPEG-2 (Half Sampling Rate) Layer III and the extension MPEG-2.5 (Quarter 
Sampling Rate). Using these various source coding options, the system can operate at digitally 
coded audio bit rates ranging from 16 kbit/s to 128 kbit/s in steps of 16 kbit/s to provide various 
audio quality equivalents such as CD stereo, FM stereo, FM monaural, AM stereo and AM 
monaural. 

The general principles of the ISO/MPEG coding schemes, as well as the Layer III algorithm in 
particular, are the subject of many publications (e.g. [1][2]). The PCM time signal is mapped in the 
frequency domain using an FFT implemented filterbank (in case of Layer III a hybrid FFT/DFT 
implemented filterbank). A psychoacoustic model calculates the allowed perception thresholds of 
the audio signal in the frequency domain. A quantization and coding kernel applies frequency 
domain thresholds to the mapped audio frequency spectrum data. Finally the coded data is 
multiplexed with frame header and side information to build the bit stream. The decoder performs 
the inverse operations to recover the analog audio signal. 

Four basic features are the key factors for the high coding efficiency of Layer III compared to other 
coding schemes: 

– High frequency resolution optimizes the noise spectrum shaping according to the 
demands of the psychoacoustic model.  

– Entropy (i.e. Huffman) coding removes redundancy in a signal. Layer III uses 32 different 
Huffman tables that can be flexibly assigned to code the signal. 

– Bit reservoir is a short time buffer that allows “bit rate saving” resulting in a constant 
coding quality. 

– Advanced joint stereo coding methods achieve high compression rates with stereo 
signals. Layer III is the only layer which supports two stereo coding methods: Mid/Side 
(MS) Stereo Coding and Intensity Stereo Coding. 
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D.3.2.2 MPEG-1 Layer III 

The ISO/IEC standard 11172 “Coding of moving pictures and associated audio for digital storage 
media at up to about 1.5 Mbit/sec” [3], better known as “MPEG-1” standard, was finalized in 1991. 
The audio part of the standard, ISO/IEC 11172-3, defines three algorithms, Layers I, II and III for 
coding of PCM audio signals with sampling rates of 48, 44.1 and 32 kHz. Layer III is the most 
powerful scheme among these layers and may operate at bit rates from 32 to 320 kbit/s per mono or 
stereo signal. 

D.3.2.3 MPEG-2 Layer III (half sampling rate extension) 

The MPEG-1 coding algorithms have mainly been designed for high-quality audio compression 
(“CD-like quality”) of mono- or stereophonic signals. When the MPEG-1 standard was established, 
it became obvious that an extension of the standard allowing lower sampling rates was necessary. 
Due to technical reasons optimal coding efficiency for very low bit rates (less than or equal to 
32 kb/channel) can only be achieved by using lower sampling rates. Consequently, the low 
sampling rate (LSR) extension of the MPEG-2 standard (ISO/IEC 13818-3 [4]) defines the use of 
the sampling rates 24, 22.05 and 16 kHz for bit rates down to 8 kbit/s. 

Figure D.11 shows the test results for stereo signals coded with 64 kbit/s total bit rate in the 
listening tests performed during the test phase of MPEG-2 [5] to compare performance differences 
between Layer II and Layer III at sampling rates of 16 and 24 kHz. The diagram displays the 
differential grades (–1: audible, but not annoying; –2: slightly annoying; –3: annoying; –4: very 
annoying) between the (band limited) reference signal and the coded test signal. For both sampling 
frequencies, Layer III shows by far the best performance. Also the perceived quality is better at 
16 kHz than at the 24 Hz sampling rate because in this case quantizing noise rather than bandwidth 
is more important to quality perception. 

 

FIGURE  D.11 

Listening test results for MPEG-2 
(64 kbit/s joint-stereo, ref. Lowpass filtered) 
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D.3.2.4 MPEG-2.5 Layer III (extension toward very low sampling rates) 

Although MPEG-2 Layer III Half Rate Sampling allows bit rates down to 8 kbit/s, it was found that 
coding at bit rates between 8 and 16kb/channel can be further improved by using even lower 
sampling rates. As a result the extension of MPEG-2, called MPEG-2.5, operating at Quarter 
Sampling Rate was defined. This extension is almost identical to MPEG-2 Layer III, but allows 
sampling rates of 12, 11.025 and 8 kHz for best possible audio quality for very low bit rates. Expert 
listening observations have shown that the perceived quality at low bit rates is significantly 
enhanced by use of reduced sampling rate.  

D.3.2.5 Layer III audio quality – Status and future improvements 

With respect to high quality reproduction, audio bandwidth is the most important parameter. In the 
encoding process the bandwidth is chosen such that coding artifacts are kept as inaudible as 
possible. 128 kbit/s Layer III stereo provides CD-like quality, 64 kbit/s stereo delivers very good 
quality at a bandwidth of around 11 kHz, 16 kbit/s mono provides a “better than short wave” 
quality. Figure D.12 shows an example for audio bandwidth vs. bit rate per channel for Layer III. It 
is important to note that MPEG-Standards describe only the bit stream format and the decoding 
process rather than the encoding process. Thus, all improvements achieved in the encoder will result 
in better reproduced audio quality (e.g., higher bandwidth) at the decoder. Main topics of the 
ongoing optimization work on Layer III are: 

– optimization of joint stereo techniques 
– improvement of the block switching mechanism 

– tuning of psychoacoustic parameters under various conditions 

The results of this work are expected to further improve the high coding efficiency of the Layer-III 
audio coding algorithm. 

FIGURE  D.12 

Example of audio bandwidth vs. bit-rate for MPEG Layer III 
for Digital System DS 

8

32

64

bitrate
kbit/sec

bandwidth kHz

4 8 12 16

MPEG-2.5

MPEG-2

MPEG-1

 

 



- 527 - 
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D.3.3 Radio receiver operation and interfaces 

D.3.3.1 Receiver operation 

Figure D.13 shows the receiver block diagram for Digital System DS. 

FIGURE  D.13 

Receiver block diagram 
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D.3.3.2 Antenna options 

The antenna must be capable of receiving in the range of 1 452 to 1 492 MHz transmitted in both 
types of circular polarization. To achieve the specified minimum (G/T) of –16.5 dB/K under an 
assumed Tsys of 160 K, a minimum antenna gain of 6 dBi is required. 
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Both polarizations are accessible with one antenna (at least for the portable application) by means 
of a semiconductor implemented polarization switch. The standard antenna is a Single Patch type, 
6 cm by 6 cm in size and with a gain of about 6 dBi, feeding two separate LNAs from taps 
delivering RHCP and LHCP, respectively. This antenna size has a beam width of approx. 
100 degrees, therefore requiring almost no pointing – an additional benefit for portable operation. 

In disadvantaged reception circumstances higher gain antennas of about 12 dBi can be used. The 
smaller beam width will necessitate some pointing, which is supported by the receiver with its 
“signal quality” indicator. An important advantage of the higher antenna directivity is improved 
signal-to-interference ratio. 

For the above reasons, the antenna is detachable, whereby the output signal of the active antenna is 
fed to the radio via a cable and the AER (aerial) input connector. This configuration is especially 
beneficial for indoor environments with high signal penetration loss. The detached antenna can be 
mounted outdoors, or near a window enabling line-of-sight reception and delivering the signal to 
the receiver via an inserted coaxial cable. However as the cable insertion loss could unduly 
deteriorate the G/T performance, additional LNA gain is required to provide sufficient margin. 

Other applicable high-gain antenna options are helixes in broadside or endfire mode. The azimuth 
tilt can be adjusted to match the local satellite reception azimuth. Another attractive approach for 
fixed location use is to place the “Standard Patch” as a feed into a parabolic dish reflector. In this 
application a receiver control signal for the polarization selection can be used. 

D.3.3.3 Front end filtering 

The receiver front end is of the dual conversion superheterodyne type. To achieve the required 
image rejection and to effectively attenuate out-of-band interference, a 3-pole filter consisting of 
high-Q dielectric coaxial resonators is used. After the first conversion to an IF of 115.244 MHz, the 
in-band selectivity is realized with a SAW-filter. The passband corresponds to the TDM bandwidth 
increased slightly to allow for temperature tolerances of the first L.O. and the filter itself. The 
shaping of the spectrum roll-off is fully implemented in the digital domain. This yields high 
precision that contributes favorably to the link margin. 

D.3.3.4 Limitations due to receiver linearity (IP3) 

Receiver immunity against interference is a function of front-end filter selectivity as well as the 
receiver linearity and large signal performance. As the receiver is to be a battery-powered portable, 
and is intended for cost-sensitive markets, power consumption has to be a primary concern. 
Consequently high linearity values are difficult to achieve. For the initial receivers, the specified 
minimum value, referenced to the receiver antenna connector, is IP3 = –40 dBm. 

The input-referenced IP3 of the LNA implemented in the active antenna is –20 dBm. This leaves 
enough margin for improving the immunity to high level inband interference by inserting filters 
between antenna output and receiver input. 

D.3.3.5 Tuning to a TDM carrier 

The frequency reception range of 40 MHz bandwidth can accommodate 82 TDM carrier channels 
per polarization (on a 460 kHz raster). These potential TDM carrier positions will be accessed 
directly. The bandwidth of one TDM carrier is about 2.5 MHz and the fine resolution of this raster 
offers sufficient flexibility for frequency planning and interference countermeasures. 
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D.3.3.6 Demodulation 

The output signal of the analog tuner front end (the baseband at 1.84 Msymbol/s) is directly 
sampled and converted into the digital domain. The coherent demodulation of the QPSK bit stream 
into the I/Q components is performed by a complex mixer. After raised rooted cosine Nyquist 
filtering of the complex signals, the symbol clock recovery is achieved by digital resampling. 
Intelligent control loops achieve reliable signal recovery at very low C/N levels. They exhibit robust 
tracking behavior until near 0 dB C/N, and at Bit Error Rates (BER) close to the theoretical limit. 

D.3.3.7 TDM frame synchronization 

The master frame synchronization block receives the demodulated symbol stream from the QPSK 
demodulator and performs the alignment, detecting the master frame preamble by correlation. The 
known pattern of the synchronization word is also used to correct the phase ambiguity inherent in 
QPSK demodulation. 

D.3.3.8 Demultiplexing a broadcast channel 

The TDM frame comprises 3 fields: 

1) the Master Frame Preamble needed for synchronization, 

2) the Time Slot Control Channel that contains information about the locations and 
organization of the Prime Rate Channel data, and 

3) TDM Prime Rate Channel data field. The Prime Rate Channel data field contains 96 Prime 
Rate Channels with 16 kbit net data rate, whereby 1 to 8 of these Prime Rate Channels can 
be grouped to build one Broadcast Channel. 

These Broadcast Channels correspond to the data capacities chosen individually by the providers to 
meet the different requirements for audio quality and auxiliary data content. 

The function of the TDM Demultiplexer is to extract the selected Broadcast Channel from the bit 
stream. The symbols of the different Prime Rate Channels belonging to the selected Broadcast 
Channel pass through the data stream recovery unit. Temporal misalignment between the Prime 
Rate Channel of the selected Broadcast Channel is removed using a “Stuffing Bit” technique. 

D.3.3.9 FEC decoding a broadcast channel 

To achieve low bit error rates of 10–4 with the low C/N ratios, a powerful error-correcting method is 
applied. It consists of a cascade of Viterbi-convolutional decoding as the inner code, 
de-interleaving, and Reed-Solomon Block decoding as the outer code. These protection 
mechanisms are applied at the Broadcast Channel level (and not the Prime Rate Channel level) to 
allow the receiver to apply them once only and on the level of the data rate of the single selected 
Broadcast Channel. The output of this module is the Broadcast Channel. The configuration of the 
Broadcast Channel is constructed of different service components belonging to the same Service. 
The service structure and service component composition of the Broadcast Channel is transmitted in 
the Service Control Header (SCH). 

D.3.3.10 SCH functions: Service types, Subscription services 

To enable optimum automatic selection of a service, the Service Control Header (SCH) provides the 
receiver with information such as Service Component type and number, language, program type 
and the label identifying the Service Provider. In addition to audio service, still image sequences or 
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data services can also be transmitted. These will use different Service Component formats identified 
by the receiver from the SCH information. Encryption is an additional option. The selected 
encryption system uses 3 key parts: Hardware Key (to identify the receiver), User Key (to identify 
the authorization), and Over-Air Key (to identify different Service Providers). 

Table D.2 provides a summary of the Service Control Header functions. 

D.3.3.11 Decoding an audio service 

Currently MPEG 1, 2, 2.5 Layer III is the most efficient audio coding algorithm, especially in low 
data rate applications. The MPEG decoder receives the audio service component selected and 
demultiplexed from the Broadcast Channel. Initially the MPEG header and side information is 
extracted. The header contains information on the required decoding mode such as sampling rate, 
bit rate and stereo; whereas the side information holds the scale factors for the spectrum intervals, 
DCT block type and Huffman table selections. After a CRC check, the Huffman decoding and the 
DCT processing are performed. Finally, the digital output signals are converted into analog form 
and fed to the audio line outputs and the speaker amplifier. 

D.3.3.12 Decoding a data service 

Initial radios in Digital System DS will provide the complete error-corrected Broadcast Channel at a 
Broadcast Channel I/O Interface. This can be fed into a personal computer to access data processing 
options like decoding, storage, display and print. A typical application for this configuration could 
be audio content supported by pictures, diagrams, tables and similar text or graphical information. 

D.3.3.13 Overall RF/ IF selectivity 

Overall receiver selectivity is illustrated by the protection ratio curve given in Fig. D.14 for a 
prototype radio. The curve shows the level of a QPSK modulated interferer, Pint, plotted on the 
vertical axis in dBm against frequency of the interferer plotted on the horizontal axis, needed to 
cause the bit error rate at the output of the receiver’s QPSK demodulator to be 10–2. The wanted 
signal was a QPSK modulated signal of –90 dBm level. Both signals were modulated by the TDM 
waveform. The shape of the selectivity curve is determined by five main parts:  

1) Antenna selectivity (frequency and directivity), 

2) RF selectivity, 

3) 1st IF SAW filter selectivity, 

4) 2nd IF lowpass filter, and 

5) the digital spectrum shaping. 

D.3.3.14 Receive BER objectives and margins 

Due to the powerful error-correction schemes applied, the target BER of 10–4 can be met with 
carrier-to-noise levels as low as 4.5 dB. As this carrier level is close to the noise floor, in-channel 
interference must be minimized by appropriate arrangement of the selectivity determining parts. 
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TABLE  D.2 

Service control functional summary for Digital System DS 

 

D.3.3.15 Protection against interference 

In cases of moderate interference, selective pass and stop band filters or attenuators can be inserted 
between the antenna and receiver module. This can be augmented by the use of a high-gain antenna 
that can additionally attenuate the interference through its improved directivity. If the interference is 
very strong, high-gain antennas with an LNA meeting special requirements for linearity and 
selectivity can be applied as well. 

Field Group Field Name Purpose 

Service Preamble Service Preamble Used to synchronize each service component 
Service Control Data Bit Rate Index 

 
Indicates the overall bit rate of the service 
 

Service Control Data  Encryption Control Provides information on which encryption type 
is in use if any 

Service Control Data  Auxiliary Field 
Content Indicator1 

(ACI1) 

This is a multi-use field that controls specific 
functionalities associated with the Service. This 
indicator provides information about the purpose 
of the value contained in ADF1 

Service Control Data  Auxiliary Field 
Content Indicator 2 

(ACI2) 

Same as for ACI1 but controls ADF2 
 

Service Control Data Number of Service 
Components 

(Nsc) 

This field contains an indication of the number 
of service components contained in the 
Broadcast Channel and can vary from one to 
eight 

Service Control Data  Auxiliary Data 
Field 1 (ADF1) 

Data field, with content defined by ACI1 

Service Control Data  ADF2 multi-frame 
Start Flag 

(SF) 

Indicates the presence and start of a multi-frame 
data filed where the data is carried in successive 
frames within ADF2 

Service Control Data  ADF2 Segment 
Offset and Length 

Field (SOLF) 

Contains the total number of segments in the 
multi-frame minus one 

Service Control Data  Auxiliary Data 
Field 2 (ADF2) 

Data field that contains the data type indicated 
by ACI2 

Service Component 
Control Data 

Service Component 
Control Field 

(SCCF) 

Contains the information needed to demultiplex 
and decode each service component in the 
Broadcast Channel. Includes the bit rate, type 
(MPEG audio, etc.) and the program type 
(music, speech, etc.), and language of the SC 

Auxiliary Service Dynamic labels This is a serial byte stream who’s field width 
varies according to the size of the Broadcast 
Channel. Can be used to send items such as the 
broadcaster name or associated advertisement 
material for display on the receiver 
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FIGURE  D.14 

Protection ratio for Digital System DS: Wanted signal level ==== –90 dBm 
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D.3.4 Link budgets 

D.3.4.1 Uplink 

In this discussion it is assumed that the uplink transmissions to the satellite will use frequencies 
located in a 50 MHz wide spectrum from 7 025 to 7 075 MHz. 

D.3.4.1.1 Processed transponder 

Table D.3 shows the link budget for the 7 GHz transponder using on-board processing. 

The link budget shows that for an uplink station at the nominal edge of coverage (i.e.; 10° elevation 
angle) a nominal e.i.r.p. of 48.7 dBW will support one uplink PRC. For locations with higher 
elevation angles the required uplink e.i.r.p. to support one PRC will be somewhat lower. The e.i.r.p. 
of 48.7 dBW can be achieved with an antenna having a diameter of 4.6 m and a 1.2 W HPA, or 
other antenna/HPA combinations. 

Table D.3 applies for rain zones where the rain loss at 0.1% of the time is 2 dB. 
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TABLE  D.3 

Processed transponder uplink budget 

 

Frequency (GHz) 7.063  Satellite orbital location (°E) 21.0 

Ground station Antenna  Degradations 
Diameter (m) 4.6  Interference (dB(W/4 kHz)) 15 
Efficiency (%) 65.0  Equivalent received power (dBW) –169.6 
 Maximum gain (dBi) 48.8  External Interference (dB(W/4 kHz)) 11 
 Aperture (°) 0.57  Equivalent received power (dBW) –173.6 
Antenna stability (dB) 0.2  Intermodulation (dB(W/4 kHz)) 15 
 Equivalent stability (°) 0.074  Equivalent received power (dBW) –169.6 
Pointing accuracy (°) 0.072  Total received interference  
Satellite stability (°) 0.140   power density [I0] (dB(W/Hz)) –201.8 
 Pointing losses (dB) 3.0  Received noise power density  
    [N0] (dB(W/Hz)) –200.8 

Ground station location  Total N0 + I0 (dB(W/Hz)) –198.3 
Latitude (°N) –71.4   G/T degradation (dB) 2.5 
Longitude (°E) 21    
 Elevation (°) 10.0  Demodulation 
Rain @ 0.1% (dB) 2  Required Eb/N0 (dB) @ 10–4 8.8 
Geographic advantage (dB) 0  Hardware losses (dB):  
    Satellite 2.3 

Ground station e.i.r.p.   Broadcast station 0.4 
HPA output power (W) 1.2  Bit rate (k(Hz)) 38.0 
Output losses (dB) 1.0   Required C/N0 (dB(Hz)) 57.3 
 Gain (dB) 48.8    

Nominal e.i.r.p. (dBW) 48.7  Link margin 
   Nominal  
EIRP stability (dB) 1.0  Power flux density (dBW/m2) –114.5 

Max e.i.r.p. (dBW) 49.7  G/T (dB/K) –13.3 
   Received C/(N0 + I0) (dB(Hz)) 62.4 
Pointing losses (dB) 3.0  Required C/N0 (dB(Hz)) 57.3 

Min e.i.r.p. (dBW) 45.7  Margin (dB) 5.1 
     

Propagation  Minimum  
Elevation (°) 10.0  Rain @ 0.1% (dB) 2 
 Distance (km) 40 583.8  Power flux density (dB(W/m2)) –119.5 
 Free space losses (dB) 201.6  G/T (dB/K) –13.3 
Atmospheric losses (dB) 0.0  Received C/(N0 + I0) (dB(Hz)) 57.4 
   Required C/N0 (dB(Hz)) 57.3 

Satellite payload   Margin (dB) 0.1 
Antenna temperature (K) 290  Maximum  
Repeater temperature (K) 310  Power flux density (dB(W/m2)) –113.5 
Noise Temperature (dB/K) 27.8  G/T (dB/K) –13.3 
EOC gain (dB) 17  Received C/(N0 + I0) (dB(Hz)) 63.4 
EOC contour (dB) –3  Required C/N0 (dB(Hz)) 57.3 
 EOC G/T (dB/K) –10.8  Margin (dB) 6.1 
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With the nominal e.i.r.p. of 48.7 dBW the margin in the uplink is 5.1 dB for a bit error rate of 10–4 
at the output of the onboard demodulator in the processed transponder. This error rate is based upon 
a required Eb/N0 of 8.8 dB with an implementation margin of 2.7 dB composed of transponder and 
earth station impairments. These impairments have been verified on the prototype satellite 
hardware. Since the total system thresholds at 10–1 BER, an error rate of 10–4 at the satellite 
demodulator output is sufficient to make the uplink impairment contribution insignificant. Tests 
show that order of magnitude variations in uplink BER have an insignificant impact on the total 
BER. 

In the worst case with 2 dB of rain in the uplink and the earth station e.i.r.p. pointing loss of 1 dB, 
the margin in the uplink degrades to 0.1 dB as seen in Table D.3. The pointing loss of 1 dB is based 
upon specified performance of the earth station antenna stability, pointing accuracy and satellite 
station keeping stability. The earth station specified performance is based upon analysis and 
simulation. 

D.3.4.1.2 Transparent transponder 

Table D.4 shows the uplink budget for the transparent transponder. 

The link budget which applies for the TDM carrier shows that for an uplink station at the nominal 
edge of coverage (i.e.; 10° elevation angle), a nominal e.i.r.p. of 68.6 dBW will be required to 
provide a C/(N0 + I0) of 82.4 dB-Hz. The required C/(N0 + I0) to support a TDM carrier at the earth 
receiver is 67.2 dB(Hz), assuming hardware implementation losses of 2.5 dB for a BER of 10–4. 
Thus significant variations in the uplink C/(N0 + I0) will have negligible impact on the downlink. 
The e.i.r.p. of 68.6 dBW can be achieved with an antenna with a diameter of 4.6 m and a nominal 
120 W HPA. 

D.3.4.2 Downlink 

The downlink signals from the satellite are transmitted in the 1 467-1 492 MHz band. The centre 
frequencies of the TDM carriers of the processed mission are set in 920 kHz steps, while the 
transparent TDM carriers are set in steps of 920 kHz that bisect those of the processed payload. 

At these high elevation angles, blockage and shadowing due to buildings and trees is substantially 
reduced as is the impact of multipath reflections. 

For power flux-densities of –141.4 dB(W/(m2 · 4 kHz)) and –145.4 dB(W/(m2 · 4 kHz)), downlink 
margins are 9 and 5 dB, respectively, for a radio receiver with a G/T of –13 dB/K. These flux 
densities also correspond to the approximate –4 dB and –8 dB gain contours relative to the peak 
antenna gain in each beam. 

D.3.4.2.1 Processed transponder 

Table D.5 shows the link budget for the downlink of the processed transponder. 

The satellite antenna gain is 25.6 dB (–4 dB relative to peak) and the repeater output power is 
300 W (2 × 150 W TWTAs operating in parallel). Output losses caused by the paralleling of the 
TWTAs , high power isolator, filter and waveguide losses sum to 1.3 dB. The TDM waveform 
results in a modulation loss of 0.3 dB. Thus the net downlink e.i.r.p. is 48.8 dBW (at edge of 
coverage). 
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TABLE  D.4 

Transparent transponder uplink budget 

 

Frequency (GHz) 7.063   Orbital location (°E) 21.0  
     

Ground station antenna  Propagation 
Diameter (m) 4.6  Elevation (°) 10.4 
Efficiency (%) 65.0   Distance (km) 40540.1 
 Maximum gain 48.8   Free space losses (dB) 201.6 
 Aperture (°) 0.57  Atmospheric losses (dB) 0.1 
Antenna stability (dB) 0.2    
 Equivalent stability (°) 0.074    
Pointing accuracy (°) 0.072  Degradations  
Satellite stability (°) 0.140  Interference (dB(W/4 kHz)) 12 
 Pointing losses (dB) 3.0  Equivalent received power (dBW) –172.6 

   External Interference (dB(W/4 kHz)) 11 
Ground station location  Equivalent received power (dBW) –173.6 

Latitude (°N) 0  Intermodulation (dB(W/4 kHz)) 16 
Longitude (°E) 92  Equivalent received power (dBW) –168.6 
 Elevation (°) 10.44  Total received interference  
Rain @ 0.1% (dB) 3   power density [I0] (dB(W/Hz)) –202.3 
Geographic advantage (dB) 0  Received noise power density  

    [N0] (dB(W/Hz)) –200.8 
Ground station e.i.r.p.  Total N0 + I0 (dB(W/Hz)) –198.5 

HPA output power (W) 120.0  G/T degradation (dB) 2.3 
Output losses (dB) 1.0    
 Gain (dB) 48.8    

Nominal e.i.r.p. (dBW) 68.6  Satellite 
   Nominal  
EIRP stability (dB) 1.0  Power flux density (dB(W/m2)) –94.6 

Max e.i.r.p. (dBW) 69.6  G/T (dB/K) –13.1 
   Received C/(N0 + I0) (dB(Hz)) 82.4 
Pointing losses (dB) 3.0  Received C/(N + I) (dB) 17.4 

Min e.i.r.p. (dBW) 65.6    
   Minimum  
   Rain @ 0.1% (dB) 3 

Satellite payload  Power flux density (dB(W/m2)) –100.6 
Antenna temperature (K) 290  G/T (dB/K) –13.1 
Repeater temperature (K) 310  Received C/(N0 + I0) (dB(Hz)) 76.4 
 Noise Temperature (dB/K) 27.8  Received C/(N + I) (dB) 11.4 
EOC gain (dB) 17    
EOC contour (dB) –3  Maximum  
 EOC G/T (dB/K) –10.8  Power flux density (dB(W/m2)) –93.6 

   G/T (dB/K) –13.1 
Channel bandwidth  Received C/(N0 + I0) (dB(Hz)) 83.4 

Bandwidth (kHz) 3 200.0  Received C/(N + I) (dB) 18.4 
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TABLE  D.5 

Processed transponder downlink budget 

 

Using a Rate-½ Viterbi decoder and a Reed-Solomon block decoder, the theoretical value of Eb/N0 
required for a post FEC BER 10–4 is 2.7 dB. The implementation losses due to payload and 
prototype radio receiver hardware is specified to be 2.3 dB. Thus a C/N0 of 67.0 dBHz is required at 
the receiver input to support a data rate of 1 584 kbit/s. 
With a receiver G/T of –13.0 dB/K, a satellite e.i.r.p. of 48.8 dBW and atmospheric losses of 
0.1 dB, the received C/N0 is 76.7 dB(Hz) resulting in a margin of 9.7 dB. Receivers with other 
values of G/T or operating outside the –4 dB down antenna contour would have different link 
margins. 
The above link budget was shown for a receiver located where the elevation angle to the satellite is 
30°. At this relatively low elevation angle the probability of being shadowed by vegetation or 
blocked by buildings will not be negligible. As the elevation angle increases the probability of being 
blocked or shadowed diminishes quite rapidly. Portable radios that are shadowed or blocked will 
need to adjust slightly the receive location to obtain a clear line-of-sight to the satellite. 

Downlink 
  
Frequency (GHz) 1.48 
  

Satellite 
Repeater output power (W) 300.0 
Output losses (dB) 1.3 
OBO (dB) 0.3 
Antenna gain (dB) 25.6 

e.i.r.p. (dBW) 48.8 
  

Propagation 
Elevation (°) 30.0 
 Distance (km) 3 8612.6 
 Free space losses (dB) 187.6 
Pointing losses (dB) 0.0 
Atmospheric losses (dB) 0.1 
  

Radio receiver 
Power flux density 
(dB(W/m2)) 

–114.1 

 G/T (dB/K) –13.0 
 Received C/N0 (dB(Hz)) 76.7 
Required Eb/N0 (dB) @ 10–4 2.7 
Hardware losses (dB) 1.8 
Intersymbol Interference (dB) 0.5 
Bit rate (kHz) 1 584.0 
 Required C/N0 (dB(Hz)) 67.0 
  

Margin (dB) 9.7 
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D.3.4.2.2 Transparent transponder 

Table D.6 shows a link budget for the downlink of the transparent transponder. 

The link budget applies for one TDM with a nominal uplink C/(N0 + I0) of 82.4 dB(Hz) or C/N of 
17.4 dB (see Table D.4) and the Output Backoff (OBO) due to uplink noise of 0.1 dB. With this 
value of OBO a satellite e.i.r.p. of 48.7 dBW yields a C/(N0 + I0) of 76.6 dB(Hz) at the prototype 
receiver input in the absence of any blockage or fade in the downlink (not including the 
retransmitted noise from the uplink, except as causing an additional satellite backoff). 

TABLE  D.6 

Transparent transponder downlink budget 
 

 

Downlink 
     

Satellite    

Repeater output power (W) 300.0  Frequency (GHz) 1.48 
Output losses (dB) 1.3    

OBO Compression (dB) 0.3    

Antenna gain @ EOC (dB) 25.6    

Reference e.i.r.p. (dBW) 48.8  Radio receiver 
   G/T (dB/K) -13.0 

Propagation  Required Eb/N0 (dB) @ 10–4 2.7 
Elevation (°) 30.0  Hardware losses (dB) 1.8 
 Distance (km) 38 612.6  Intersymbol Interference (dB) 0.5 
 Free space losses (dB) 187.6  Satellite HW losses (dB) 0.2 
Pointing losses (dB) 0.0  Bit rate (kHz) 1 584.0 
Atmospheric losses (dB) 0.1   Required C/N0 (dB(Hz)) 67.2 
     

Nominal conditions on uplink  Worst-case conditions on uplink 
     

Satellite  Satellite 
OBO due to Uplink C/N + I (dB) 0.1  OBO due to Uplink C/N + I (dB) 0.3 

e.i.r.p. (dBW) 48.7  e.i.r.p. (dBW) 48.5 
     

Radio receiver  Radio receiver 
Power flux-density (dB(W/m2)) –114.1  Power flux density (dB(W/m2)) –114.4 
 G/T (dB/K) –13.0   G/T (dB/K) –13.0 
 Received C/N0 (dB(Hz)) 76.6   Received C/N0 (dB(Hz)) 76.4 
     

Uplink C/N0 + I0 (dB) 82.4  Uplink C/N0 + I0 (dB) 76.4 

Required C/N0 + I0 (dB) 67.2  Required C/N0 + I0 (dB) 67.2 

Required downlink C/N0 + I0 (dB) 67.3  Required downlink C/N0 + I0 (dB) 67.8 
     

Margin (dB) 9.3  Margin (dB) 8.6 
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With an uplink C/(N0 + I0) of 82.4 dB(Hz) and the required C/(N0 + I0) at the receiver input of 
67.2 dB(Hz), yields a total required C/(N0 + I0) in downlink is 67.3 dB(Hz), and a downlink margin 
of 9.3 dB. Similarly, for the worst-case variation of the uplink signal, the downlink margin can be 
shown to be 8.6 dB. 

D.4 Digital System DH 

D.4.1 Introduction 
In non-line-of-sight environments where buildings and other obstacles block direct reception from 
the satellite, terrestrial reinforcement broadcasting will be needed to deliver signals to the receivers. 
This is particularly important for mobile reception. Reception of the reinforcement emissions 
requires the use of receivers equipped to overcome the multipath and attending fade characteristics 
caused by the multiplicity of reflected paths that reach the receiver. Low power reinforcers, due to 
their limited coverage radius, may encounter multipath delay of about 3 µs. High power reinforcers, 
intended to cover large metropolitan areas out to 10 km, will encounter multipath delays out to 
20 µs. 
Digital System DH, also known as the hybrid satellite/terrestrial WorldSpace system, is designed to 
provide satellite digital audio and data broadcasting for vehicular, fixed and portable reception by 
inexpensive common receivers. It extends the system structure of Digital System DS, described in 
Recommendation ITU-R BO.1130. Digital System DS was designed to optimize performance for 
satellite delivery using coherent QPSK modulation with block and convolutional coding, and non-
linear amplification at TWTA saturation. It is now operating over Africa using the WorldSpace 
AfriStar satellite at 21° E and over Asia using the AsiaStar satellite at 105° E. The system provides 
for a flexible time division multiplex (TDM) of digitized audio and data sources to be modulated 
onto a downlink TDM carrier, and uses a hierarchical multiplex structure of three layers (physical, 
service and transport) that conforms to the OSI Model as recommended in Recommendation ITU-R 
BT.807. 
Since the launch of AfriStar in October 1998 Digital System DS system has been delivering a 
satellite direct digital broadcast service over Africa. With the launch of AsiaStar in March 2000 the 
same service has started over Asia. Both satellites are delivering direct digital broadcast signal 
reception with very high margins of 4 to 13 dB within their outer beam coverage contour areas of 
28 Million km2. Digital Audio signals are being uplinked to transparent and processing payloads 
from diversely located uplink earth stations in the satellite global beams and broadcast via AfriStar 
over three 5.7° to 6° width beams covering Africa and the Middle East, and three more beams via 
AsiaStar from Indonesia and India to Korea and China. Four differently manufactured 1.5 GHz 
receivers receive these signals. 
Digital System DH extends the reception performance of Digital System DS to deliver robust mobile 
reception performance to urban regions that suffer severe blockage by buildings and trees. A Digital 
System DH architecture has now been specified. It provides terrestrial augmentation for Digital 
Sound Broadcasting services in a mixed satellite/terrestrial configuration to mobile receivers as well 
as static and portable receivers. The development work has reached the stage where system 
validation testing has taken place using the AfriStar Satellite and a three-transmitter Single 
Frequency Network in Erlangen, Germany. Further tests have taken place in Pretoria, South Africa 
and the results are reported in Section D.5.3. 
The satellite delivery component of digital System DH is based on the same time division multiplex 
broadcast channel transport used in Digital System DS but with several significant enhancements 
designed to improve line-of-sight reception in areas partially shadowed by trees. These 
enhancements include fast QPSK phase ambiguity recovery every 1.4375 ms, early/late time 
diversity and maximum likelihood combination of early/late time diversity signals. 
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The terrestrial delivery system component is based on Multi-Carrier Modulation (MCM). MCM is a 
multipath-resistant Orthogonal Frequency Division Multiplex technique that has gained wide 
acceptance for pervasive mobile reception from terrestrial emitters. The MCM extension improves 
upon the techniques that are common in systems such as Digital System A, which is one standard 
used for terrestrial digital audio broadcast services. MCM utilizes multiple frequencies to avoid 
frequency selective fades thereby avoiding deleterious effects of delay spread. The MCM 
modulation scheme is most suitable for reliable reception in urban mobile environments, and leads 
to spectrum efficient solutions when Single Frequency Networks are used. 

A new Digital System DH receiver design extends and improves upon the Digital System DS design 
for satellite signal reception. It adds an MCM terrestrial reception branch to receive terrestrial signal 
single frequency network emissions. It uses two radio frequency tuner branches and demodulates 
the same TDM stream from both the satellite and terrestrial signal components. For its MCM 
extension, new terrestrial transport and physical layer specifications are added to the current 
service, transport and physical layers of Digital System DS. Because the terrestrial transport directly 
modulates the TDM baseband symbols recovered by receivers at each terrestrial station of a 
terrestrial re-radiation network onto MCM carriers, the terrestrial transport is referred to as 
TDM-MCM. 

The following sections describe in more detail the satellite and terrestrial retransmission 
components of Digital System DH. 

With the inclusion of the terrestrial delivery component, Digital System DH can meet the Service 
Requirements stipulated not just in Recommendation ITU-R BO.789, but also Recommendation 
ITU-R BS.774 for Satellite and Complementary Terrestrial Delivery of Digital Sound Broadcasting. 

D.4.2 MCM implementation 
The TDM to MCM Conversion of the Satellite TDM symbol stream to a TDM-MCM signal for 
terrestrial re-radiation is illustrated in Fig. D.15. For the time diversity only system, the resulting 
TDM-MCM signal is re-radiated by multiple terrestrial stations of a single frequency network 
(SFN). 

FIGURE  D.15 
TDM to MCM conversion and terrestrial re-radiation 
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Using a 1.2 m diameter offset-feed parabolic antenna connected to a WorldSpace receiver, the 
satellite QPSK TDM carrier is demodulated to its baseband TDM symbol signal form. It is next 
converted to a TDM-MCM form using the processing steps shown in Fig. D.16. The TDM symbols 
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are mapped to MCM sub-carrier symbols by constructing a multicarrier signal in the frequency 
domain. To do this the TDM symbols are first ordered into a row-column format, each column 
corresponding to an MCM symbol. The TDM symbol row elements of the column correspond to the 
individual MCM sub-carriers of an MCM symbol. To create the time domain signal for each MCM 
symbol, an Inverse Fast Fourier Transform (IFFT) operates on the row elements of each column to 
generate a multiplicity of DQPSK signals, one for each TDM symbol. To mitigate intersymbol 
interference (ISI), a guard interval is inserted between MCM symbols by time domain compressing 
and repeating parts of the output sequence of the IFFT. 

FIGURE  D.16 

TDM to MCM conversion 
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A time domain view of an MCM frame comprises a sequence of MCM symbols as shown in 
Fig. D.17. Each MCM frame starts with an Amplitude Modulated Synchronization Sequence 
(AMSS) that is used at the receiver to recover MCM frame timing synchronization and carrier 
frequency and phase recovery. Each MCM frame comprises 23 MCM symbols. Each MCM symbol 
carries 552 DQPSK modulated carriers, one for each 2 bit TDM symbol plus one more carrier that 
is the phase reference for the DQPSK modulation. Each MCM symbol ends with a guard interval in 
which a time segment of length equal to the guard time, but sampled at the start of the MCM 
symbol, is repeated. The MCM frames are themselves formatted into a frame of 138 ms duration 
that is equal to the length of a TDM frame. At the receiver, this AMSS accommodates 
synchronization of the TDM frames recovered from the satellite and terrestrial paths. 
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FIGURE  D.17 

Time domain view of MCM frame 
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D.4.3 MCM waveform parameters 

The MCM parameters being used for the mobile operations in the band 1 467-1 492 MHz are given 
in Table D.7. 

TABLE  D.7 

MCM parameters 

 

Further details of the MCM signal construction are illustrated in Fig. D.18. 

Parameter Value 

FFT length 768 
DQPSK Active carriers  552 
DQPSK Reference Carrier  1 per MCM Symbol 
TDM Symbol  MCM Symbol 
Mapping 

552 two bit TDM symbols per 
MCM symbol using DQPSK 

MCM Symbols per MCM Frame 23 
MCM Symbol Frame Length 6.9 ms 
Symbol duration 297.21 µs 
Guard interval 58.70 µs included symbol duration 
AMSS synchronization preamble 
(at start of each MCM frame) 

64.29 µs 

Framing 20 MCM symbols (138 ms) 
Sampling frequency  3.22 MHz 
Bandwidth  2.32 MHz 
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FIGURE  D.18 

TDM-MCM processing steps summary 
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The theoretical spectrum of the MCM signal is shown in Fig. D.19. Note the very rapid out-of-band 
fall-off that is typical of the MCM modulation process and aids in reduction of adjacent channel 
interference. 

D.4.4 Reception scenarios of hybrid satellite/terrestrial signals 

The overall scenario of the mix of satellite line-of-sight combined with terrestrial reinforcement for 
mobile reception is illustrated in Fig. D.20. The scenario is composed of three regions which are 
discussed in the following. 

D.4.4.1 Outer region – Dominantly satellite reception region 

The outermost region, shown as the outer annulus around a large city in Fig. D.20, comprises 
mostly wide-open rural areas across which highways interconnect major cities and rural roads 
interconnect small towns. Along most of the highways and roads, line-of-sight satellite reception 
will be possible for a large fraction of the time a vehicle moves along. However, inadvertently, a 
vehicle will encounter small regions where buildings and trees will interfere with direct 
line-of-sight satellite reception even if time and spatial diversity are available. Thus, in many such 
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rural regions, terrestrial reinforcement stations re-radiating the TDM-MCM signal will be installed, 
particularly where the volume of service justifies doing so. These are likely to be 10 dBW to 
20 dBW e.i.r.p. transmitters used principally for regions where the service availability using the 
satellite signals only would not be sufficient. 

FIGURE  D.19 

Theoretical MCM spectrum 
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FIGURE  D.20 

Reception scenarios 
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D.4.4.2 Intermediate region – Mix of satellite and terrestrial signals region 

This is a transitional zone between intense urban and suburban/rural areas. It is composed of islands 
of tall housing and business clusters interspersed with low rise suburban housing and rural settings. 
Thus, the satellite only signal is likely to be insufficient for full coverage. More intense use of 
Terrestrial re-radiation is needed than in the rural region. As required by the topology, terrestrial 
repeaters radiating the TDM-MCM signal at power levels of 10 dBW to 20 dBW will be installed to 
provide the required service availability. 

D.4.4.3 Inner region – Dominant use of the terrestrial signal 

For urban centers only, terrestrial repeaters provide the coverage. Single frequency networks of 
multiple repeaters radiating the TDM-MCM signal at 30 dBW and higher are used to cover a 
complete urban center if the coverage radius of one transmitter is not sufficient. 

D.4.4.4 Vehicle transiting through the regions 

As a vehicle transits toward the urban center through the various regions of the scenario of 
Fig. D.20, it will encounter various signal strengths and mixes of terrestrial re-radiated and satellite 
signals. 

In open rural areas of the outer annulus, a vehicle will be a long distance, even over the radio 
horizon, from the nearest urban TDM-MCM re-radiators; hence, the satellite signal will dominate. 
In this case, a satellite receiver arm(s) will demodulate the TDM carrier(s), recover the early and 
late “tuned” Broadcast Channels and combine them by means of maximum likelihood FEC 
decoding to recover the Broadcast Channel bits. 

As the vehicle transits into the Intermediate Region, it will begin to encounter increasing levels of 
TDM-MCM signal. The receiver, using its FEC decoders, examines and compares the terrestrial 
and satellite signal quality in terms of estimated bit error ratios (BERter and BERSat). Receiver 
reception stays with the satellite signal as long as it continues to deliver a BERSat = 
∆ × BERter, ∆ ≥ 1. When the latter condition becomes “not true” receiver reception switches to the 
terrestrial signal. Only when the satellite signal BER decreases such that BERter = ∆ × BERSat will 
reception switch again to the satellite signal. If BERter and BERSat are both too low for satisfactory 
reception, reception ceases. Values of ∆ may be as great as 10. 

A vehicle transiting in the intermediate region and also in the outer region will encounter towns, 
mountains and forests where line-of-sight to the satellite(s) is blocked. TDM MCM terrestrial 
re-radiation repeaters are likely to be installed to achieve seamless coverage for travelers and local 
residents. Thus a receiver will cycle between terrestrial reception and satellite reception as the 
receiver performs the quality processing and switching in terms of BER. It is important that such 
switching occur with a minimum of interrupt to the continuity of service. For audio services, 
inaudible interrupts may be tolerated however, for data, such interrupts may cause the loss of 
service continuity. Measures to avoid such interrupts will be implemented. 

When a transiting vehicle enters the center region, reception is essentially 100% via the terrestrial 
signal. This is by design that involves the deliberate deployment of terrestrial re-radiators to 
accomplish pervasive coverage. Furthermore, once the receiver locks on to the terrestrial signal, the 
design of the signal quality comparator, as described above, is such as to inhibit return to satellite 
reception until the latter is dominantly the better. The value of ∆ governs this aspect of the 
switching action. 
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D.4.4.5 Time diversity delay between early and late broadcast channels 
Early and late signals may be transmitted as two different Broadcast Channels on one TDM carrier 
from one satellite for time only diversity, and from two separated satellites on two TDM carriers, 
one from each satellite for time and space diversity. 

Regarding the magnitude of the delay time needed for effective time diversity reception, experiment 
data from studies conducted by DFVLR3 in 1985 in Europe in connection with the Prosat/Prodat 
system provide guidance. These studies were reported in the Proceedings of the ICDSC-74, Munich, 
Germany, 12-16 May 1986, pp. 537-541. These experiments were performed via the MARECS-A 
satellite in geostationary orbit positioned at 15° W. The data was collected for a vehicle traveling on 
rural highways at a speed of 60 km/h. Results of specific interest here are plotted in Fig. 3b of the 
reference cited. 

A subset of the data taken from the latter figures is re-plotted here in Fig. D.21. Two curves are 
shown for mobile reception by a vehicle traveling on a highway at a speed of 60 km/h. One is 
without and the other is with time diversity. They show the relationship between “fade duration 
exceeded for 1% of the time’ in seconds on the vertical axis and ‘receive threshold relative to mean 
received power” in dB on the horizontal axis. The curve without diversity shows that for a receive 
threshold of −10 dB the fade duration exceeds 4 s less than 1% of the time. With diversity the receive 
threshold is reduced to −2.7 dB. Conversely, fades having a duration of 4 s or less occur 99% of the 
time for a receive threshold of −10 dB without time diversity and −2.7 dB with time diversity. The 
system described in this text will have a delay time of 4.28 s. 

FIGURE  D.21 

Fade duration ≥≥≥≥ Tf vs. ratio of receive threshold to mean received power (dB) for a time share 
of fade ==== 1% for highway mobile reception with and without time diversity 
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____________________ 
3 DFVLR: German Aerospace Research and Test Establishment, now referred to as DLR. 
4 ICDSC-7: Seventh International Conference on Digital Satellite Communications. 
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D.4.5 Receiver architecture 
Two receiver architectures are described in the following, one for time only diversity and the other 
for time and space diversity. 

The time-only diversity receiver is shown in Fig. D.22. It employs a combined antenna for satellite 
and terrestrial reception that connects to two receiver arms, one for satellite and the other for 
terrestrial. The satellite arm comprises a satellite tuner that selects a desired TDM satellite carrier, a 
QPSK demodulator to recover the TDM symbol stream and a TDM demultiplexer that selects a 
desired pair of complimentary early and late Broadcast Channels. An FEC decoder that uses a 
Viterbi maximum likelihood FEC trellis decoder synchronously combines the delayed early signal 
and the late signal. Delay of the early signal is implemented in the TDM demultiplexer. Precise 
synchronization needed for the combining is accomplished by aligning the preambles of the early 
and late Broadcast Channel frames. The Post Detection Combiner is a switch that selects the 
Broadcast Channel of either the satellite or terrestrial receiver arms based on the quality 
measurement previously described. The MCM arm of the receiver operates simultaneously and 
independently of the satellite. It tunes to the desired MCM carrier and demodulates it to the TDM 
symbol stream. From there on it operates precisely the same way as the satellite arm. The Post 
Detection Combiner connects the terrestrial arm or the satellite arm to the output depending on its 
logic declaration as to which has the better quality. The selected Broadcast Channel is then 
demultiplexed into its constituent service components. 

FIGURE  D.22 
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The time and space diversity receiver is shown in Fig. D.23. It uses three arms, two for satellite 
signal reception and one for terrestrial signal reception. All three arms share the same Antenna and 
LNA. One satellite signal will carry only early Broadcast Channels and the other only late 
Broadcast Channels. The third arm receives the terrestrial signal that comprises a TDM-MCM 
carrier transporting the TDM. The TDM transported via terrestrial re-radiation is that carrying only 
early Broadcast Channels received at the terrestrial re-radiating station directly from the satellite. 
Each satellite arm comprises a satellite tuner that selects a desired TDM satellite carrier, a QPSK 
demodulator to recover the TDM symbol stream and a TDM demultiplexer. One arm delivers the 
desired early Broadcast Channel and the other the companion late Broadcast Channel to a FEC 
decoder that uses a Viterbi maximum likelihood FEC trellis decoder to synchronously combine the 
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delayed early signal and the late signal. The required delay of the early signal is implemented in the 
TDM demultiplexer. Precise alignment needed for the Viterbi decoder combining is accomplished 
by aligning the preambles of the early and late Broadcast Channel frames. The MCM arm of the 
receiver operates simultaneously and independently of the satellite. It tunes to the MCM carrier and 
demodulates it to recover the TDM symbol stream, demultiplexes the TDM stream to recover the 
desired early Broadcast Channel and FEC decodes the latter in a Viterbi decoder. The latter 
Broadcast Channel will have to be delayed to bring it into synchronization with the Broadcast 
Channel recovered from the satellite arm. Some of the latter delay will have been introduced at the 
terrestrial re-radiating stations as incidental in the conversion from TDM to TDM-MCM. Precise 
synchronization needed for post detection combining is accomplished by aligning the preambles of 
the early and late Broadcast Channel frames. The Post Detection Combiner connects the terrestrial 
arm or the satellite arm to the output depending on its logic declaration as to which has the better 
quality. The selected Broadcast Channel is then demultiplexed into its constituent service 
components. 

FIGURE  D.23 

Time and space diversity receiver 
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D.4.6 Conclusions 

Digital System DH extends DSB satellite delivery to mobile receivers as well as to fixed and 
portable receivers. It is an extension of the now operational Digital System DS that is delivering 
DSB very effectively to small fixed and portable radios in Africa and Asia. Digital System DH adds 
new features to Digital System DS to accomplish this objective. These new features are: 

1) Introduction of Early/Late time diversity Broadcast Channels into the structure used for 
Digital System DS. 

2) The Broadcast Channel, designated as the Late one, is compatible to reception by Digital 
System DS receivers. 

3) The Broadcast Channel, designated as the Early one, is received only by Digital System DH 
Mobile receivers. 
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4) Digital System DH Broadcast Channels can be carried in the same TDM stream that carries 
Digital System DS Broadcast Channels. 

5) The Early Broadcast Channel incorporates a 432 ms interleaver to enhance satellite 
line-of-sight reception in partially blocked circumstances such as light tree foliage. 

6) Both the Early and Late Broadcast Channels are implemented for fast recovery of QPSK 
demodulation phase slips (1.5 ms) to enhance line-of-sight reception in partially blocked 
circumstances such as light tree foliage. 

7) Terrestrial re-radiation of the TDM signal using MCM modulation to carry the TDM signal 
(called TDM-MCM in this text) is introduced to extend reception to mobile as well as fixed 
and portable receivers located in areas totally blocked from line-of-sight satellite reception. 

8) A Single Frequency Network re-radiating properly synchronized TDM-MCM signals 
derived from the satellite line-of-sight TDM signal. 

D.5 Laboratory and field measurements of Digital Systems DS and DH 

D.5.1 End-to-end broadcast chain simulation of Digital System DS 

This section of the Annex presents the results of the test activities conducted using components of 
the Prototype Flight Model of the AfriStar payload. The test campaign demonstrated and validated 
the end-to-end performance of the entire Satellite Digital Sound Broadcast Chain. 

The following presents the test results for the broadcast chain between the feeder link earth station 
to the satellite payload and from the satellite payload to the prototype radio receiver.  

The tests involved: 

– the downlink signals from the satellite onboard processing payload to a prototype of the 
radio receiver 

– the uplink signals from the broadcast station to the satellite 

– end-to-end from the broadcast station to the satellite through the on-board baseband 
processing payload to the receiver using various traffic loading levels from light to fully 
loaded traffic conditions. 

The testing was performed using measurements of bit error rate versus C/N0 on selected Broadcast 
Channels routed over the end-to-end linkage. 

D.5.1.1 Downlink tests 

This test validated the performance of the downlink part of the Broadcast Chain using a Prototype 
Radio Receiver and the Prototype Flight Model (PFM) of the satellite payload. The Bit Error Rate 
of the downlink transmission chain was measured at the QPSK demodulator output of the receiver 
(before the Viterbi and Reed-Solomon error correction decoders) under the following conditions: 

– The uplink signal was generated by a Broadcast Station Simulator (BSS) 

– To avoid uplink bit errors, the uplink C/N0 was set at a high value (Eb/N0 ~ 20 dB)  

– The uplink signal was routed through the on-board processor to the downlink 
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– The Eb/N0* of the downlink TDM carrier was adjusted to various values between 0 and 
10 dB 

– The downlink signal was analysed using the receiver  
– The test was first conducted by driving the payload TWTAs at saturation, and again, at 

maximum back-off (IBO = 20 dB, OBO = 13 dB) 
 * relationship between downlink C/N0 and Eb/N0 is the following: 
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Test results in terms of BER versus C/N0 are shown in Fig. D.24, for operation of the TWTA at: 
1) saturation and 
2) at maximum back-off. 

Expected and specified reference points are also plotted as vertical lines on the plot at 
C/N0 = 65.7 dB(Hz) and 67.0 dB(Hz), respectively. There is negligible difference observed between 
TWTA operation at saturation and at maximum back-off. 

FIGURE  D.24 
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D.5.1.2 Uplink hardware losses 

This test measured the uplink hardware losses. The bit error rate measured at the QPSK 
demodulator output (excluding error correction) of the uplink transmission chain was measured 
under the following conditions : 

– uplink signal was generated by the Broadcast Station Terminal (BST) 
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– uplink Eb/N0* was adjusted to various values between 7 and 12 dB 

– uplink signal was routed through the on-board processor to a downlink TDM carrier 

– downlink C/N0 was set at high values (Eb/N0 ~ 20 dB) so that no error was contributed by 
the downlink 

– test was conducted at maximum TWTA back-off  

* relationship between uplink C/N0 and Eb/N0 is the following: 
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Test results are shown in Fig. D.25. 

FIGURE  D.25 

Uplink performance using BSS/Payload simulator for Digital System DS 
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Figure D.25 presents results of three series of tests. There is a small but inconsequential difference 
between these results. The figure also plots as vertical lines the specified and the expected reference 
points which are at 56.1 dB(Hz) and 57.3 dB(Hz), respectively. The test results show a very good 
correlation with the specified reference point, as well as a margin of about 1.4 dB with respect to 
the expected reference point. 

D.5.1.3 End-to-end system margin 
The purpose of this test was to validate compliance to the system performance specification of the 
end-to-end broadcast chain. The chain comprised the Broadcast Station Terminal (BST), the 
onboard processing payload and a receiver. The bit error rate at the output of the FEC decoders was 
measured under the following conditions: 
– uplink signal was generated by the Broadcast Station Terminal 
– uplink Eb/N0 was adjusted at the specified minimum uplink operating point: 
  uplink BER = 10–4 
– uplink signal was routed through the on-board processor to the downlink TDM carrier 
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– downlink Eb/N0 was adjusted to values leading to bit error rate around 10–4 
– downlink signal was analyzed using a prototype receiver 
– test was conducted driving the TWTAs at saturation (worst-case configuration). 

FIGURE  D.26 

End to end system margin for Digital System DS 
(BER = 10–4) 
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Test results for an uplink operating point of 10–4 are shown in Fig. D.26. 

In addition to the test results plotted in Fig. D.26, the specified and the expected reference points for 
the processed mission downlink link budget are plotted as vertical lines. These test results show a 
very good correlation with the expected reference point, as well as a margin of about 1.5 dB with 
respect to the specified reference point. 

The results shown in Fig. D.26 are consistent with: 

– a bit error rate of 10–1 at QPSK demodulator (required C/N0 of approximately 65.2 dB(Hz), 
according to Fig. D.24 

– a bit error rate of 10–4 at the output of the Viterbi/Reed-Solomon decoders (required C/N0 
of approximately 65.4 dB(Hz), obtained with the same measurements using the BSS rather 
than the BST). 

The test was repeated at an uplink operating point corresponding to an uplink bit error rate of 10–3, 
to assess the capability of the system to accept broadcast stations with reduced e.i.r.p. Test results 
for an uplink operating point corresponding to an uplink bit error rate of 10–3 are shown in 
Fig. D.27. They show minor impact of the reduced uplink signal on the overall system performance. 
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FIGURE  D.27 

End to end system margin for Digital System DS 
(BER = 10–3) 
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D.5.1.4 Additional broadcast traffic 

The purpose of this test was to demonstrate that the presence of an additional Broadcast Channel 
does not degrade significantly the performance. The bit error rate was measured at the output of the 
FEC and Reed-Solomon decoders under the following conditions: 
– uplink test signal was generated by the Broadcast Station Terminal 
– an uplink loading signal was generated by a Broadcast Station Simulator (two 

configurations have been sequentially used: Broadcast Channel 4 and 5, both of them 
having 8 Prime Rate Channels) 

– uplink Eb/N0 of test and loading signals were adjusted at the specified minimum uplink 
operating point: 

  uplink BER = 10–4 
– uplink signals were routed through the on-board processor to a downlink TDM carrier 
– downlink Eb/N0 was adjusted to obtain a bit error rate around 10–4 
– downlink signal was analysed for its BER 
– test was conducted driving the TWTAs at saturation (worst-case configuration). 

The test was repeated at an uplink operating point corresponding to an uplink bit error rate of 10–3, 
to assess the capability of the system to accept broadcast stations with reduced e.i.r.p. 

Test results for an uplink operating point of 10–4 were plotted in Fig. D.28. 
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FIGURE  D.28 

Variation of system margin with additional broadcast channels 
using an uplink operating BER ==== 10–4 for Digital System DS 
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Test results show that no significant variation was detected due to the introduction of the second 
Broadcast Channel. 

Test results for an uplink operating point corresponding to an uplink bit error rate of 10–3 are shown 
in Fig. D.29. They show a minor impact of the reduced uplink signal on the overall system 
performance. 

D.5.1.5 Effect of non-linearity in the satellite receive electronics 

The purpose of this test was to demonstrate the absence of significant spurious effects coming from 
non-linearity in the processed payload receive section, in presence of the maximum number of 
carriers. To do this, three signal sources were used: 
– the Broadcast Station Terminal: 

this generates the test channel, consisting of a broadcast channel of one Prime Rate Channel, where 
the RF level is set to minimum 
– the Broadcast Station Simulator: 

the BSS generates a loading channel, consisting of a broadcast channel of eight Prime Rate 
Channels, where the RF levels were set to minimum 
– the payload test bench: 

the Arbitrary Waveform Synthesizer (AWS) included in the test bench was used to generate a 
multicarrier signal composed of: 
– a set of 279 uplink modulated carriers set at maximum level; a frequency notch near the 

middle of this set of 279 carriers was reserved for the carriers under test  
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– a set of three uplink transparent carriers set at maximum level with each of these carriers 
modulated. 

A BER measurement was conducted on the broadcast channel generated by the BST; this test was 
performed under the following conditions: 
– Arbitrary Waveform Synthesizer signal ON 
– Arbitrary Waveform Synthesizer signal OFF 
tracking any performance variation versus multi-carrier environment. 
Results were measured for two different uplink levels, corresponding to bit error rates of 10–4 and 
10–3. No significant performance deviation from those plotted in Fig. D.28 and Fig. D.29 was 
observed when the AWS was enabled. 
The above results clearly demonstrate that the on-board processor can handle the entire expected 
uplink traffic load without degradation. 

FIGURE  D.29 

Variation of system margin with additional broadcast channels 
using an uplink operating BER ==== 10–3 for Digital System DS 
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D.5.2 Propagation experiments with Digital System DS 
A number of propagation experiments were conducted as part of the Digital System DS 
development. Measurements were performed using a helicopter to simulate satellite signal arriving 
at typical elevation angles. Measurements were done for indoor reception, mobile reception and 
reception through trees. 

D.5.2.1 Digital System DS helicopter propagation tests (1996-1997) 
From July 1996 through May 1997 experiments were carried out for verification and demonstration 
of the Digital System DS Satellite Sound Broadcasting System. These tests were based on the 
transmission of a 1.5 GHz signal from a helicopter platform in order to emulate the characteristics 
of the satellite channel under fixed, portable and mobile conditions. 
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The helicopter tests were conducted by the Telecommunication Department of the Fraunhofer 
Institute for Integrated Circuits (FhG IIS) in Erlangen, Germany in cooperation with the German 
Aerospace Research Establishment (DLR), that had previously conducted several experiments using 
this approach [1]. 

Signal reception and processing was achieved using first generation prototype receivers, developed 
and implemented by FhG, combined with small patch antennas (10 cm × 15 cm) in both active and 
passive versions. 

Sixteen flight experiments were conducted to test the reception capabilities of the system under 
LOS conditions, indoors (with and without indoor reinforcement) and mobile environments. 
Additional tests with an indoor transmitter (no helicopter) were conducted to further investigate the 
behavior of the signal in the indoor environment. 

D.5.2.2 Helicopter satellite emulation  
A satellite appears as a distant radiation source illuminating the coverage area with approximately 
parallel signal rays. At any given location the elevation and azimuth angles relative to GEO satellite 
systems varies slowly with time, if at all. Both distance to the satellite and power flux density in the 
absence of shadowing, are virtually constant near the receiver. This leads to the conclusion that a 
platform with a fixed position (“hover mode”) and an altitude that is as high as is possible emulates 
this situation best. Studies by DLR have shown that to achieve this a helicopter is the first choice 
for an airborne platform. Other options like airplanes, blimps, or balloons exhibit major 
disadvantages [2]. 

A helicopter provides the opportunity to hover close to pre-defined fixed positions at a maximum 
flight altitude of 10 000 ft above sea level. It provides weather protection for the on board 
equipment, allows a reasonable payload mass (including one operator), and supplies the payload 
with electrical power. A transmitting antenna is easily placed underneath the helicopter body. 

In contrast to a GEO satellite a helicopter platform illuminates the measurement area with a conical 
beam from a relatively near location. Hence the multipath trajectories are modified. Variations in 
the delay power spectrum (echo delays and echo amplitudes) of the downlink signal might occur 
due to the relatively low altitude of the airborne platform compared to a GEO orbit. Investigation 
with reflectors shows that variations are negligible if the nominal altitude above ground is higher 
than 2 500 m. In the Erlangen area, 10 000 ft above sea level is equal to approximately 2 800 m 
above ground. 

Since the position and the attitude of the helicopter platform are not perfect, this results in slight 
variations of elevation and the power at “tree-top level”. To minimize the unwanted effects the 
following countermeasures were applied: hovering at the highest possible altitude; monitoring of 
the downlink signals; careful design of mobile routes to minimize variations in range and elevation; 
and post-flight processing to compensate for power variations. 

D.5.2.3 Helicopter equipment 
The transmitter equipment on board the helicopter generated both the bit stream and the RF signal 
of Digital System DS. 

The baseband processor of the signal generator consists of a rugged PC equipped with plug-in-
cards. These provide a fully compliant time division multiplex bit stream carrying pre-encoded 
audio programs stored on the hard disk. Another plug-in card has a QPSK modulator that generates 
the RF signal as a core component. 

During the flight experiments the position of the helicopter was determined using a reverse 
differential GPS system and recorded on a Laptop PC. 
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D.5.2.4 Ground reception 

The core component of the measurement is the prototype receiver. The performance in terms of 
BER (Bit Error Rate) vs. (C/N0) was calibrated in the laboratory (see Fig. D.30). This relationship 
was used for the verification of the link budget. For precise measurement of received signal power, 
a Rohde and Schwarz ESVB test receiver was used. 

An 8-channel instrumentation DAT recorder was used to record received signal power, time stamp 
and audio channels. In addition the digital status of the receiver including Bit Error Rate was also 
recorded. 

In the mobile reception case a video camera pointing straight up was mounted on top of a van. The 
audio output of the receiver was recorded on the audio tracks of the video tape so obstructions in 
line of sight to the helicopter, for example a bridge or foliage, was correlated with the received 
audio signal. This camera was also used to monitor indoor experiments. 

Position data for the mobile reception experiments, were obtained from a GPS/compass based 
Bosch/Blaupunkt TravelPilot system. The time base of this ground setup was derived and recorded 
from DCF77 triggered clocks. 

Patch antennas developed by M/A-Com with peak gain at zenith (90° elevation) were used during 
the tests. When it was intended to work with low satellite comparable powers at “tree-top” level 
only the active antenna versions were employed. The antennas contain a RF switch that allowed the 
selection of the polarization (LHCP or RHCP). The noise temperature of the active antennas was 
determined by the Y-factor method. The overall system noise temperature was calculated using the 
input noise figure of the receiver. 

FIGURE  D.30 

BER vs. C/N0 of the receiver used during helicopter tests 
for Digital System DS 
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For mobile reception tests a low gain version was used (passive peak gain of 5 dBic), whereas for 
indoor experiments a high gain version was employed (passive peak gain 8 dBic). The M/A-Com 
patch antenna was mounted on top of a tripod. For comparison purposes a custom built 1.5 GHz 
cross dipole antenna was also used for mobile reception. 

D.5.2.5 List of experiments 

Several helicopter flight experiments were conducted. The test program consisted of the following 
items: 
– Line of Sight (LOS) calibration 

– Indoor test 1: Wooden Hut 
– Indoor test 2: Family House 
– Indoor test 3: Reinforced Concrete Building 
– Mobile reception: Forest 
– Mobile reception: Highway 

The indoor distribution of the signal was investigated with a transmitter placed inside the FhG 
building. 

D.5.2.6 Tests under line-of-sight conditions 

The methodology for verification of the line of sight link budget was to compare the signal to noise 
power density ratio, C/N0, derived from the measured BER performance to a C/N0 value obtained 
from a link calculation. 

The calibration curve “BER vs. C/N0”, shown in Fig. D.30, was recorded in the laboratory. 

The calculated C/N0 is given by the following equation: 

  ]dBm/Hz/K[log10–]dB/K[/]dBm[]dBHz[/ 100 kTGPNC rtree +=  

The power at “tree-top” level Ptree is an output of the post-processing system and is calculated from 
the transmitter RF power, the transmit antenna gain parameter valid in the direction of the receiver, 
and the slant range. The use of an isotropic receive antenna (0 dBic) is assumed, so that the unit of 
“Ptree” is mW or dBm. 

The G/T factor for different antenna arrangements was determined experimentally. The noise 
temperature of the antenna was measured using the Y-Factor method. Noise floor measurements of 
the overall receiver chain during the experiment showed good agreement to these pre-calculated 
noise values. The passive gain was found in an antenna test range. 

The receiver setup with the M/A-Com high gain active patch offered a G/T figure-of-merit of 
−15.9 dB/K. For line of sight takes, a longer RF cable was employed in order to put the active 
antenna on top of the roof of a 6-story building. In this configuration, the G/T was found to be 
−20 dB/K. 

“k” is Boltzmann’s constant (–198.6 dBm/Hz/K). 

Table D.10 gives an example for the above considerations. 

This calculation was carried out for all Rx antennas used at various power levels and different 
elevations. The reception threshold of the receiver was at minimum C/N0 ratio of 65.6 dB(Hz) at a 
BER of 10%. Hence, in the case of the above example there is a link margin of nearly 4 dB. 
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D.5.2.7 Indoor reception 

The penetration of satellite signals into buildings has been the subject of numerous studies. Vogel et 
al. [4] have done penetration loss measurements using a signal source mounted on a mast to 
simulate the satellite. These experiments showed that the penetration loss of wooden and brick 
structured buildings is small enough to be compensated by a reasonable link margin of 8 to 10 dB. 
[4]. 

During this verification experiment, similar tests were conducted with a helicopter based signal 
source. Several kinds of buildings were investigated: a wooden hut in a big clearing in the forest 
close to Erlangen, a German style family house in a small village, and a modern office building 
made of concrete and steel. 

During the experiments, the signal was transmitted from the helicopter under different elevation 
angles, i.e. 80°, 60° and 45°. After calibration under line of sight conditions, the resulting field 
distribution inside the buildings was measured with a M/A-Com high gain active antenna mounted 
on a tripod, which was positioned at different pre-defined positions. At each placement, the antenna 
remained at a fixed position to measure the time varying signal. In addition the antenna was moved 
along pre-defined lines. 

The penetration loss was computed from the received signal power data as the mean loss (being the 
difference between actual received power and line-of-sight power). The standard deviation and 
cumulative fade distributions were also calculated. 

D.5.2.7.1 Wooden hut 

The wooden hut was built of wooden piles and boards of 1 inch thickness. The roof was 
additionally covered by roofing felt. 

A statistical computation of the takes, when the antenna was moved along the straight line with 
constant speed, showed that the mean penetration loss was found to be 11 dB for 80° elevation, 
9 dB for 60° and 5 dB for 45°. It was also found that the probability of a loss lower than 8 dB for 
80°, 7 dB for 60°, and 2 dB for 45° is 20 % at random locations (Table D.8). 

This leads to the conclusion that the reception of a signal inside a house made out of wooden 
material is possible at realistic satellite-like power flux densities. 

TABLE  D.8 

Wooden hut, statistical evaluation of indoor straight line takes 

 

Take Eleva-
tion 

Power at 
tree top level

Penetration loss 
(dB) 

p ==== 20% 
loss is less than

  (dBm) mean std. dev. min. max. x dB 

11.15 80º –98.8 10.6 2.5 5.8 16.9 8.5 
11.16 80º –77.0 11.0 4.1 2.4 33.8 7.8 
11.28 60º –99.0 7.5 1.5 2.3 13.8 6.5 
11.29 60º –79.2 9.4 2.5 3.0 20.0 7.5 
11.42 45º –103.7 4.2 2.5 -0.2 11.0 2.2 
11.43 45º –82.9 5.8 4.5 -3.2 15.8 2.0 
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When the antenna was at a fixed position the received signal level was constant within variations of 
1 dB. This verifies the assumption that it is possible to choose a position for the receive antenna 
with the best reception capabilities (e.g. in zones of constructive superposition of line of sight and 
reflected signals). 

D.5.2.7.2 Family house 
The roof of the second indoor location, the family house, is made of a wooden framework, which is 
covered by tiles at its outside. The space between the main piles is filled with a layer of thermal 
isolation (glass wool). 

The results of the experiment at this location were: 
– The penetration loss through the roof of a house is usually too high to receive the signal 

under practical conditions. The mean penetration loss was found to be around 15 to 20 dB 
at all three elevation angles (80°, 60°, and 45°). Even at the best positions found at 80° and 
45° elevation, the loss was around 8 dB. However reception was possible through a glass 
window in the roof with line of sight direction to the helicopter. 

– The results of the takes, when the antenna was moved along the straight line, are 
summarized in Table D.9. For takes of this kind, the power at “tree-top” level was chosen 
to be higher than in the satellite transmission case in order to be able to measure the full 
depth of the penetration loss. 

TABLE  D.9 

Family house, statistical evaluation of indoor straight line takes 

 

D.5.2.7.3 Office building 
Transmission experiments were also made in a large office building made of steel reinforced 
concrete. The room under test was located at the top of the building (6th floor) and was furnished 
with several desks, tables and compartments as well as electronic equipment like personal 
computers (Fig. D.31). 

Indoor reception of the signal inside an office building made of concrete and steel is only possible if 
there is a line of sight connection between the receiving antenna (behind a glass window) and the 
helicopter or satellite based transmitter. This is shown in Fig. D.32. The receiving antenna was 
placed in turn at the positions 1, 2, 3 (seconds 35 to 100) and 4. Position 4 was outside the window 
on the ledge. 

At 45° elevation, positions 1 and 2 have line of sight to the helicopter and nearly the same signal 
power can be received as at position 4. 

Take Eleva-
tion 

Power at tree 
top level 

Penetration loss 
(dB) 

p ==== 20% 
that loss 

  (dBm) mean std. dev. min. max. < x dB 

12.13 80º –93.5 15.8 2.5 9.2 21.7 13.8 
12.14 80º –76.9 19.0 5.0 7.8 34.9 14.5 
12.26 60º –88.7 17.8 3.1 12.3 24.5 15.2 
12.27 60º –79.1 20.6 4.1 12.1 33.7 16.8 
12.41 45º –82.8 17.0 4.7 8.5 29.4 12.8 
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FIGURE  D.31 

Outline of the room in the modern office building 
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FIGURE  D.32 

Take 13.26, 45° elevation: Reception through the window 

 

It was found that the penetration loss through the (non-metalized) glass measured at short distances 
behind the window is not even noticeable. At position 3 the loss was beyond 20 dB so that a 
reception of a practical satellite signal cannot be anticipated under comparable geometrical 
conditions. It has to be taken into account that the line of sight area can become very limited at high 
elevations even in close proximity to the window. As a result only the side of a modern building 
that faces a satellite will be provided with sufficient signal strength. For the reception to non-line of 
sight sides other strategies such as re-broadcasting or external reflectors or antennas may have to be 
employed. 
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D.5.2.7.4 Indoor reinforcement 

In order to investigate into this option an experiment was carried out with combined reception of 
satellite (helicopter) and reinforced signals as depicted in Fig. D.33. 

FIGURE  D.33 

Indoor reception of helicopter signal and reinforced signal 
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This scenario represents a worst case as an additional strong multipath component is introduced. 
However, when using an indoor retransmitter, the indoor link margin would be set much higher 
than the line of sight link margin in order to cope with indoor signal fluctuations caused by multiple 
path propagation. Therefore, in practical situations a simultaneous reception of a line-of-sight and a 
reinforced signal is not likely to occur, the strong retransmitted signal would dominate. 

Nevertheless during the experiment the simultaneous reception was successfully demonstrated and 
it was shown, that the signal could be received close to the window. When moving the indoor 
receive antenna away from the window, seamless reception inside the room was possible, as the 
signal was delivered by the reinforcing transmitter. 

D.5.2.8 Mobile reception 

During the verification experiment mobile reception on a highway and a tree shadowed test route 
was also demonstrated. 

Figure D.34 represents the highway test route. During one take the van drove on the highway “A73” 
from the most northern point to the southern turning point (clover-leaf) and then back again to the 
northern starting point. 

Several fades in the received power was observed. These fades are caused by bridges and highway 
signs and are numbered in a manner such that the same bridges crossed from the opposite direction 
were labeled with the same number (“B1” to “B5”). TP was the turning point in the south. It should 
be noted that the highway signs are not symmetrical to the southern turning point. Thus from north 
to south there are three dropouts caused by signs and on the way back only one. 
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FIGURE  D.34 

Mobile reception on the highway 
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Mobile reception was possible without any problems under line of sight conditions at all speeds up 
to 100 km/h (limited by the maximum speed of the test mobile). Doppler shift had no impact on the 
reception. 

Once the mobile had to pass underneath a signpost or a bridge, there was an inevitable dropout of 
the received audio program, not immediately, but with a certain processing delay. 

The one-way length of the forest test route (south-north bound) was 3.5 km. With a speed of less 
than 70 km/h it takes the van approximately 200 s to cover this distance. Along both sides of the 
road are high trees (min. height 10 m) most of which are conifers. The helicopter hovered in the 
east. 

It can be seen in Fig. D.35 that the trees have a strong effect on the received signal power, 
especially at the end of the take when the van was in the northern area of test route. Here the trees 
were more dense and closer to the road. 

On the forest route increased shadowing can be measured with decreasing elevation angle (as can 
be expected). For 10% of the time the loss was higher than 6 dB for 80°, 9 dB for 60° and 10 dB for 
45°. 
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FIGURE  D.35 

Mobile reception on the forest route, elevation range 50-60° 
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TABLE  D.10 

Example of a link budget verification 
for Digital System DS 

 

D.5.2.9 Conclusions 

The radio reception tests verified that a satellite direct-to-person audio receiver with small efficient 
antennas is capable of receiving the TDM waveform under different environmental conditions in 
full conformance with the system specifications. 

Transmit power –10.8 dBm 
Transmit antenna gain 5.8 dBic 

Path loss 
(90° elevation, 2 740 m altitude)

 
104.5 dB 

⇒ Ptree –109.5 dBm 

  
G/T –20.0 dB/K 

–10log10k 198.6 dBm/Hz/K 

⇒ C/N0 69.1 dB(Hz) 

  
Measured BER 0.025 

⇒ C/N0, Fig. D.30 69.4 dB(Hz) 
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During the helicopter tests of Digital System DS described in this section the performance of the 
satellite digital sound broadcasting system was demonstrated under realistic conditions. The satellite 
was represented by a helicopter and transmitted the standard TDM waveform for reception by fixed, 
portable and mobile receivers. 

In the first phase the reception of a signal transmitted from a helicopter under line of sight, 
shadowed, and blocked conditions was demonstrated to an internal audience. During the subsequent 
technical investigation phase reception in buildings and vehicles under various conditions and 
configurations was documented. Also terrestrial reinforcement under simplified environmental 
conditions was examined. 

Under line of sight conditions the link budget was verified for different antenna types under 
different elevation angles. This was done by measuring the Bit Error Rate at different levels of C/N0 
and comparing this to the BER vs. C/N0 performance measured in a laboratory setup. The link 
budget was found to be in agreement to the pre-calculated values within 1.5 dB. 

The reception of the satellite signal inside three different types of buildings (simple wooden hut, 
German style family house and office building) was investigated.  

The reception inside the house built of wooden material is possible with a power flux-density 
delivered by a satellite. The penetration loss was approximately 11 dB at 80° elevation, 9 dB for 60° 
and 5 dB for 45°. At high elevation angles the roof material exhibits higher absorption than the 
thinner walls. 

Notably 20% of the location positions could be found showing less penetration loss than the 
average, 8 dB for 80°, 7 dB for 60°, and 2 dB for 45°. This verifies the assumption that it is possible 
to find a position for the receive antenna where the signal power is significantly higher than 
average. The signal power was constant with the antenna held at fixed positions. 

The experiment in a German style family house showed that the penetration loss through a roof 
covered with tiles and insulated with 10 cm glass wool is beyond 15 dB. Even at the best position 
the loss was more than 8 dB. Reception was only possible through a glass window with line of sight 
to the helicopter. 

In a modern office building made of concrete and steel for reinforcement, the penetration loss was 
much higher, indicating that in such situations a portable receiver will only work with line of sight 
view though a window. The attenuation caused by normal glass is very low, if not unnoticeable, 
metalized windows however attenuate the signal by more than 15 dB. 

Reception under mobile conditions was investigated for routes on a highway and a road shadowed 
by trees. 

On the highway most of the time there was a line of sight link between helicopter and van resulting 
in uninterrupted service. The Doppler frequency shift caused by the speed of the van of up to 
100 km/h did not have a negative impact. However, the signal was obstructed when the van passed 
underneath bridges or signposts leading to a complete loss of service after a processing delay of a 
few hundred milliseconds. 

On the forest route increased shadowing can be measured with decreasing elevation angle (as can 
be expected). For 10% of the time the loss was higher than 6 dB for 80°, 9 dB for 60° and 10 dB 
for 45°. 

This road was a particularly bad example with high trees on either side, partially hanging directly 
over the street. 
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The reception of the signal inside buildings under non-line of sight was demonstrated by indoor 
transmission experiments. A small low power transmitter was used to transmit the waveform into a 
large office building. As can be expected from a large number of existing experimental data on 
comparable systems, the propagation is limited by attenuation and not by intersymbol interference 
as the delay between different path components is well below a fraction of a symbol. 

Both stand-alone indoor transmission and reception, as well as simultaneous reception of a line of 
sight signal and a retransmitted signal was demonstrated. 
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D.5.3 Report of test results for Digital System DH 

D.5.3.1 Introduction 

Digital System DH combines satellite and terrestrial waveforms to deliver seamless BSS (sound) to 
vehicles. The satellite waveform is backward compatible to Digital System DS. In October 2000, as 
a result of action taken by Radiocommunication Study Group 6 a new category of BSS (sound) 
systems, designated as Hybrid, was adopted and Digital System DH is one of two hybrid systems 
considered. 

Compared to System DS, System DH includes the following enhancements: 

– Use of time diversity or time and space diversity to enhance satellite reception. 

– Use of coherent QPSK demodulation with Fast Phase Recovery to enhance satellite 
reception in partial shadowed (trees) environments. 

– Use of frame interleaving to enhance satellite reception in partially shadowed (trees) 
environments. 

– Terrestrial re-broadcasting in areas where satellite reception is blocked by structures 
(bridges, tunnels, buildings, etc.). 

Digital System DH has completed its validation test period. This period was divided into two 
phases: 

Phase 1, “Engineering tests”, carried out in Erlangen, Germany during August 2000, separately 
tested the satellite and terrestrial transport segments for urban-center, near urban-center and 
highway blockage conditions. AfriStar’s north-west beam delivered the satellite signal at an 
elevation angle of 32.3°. One, two and three terrestrial repeater stations delivered the terrestrial 
signal. 
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Phase 1 focused on: 

– Testing the functioning of mobile reception Digital System DH prototype software, 
firmware and hardware. 

– Validation of the terrestrial waveform for a three-transmitter single frequency network 
(SFN). 

– Validation of the time diversity concept for urban-center and near urban-center highway 
reception scenarios separately for the satellite and terrestrial waveforms. Due to the low 
field strength of the satellite signal in Erlangen a full validation selective combining of 
terrestrial and satellite waveforms was not possible but it was carried out in Pretoria. 

Phase 2, “Overall system integration tests”, carried out in Pretoria, South Africa in October 2000, 
fully tested selectively combined satellite and terrestrial transport segments for urban-center, near 
urban-center and highway blockage conditions. AfriStar’s north-west beam delivered the satellite 
signal at an elevation angle of 59.26°. One, two and three terrestrial repeater stations delivered the 
terrestrial signal. 

Phase 2 focused on: 

– Testing the mobile reception by Digital System DH prototype equipment with sufficient 
satellite field strength from AfriStar. 

– Testing reception of the current Digital System DS satellite waveform without any of the 
enhancements to provide a baseline for comparison. This is referred to as the “compatible” 
channel waveform because the present Digital System DS receivers can receive it. 

– Testing of the Digital System DH satellite channel waveform with its time diversity, 
interleaver and fast phase recovery enhancements. This is referred to as the “enhanced” 
channel. It is not compatible to the present Digital System DS receivers. 

– Testing of the Digital System DH terrestrial waveform with and without time diversity and 
interleaver. 

– Testing of the Digital System DH terrestrial waveform SFN with one, two and three 
transmitters. 

– Testing the Digital System DH satellite-terrestrial selective combining under urban-center 
and near and outside urban-center highway reception scenarios. 

D.5.3.2 System overview 

The overall system concept is summarized in Fig. D.36. The figure defines the key requirements for 
the system. 
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FIGURE  D.36 

Overall system concept 
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Outside of the urban centres, the installation of “nation wide” single frequency terrestrial networks 
would be too expensive. In such outside areas the satellite signal, supported where needed by very 
low power terrestrial repeaters, should be sufficient. 

In urban center and near urban centre locations, terrestrial re-enforcement is required. Two concepts 
for the terrestrial repeater are considered: 

– Micro power (0.1 to 1 W e.i.r.p) repeaters used only for small gaps (small towns, forested 
areas, tunnels etc. in satellite coverage (“Gap fillers”) mostly outside urban centers. Many 
such repeaters are required. 

– Medium power (100 W e.i.r.p.) repeaters used in and near urban centers. 

In and near urban centres one repeater is not sufficient. Multiple repeaters operated in single 
frequency networks are considered as mandatory. Multiple repeater single frequency networks 
introduce a high delay spread to the signal. As will be seen later in a section dealing with the 
performance of the TDM-MCM as a function of speed, high delay spread can reduce the BER. 

To simplify the repeater deployment, flexible repeater stations are required. Repeater flexibility 
means: 

– Features to facilitate easy installation. 

– Low cost low/medium power (1 to 10 W of RF power applied to antenna terminals). 

– Very low cost micro power repeaters (0.01 to 0.1 W applied to the antenna terminals). 
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Because the repeaters obtain their signal directly from the satellite, there is no need for terrestrial 
distribution to the repeater stations no matter how remote they may be. 

A typical repeater is illustrated in Fig. D.37. 

 

FIGURE  D.37 

Repeater block diagram 
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Digital system DH is a satellite-terrestrial hybrid system that includes the following features: 

– A QPSK modulated TDM satellite signal using time diversity to overcome short blockages 
and a high performance FEC scheme to cope with signals in shadowed environments (e.g. 
under trees). 

– An MCM waveform modulated by the same TDM bit stream carried over the satellite, 
referred to in this text as TDM-MCM, that is repeated over the transmitters of a terrestrial 
single frequency network (SFN). A block diagram of the terrestrial transmitter, showing the 
satellite and terrestrial signal parts, is given in Fig. D.38. 

– Source coding applied to the audio signal using MPEG1/2 Layer III. 

– Multiplex of digital audio bit stream, auxiliary data and optional data streams into a 
broadcast channel. 

– Reed-Solomon encoding of the broadcast channel. 

– Convolution encoding applied to the output of the Reed-Solomon encoder. 
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– The TDM transmission waveform supports the following modes: 
a) Full diversity mode: 

Two convolution encoders are used at the transmitter to generate signals transported on two 
satellite TDM channels. In a first TDM channel, one convolution-coded signal is delayed 
(= late signal). In a second TDM channel, the second convolution-coded signal channel is 
undelayed (= early signal). The latter, also called the diversity signal, incorporates an 
interleaver with a length of 432 ms to combat short time fades such as encountered for line-
of-sight reception interrupted by trees and foliage. 

b) Compatible channel mode: 
One convolution encoder is used. No additional time interleaving5 is applied. 

c) Diversity channel mode: 
One convolution encoder is used. 432 ms windowed time interleaving is applied to the 
output of the convolution encoder. This mode is not compatible to the first generation 
Digital system DH radios. 

– The above operations are done in an interleaver/delay unit. The output of the 
interleaver/delay unit is demultiplexed to prime rate channels that ultimately are carried in 
two TDM channels. 

– A preamble is inserted for each prime rate channel. 
– The prime rate channels are multiplexed to a TDM bit stream in terms of an early and a late 

channel. 
– A time slot control channel (TSCC) is added to the TDM stream. The TSCC includes all 

information required for the de-multiplexing of the channels carried in the TDM bit stream. 
– For TDM frame synchronization a master frame preamble (MFP) is added. 
– The TDM bit stream, including TSCC, MFP and channels is QPSK modulated onto a TDM 

carrier. The TDM carrier is assigned to a frequency in the band between 1 467 to 
1 492 MHz. The TDM stream supports a base band bit rate of 1 536 kbit/s at a transmission 
rate of 3 680 kbit/s in a bandwidth of 2.3 MHz. 

The terrestrial repeaters use the following processing steps: 
– QPSK demodulation to recover the TDM at its 3 680 kbit/s transmission rate. 
– Phase ambiguity correction every 1.4375 ms of the QPSK demodulation synchronized to 

the TDM MFP. 
– Modulation of the 3 680 kbit/s TDM stream onto an MCM waveform in terms of 23 MCM 

symbols with 1 104 bits each (552 carriers, 2 bits each) carried in a frame of 6.9 ms length. 
This is referred to as the TDM-MCM waveform.  

For areas where terrestrial and satellite coverages overlap (typical of a suburban environment), 
satellite and terrestrial channels are selectively combined in the receiver. This significantly 
enhances the signal availability. 

Use of the time diversity in the terrestrially repeated TDM-MCM waveform is optional. The 
processing repeater concept also allows a reformatting of the content of the channels carried in 

____________________ 
5 Block interleaving over four Reed-Solomon Code words is applied between the Reed-Solomon encoder 

and Convolutional encoder. 
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TDM bit stream before re-broadcasting. Parts of the prime rate channels may be replaced by other 
signals before re-broadcasting. The following operation modes are possible: 
1) Full time diversity. 
 Time diversity is used for the satellite and the terrestrial signals. This mode offers very high 

error robustness, very high signal availability and very good coverage with terrestrial 
repeater networks. 

2) Time diversity for only the satellite signal. 
 The terrestrial transmitters repeat only the enhanced satellite diversity channel. For the 

terrestrial signal, the capacity assigned to the compatible channel may be used for local 
program insertion. 

3) No time diversity for either the satellite or the terrestrial signal. 
 It is possible to use the compatible or the enhanced diversity channel. The enhanced 

diversity channel offers better performance for the mobile reception but prevents reception 
by Digital System DS receivers. The compatible channel offers full compatibility to Digital 
System DS receivers, but delivers poor mobile receiver performance. Also the compatible 
channel can be used for the satellite signal and the enhanced diversity channel for the 
terrestrial signal. The latter would require reformatting of the satellite signal before re-
broadcasting. 

Use of the chosen satellite TDM and terrestrial TDM-MCM waveforms supports different receiver 
types. Examples are: 
– Satellite only mode receiver: 
 Only the compatible satellite signal is used. This mode offers minimum receiver complexity 

and power consumption. It provides stationary and portable reception. 
– Dual mode receiver: 
 The receiver selects either a satellite signal or repeated terrestrial signal. If a signal from a 

terrestrial repeater is available, the receiver tunes to the terrestrial signal. If no terrestrial 
repeater signal is available, the receiver searches for a satellite signal. 

– Diversity receiver. 
 Both terrestrial and satellite signals are received and demodulated in parallel and are jointly 

available to the receiver. Maximum likelihood diversity combining of the two is applied to 
achieve enhanced service availability. 

Figure D.39 shows a block diagram of the receiver used in the tests. It is reconfigurable to realize 
any of the configurations described above. 

D.5.3.3 Receiver performance and implementation 
The receiver was characterized by computer simulation and laboratory tests in advance of the field 
trials. 

D.5.3.3.1 Simulation results 
The main goal of the computer simulation was generation of reference data for the implementation. 
Implementation loss is defined as difference between the performance derived from simulation and 
the measured performance of the prototype receiver. 

D.5.3.3.1.1 Characteristics of the FEC scheme 
Digital System DH incorporates FEC decoding comprising Viterbi (VIT) decoding concatenated 
with Reed-Solomon (RS) decoding. The FEC decoding characteristics are summarized in Fig. D.40 
and Fig. D.41. The figures show performance for a Gaussian channel and a Typical Urban Channel 
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respectively at a speed of 50 km/h. The main advantage of the Reed-Solomon decoder is its low bit 
error rate after the FEC decoding. The output is error-free for most of the time. The remaining 
errors are short burst errors. This characteristic matches with the requirements of data applications 
and state-of-the-art audio coding-decoding algorithms. 

FIGURE  D.39 

Block diagram of the receiver  
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FIGURE  D.40 

Bit error rate versus signal-to-noise ratio for Gaussian channel  

Gaussian channel
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FIGURE  D.41 

Bit error rate versus signal-to-noise ratio for Rayleigh channel 

Typical Urban, 50km/h
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 Receiver Mode:  with time diversity 
 MCM Dem. Out:  bit error rate after the MCM demodulator (= channel BER) 
 VIT out:  bit error rate after the Viterbi decoder 
 RS Out:  bit error rate after the Reed-Solomon decoder 

 

 

 

D.5.3.3.1.2 Performance for different mobile channels 

The characteristic of the mobile channel depends on the environment (e.g. urban area or rural area), 
the network (number of single frequency network transmitters and distance to the transmitters from 
the vehicle) and the vehicle speed. 

The BER performance is shown after the Viterbi (see Fig. D.42) and after the Reed Solomon 
decoders (see Fig. D.43) respectively for different channels at a speed of 100 km/h). The 
performance for the following channels are shown: 
– AWGN: Gaussian channel (no multipath) 
– TU: Typical urban: Low delay spread, represents a single transmitter configuration 
– HT: Hilly Terrain: Represents a high delay spread for single transmitter configuration  
– RU: Rural: Simulates single transmitter in a rural environment 
– SFN: Single frequency network: High delay spread, signals (clusters) from 3 

transmitters arriving at different times. 

The figures reveal the gain due to a Reed-Solomon decoder. Without the Reed-Solomon decoder 
the residual bit error rate is high for some channels even for high signal-to-noise ratios. With the 
Reed-Solomon decoder the resulting bit error rate is low and the characteristics for all types of 
mobile channels are similar. The performance for the AWGN channel is provided as comparison 
base. 
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FIGURE  D.42 

Bit error rate after Viterbi decoder 
For different channels: AWGN, Typical Urban (TU), Hilly Terrain (HT), 3 Transmitter SFN 

(SFN3), Rural (RU) Receiver Mode: Time diversity enabled, speed: 100 km/h 
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FIGURE  D.43 

Bit error rate after Reed-Solomon decoder 
For different channels: AWGN, Typical Urban (TU), Hilly Terrain (HT), 3 Transmitter SFN 

(SFN3), Rural (RU) Receiver Mode: Time diversity enabled, speed: 100 km/h 

Behavior for different channels, after Reed Solomon decoder
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D.5.3.3.1.3 Performance of the different receiver modes 

Three modes are available for the receiver:  

– No time de-interleaving between TDM demultiplexing and Viterbi decoder (“compatible 
channel is used”). 
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– 432 ms time interleaving between TDM demultiplexing and Viterbi decoder 
(“Diversity/enhanced channel is used”). 

– Time diversity combining enabled (the compatible and diversity channel are combined in 
the Viterbi decoder). 

The expected performance is given in Fig. D.44. The enhancement due to the interleaver is 2 dB. 
The enhancement due to the combination of the interleaver and the time diversity is 3.4 dB. The 
latter results in a required signal to noise ratio of only 6 dB for the mobile channel. The reference 
error rate for the previously cited values is 10–4. The actual measured performance of the prototype 
receiver is given later in Fig. D.53 

FIGURE  D.44 
Comparison of the different receiver modes 

(Dem. designates demodulator, Int. Interleaver, Channel: Typical urban, at 50 km/h.) 
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D.5.3.3.1.4 TDM-MCM BER performance as a function of speed 
The TDM-MCM reception characteristics as a function of speed were derived from BER 
measurements made in the laboratory with the same receiver equipment used in the engineering 
field tests without time diversity. Graphs of BER versus speed for C/N ratios of 9.5, 11.5 and 
14.5 dB are given in Fig. D.45, Fig. D.46 and Fig. D.47. The following observations are made. For 
terrestrial paths with low delay spread sometimes parts of the spectrum may be wiped out 
completely when flat fades occur. Such conditions are most likely to occur at low speeds where the 
duration of a bad flat-fade state may be long and exceed the time length of the interleaver. 
Consequently there is a tendency for the BER to increase at low speeds. Stationary reception is also 
considered as critical scenario. A vehicle may encounter a flat fade condition while stopped at a 
traffic light and consequently loose reception. For channels with medium or high delay spread the 
probability of such flat fading is much less6. Also at medium or high vehicle speeds the probability 
that the channel remains in a bad flat-fade state is much less. High speed is equivalent to a short 
coherence time of the channel. Thus, at speeds above 10 km/h, the BER decreases significantly. The 
graphs show that the MCM used is very robust for short coherence time. Therefore the BER 

____________________ 
6 This is another reason for the “single frequency network gain”. Single frequency networks introduce a 

high delay spread. This helps reduce the required margin for good service availability. 
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remains low for speed up to 500 km/h7. When time diversity is added, the degradation at low speed 
is even less. If time interleaving had not been used, a higher signal to noise ratio would be required 
for all graphs. 

FIGURE  D.45 
Bit error rate versus speed for receiver mode “with time diversity” 

(Average signal-to-noise ratio = 9.5 dB) 
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FIGURE  D.46 
Bit error rate versus speed for receiver mode “Time Interleaver Only” 

(If no time diversity is used a higher signal-to-noise ratio is required.) 

BER vs Speed, time interleaver, C/N = 11.5dB
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____________________ 
7 For application with no multipath propagation (e.g. signal reception in airplanes) the speed can be even higher. 
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FIGURE  D.47 

Bit error rate versus speed for receiver mode “no time Interleaver” 
(A higher signal-to-noise ration is required to compensate for the Interleaver gain.) 

BER vs Speed, no time interleaver, C/N = 14.5dB
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D.5.3.3.2 Prototype receiver 

The prototype receiver, shown in Fig. D.48 was implemented by: 

– A Digital System DS prototype receiver (version 2.2) for demodulating and de-multiplexing 
the TDM QPSK satellite carrier to the prime rate channel level. 

– A newly implemented terrestrial carrier tuner outputted an IF centred at a frequency of 
3.22 MHz and A/D converted it. 

– A specially implemented DSP plug-in card inputted both of the above signals to a PC 
which performed all digital baseband processing in software. The baseband processing 
included: 

– MCM demodulation (implemented on the DSP board) 

– MCM-TDM demultiplexing. 

– Prime Rate channel synchronization  

– FEC decoding and diversity combining. 

– Selective combining between satellite and terrestrial signals 

– Service layer demultiplexing 

– MPEG decoding 

A λ/4 monopole antenna mounted on a ground plane received the terrestrial signal in both the 
Erlangen and Pretoria tests. To receive the satellite signal in Erlangen, a flux-gate compass 
dynamically steered a 5 dBi gain patch antenna at the satellite orbit location. This compensated for 
the low North Europe satellite reception margin. In Pretoria a 6 dBi gain Digital System DS Hitachi 
radio antenna, pointed straight up, was used for satellite reception. The antennas were mounted on 
the top of the test vans in both Erlangen and Pretoria. The elevation angle to the satellite in 
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Erlangen was 32.5°. That in Pretoria was 59.26°. AfriStar is located in GEO stationary orbit at 
21° E latitude. Its Northwest beam bore-sight intersects the earth at 7.83° E and 20.27° N. Its South 
beam bore-sight intersects the earth at 32.27° E and 18.1° S. Referenced to the AfriStar satellite, 
Erlangen lays 4° off the bore-sight of the northwest beam and Pretoria lays 1.4° off the bore-sight 
angle of the South beam. The beam width is approximately 5.5° between its 3 dB down points. 

FIGURE  D.48 

Block diagram of the prototype receiver 
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The λ/4 monopole and Digital System DS Hitachi patch antennas are shown in Fig. D.49. 

FIGURE  D.49 

Receiver antennas for terrestrial and satellite signal 

Terrestrial antenna

λ/4 - Monopole

Satellite antenna:

Patch antenna:
(Standard antenna of the available
WorldSpace consumer radios)

 

 

Key parameters of the receiver are summarized in the following Table (Table D.11). The Table 
includes the measured performance. 
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TABLE  D.11 

Key parameters of the prototype receiver 

 

 

The receiver was carefully characterized in the laboratory. Figure D.50 shows a block diagram of 
the laboratory test setup. Mobile reception of the satellite signal was simulated by: 

– A Rician channel multipath propagation model to simulate shadowed satellite signal 
reception. 

– An electronically controlled switched-attenuator to simulate blockages (by bridges, 
buildings, tunnels, etc.). 

To realistically simulate satellite fading channel performance data, careful selection of the 
parameters for the simulators is a key issue. For the laboratory tests reported here, the parameters 
for the Rician channel simulator were derived from recordings made during the validation of Digital 
System DS. Typical Rician factors for shadowed environments are 7 to 10 dB. 

Required C/N for AWGN channel (no diversity combining) 3 dB 
Required C/N0 for AWGN channel (no diversity combining) 65.5 dB(Hz) 
Antenna gain 
Steered patch antenna was used for the Erlangen tests 
A patch antenna without optimal pointing was used for 
Pretoria. Including the loss caused by non-optimum 
pointing, the antenna gain is approximately 5 dBi. 

 
 

5 dBi 

Noise temperature of the setup (clear sky) approx. 200 K 

Satellite 

Required power flux-density for the given antenna gain and 
noise temperature. 

–121 dB(W/m2) 

Required C/N 
AWGN channel, full diversity 
AWGN channel, no diversity 
Mobile channel, full diversity (= Early + Late) 
Mobile channel, diversity channel (= Early) 
Mobile channel, compatible channel (= Late, no time 
interleaving is used for the late signal) 

 
3 dB 
6 dB 

8.5 dB 
10 dB 
14 dB 

Antenna gain (λ/4 monopole on ground plane) approx. 2 dBi 
Noise figure of the LNA (the contribution of the other 
components to the overall noise figure was marginal). 

approx. 1.5 dB 

Receiver threshold for 0 dBi antenna (depending on channel 
and the mode, –102 dBm is equivalent to a C/N = 8.2 dB). 

approx. –102 dBm

Terrestrial 

Required field strength (assuming a 2 dBi antenna), approx. 27 dB 
(µV/m) 
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FIGURE  D.50 

Block diagram of the laboratory setup 
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For the terrestrial channel, various parameter sets are available to characterize various receiving 
scenarios. These sets used here for the laboratory tests include: reference channels defined for 
Eureka 147, parameter sets simulating single frequency networks and the GSM channel models. 

Shadowed environment reception was simulated using a Rician channel with low delay spread. 

The parameters of the Rician channel are given in Table D.12. 

TABLE  D.12 

Parameters of the Rician channel 

 

In these shadowed cases, performance is best stated in terms of the frame error rate (FER) measured 
at the RS decoder output. Measured FERs for the system various implementation conditions and 
speeds are given in Table D.13. Comparisons are made relative to the FER performance of Digital 
System DS receiver (also called the first generation receiver). 

At high speed (100 km/h) fading introduces a high density of short fade events. Observe that at 
100 km/h adding fast phase ambiguity recovery produces only a small reduction in FER, adding a 
time interleaver and then time diversity both yield significant reductions in FER. At the lower speed 
(50 km/h) significant reductions in FER for all cases occurs. Even though at the lower speed the 
duration of a “bad channel state” is longer, the density of fade events that yield a frame error during 
the “bad channel state” is significantly less yielding a net reduction in FER. 

Number 
of Taps Delay Relative 

Power 
Type of 
fading Comments 

1 0 0 dB Rician, Rician 
factor 10 dB 

Simulates shadowing of the 
main signal 

2 0.1 µs 14 dB Rayleigh 
Simulates shadowing with 

some multipath (e.g. 
reflections from buildings) 
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Time domain behavior of errors in a Rician channel is illustrated in Fig. D.51. Most of the time the 
signal frames have errors (shown in green) that are corrected by the Viterbi decoder (shown in 
blue). But occasionally a frame may include some uncorrected errors (shown in red). These short 
error bursts are typically handled by the error concealment function of the audio decoder and are not 
audible. This behaviour of the simulated channel was close to that actually experienced in South 
Africa. An example of the behaviour for tree-shadowed environment in South Africa is given in 
Fig. D.52. Note that the FER for the errors plotted in Fig. D.51 is 350 times higher than that for 
those plotted in Fig. D.52 because of different C/N values and multipath delay distribution statistics. 
Nonetheless, except for the time scale, the look of the data is quite similar. 

 

TABLE  D.13 

Frame error rate reduction with receiver improvements 

 

 

 

For the terrestrial waveform the measured bit error performance as a function of C/N is shown in 
Fig. D.53. Results for the following three modes are given: 

– Full diversity mode: time diversity is used for the terrestrial signal also. 

– Diversity channel only: the diversity channel is used for terrestrial re-broadcasting only. 

– Compatible channel only: the compatible channel does not include a time interleaver. 
Therefore the performance is lower. 

The enhanced channel bit error rates as a function of C/N after the demodulator (i.e., channel), 
Viterbi decoder and RS decoder are shown in Fig. D.54. The Figure illustrates the effectiveness of 
the concatenated coding. 

Configuration Speed 
(km/h) 

Frame error 
rate 
(%) 

First generation receiver 100 32 
Adding fast phase ambiguity correction 100 30 
Adding fast phase ambiguity correction 
and time interleaver 

100 15 

Adding time diversity 100 3.5 
First generation receiver 50 9 
Adding fast phase ambiguity correction 50 9 
Adding fast phase ambiguity correction 
and time interleaver 

50 1.4 

Adding time diversity 50 0.2 
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FIGURE  D.51 

Satellite reception in mobile environment 
(Shadowed environment simulated by Rician channel. FER ≈ 0.005/S) 

 

FIGURE  D.52 

Measured behaviour under trees in South Africa 
(Note: time span is 20 times shorter than in Fig. D.51, FER ≈ 0.175/S) 
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FIGURE  D.53 

Bit error rate after FEC decoding versus C/N 
for Rayleigh channel (TU, 50 km/h) 

Comparision of different modes for mobile channel
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FIGURE  D.54 

Bit error rate as a function of C/N after demodulator, after Viterbi decoding 
and after Reed-Solomon decoding (Rayleigh channel, RViterbi ==== 0.5) 
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D.5.3.4 Field trial setup 

D.5.3.4.1 Overview 

The Pretoria field trial test setup is shown Fig. D.55. The signals were uplinked to the AfriStar 
geostationary orbit satellite located at 21° E longitude directly over the African country of Zaire. 
The uplinking station is one located in Tennenlohe, south of Erlangen, Germany. FhG operates it. It 
uplinked two 64 kbit/s broadcast channels using the frequency division multiple access single 
prime-rate channel per carrier structure of the AfriStar onboard digital processing communications 
payload. One broadcast channel carried the Early channel and the other the Late channel. This 
requires transmission of 8 single channel per carrier 16 kbit/s prime rate channels. 

Onboard AfriStar, a downlink TDM carrier, supporting normal conventional service organized by 
the onboard baseband processor of the AfriStar, transports digital broadcast service in the south 
beam of AfriStar. The two Broadcast Channels used in these tests were assigned to time slots in this 
TDM stream along with the prime rate channels of 28 other normal AfriStar broadcast channels 
being delivered to listeners in Africa. To provide a reference needed for the fast phase recovery, one 
PRC of the TDM stream carried an onboard-generated pseudo random bit stream. 

For terrestrial reinforcement, three repeater stations were at locations on hills surrounding the center 
of downtown Pretoria. All repeater stations had towers of 50 m height on which the terrestrial 
repeater antennas were mounted. The signal source at each repeater station came from an antenna 
and receiver that captured and selected the satellite TDM carrier (at a frequency of 1 475.464 MHz) 
and demodulated it to its TDM bit stream. This TDM bit stream was next modulated on to a TDM-
MCM waveform that was up-converted to a frequency of 1 489.264 MHz and radiated into the 
environment. The three SFN stations were Lukasrand, Radiokopf and Meintjeskop at locations 
identified on the map of the Pretoria test area given in Fig. D.56. The radiated power levels ranged 
5 and 20 dBW. 

A test van, equipped with receiving antennas, receivers and processing equipment, recovered the 
satellite and terrestrial signals, combined the broadcast channels in various ways and recorded 
details of the reception quality. 

The test setup in Erlangen was similar to that in Pretoria. There were the following differences. 
Satellite signal reception used a compass-steered directional antenna mounted on the roof of the van 
to improve the low signal margin encountered in Erlangen. The low signal margin was caused 
principally by the large angle offset of 4° referenced to AfriStar between the line-of-sight to 
Erlangen and the bore-sight of the Northwest AfriStar beam. The beam width is 5.5°. This causes 
the flux density at Erlangen to be 8 to 9 dB below that on the bore-sight. 

Selective combining of the terrestrial and satellite signals was not done in the Erlangen tests. At 
each of three Erlangen repeater stations, the TDM bit stream carried by TDM-MCM terrestrial 
signals was not received from the satellite but was synchronously played-back from files stored on 
the hard-drives of PCs. The Erlangen tests were principally intended to separately test the satellite 
reception and the terrestrial reception. This was done very successfully. 
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FIGURE  D.56 

A map of the environs of Pretoria, South Africa, showing the locations and sites of the three 
stations operated in an single frequency network for terrestrial reinforcement in 

its urban center. 

 

D.5.3.4.2 Terrestrial Network 

D.5.3.4.2.1 Frequency plan 

The frequency of the TDM-MCM terrestrial signal was chosen to use available Digital System DS 
interference filters and to achieve large frequency separation from other operational satellite signals 
radiated by AfriStar. The AfriStar south beam and northwest beam were of concern. The center 
frequencies of the transparent and the processed TDM carriers in the AfriStar northeast beam are 
sufficiently far removed as to constitute no problem with regard to interference from the 
TDM-MCM terrestrial used in the Erlangen and Pretoria tests. The carrier frequency locations and 
interference filters used are shown in Fig. D.57. 

As illustrated in the figure, a carrier frequency at 1 489.264 MHz was used for the terrestrial re-
radiated signal in both Erlangen and Pretoria. An interference filter F4 protected it. For the Erlangen 
test, a processed payload TDM carrier at a frequency of 1 478.224 MHz in the AfriStar northwest 
beam was used. An interference filter F3 protected it. For the Pretoria test, a processed payload 
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TDM carrier at a frequency of 1 475.464 MHz in the AfriStar south beam was used. An interference 
filter F2 protected it. The transparent payload carriers, designated as T in the figure, were also 
protected from interference caused by the terrestrial repeaters by filters F2 and F3. 

FIGURE  D.57 
Frequency plan used for the satellite and terrestrial carriers involved in 

the Erlangen and Pretoria field tests 

T T

Frequency (MHz)1475.464
LHCP

1489.2641478.224
LHCP

F2 F3 F4

F2 – F4:  Digital system DS interference filters

north-west
beam

processed
terrestrial

signal

south beam
processed

T: transparent beams, not used

 

The TDM-MCM spectrum emitted by each terrestrial repeater station is shown in Fig. D.58. 

FIGURE  D.58 

TDM-MCM terrestrial re-radiated signal spectrum relative to 
the carrier centre frequency 
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D.5.3.4.2.2 Erlangen transmitter network 

In Erlangen, three terrestrial re-radiation terrestrial stations Tx1, Tx2 and Tx3 were installed at the 
locations shown in Fig. D.59. The salient parameters associated with each station are given in 
Table D.14. 

A block diagram illustrating the components of each terrestrial repeater station used in Erlangen is 
shown in Fig. D.60. The signal transmitted was generated from a TDM bit stream stored in a file 
that contained the test audio signal. Based on timing established by the GPS clock, the latter was 
played into the MCM modulator synchronously with that of the other two stations to create three 
TDM-MCM waveforms. At each SFN station, using a frequency reference based on GPS, the latter 
was next up converted to the prescribed carrier frequency, amplified in power to the desired level, 
filtered to confine the radiated spectrum, supplied to the antenna terminals at the proper impedance 
matched level and finally launched as an electromagnetic wave into the environment.  

D.5.3.4.2.3 Pretoria transmitter network 

In Pretoria, similar to the situation in Erlangen, three terrestrial repeater stations Tx1, Tx2 and Tx3 
were installed at the locations shown in Fig. D.56. The salient parameters associated with each 
station are given in Table D.15. 

 

FIGURE  D.59 

A map of the environs of Erlangen, Germany showing the locations and sites of the 
three stations operated in an single frequency network for 

terrestrial reinforcement in its urban centre 
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TABLE  D.14 

Tabulation of the salient parameters associated with each of the 
three SFN stations used in Erlangen, Germany 

 

 

FIGURE  D.60 

Block diagram of a terrestrial reinforcement SFN station used in the Erlangen Test 

 

 

A block diagram illustrating the components of each terrestrial repeater station used in Pretoria is 
shown in Fig. D.61. The signal transmitted was generated from a TDM bit stream recovered directly 
from the processed payload TDM radiated from AfriStar that contained the test audio signal 
uplinked to AfriStar from Erlangen Germany. The TDM carrier was demodulated to its TDM 
transport bit stream level. Based on timing established by the Master Frame Preamble of the TDM 
frame and corrections made to account for slant range differences among the terrestrial SFN 
stations, the TDM transport bit stream was played into the MCM modulator synchronously with 
that of the other two stations to create three TDM-MCM waveforms. At each SFN station, using a 
frequency reference based on GPS, the TDM-MCM waveform was next up converted to the 
prescribed carrier frequency, amplified in power to the desired level, filtered to confine the radiated 
spectrum, supplied to the antenna terminals at the proper impedance matched level and finally 
launched as an electromagnetic wave into the environment. 

 Tx1 Tx2 Tx3 

Location Tennenlohe Buechenbach Marloffstein 

Coordinates 49.5475 N 
11.0203 E 

49.5956 N 
10.9711 E 

49.6228 N 
11.0669 E 

Antenna direction (°) 348 90 236 
3 dB beamwidth (°) 65 90 65 
Antenna gain (dBi) 17 13 17 
Effective antenna height (m) 52 55 110 
Power amplifier output (W) 100 11 11 
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TABLE  D.15 

Tabulation of the salient parameters associated with each of the three SFN stations  
used in Pretoria, South Africa. 

 

FIGURE  D.61 

Block diagram of a terrestrial reinforcement SFN station used in the Pretoria test 

 

 

 

The satellite receive antenna is comprised of a commercial satellite TV dish with a short YAGI feed 
located at its focus. The feed is horizontally polarized, which results in a 3 dB loss for the circular 
polarized AfriStar signal. Due to the high gain of the dish, this loss was not significant. The 
configuration has two advantages: 
– both circular polarizations (the processed and the transparent beams of AfriStar) can be 

received without switching if the need exists; 
– the isolation between the vertical polarized transmit antenna and the horizontal polarized 

satellite receive feed is higher, thus aiding by creating greater isolation between the two. 

Photographs of a) the parabolic satellite receive antenna, b) the re-radiation station equipment rack 
housing the satellite receiver, TDM-MCM transcoder, GPS receiver, frequency translator, power 
amplifier and final filter, and c) the terrestrial transmit antenna are shown in Fig. D.62. 

 Tx1 Tx2 Tx3 

Location Lukasrand Radiokop Meintjeskop 

Coordinates 
28.20559 E 
25.76619 S 

28.17588 E 
25.76854 S 

28.22392 E 
25.73785 S 

3 dB beamwidth (°) 180 180 180 
Antenna gain (dBi) 12.6 12.6 12.6 
Effective antenna height (m) 265 185 150 
Power amplifier output (W) 100 100 100 
Cable loss (dB) 1.5 2.4 1.2 

Note – For most mobile data collection “takes” the transmit power was reduced. 
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FIGURE  D.62 
Satellite receive dish – Transmitter rack – Transmit antenna 

 

 

 

 

 

D.5.3.4.2.4 Controlling self-interference 
As the transmitters in Pretoria are configured as repeaters, the issue of self-interference comes up. 
There are two ways in which the re-transmitted signal might impair satellite signal reception: 
– At the receive frequency; the level of the spectral side emissions from the transmitter might 

be high enough to interfere with reception of the satellite signal. From the view of the 
receiver, this is on-channel interference as depicted in Fig. D.63. Counter measures can 
only be applied on the transmit side. 

FIGURE  D.63 
On-band, off-channel receive interference 
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– The transmitted signal falling within the bandwidth of the receiver pre-selection filter might 
overload or de-sensitize the receiver. This is transmit on-band, off-channel receive 
interference illustrated in Fig. D.64. Counter measures must be applied on the receive side. 

FIGURE  D.64 

On-band, off-channel receive interference 
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D.5.3.4.2.4.1 On-channel interference 

Calculations assuming worst case interfering side spectrum intermodulation product intensities from 
transmitter to receiver for the transmit antenna and receive antenna patterns show that even with 
only 2 m distance between the two antennas, the on-channel intermodulation products from the 
transmitter are more than 10 dB below the satellite signal level. This is mainly because of the high 
frequency separation between the two signals, the use of a cavity filter after the power amplifier and 
the addition to the directivity isolation provided by the antennas. 

D.5.3.4.2.4.2 Off-channel interference 

Measurements showed that the receive threshold of the prototype satellite receiver (version 2.2) is 
reached with an off-channel interferer level 42 dB higher than the wanted on-channel signal. The 
threshold of the prototype receiver (version 2.2) is defined as the level at which a bit error rate 
(BER) of approximately 10% is observed. In the repeater configuration, the BER has to be less than 
10–5, requiring an interferer-to-signal ratio lower than 30 dB. 

By using an interference filter centered on the receive frequency with 40 dB attenuation at the 
transmit frequency; the required isolation indicated in Table D.16 was achieved. 

The isolation results from the free space loss between the receive and transmit antennas and the 
antenna gains along the line of sight between them. For the worst-case antenna sidelobe gains (0 dB 
for transmit and –5 dB for receive antenna) along a direct line-of-sight path between the antennas, a 
separation distance of about 30 m is required. 

In an actual installation, however, it should be possible to arrange the antennas in such a way that 
the side-lobe gains are considerably less than the worst-case values. This proved to be true at the 
Meintjeskop site where the distance between the antennas was approximately 19 m, and a direct 
line-of-sight path existed. No problem with self-interference occurred, even without a fine-tuning of 
the installation. 
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TABLE  D.16 

Achievable off-channel isolation at the satellite 

 

 

D.5.3.4.3 Mobile reception vans 

In each of the Pretoria and Erlangen tests, receiver systems were installed on mobile van platforms. 
The van installations comprised receivers constructed previously during development of the current 
Digital System DS satellite DAB system, newly constructed RF sections, microprocessors and high 
speed computers to implement digital signal processing functions, audio components, antennas for 
terrestrial and satellite reception, video cameras connected to VHS recorders for recording upward 
and forward looking views plus received audio during driving and a GPS receiver that determined 
the van’s latitude, longitude, heading and the time of each set of observations as the van moved 
along. A monitoring and control PC implemented dynamic data acquisition, displaying and 
capturing the data on hard drives. Instant by instant the system recorded and displayed the received 
signal quality in terms of bit error rate from the demodulator, the Viterbi FEC decoder and Reed-
Solomon FEC decoder along with all of the video and GPS data and all related digital data. The van 
equipment also included a Celarity digital recorder with an A/D converter to capture samples of the 
2.4 MHz bandwidth analog IF signals for later laboratory analysis. The driver’s-view camera and its 
video display are shown in Fig. D.65. 

 

D.5.3.4.3.1 Van reception setup in Pretoria 

A block diagram of the Van Reception Setup used in Pretoria is shown in Fig. D.66. Photographs of 
the van’s roof and its internal equipment are shown in Fig. D.68 and Fig. D.69 respectively. A 
further description of the functions performed by the equipment is provided in Table D.17. 

 

D.5.3.4.3.2 Van reception setup in Erlangen 

The van equipment setup used in Erlangen was the prototype for that used in Pretoria. The principal 
difference was the use of a flux-gate compass steered antenna for line-of-sight satellite reception. It 
was used to improve the reception margin for the low signals levels received in Erlangen from the 
AfriStar north west beam. The rest of the equipment was similar to that shown in Fig. D.66. A 
photograph of the van is shown in Fig. D.67. 

P(tx) transmit power (dBm) 50 
P(rx) satellite signal level @ receive antenna output (dBm) –90.5 
I/C required off-channel interferer-to-signal ratio (dB) 30 
A(fil) interference filter attenuation @ transmit frequency (dB) 40 
P(tx) – P(rx) – 
I/C – A(fil) 

resulting required isolation (dB) 70.5 
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FIGURE  D.65 

Driver’s-view camera and its video display 

 

FIGURE  D.66 

Pretoria van reception block diagram 
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FIGURE  D.67 

Test van for the Erlangen field trials. 

 

 

FIGURE  D.68 

Photograph of the roof of the mobile reception van used in Pretoria 
showing antennas and cameras 
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D.5.3.4.4 Recorded data 
A monitoring and control PC collected all data except for the sampled IF signal, which is stored 
digitally in the Celerity IF signal recorder. Only the start time of each signal recording is written to 
a file in the monitoring and control PC. Time synchronization is done by time stamp information for 
each block of data. Data collection was performed in segments that are called “takes”. A take refers 
to a specific data collection exercise along a selected route chosen according to a plan to cover 
regions exhibiting specific blockage features such as encountered in the city center, nearby urban 
areas and highway areas. Takes varied in duration from as short as two minutes to as long as 
30 min. Overlays of the takes are combined in the data analysis to illustrate performance of various 
satellite and terrestrial reception combinations as discussed later. 

D.5.3.4.4.1 Mobile receiver 
The mobile receiver contains the various enhancements needed to achieve mobile reception. The 
data about the status from the mobile receiver is collected mainly in the Receiver PC (RX PC), 
together with data from the MCM demodulator plug-in card and the satellite receiver. Ethernet 
connects the RX PC to the monitoring and control PC. The mobile receiver status data comprised 
the parameters listed Table D.18. 

FIGURE  D.69 

Left: receiver rack; right: data acquisition system (including professional 1st 
generation receiver as reference) 
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TABLE  D.17 

Tabulation of the functions of the individual components 
of the Pretoria van reception equipment 

 

Module Type Description 

Terrestrial receive path 
Terrestrial antenna λ/4 ground plane 2.1 dBi gain, vertical polarized 
LNA commercial module 25 dB gain 
RF stage custom-made AGC stage reducing gain for high signal levels, 

controlled from tuner 
Receive filter modified standard Digital 

System DS interference 
filter 

standard WS module without active stage used 
as first image rejection filter 

Tuner custom-made tuner high IP3 capability, 
external clock was used as local oscillator  

MCM demodulator customized SW on DSP 
card with ADC 

The MCM demodulation was implemented in 
DSP software. The DSP card does not include a 
clock generator for the sampling frequency. 
Therefore an external clock generator provided 
the frequency. 

Satellite receive path 
Patch satellite antenna commercial Digital System 

DS antenna 
 

LNA part of the antenna   
Receive filter standard Digital System DS 

interference filter 
 

Splitter commercial module splits signal to two receivers 
Satellite receiver 1 
QPSK demodulation 
and TDM demultiplex 
for enhanced satellite 
waveform 

Modified Digital System DS 
satellite monitoring receiver 
(= receiver with remote 
control interface, “V2.2 
receiver”) 

Fast phase recovery processing and an interface 
for the data after TDM demultiplexing was 
added to the receiver. The FEC decoding and 
audio decoding was implemented by the RXPC 

Satellite receiver 2 Standard Digital System DS 
satellite monitoring receiver

Decoding of the compatible channel only to get 
the behaviour of a first generation receiver as 
reference 

Combining, monitoring, control 
RX PC customized SW on double-

processor PC 
FEC decoding (satellite and terrestrial signal), 
signal combining, audio decoding, data logging 
(the status was written every 432 ms to a file). 
A PC plug in card was used for MCM 
demodulation and interface to the Satellite 
QPSK demodulation (see module MCM 
demodulator. 

Monitoring and 
control PC 

customized SW on PC recording all relevant data from both receive 
paths and navigation system 

Video camera system 2 commercial video 
cameras 

upward- and forward-looking cameras for 
documentation 

video recorder commercial equipment documentation 
IF signal recording commercial data recorder 

with fast ADC 
sampling terrestrial or satellite IF signal 

Car navigation commercial equipment GPS navigation 
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TABLE  D.18 

Mobile receiver monitoring status data 

 

D.5.3.4.4.2 Compatible Receiver Status 

The compatible receiver refers to a first generation Digital System DS receiver. It has none of the 
enhancement features used in the mobile receiver. It is included as a baseline reference for 
measuring the enhancements due to various improvements implemented in the mobile receiver. 
This data is read from the compatible receiver by a serial connection. The compatible receiver status 
data comprised the parameters listed in Table D.19. 

Parameter Source Remarks 

time stamp milliseconds counter for synchronizing different data 
date and time RX PC clock synchronized with GPS time 
frame number MCM demodulator  
AMSS lock status MCM demodulator  
AMSS correlation values MCM demodulator  
MFP lock status terrestrial MCM demodulator  
MFP correlation value terrestrial MCM demodulator  
MFP lock status satellite satellite receiver  
MFP correlation value satellite satellite receiver  
PRC status terrestrial MCM demodulator  
Weighting factor compatible 
satellite channel 

RX PC  

Weighting factor diversity satellite 
channel 

RX PC  

Channel bit errors compatible 
terrestrial channel 

MCM demodulator derived by Viterbi decoder re-
encoding 

Channel bit errors diversity 
terrestrial channel 

MCM demodulator derived by Viterbi decoder re-
encoding 

Channel bit errors compatible 
satellite channel 

satellite receiver derived by Viterbi decoder re-
encoding 

Channel bit errors diversity 
satellite channel 

satellite receiver derived by Viterbi decoder re-
encoding 

RS corrected errors terrestrial MCM demodulator from Reed-Solomon decoder 
RS uncorrected errors terrestrial MCM demodulator remaining errors 
RS corrected errors satellite satellite receiver from Reed-Solomon decoder 
RS uncorrected errors satellite satellite receiver remaining errors 
Signal output flag RX PC audio from terrestrial or satellite 

signal 
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TABLE  D.19 

Compatible receiver monitoring status data 

 

D.5.3.4.4.3 Analog voltages 

Analog voltages indicative of the parameters listed in Table D.20 are monitored for both receivers 
by an analog to digital conversion plug-in card in the monitoring and control PC. 

TABLE  D.20 

Parameters monitored through A/D converters 

 

D.5.3.4.4.4 Car navigation information 

The car navigation system – a Bosch-Blaupunkt travel pilot for Erlangen and a Trimble Placer for 
Pretoria – is connected to the monitoring and control PC by RS232. The parameters measured are 
listed in Table D.21. 

Parameter Source Remarks 

Time stamp milliseconds counter  
MFP counter compatible receiver  
QPSK lock status QPSK demodulator  
MFP lock status compatible receiver  
PRC lock status compatible receiver  
BC lock status compatible receiver  
MPEG lock status compatible receiver audio flag 
MPEG CRC flag compatible receiver  
MFP correlation compatible receiver  
QPSK phase jumps compatible receiver MFP cycle slips 
Channel bit errors compatible receiver derived by Viterbi decoder re-

encoding 
RS error-free code words compatible receiver from Reed-Solomon decoder 
RS corrected errors compatible receiver from Reed-Solomon decoder 
RS uncorrected errors compatible receiver remaining errors 

Parameter Source Remarks 

Time stamp milliseconds counter  
IF signal recording trigger keyboard determines the manual start 

of the IF signal recording 
AGC voltage RF stage RF stage 
AGC voltage tuner terrestrial tuner 

allows estimation of 
terrestrial field strength 

Analog output from field 
strength meter  

field strength meter gives finer time resolution 
than digital output 

Field strength meter trigger monitoring and control PC  
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TABLE  D.21 

Parameters obtained from the car navigation system 

 

D.5.3.4.4.5 Field Strength 

In Erlangen, the terrestrial field strength was monitored by a commercial laboratory equipment 
(Rohde & Schwarz ESVB). It was connected to the monitoring and control PC by HPIB bus. The 
parameters recorded are listed in Table D.22. 

TABLE  D.22 

Field strength data collected from the R&S ESVB 

 

Parameter Source Remarks 

Time stamp milliseconds counter  
GPS position GPS receiver latitude, longitude, and height
Speed GPS receiver or speed 

sensor 
speed sensor only available in 
Erlangen 

Direction GPS receiver  
Mark operator keyboard the operator can mark a 

positions during the take 
Additional data in Erlangen 

Latitude- Longitude. position car navigation system position according to GPS 
and electronic map 

Number of available GPS 
satellites 

GPS receiver  

Number of receivable GPS 
satellites 

GPS receiver  

Name of street electronic map  
Additional data in Pretoria 

Number of GPS satellites used GPS receiver  
Quality GPS receiver position calculation method, 

allows estimation of accuracy
Status of position car navigation system determines if position data 

was updated within the last 
10 s 

Parameter Source Remarks 

Time stamp milliseconds counter  
Field strength field strength meter  
Data time stamp milliseconds counter time when the data is 

received at the monitoring 
and control PC 
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D.5.3.5 Pretoria field trial operating parameters 

Table D.23 gives the operating parameters used in Pretoria. 

The receivers supported different modes. The following receiver modes were tested: 
– Using the terrestrial signal only 

– With time diversity. 

– Using only the early signal (= diversity channel). 

– Using only the late signal (= compatible channel). 
– Only the satellite receiving part is enabled. 

– With time diversity. 

– Using only the early signal (= diversity channel). 

– Using only late signal (= compatible channel). 
– Satellite/Terrestrial combining is enabled. 

– With time diversity (= early and late combining on satellite and terrestrial). 

– Using only the early signal (= diversity channel). 

– Using only the late signal (= compatible channel). 

For most takes the satellite/terrestrial selective combining was enabled. For these takes it was 
possible to also derive the availability of the terrestrial signal alone with and without diversity and 
the satellite signal alone with and without diversity by analysis of the recorded data. Time diversity 
was always implemented for both the satellite and the terrestrial signals. 

For the SFN repeater networks, the TDM bit stream from the satellite signal was directly MCM 
modulated without reformatting. Therefore the content of the satellite and terrestrial signal is 
identical. When time diversity was enabled, the time diversity was used for both the terrestrial and 
satellite signal. 

The selective combining of a satellite signal with diversity and a terrestrial signal without time 
diversity was not directly tested. However, the characteristic of this mode can be estimated by 
comparing the service availability of the satellite signal with time diversity and the service 
availability of the terrestrial signal without time diversity. 

The testing was organized in “takes”. This is related to the data acquisition and data analysis. A take 
is equivalent to recorded set of data including: 

Date and time, receiving location (GPS coordinates) 
– Estimation of the field strength 
– Receiver status 
– Number of errors per 432 ms frame at different points of the decoding chain. 

A detailed list of the recorded parameters is given above. An overview to the receive test route 
locations in Pretoria where receiver status and bit error rate data are available are shown in 
Fig. D.70. Figure D.71 contains the street map of Pretoria. 
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FIGURE  D.70 
Overview to test routes 

(Note: only the routes with data recording are shown. 
The points with no GPS signal are marked in red.) 

Urban Center

Highway

27 km

21 km

 

 

 

Simultaneous to the data acquisition, the video signal of the two cameras and the audio signal were 
recorded. The IF output of the tuner was sampled and digitally recorded at a sampling frequency of 
7.36 MHz (satellite signal) or 9.66 MHz (terrestrial signal) using the Celerity digital recorder. At 
this high sampling frequency, one Gigabyte8 data is equivalent to 53 s duration (terrestrial) or 69 s 
(satellite) takes. Therefore only snapshots were taken for selected scenarios. Examples captured on 
the digital recordings are: 
– Satellite signal for reception under trees 
– Satellite multipath propagation  
– Critical terrestrial multipath scenarios. 

These signals can be analysed in more detailed in the laboratory by: 
– Off-line signal analysis in simulation  
– Replaying the signal to a receiver in the laboratory for more detailed analysis of the 

receiver behaviour or testing of new receiver algorithms. 

____________________ 
8 The resolution of the A/D converter is 12 bits. The 12 bits are stored in 2 bytes. 
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FIGURE  D.71 

Street map of Pretoria to the same scale used in Fig. D.70 

 

D.5.3.6 Field trial results 

D.5.3.6.1 Erlangen Field Trial 

For the satellite reception in Erlangen the measured unblocked power flux-density was 
approximately −118 dB(W/m2). For the antenna used this is equivalent to a C/N of approximately. 
6 dB. The resulting link margin is approximately 3.5 dB. Test rides with the van were made on a 
highway that passed under several bridges and other typical roadside obstructions. These tests 
proved conclusively that line of sight blockages of duration less that the 4.32 s time diversity 
interval were eliminated by diversity combining the delayed early with the late Broadcast channels 
in the Viterbi decoder of the receiver. Results of several data collection runs of signal level and bit 
error rate were made. The test in Erlangen demonstrated and validated the functionality of the 
system. Measurement of early/late diversity performance with simple fixed consumer type antennas 
in the nominal coverage area of AfriStar was undertaken in Phase 2. 

The goal of the measurements was the evaluation of the system for different receiving 
environments. A multiplicity of data takes included measurements for:  
– Centre city streets flanked by high buildings. 
– Suburban village environments. 
– Areas with many trees. 
– Highways with bridges. 

A principal objective was the evaluation of the single frequency network characteristics in the area 
where the radiation from the three terrestrial transmitters overlapped. This permits observation of 
the performance of the guard interval and frame synchronization features of the TDM-MCM 
waveform. A small rectangle shown expanded on the map of Fig. D.72 was selected for the test. 
Figure D.73 shows the individually measured field strength for each of the three transmitters for 
multiple repeated drives along a street. The composite field strength of all three transmitters on-air 
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is shown in Fig. D.74. The measured channel bit error rate is shown in Fig. D.75. Note that all plots 
are versus time. For each curve a new recording was made. Because of minor differences in vehicle 
speed, the same location is reached at slightly different times on successive takes. 

FIGURE  D.72 

Route for take “SFN gain city centre” 

 

FIGURE  D.73 

Measured field strength for the take “SFN gain city centre” for the three transmitters 
(The power of each was adjusted so that its signal arrives at a similar level.) 
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FIGURE  D.74 

Measured composite field strength for the take “SFN gain city centre”, 
with all three transmitters on-air 

 

FIGURE  D.75 

Measured channel bit error rate for Take “SFN gain city centre” 
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D.5.3.6.1.1 Coverage radius of a terrestrial transmitter 

To estimate the coverage radius of one transmitter, TX1 was set to maximum power. The field 
strength was measured for different locations. All data are sorted according to the distance to the 
transmitter. The results are summarized in Fig. D.76. The Figure shows the high variation of the 
field strength versus distance. This is typical for frequencies around 1.5 GHz. With the antenna gain 
of 2 dBi the receiver threshold is equivalent to approximately −105 dBm. This was confirmed by 
several takes. During takes 3, 4, 5 and 6 the audio signal was error-free. For take 9 some drop-outs 
were noted. Further analyses of the data are planned to derive guidelines for the network planning 
of the terrestrial transmitters. 

For the field experiments, the Van speed was low to moderate and mainly limited by local 
regulations. At no time were speed-related degradations observed. 

FIGURE  D.76 

Measured Power versus distance compared to the predicted power using 
coverage prediction model according to COST231* 
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 * European Cooperation in the Field of Scientific and Technical Research, EURO-COST231, 
“Urban Transmission Loss Models for Mobile Radio in the 900 and 1 800 MHz Bands”, 
Revision 2, La Hague, September 1991. 

D.5.3.6.2 Pretoria Field Trial 

D.5.3.6.2.1 Evaluation criteria 

The main goal is the evaluation of the service availability. For audio broadcasting systems normally 
the audio quality is the criterion. This is a subjective criterion and not practical in field trials. 
Instead, a calculation of the service availability based on the error event rate is used. The error event 
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rate was derived from the bit error rate measurement. A 432 ms frame containing uncorrected errors 
after the Reed-Solomon decoder is an error event. The Frame Error Rate (FER) is the ratio between 
frames with errors to total number of frames. 

  
amesNumberOfFr

FramestErrorFreeNumberOfNoFER =  

The ratio between FER and BER (Bit Error Rate) depends on the channel characteristics. For the 
Gaussian channel the ratio is approximately: 

  FERBER ⋅= 03.0  

  (Gaussian channel, system with Reed Solomon decoder). 

Typically a BER of 10–4 is considered as threshold. This is equivalent to an FER of 3.3*10–3. For 
other channels the ratio between BER and FER depends on the burst statistics and the frame length. 
If the audio decoder implements error concealment, most of the error events may cause only a slight 
degradation of the audio quality. For the subjective quality typically two points are used: 

Onset of Impairment = Some audible errors 

Point of failure = no audio output or very bad quality  

In a mobile environment this subjective quality evaluation is difficult to measure. Therefore the 
FER is used as the main criterion. 

The FER together with the BER is given at different points of the system. The following parameters 
are measured: 

– Bit error rate after demodulator  

– Bit error rate after Viterbi decoding 

– Bit error rate after Reed-Solomon decoding 

(1- FER) is an estimate for the service availability in time. To get an overview of the service 
availability, location, coverage maps indicating the following error-free states are derived from the 
data: 

– If satellite/terrestrial combining is not enabled: 

– “Green” The signal is error-free after the Viterbi decoder with high margin 
(RS unco = 0, RS co = 0) 

– “Yellow” The signal is error-free after the Reed-Solomon decoder with moderate 
margin (RS unco = 0, RS co > 0) 

– “Red” The signal is not error-free. The receiver is operating at or below threshold 
(RS unco > 0). 

– If selective satellite/terrestrial combining is enabled: 

– “Green” Satellite and terrestrial signals are simultaneously error-free  

– “Yellow” Only the terrestrial signal is error-free 

– “Blue” Only the satellite signal is error-free 

– “Red” Neither of the two signals are error-free 
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Maps along various street and highway routes are generated for the data takes with and without time 
diversity. For the comparison the following scenario groups are considered: 
1. Takes used to show gaps in the coverage when satellite and terrestrial combining are used. 

For this analysis the following reception quality categories are used: 
– Terrestrial and Satellite signals are both error-free 
– Only the terrestrial signal is error-free 
– Only the satellite signal is error-free 
– Neither signal is error-free. 

For the above group, the following subgroups are defined: 
1A) Suburban area/Outside city without time diversity 
1B) Suburban area/Outside city with time diversity 
1C) City centre without time diversity 
1D) City centre with time diversity 

2. Takes to show gaps in the satellite coverage. Only the satellite signal is analysed. The 
following categories are used for the maps: 
– Green: The signal is error-free after the Viterbi decoder 
– Yellow: The signal is error-free after the Reed-Solomon decoder 
– Red: The output of the Reed-Solomon decoder is not error-free. 

For the above group the following subgroups are defined: 
2A) Suburban area/Outside city without time diversity 
2B) Suburban area/Outside city with time diversity 
2C) City centre without time diversity 
2D) City centre with time diversity. 

3. Takes to show gaps in the terrestrial coverage Green/yellow/red indicators are used for the 
maps. Note: Different Tx configurations are used. Especially for the takes in the city centre 
when the transmit power was reduced. For most takes only one transmitter was on-air. 
Therefore the plot can be considered as worst case. Running the network at nominal power 
will give an even better coverage. 

For the above the following subgroups are defined 
3A) Suburban area/Outside city without time diversity 
3B) Suburban area/Outside city with time diversity 
3C) City centre without time diversity 
3D) City centre with time diversity 

4. Takes to show gaps in satellite coverage receiver with no fast phase recovery or time 
diversity. For most takes a compatible receiver designed for stationary or portable reception 
(= first generation Digital System DS receiver) was used in parallel with the mobile 
receiver. The service availability for the latter mobile receiver type is also shown. 
– Group 1 is mainly used to analyse satellite/terrestrial selective combining. 
– Group 2 includes all data used for the analysis of the satellite coverage. 
– Group 3 includes all data used for the analysis of terrestrial coverage. 
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D.5.3.6.2.2 Overview of the results 
The frame error rates and the bit error rates for critical scenarios are summarized in Table D.24. The 
goal of the field trials was the test of system in such critical scenarios. The transmit power was 
deliberately reduced to operate the receiver close to the threshold. Therefore the maps represent 
mostly difficult scenarios. Consequently, the calculated service availability shall be considered as 
worst case. The average service availability for a particular receiving scenario would be better if it’s 
samples were selected from the body of data. 
The coverage maps for the different scenarios are given in the next figures. 
– The behaviour in the urban centre without time diversity is shown in Fig. D.77 and 

Fig. D.78. Green indicates perfect reception, yellow perfect reception but with some Viterbi 
errors, red is no reception. The test sequences include many high buildings. Therefore, for 
west-to-east streets the signal availability with satellite only is low. These areas typically 
require terrestrial repeaters. As shown in Fig. D.77 the service availability with the 
terrestrial signal was nearly perfect in this area. The transmit power was approximately 
10 W (+ antenna gain). The distance to the transmitters was approximately 3 km. 

– An overview of the test sequences without time diversity including the inner and the outer 
areas of Pretoria is given in Fig. D.79 and Fig. D.80. The service availability without time 
diversity was already good. The only remaining gaps are due to bridges or tunnels. These 
scenarios require terrestrial gap fillers or satellite time diversity. 

– The behaviour in the urban centre is shown in Fig. D.81 and Fig. D.82. With time diversity 
for the terrestrial signal as shown in Fig. D.82, the margin was much higher. Even with 
very low transmitter power the signal was error-free after the Viterbi decoder for most 
receiving locations. This figure shows that even with time diversity on the satellite signal 
there was one small dropout in the urban center. 

– The behaviour of the system with time diversity for the complete Pretoria area is 
summarized in Fig. D.83 to Fig. D.86. Figure D.83 and Fig. D.84 show the availability of 
the satellite signal and terrestrial signal respectively. Figure D.85 shows which signal is 
available. The coverage of the satellite/terrestrial hybrid system can be compared with the 
coverage of a satellite only system without time diversity and repeaters as shown in 
Fig. D.86. 

TABLE  D.24 
Overview to service availability for different scenarios 

 

Scenario/receiver mode Error event 
rate 
(%) 

Comments 

Urban Centre/1st generation Digital 
System DS receiver (Compatible 
Channel) 

15.572 
The test focused on critical scenarios. 
Taking an average over all scenarios the 
error event rate would be better  

Urban Centre/Satellite enhanced 
channel, no time diversity 11.032 

This shows the gain of the fast phase 
ambiguity correction in urban 
environments 

Urban Center/Terrestrial signal, no 
time diversity 0.388 

The transmit power was reduced to run the 
receiver at the threshold. For nominal 
power of the transmitters  

Urban Centre/Terrestrial/Satellite 
selective combining, no time diversity 0.182 

The gain of the terrestrial/satellite 
combining is marginal in urban areas. 
Nevertheless the satellite can fill in some 
gaps in the terrestrial network 
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TABLE  D.24 (continued) 

 

Scenario/receiver mode Error event 
rate 
(%) 

Comments 

Inner And Outer Area Composite/1st 
generation Digital System DS receiver 
(Compatible Channel) 

10.958 

In the outer area the test focused on areas 
with trees and bridges. The nominal 
satellite availability is higher if an average 
for all scenarios is taken  

Outer Area, Satellite signal, no time 
diversity 5.214 Gain resulting from fast phase ambiguity 

correction 

Inner And Outer Area Composite, 
satellite signal, no time diversity  7.557 

The measured average service 
availability for the urban area and the 
outer if the satellite signal is used only 

Inner And Outer Area Composite, 
terrestrial signal, no time diversity 5.329 

For the terrestrial signal areas with no 
coverage from the terrestrial repeater are 
included in the overall average  

Inner And Outer Area Composite, 
satellite/terrestrial diversity 
combining, no time diversity 

0.905 
The remaining gaps are mainly caused 
from bridges  

Urban Centre, Satellite With Time 
Diversity. Uses enhanced & compatible 
channels  

10.171 

The gain of time diversity in urban areas 
is not very high. Satellite spatial diversity 
may improve service availability in urban 
areas. Spatial diversity was not tested  

Urban centre, Terrestrial signal, with 
time diversity 0.049 

Using time diversity makes the terrestrial 
network perfect. However, the bandwidth 
efficiency of this mode is low. Time 
diversity for the terrestrial signal may be 
feasible if the bandwidth is available. 
Then it helps build low cost repeater 
networks  

Urban center, Terrestrial/Satellite 
selective combining, with time 
diversity 

0.006 

Additional gain measured using the 
satellite/terrestrial selective combining. 
But the differences are in the range of the 
measurement accuracy  

Outer Area Satellite Signal, with time 
diversity 2.467 The selected outer area included many 

trees  
Inner And Outer Area Composite, 
satellite signal, with time diversity  5.724 Average for the inner (urban center) and 

the outer area  

Inner And Outer Area Composite, 
terrestrial signal, with time diversity 8.120 

The routes selected are different from 
those for the “no time diversity” scenario 
measurements. Therefore this value 
represents more of those areas not covered 
by the repeater  

Inner And Outer Area Composite, 
satellite/terrestrial selective combining, 
with time diversity 

0.301 
With time diversity the overall service 
availability was very high  

Area with many trees, 1st generation 
Digital System DS receiver 24.4 Reference value to measure the gain by 

the enhancements 
Area with many trees, fast phase 
ambiguity correction, no time diversity, 
no interleaver 

12.3 
The fast phase ambiguity correction gives 
a significant gain 
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TABLE  D.24 (end) 

 

 

FIGURE  D.77 

Service availability with terrestrial/satellite selective combining 
Urban centre without time diversity 

(Green and yellow indicate perfect reception, red is bad) 

 

 

Scenario/receiver mode Error event 
rate 
(%) 

Comments 

Area with many trees, fast phase 
ambiguity correction, no time diversity, 
432 ms time interleaver 

10.1 

In addition to phase ambiguity correction 
a time interleaver provides additional 
gain. The gain is higher for medium speed 
(FER = 6.7%) than for low speed (only 
marginal gain due to time interleaver)  

Area with many trees, fast phase 
ambiguity correction, with time 
diversity 

6.240 

Time diversity together with the selective 
combining gain provides acceptable 
service availability. The frame error rate is 
perhaps a pessimistic measure. The 
remaining errors are very short bursts and 
can be handled by audio decoder error 
concealment  
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FIGURE  D.78 

Service availability for digital system DS 1st generation receiver 
Urban centre without time diversity 

(Green and yellow indicate perfect reception, red is bad) 

 

FIGURE  D.79 

Service availability with terrestrial/satellite selective combining 
Outer and inner area without time diversity 
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FIGURE  D.80 
Service availability for digital system DS 1st generation receiver 

Outer and inner area without time diversity 

 

 

FIGURE  D.81 
Satellite signal: urban centre with time diversity 
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FIGURE  D.82 

Terrestrial signal: urban centre with time diversity 

 

 

FIGURE  D.83 

Composite of outer and inner area with time diversity: satellite signal only 

 

Urban center 
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FIGURE  D.84 

Composite of outer and inner area with time diversity: terrestrial signal only 

 

 

FIGURE  D.85 

Available signals for hybrid system: inner and outer coverage area 

 

 

backside of single
transmitter active
during measurement 

app. 18km distance
to transmitter 
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FIGURE  D.86 

Service availability for a 1st generation Digital System DS receiver: 
Inner and outer coverage area 

 

 

D.5.3.6.2.3 Detailed description of selected takes: Satellite reception under trees 

Compared to the 1st generation Digital System DS receiver, three mobile reception enhancements 
related to shadowed environments were tested. 

– Fast phase ambiguity correction 

– 432 ms time interleaver 

– Time diversity together with Viterbi combining. 

Figure D.87 to Fig. D.89 compare the behavior of the new mobile enhanced receiver against the 
1st generation Digital System DS receiver. 

The gain due the fast phase ambiguity correction only is summarized in Fig. D.88. Beside the 
reduction of the frame error rate the length of a burst error is also reduced by the fast phase 
ambiguity correction. An additional gain is achieved by time interleaving as shown in Fig. D.89. 
But even with time interleaving the signal still contains many outages. Additional link margin is 
required for these scenarios. Better receiver antennas or higher satellite power can achieve this 
additional link margin. 
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FIGURE  D.87 

Satellite reception with time diversity under trees (left) compared to 1st Generation 
Digital System DS receiver (right) 
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FIGURE  D.88 

Gain of the phase ambiguity correction. Right: with fast phase ambiguity correction. 
Left: first generation receiver 
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FIGURE  D.89 

Behaviour of a receiver with fast phase ambiguity correction and 432 ms time interleaver 
(left) versus 1st generation WorldSpace receiver (right) 
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D.5.3.7 Conclusions 

The preceding sections presented the details of field tests conducted in Erlangen, Germany and 
Pretoria, South Africa to validate the operating principles of the hybrid SDAB Digital System DH. 
The system incorporates selective combining of digital signals radiated from a satellite (AfriStar) 
with the same digital signal received and repeated by terrestrial stations of a single frequency 
network. The satellite signal is transported using a TDM format carrying 96 prime rate channel 
increments of 16 kbit/s each. These can be assembled into broadcast channels of various sizes from 
16 to 128 kbit/s. 

Time diversity is formatted in terms of pairs of broadcast channels that carry the same program but 
with one delayed relative to the other by an interval of 4.32 s. In a receiver, delaying the early one 
to coincide with the late one and combining the two in a Viterbi decoder combine the early and late 
broadcast channels into one channel. The result is a maximum likelihood combination of the two to 
produce a signal that can be blocked for up to 4.32 s without interruption to the continuity of 
communications. Also this time diversity-combined channel exhibits very robust performance under 
low receiver margin circumstances. In addition for the early signal channel, an interleaver having 
the 432 ms duration of a broadcast channel further enhances performance under shadowed blockage 
conditions such as encountered under trees. The late signal channel does not implement the 
interleaver. This is done so that Digital System DS receivers now operating on the AfriStar satellite 
can still receive the late signal channel. Consequently, the late signal channel is also referred to as 
the compatible channel. 
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For creating the terrestrial repeated signal, the satellite TDM transport waveform is received at each 
repeater station, demodulated to its digital bit stream and then remodulated onto an MCM carrier 
which is then up-converted and radiated at a different carrier frequency into the region covered by 
the repeater single frequency network. 

The direct satellite TDM and the terrestrially repeated TDM are both recovered in the mobile 
receiver and selectively combined by the error detection capability of a Reed-Solomon decoder into 
a single enhanced robust output signal. 

The intent of all of the above processing is to achieve interrupt free reception in a vehicle travelling 
in urban center, near urban center and outside rural regions. 

The test program reported herein demonstrates the magnitude of success achieved in Pretoria South 
Africa. The readers attention is drawn particularly to the results reported in Section D.5.3.6.2. Some 
of these are cited below. 

Figure D.77 compares the service availability in the Urban Centre of Pretoria with 
terrestrial/satellite selective combining without time diversity with the service availability for a 
current Digital System DS first generation receiver as shown in Fig. D.78. The data was collected on 
the routes indicated. Green and Yellow indicate perfect reception and Red indicates bad reception. 
The comparison indicates very significantly enhanced signal availability due to the selective 
combining of satellite and terrestrial signals. 

Figure D.79 compares the service availability in the Outer and Inner Areas of Pretoria with 
terrestrial/satellite selective combining without time diversity with the service availability for a 
current Digital System DS first generation receiver as shown in Fig. D.80. The data was collected on 
the routes indicated. Green, Blue and Yellow indicate perfect reception and Red indicates bad 
reception. The comparison indicates very significantly enhanced signal availability due to the 
selective combining of satellite and terrestrial signals. 

Figure D.81 compares the service availability in the Urban Centre with time diversity for the 
satellite signal only and the terrestrial signal only as shown in Fig. D.82. The terrestrial signal has 
virtually perfect availability without need for the satellite signal. The satellite signal exhibits 
numerous dropouts. 

Figure D.83 compares the service availability in the Outer and Inner Area with time diversity for 
the satellite signal only and the terrestrial signal only as shown in Fig. D.84. Each of the satellite 
and the terrestrial signals exhibits dropouts. The satellite suffers blockages while the terrestrial is 
too weak at the greater distances. 

Figure D.85 compares the service availability in the Outer and Inner Area with time diversity for 
the Selective Combined Satellite and Terrestrial signals and the current Digital System DS first 
generation receiver as shown in Fig. D.86. The Fig. D.85 is the logical superpositioning of 
Figure D.83 and Fig. D.84. Comparing Fig. D.83 and Fig. D.84 with Fig. D.85 illustrates the great 
advantage of selectively combining the satellite and terrestrial signals. 

The Pretoria tests and the mapping analysis of signal availability that has been possible using the 
detailed data collected has created a powerful tool to demonstrate the great availability 
enhancement that has been achieved by the architecture of Digital System DH. The reader is asked 
to review more thoroughly the content of this report to obtain an even better insight into the value of 
the hybrid digital architecture to achieve seamless mobile reception over continental dimensions. 
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D.6 List of acronyms 
A/D Analog to Digital 

AFRIBSS ITU Designation of the AfriStar Satellite Network at 21° E Longitude 

AMSS Amplitude Modulated Synchronization Sequence 

ASIABSS ITU Designation of the AsiaStar Satellite Network at 105° E Longitude 

AWGN Additive White Gaussian Noise 

BC Broadcast Channel 

BCID Broadcast Channel Identifier 

BER Bit Error Rate 

CARIBSS ITU Designation of the AmeriStar Satellite Network at 95° W Longitude 

CRC Cyclic Redundancy Check 

DAT Digital Audio Tape 

DFVLR German Aerospace Research and Test Establishment, now referred to as DLR 

DQPSK Differential QPSK 

DSP Digital Signal Processing 

EIRP Effective Isotropic Radiated Power 

EOC Edge of Coverage 

FDMA Frequency Division Multiple Access 

FEC Forward Error Correction 

FER Frame Error Rate 

FFT Fast Fourier Transform 

FhG: Fraunhofer Gesellschaft 

GEO Geostationary Earth Orbit 

GPS Global Positioning Satellite 

HPA High-Power Amplifier 

HPIB Hewlett-Packard Interface Bus 

HT Hilly Terrain 

IBO Input Backoff 

ICDSC International Conference on Digital Satellite Communications 

IF Intermediate Frequency 

IFFT Inverse Fast Fourier Transform 

IP3 Third-Order Intermodulation Intercept 

ISI Intersymbol Interference 

ISO International Organization for Standardization 

ITU International Telecommunication Union 
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LHCP Left-Hand Circular Polarization 

LNA Low-Noise amplifier 

LOS Line of Sight 

MCM Multi Carrier Modulation 

MFP Master Frame Preamble 

MOS Mean Opinion Score 

MPEG Motion Picture Experts Group 

OBO Output Backoff 

PRC Prime Rate Channels 

QPSK Quadrature Phase Shift Keying 

RF Radio Frequency 

RHCP Right-Hand Circular Polarization 

RS Reed Solomon 

RX Receiver 

SAW Surface Acoustic Wave (filter) 

SCCF Service Component Control Field 

SCH Service Control Header 

SDAB Satellite Digital audio Broadcasting 

SFN Single Frequency Network 

TDM Time Division Multiplexed 

TU Typical Urban 

TWTA Traveling Wave Tube Amplifier 
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ANNEX E

DIGITAL SYSTEM E

SATELLITE AND HYBRID DIGITAL SOUND BROADCASTING
USING CODE DIVISION MULTIPLEX (CDM) MODULATION

E.1 Introduction

Digital System E is designed to provide satellite and complementary terrestrial on-channel repeater
services for high quality audio and multimedia data for vehicular, portable and fixed reception. It
has been designed to optimize performance for both satellite and terrestrial on-channel repeater
services delivery in the 2630-2655 MHz band. This is achieved through the use of CDM (Code
Division Multiplex) based on QPSK modulation with concatenated code using Reed-Solomon code
and convolutional error correcting coding. The Digital System E receiver uses state-of-the-art
microwave and digital large-scale integrated circuit technology with the primary objective of
achieving low-cost production and high-quality performance.

The main features of this system are:

1) This system is the first digital sound broadcasting system to be tested in field using the
2630-2655 MHz band that is assigned to BSS (sound) in some countries.

2) MPEG-2 Systems architecture is adopted in order to achieve the flexible multiplexing of
many broadcasting services and the interoperability with other digital broadcasting services.
This is the first BSS(sound) system to adopt MPEG-2 Systems.

3) MPEG-2 AAC is adopted for audio source coding. AAC gives the most efficient audio
compression performance for high quality audio broadcasting services.

4) Vehicular reception is the main target of this system. Stable reception was confirmed in
high-speed vehicles in the course of corroborative testing.

5) Satellite signal can be received using omnidirectional single element antenna in the
horizontal plane and a two-antenna diversity reception scheme for vehicles.

E.2 System overview

Figure E.1 shows the system overview. This broadcasting-satellite service (sound) system consists
of a feeder-link earth station, a broadcasting satellite, two types of terrestrial gap-fillers, and
portable, fixed and vehicular receivers.

The signal is transmitted from a feeder-link earth station to a broadcasting satellite at first, using a
FSS uplink (the 14 GHz band for example). The signal is converted from the 14 GHz band to the
2.6 GHz band in the satellite. The 2.6 GHz band signal is amplified using a satellite transponder up
to a desired level and this signal is broadcasted over the service area using a large transmitting
antenna on the satellite.

The main programmes broadcast by this system are high quality sound services in the first stage and
multimedia services including data broadcasting in the following stage.

Listeners/viewers of this service can receive the broadcasting signal via the satellite using small
antennas with low directivity. To generate enough e.i.r.p. for vehicular reception, the space station
will need to be equipped with a large transmit antenna and high-power transponders.
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The major issues related to signal propagation in the 2.6 GHz band are shadowing and blocking of
the direct satellite path. This system uses two techniques to cope with the various types of
shadowing and blocking.

The first one is a bit-wise de-interleaver in the receiver to counter shadowing and blocking caused
by small objects. This shadowing and blocking appears in a vehicular reception condition as solid
bursts of noise in the received signal of up to approximately a second.

A solid burst of noise is distributed over a time period of several seconds using this de-interleaver to
fit error-correcting capabilities of this system.

The second method to alleviate signal fades caused by shadowing and blocking is the inclusion of
gap-fillers in the system design. Such gap-fillers retransmit the satellite signal. These gap-fillers are
expected to cover the area blocked by, for example, buildings and large constructions. There are
two types of gap-fillers in this system, the so-called direct amplifying gap-filler and the frequency
conversion gap-filler to cover different types of blocked areas.

The direct amplifying gap-filler only amplifies the 2.6 GHz band signal broadcast from the satellite.
This type of gap-filler is inherently limited to low gain amplifier to avoid undesired oscillation
caused by signal coupling between transmitting and receiving antennas. This gap-filler covers a
narrow area of direct path up to a 500-m long line-of-sight area.

However, a frequency conversion gap-filler is intended to cover a large area within a 3 km radius. The
satellite fed signal is using a different frequency than the 2.6 GHz, for example, the 11 GHz band.

In such circumstances, multipath fading appears in the area where more than two broadcasting
signals are received. In this broadcasting system, the CDM (Code Division Multiplex) technique is
adopted to secure a stable reception of the multipath-faded signal. By using a RAKE technique and
antenna diversity in the receiver, a large improvement in the receiver’s performance is expected in
the limited multipath-fading environment. This is a major feature of CDM system

Spotlight type gap-filler also shown in Fig. E.1, could improve the multipath environments where
CDM and RAKE receiver cannot decode properly without this gap-filler. Spotlight gap-filler can
either use amplification or frequency conversion to satisfy the specific requirement of the target
area to be improved.

In CDM systems, different broadcasters will use different orthogonal codes for spreading the signal
in order to broadcast their own programmes independently. Power flux-density (pfd) per unit
bandwidth is relatively low because the CDM signal is spread over a wide frequency band.

E.3 Physical layer and modulation

Figure E.2 shows the basic block diagram of the broadcasting system and Fig. E.3 shows detailed
block diagram of CDM part of Fig. E.2. In the following, the basic parameters and capabilities of
channel coding and modulation of this broadcasting system are provided.

E.3.1 Frequency band

This system can be used in various frequency bands. But the main target of this system is the
2630-2655 MHz band. Since this is the highest frequency band allocated to BSS (sound), received
signals likely experience the highest Doppler shift.

E.3.2 Occupied bandwidth

The occupied bandwidth assuming the use of an ideal linear amplifier is 18 MHz, while this
bandwidth becomes wider in the case of the use of a non-linear amplifier. This system will fit
within the 25 MHz allocated bandwidth using a practical non-linear amplifier.
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E.3.3 Polarization

Polarization is circular-polarization (CP) however a complementary terrestrial repeater may use
either circular-polarization or linear polarization.

E.3.4 Modulation

CDM scheme is adopted for modulation both of satellite link and terrestrial gap filler link. As
shown in Fig. E.3, one data sequence is converted from serial bit stream to I and Q data sequences
at first. After that, each I and Q data are spread by the same unique Walsh code (#n) and a truncated
M-sequence. These spread data are modulated into QPSK signal. Modulated signals, each signal
being identified by its Walsh code, are multiplexed with each other in the same frequency band.

E.3.4.1 Modulation of carrier

One pilot channel and several broadcasting channels comprise one whole CDM modulated
broadcasting system as shown in Fig. E.2. A broadcasting channel and part of the pilot channel data
stream uses QPSK modulation for the component modulation, while pilot symbols, frame
synchronization symbol and frame counter as defined in Section 4.3, carried in the pilot channel
data stream, are modulated using BPSK.

E.3.4.2 Symbol mapping

Symbol mapping of QPSK and BPSK is shown in Fig. E.4. In this system, QPSK is demodulated
using coherent phase detection.

E.3.5 Chip rate

Chip rate is 16.384 MHz and processing gain is 64.

FIGURE E.2

Block diagram of broadcasting system
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FIGURE E.3

Detailed block diagram of code division multiplex
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FIGURE E.4

Symbol mappings of QPSK and BPSK modulation
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E.3.6 Signature sequence and spreading sequence

Walsh codes of 64-bit length and truncated M sequences of 2048-bit length are adopted as the
signature sequence and the spreading sequence respectively. These spreading sequences are obtained
by truncating Maximum Length Sequences of 4095-bit length generated using 12-stage feedback shift
register sequence. Generator polynomial and initial bit pattern is defined as shown in Fig. E.5.
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FIGURE E.5

Pseudo random sequence generator

X3 X4 X5 X6 X7 X8 X9 X10 X11 X12X2X1

0 1 0 1 1 0 0 0 0 010

G(x) = X12 + X11 + X8 + X6 + 1

E.3.7 Data spreading

Signature sequences and spreading sequences are modulo-2 added to the original I and Q sequence
as shown in Fig. E.4.

E.3.8 Roll-off factor

The transmitted signal is filtered by square-root raised cosine filter. The roll-off factor is 0.22.

E.3.8.1 The number of CDM channels

Theoretically, this system can multiplex 64 CDM channels because a 64-chip length Walsh code is
adopted. In the corroborative testing, 30 CDM channels out of possible 64 channels are multiplexed
to achieve stable reception in multipath environment.

E.4 Channel coding

E.4.1 Error correction coding

Concatenated code comprised of a K = 7 convolutional code as inner code and shortened Reed-
Solomon (204,188) code as outer code is adopted for forward error protection scheme.

E.4.1.1 Outer code

Outer code is the same as for other digital broadcasting systems. The original Reed-Solomon
(255,239) code is defined as follows:

a) Code Generator Polynomial: g(x) = (x + λ0)(x + λ1)(x + λ2)...(x + λ15), where λ = 02h

b) Field Generator Polynomial: P(x) = x8 + x4 + x3 + x2 + 1

The shortened Reed-Solomon code can be implemented by adding 51 bytes, all set to zero in front
of the information bytes at the input of Reed-Solomon (255,239) encoder. After the Reed-Solomon
coding procedure, these null bytes are discarded.

E.4.1.2 Inner code

K = 7 convolutional code is adopted as the inner code of this system (see Fig. E.6). Any code rate
can be selected from among 1/2, 2/3, 3/4, 5/6 and 7/8 by a puncturing technique for each
broadcasting channel. These code rates are signalled through using control data of pilot channel.
Rate 1/2 convolutional code is used for the pilot channel.
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FIGURE E.6

Inner code encoder (K ==== 7 convolutional code)

D DD D D D

P
un

ct
ur

in
g

P
ro

ce
ss

C0

C1

P0

P1

E.4.2 Interleaving

Byte-wise convolutional interleaving is used between outer coding and inner coding. Furthermore,
bit-wise convolutional interleaving with 3 segmented grouping is adopted after inner coding.

E.4.2.1 Byte-wise interleaving

Byte-wise interleaving is the same as other digital broadcasting systems for example, DVB-S,
DVB-T, ISDB-S and ISDB-T. Figure E.7 shows the working mechanism of the byte-wise
interleaver.

FIGURE E.7

Byte-wise interleaver

�Sync Byte of TS Packet

12 Byte

204(= 12 x 17) Byte

12 x 17 x 1 - 1 Byte Delay

12 x 17 x 2 - 1 Byte Delay

12 x 17 x 3 - 1 Byte Delay

12 x 17 x 1-1Byte Delay

E.4.2.2 Bit-wise interleaving

Figure E.8 shows the working mechanism of bit-wise interleaver and Fig. E.9 shows the conceptual
diagram of bit-wise interleaver and de-interleaver. The time delay of bit-wise interleaver can be
selected from eight possible positions defined in Table E.1 for each broadcasting channel by using
control data in pilot channel. In the corroborative testing, position 5 was selected; hence bit-wise
interleaver has about 3.257-s delay to recover up to 1.2-s blackout of the received signal.
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FIGURE E.8

Bit-wise interleaver

51 bits
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FIGURE E.9

Conceptual diagram of bit-wise interleaver and de-interleaver
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TABLE E.1

Selectable positions of bit-wise interleaving size

E.4.3 Pilot channel

Payload data is transmitted through broadcasting channels, while this system adopts pilot channel to
simplify receiver’s synchronization and to transmit system control data.

Pilot channel has three functions. The first one is to transmit the unique word for frame
synchronization and frame counter for super frame synchronization. The second one is to send pilot
symbol as shown in the following section. The third one is to transmit control data to facilitate the
receiver functions.

E.4.3.1 Frame and super frame

Figure E.10 shows the transmission frame and super transmission frame of this system.

A pilot symbol is inserted every 250 µs as described in the next section. One transmission frame
comprises 51 times of one pilot symbol insertion period that has 12.75 ms time period. The first
symbol D1 (4 bytes or 32 bits) other than pilot symbols is the unique word.

Six times of transmission frame makes a super transmission frame that has 76.5 ms time period. The
second symbol D2 is the frame counter, which assists receiver to establish super frame
synchronization. Any broadcasting channel with arbitrarily puncturing rates can be synchronized in
one super frame time period because this is the least common multiple of unit time intervals of each
broadcasting channel with any possible punctured rate of convolutional code.

E.4.3.2 Pilot symbol

Special data embedded in the pilot channel are pilot symbols that are composed of 32-bit length
continuing run of data “1”. Using these pilot symbols, receiver can analyse received signal profiles
(path-search analysis) and these results are used to assist a RAKE receiver function. Pilot symbols
are transmitted every 250 µs.

In order to improve the accuracy of path-search analysis, the pilot channel may have more signal
power than a broadcasting channel. In the corroborative testing, pilot channel had twice the signal
power than a broadcasting channel.

Position Value of parameter “m”
0 0

1 53

2 109

3 218

4 436

5 654

6 981

7 1 308
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FIGURE E.10

Frame and super frame in pilot channel

PS :Pilot Symbol (32 bits)

D1 :Unique Word (32 bits)

D2 :Frame Counter (32 bits)

D3-D51 :Control Data, etc.

250 µsec

1 Frame = 12.750 msec

1 Super Frame = 6 Frames = 76.5 msec

PS D1 PS D2 PS D50 PS D51

Frame
No.0

Frame
No.1

Frame
No.2

Frame
No.3

Frame
No.4

Frame
No.5

E.4.4 Data transmission in pilot channel

In this section, data parts other than pilot symbols are defined in detail.

D1 (unique word) and D2 (frame counter) are not protected with forward error correcting code
because these symbols are transmitted using BPSK. D3 to D26 and D27 to D50 are protected with
concatenated codes using rate 1/2 convolutional inner code and Reed-Solomon (96, 80) outer code.
D51 is reserved for future use.

E.4.4.1 Unique word (D1)

32-bit pattern is defined as follows and transmitted from left side to right side.

01101010101101010101100110001010

E.4.4.2 Frame counter (D2)

32 bits are divided into 8 groups of 4-bit counter as shown in Fig. E.11. Each counter has the same
value at the same time. The counter value goes up from 0h to 5h in every transmission super frame.

FIGURE E.11

Frame counter
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E.4.4.3 Byte-wise interleaver for D3-D50

Byte-wise interleaver for Pilot Data D3-D50 is defined as shown in Fig. E.12. Two code word
lengths of Reed-Solomon (96, 80) code compose 196 bytes. Using this time period, convolutional
byte interleaver, which has the same parameter as defined in Fig. 33 except the unit time delay, is
applied to this data sequence.

FIGURE E.12

Byte-wise interleave for D3-D50

�D3

12 Byte

196 (= 12 x 16) Byte

12 x 16 x 1 - 1 Byte Delay

12 x 16 x 2 - 1 Byte Delay

12 x 16 x 3 - 1 Byte Delay

12 x 16 x 1-1Byte Delay

E.4.4.4 Data structure of control data (D3-D22, D27-D46) in pilot channel

Data part of pilot data D3-D50 is defined as shown in Fig. 13. The first byte is devoted for identifier.
77 bytes starting from the second byte are assigned to carry real payload data. One 16-bit length
CRC comprises the 79th and 80th byte. Generator polynomial for CRC is defined as follows:
G(x) = x16 + x12 + x5 + 1.

FIGURE E.13

Data structure of pilot channel data (D3-D50)

Identifier

1 byte

Payload Data

77 bytes

CRC

2 bytes

Check Bytes of

RS code (16 bytes)

D3-----D22 / D27-----D46 D23--D26 / D47--D50

E.4.4.5 Detailed data structure of payload data (77 bytes) in pilot channel

Payload data part (77 bytes) is used to control the physical layer and lower and middle network
layer of receiver of this system as defined in Fig. E.14.
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In this part, delay time position of bit wise interleaver and puncturing process mode of
convolutional code are controlled through these control data for each CDM broadcasting channel.
Also, one data stream may comprise more than one PID (Programme ID) if specific broadcasting
service requires more bit rate than single CDM channel can supply.

FIGURE E.14

CDM channel control data

Starting CDM
Channel Number

(1 byte)

N CDM Channel
Control Data

(7 bytes)

N+9 CDM
Channel Control

Data (7 bytes)

N+1 CDM
Channel Control
Data (7 bytes)

Interleaving
Mode

(4 bits)

Puncturing
Process
Mode

(4 bits)

TS ID

(16 bits)

Reserved

(3 bits)

PID Minimum

(13 bits)

PID Maximum

(13 bits)

Version
Number

(3 bits)

(b) Individual CDM Channel Control Data

7 bytes

77 bytes

(a) CDM Channel Control Data

Reserved

(6 byte)

E.4.5 Service multiplex

ISO/IEC 13818-1 (MPEG-2 Systems) is adopted as the service multiplex. Considering maximum
interoperability among a number of digital broadcasting systems, e.g. DVB-S, DVB-T, ISDB-S and
ISDB-T, this system can exchange broadcasting data streams with other broadcasting systems
through this interfacing point.

In this system, some services, which will come in future, can be adopted if such future broadcasting
services have “adaptation capabilities” in order to use MPEG-2 Systems.

E.5 Source coding

E.5.1 Audio source coding

MPEG-2 AAC (ISO/IEC 13818-7) is selected for this system. To use AAC bit stream in MPEG-2
Systems environment, ADTS (Audio Data Transport Stream) is adopted.

E.5.2 Data coding

Various types of data broadcasting are applicable including mono-media (e.g. video source coding,
text) and multimedia (mixture of audio, video, text and data) as long as these data structures are
MPEG-2 Systems compliant.
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E.6 Example of an application of Digital System E

E.6.1 Satellite link

In this example, a geostationary station with a large transmission antenna is assumed. The feeder-
link signal is fed from an earth station in the 14 GHz band while the service-link (downlink) is to
the Japanese area in the 2.6 GHz band. Major characteristics of the satellite are shown in the
following.

1) Feeder-link signal frequency: 14 GHz bands

2) Downlink frequency: 2642.5 MHz

3) Downlink bandwidth: 25 MHz

4) e.i.r.p.: more than 67 dBW
(Within service area, including antenna-pointing losses)

E.6.1.1 Spectrum

Spectrum of output signal from satellite broadcasting station is shown in Fig. E.15 in case of 2 dB
output back-off. In this case, output signal is simulated using a non-linear amplifier which has the
similar input/output characteristic to a typical satellite transponder.

FIGURE E.15

Spectrum of output signal from satellite (2 dB output back-off)
(Simulated using non-linear amplifier)

E.6.1.2 BER versus C/N0 performances under AWGN environment

BER versus C/N0 performances under AWGN environment were measured for various kinds of
output back-off and frequency offset.
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Figure E.16 shows BER versus C/N0 performances for different output back-off values of a satellite
simulator. Unless otherwise noted, following conditions were assumed in order to measure BER
versus C/N0 performances described in this section.

1) BER was measured at the point after Viterbi decoding.

2) Coding rate used in convolutional coding was 1/2.

3) Data rate after Viterbi decoder was 256 kbit/s.

4) Two-branch antenna diversity was used.

According to Fig. E.16, when output back-off of a satellite simulator is set at the operating point
(= 2 dB), required C/N0, which is defined in this system as C/N0 where BER becomes 2 × 10–4, is
56.4 dB(Hz). Because theoretical value of required C/N0 for ideal receiver is 54.3 dB(Hz),
measured implementation loss is 2.1 dB.

When output back-off is set 1 dB lower than operating point, required C/N0 becomes 0.1 dB higher.
On the other hand, when output back-off is set 1 dB higher than operating point, required C/N0
becomes 0.1 dB lower. Hence, degradations of BER performance due to this non-linearity are very
small while its degradations may be observed.

Figure E.17 shows BER versus C/N0 performances for different frequency offset at the receiver.
Note that output back-off was 2 dB and other conditions other than frequency offset level were the
same as Fig. E.9. According to Fig. E.17, degradation of required C/N0 was 0.3 dB in each case of
±264 Hz (= ±1 × 10–7 @ 2.6425 GHz) frequency offset, hence the measured degradation due to the
frequency offset up to ±264 Hz is small.

During these tests, the quality of received sound was monitored and it was confirmed that a
degradation less than perceptible grade was not observed while the measured BER was less than
2 × 10–4 at the output of the Viterbi decoder. The function of programme selection was also
checked and it was confirmed that the changing function to the other programme worked
successfully when the broadcast content was received correctly.

E.6.2 Terrestrial gap filler

E.6.2.1 Direct amplifying gap filler

Main purpose of direct amplifying gap filler is to receive the broadcasting signal directly from
broadcasting satellite, to amplify, and to repeat it to the signal blocked area.

1) Receiving frequency: 2630-2655 MHz

2) Transmitting frequency: 2630-2655 MHz

3) e.i.r.p.: 1.7 dBm

4) Coverage area: Line-of-sight area up to 500 m from the station

E.6.2.2 Frequency conversion gap filler

This equipment receives 11/12 GHz bands feeder signal from the satellite, converts to 2.6 GHz
band, amplifies up to desired level, and transmits to the signal blocked area. The following is the
major characteristics of the equipment.

1) Receiving Frequency: 11/12 GHz bands

2) Transmitting Frequency: 2630-2655 MHz

3) e.i.r.p.: 60.7 dBm

4) Coverage: Circular area up to 3-km radius
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FIGURE E.16

BER versus C/N0 under AWGN environment
for different levels of transponder output back-off
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FIGURE E.17

BER versus C/N0 under AWGN environment
for different frequency offsets
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E.6.3 Experimental results of high-speed vehicular receptions

One of the main features of this system is its capability for vehicular reception. In the corroborative
testing, high-speed vehicular reception was examined carefully in laboratory and field tests. Bit
error rate versus C/N0 (Carrier-to-Noise ratio) is shown in Fig. E.18 for laboratory test result. There
is only small degradation of BER characteristics for 50 km/h, 100 km/h and 150 km/h. Field testing
for high-speed vehicular reception was conducted at speeds up to 100 km/h on Chuo highway along
the west side of Tokyo metropolitan area.

E.6.4 Receiver model

Performances of typical mobile receiver of this system are shown in the following and Fig. E.19
depicts the block diagram of typical mobile receiver.

1) Centre Frequency: 2642.5 MHz

2) Input signal bandwidth: 25 MHz
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3) G/T: more than –21.8 dB(K–1)
Antenna Gain: more than 2.5 dBi for satellite reception.

more than 0 dBi for terrestrial reception
Noise Figure: less than 1.5 dB

4) Demodulation: Pilot Symbol aided coherent demodulation
and RAKE receiver with 6 fingers

5) Diversity: Two-Antenna Diversity (more than 15 cm separation)

6) Receiving Filter: Square-root raised cosine roll-off filter
(Roll-off factor is 22%)

7) Decoding of Conv. Code: Soft-decision Viterbi decoding

8) Implementation Losses: Less than 2 dB
(degradation from the theoretical value at bit error rate of
2 × 10−4)

FIGURE E.18

BER versus C/N0 for high-speed reception
(50 km/h, 100 km/h and 150 km/h)
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E.7 Testing results for Digital System E

E.7.1 Introduction

Corroborative testing for Digital System E, which uses CDM based modulation for Digital Sound
Broadcasting Satellite Services, BSS (sound), was carried out from October 1998 to April 1999.
This Handbook provides the results of these tests.

The purpose of the test was to verify the basic functions and performances in order to corroborate
Digital System E as the Japanese 2.6 GHz BSS (sound) system.

These tests were comprised of laboratory test and field test. Tested items are listed in the following.

– Laboratory test

1) Spectrum

2) BER versus C/N0 performances under AWGN environment

3) BER versus C/N0 performances under multipath fading environment

4) Performance degradation due to interference

5) Performance of bit-wise interleaving

– Field test

1) Received power level

2) BER

E.7.2 Testing system configuration and equipment

Figures E.20 and E.21 illustrate the configuration of laboratory test and field test, respectively. In
laboratory tests, a source encoder, a CDM modulator, a satellite simulator, a RF channel simulator,
a CDM demodulator and source decoders were used. In field test, an earth station, a satellite
(JCSAT-2), frequency conversion gap-fillers, a direct amplifying gap-filler and a test vehicle were
used. Brief explanations of the equipment are described in the following.

1) Source encoder

Source encoder provides MPEG-2 AAC encoded sound data streams which were created by off-line
processing.

2) CDM modulator

CDM modulator generates a CDM signal. The number of codes multiplexed was 30. Reed-
Solomon encoder, byte-wise interleaver, convolutional encoder and bit-wise interleaver are
also included.

3) RF channel simulator

RF channel simulator generates various multipath environments.

4) CDM demodulator

CDM demodulator works with both RAKE algorithm and two-branch antenna diversity to
demodulate CDM signal. Bit-wise de-interleaver, Viterbi decoder, byte-wise de-interleaver
and Reed-Solomon decoder are also included.
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5) Source decoder

Source decoder decodes sound data streams and outputs the sound signals to speakers.

6) Test vehicle

Test vehicle was used to evaluate the quality for vehicular reception. A CDM demodulator
and a source decoder were installed in the vehicle. Two helical antennae, with 2.5 dBi
antenna gain and low-noise amplifier, were installed on the roof. GPS receiver and video
camera were used to record the position of the vehicle and the outer view around the
vehicle during measurement, respectively.

7) Gap-filler

Three gap-fillers were installed at three different places in Tokyo metropolitan area. Two
gap-fillers were frequency conversion gap-fillers, which received a CDM signal in 12 GHz
band, in this test, and converted the frequency into 2.6 GHz band, and were installed at
Akasaka site and Fuchu site. The other gap-filler was a direct amplifying gap-filler, which
received a CDM signal in 2.6 GHz band and retransmitted in the same frequency, and was
installed at Ginza site. Akasaka is one of the central downtown areas and roads are
surrounded with many tall buildings. The transmitting antenna height at Akasaka site was
about 100 m from the ground level and e.i.r.p. was 40 dBm. Fuchu area is the combination
of urban and dense urban area. The transmitting antenna height at Fuchu site was about
40 m from the ground level and e.i.r.p. was 60 dBm. Ginza area is the most central
downtown part of Tokyo and also high-rise area. The transmitting antenna height at Ginza
site was about 40 m from the ground level and e.i.r.p. was 2 dBm.

8) Satellite (JCSAT-2)

GSO satellite was used to transmit a CDM signal to frequency conversion gap-fillers by
using 12 GHz band (12.25-12.75 GHz) of JCSAT-2 downlink. 2.6 GHz band direct
broadcasting satellite was not available in this time frame, hence a source CDM signal to a
direct amplifying gap-filler was supplied from a frequency conversion gap-filler.

9) Earth station

Earth station was used to transmit a CDM signal to a satellite. Earth station was comprised
of source encoder, CDM modulator, transmitter and transmitting antenna.
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E.7.3 Laboratory test results

Laboratory test was carried out to evaluate various performances related to the modulation scheme
and the channel coding method by using RF channel simulators, which could simulate various
propagation environments.

E.7.3.1 Spectrum

Spectrum of output signal from satellite broadcasting station is shown in Fig. E.22 in case of 2 dB
output back-off. In this case, output signal is simulated using a non-linear amplifier which has the
similar input/output characteristics as a typical satellite transponder.

The result of spectrum measurement is shown in Fig. E.22. Occupied bandwidth and out-of-band
emission power on adjacent frequency band (25 MHz carrier separation) were obtained from the
result of a spectrum measurement.

Occupied bandwidth obtained from Fig. E.22 was less than 25 MHz and out-of-band emission
power in adjacent frequency bands was less than –23 dB. Both values were compliant to the
requirement of this system.

FIGURE E.22

Spectrum

E.7.3.2 BER versus C/N0 performances under AWGN environment

BER versus C/N0 performances under AWGN environment were measured for different levels of
output back-off and frequency offsets.

Figure E.23 shows BER versus C/N0 performances for different levels of output back-off of a
satellite simulator. Unless otherwise noted, following conditions were assumed in order to measure
BER versus C/N0 performances described in this section.
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1) BER was measured at the point after Viterbi decoding.

2) Coding rate used in convolutional coding was 1/2.

3) Data rate after Viterbi decoder was 256 kbit/s.

4) Two-branch antenna diversity was used.

According to Fig. E.23, when output back-off of a satellite simulator is set at the operating point
(= 2 dB), required C/N0, which is defined in this system as C/N0 where BER becomes 2 × 10–4, is
56.4 dB(Hz). Because theoretical value of required C/N0 for ideal receiver with linear transponder
is 54.3 dB(Hz), a measured implementation loss is 2.1 dB.

When output back-off is set 1 dB lower than operating point, required C/N0 becomes 0.1 dB higher.
On the other hand, when output back-off is set 1 dB higher than operating point, required C/N0
becomes 0.1 dB lower. Hence, degradations of BER performance due to this non-linearity are very
small while its degradations may be observed.

FIGURE E.23

BER versus C/N0 under AWGN environment for different levels of back-off
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Figure E.24 shows BER versus C/N0 performances for different frequency offsets at the receiver.
Note that output back-off was 2 dB and other conditions other than the frequency offset level were
the same as Fig. E.23. According to Fig. E.24, degradation of required C/N0 was 0.3 dB in each
case of ±264 Hz (= ±1 × 10–7 @ 2.6425 GHz) frequency offset, hence the measured degradation
due to the frequency offset up to ±264 Hz is small.
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During these tests, the quality of received sound was monitored and it was confirmed that a
degradation less than perceptible grade was not observed while the measured BER was less than
2 × 10–4 at the output of the Viterbi decoder. The function of programme selection was also
checked and it was confirmed that the changing function to the other programme worked
successfully when the broadcast content was received correctly.

FIGURE E.24

BER versus C/N0 under AWGN environment for different frequency offsets
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E.7.3.3 BER versus C/N0 performances under multipath fading environment

BER versus C/N0 performances for various multipath-fading parameters were measured. Following
four cases were considered. Details of multipath fading parameters are listed in the following. In the
case of six Rayleigh faded signals, an urban delay profile selected from IMT-2000 channel models
was used.
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Case 1: One Rician faded signal from a satellite is received at vehicle speed of 50 km/h.

Case 2: Signal from a satellite is shadowed and six Rayleigh faded signals from a frequency
conversion gap-filler are received at vehicle speed of 50 km/h.

Case 3: Signal from a satellite is shadowed and two Rician faded signals from two direct
amplifying gap-fillers are received at vehicle speed of 50 km/h.

Case 4: One Rician faded signal from a satellite and six Rayleigh faded signals from a frequency
conversion gap-filler are received at vehicle speed of 50 km/h.

Figure E.25 shows BER versus C/N0 performances under various multipath-fading environments
using two-antenna reception diversity (more than 15 cm separation). Fig. E.25 also shows BER
versus C/N0 performances predicted by computer simulations with dotted lines. According to
Fig. E.25, required C/N0 is 56.9 dB(Hz) in Case 1, 59.4 dB(Hz) in Case 2, 57.4 dB(Hz) in Case 3
and 59.8 dB(Hz) in Case 4, respectively. And measured implementation loss is 0.7 dB in Case 1,
0.9 dB in Case 2, 1.1 dB in Case 3 and 1.0 dB in Case 4, respectively.

FIGURE E.25

BER versus C/N0 under multipath environment (with two-antenna reception diversity)
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BER versus C/N0 performances for high-speed vehicular reception under various multipath-fading
environments were also measured. The following six cases were considered in this measurement.

Case 5: The same condition as Case 1 except vehicle speed of 100 km/h.

Case 6: The same condition as Case 1 except vehicle speed of 150 km/h.

Case 7: The same condition as Case 2 except vehicle speed of 100 km/h.

Case 8: The same condition as Case 2 except vehicle speed of 150 km/h.

Case 9: The same condition as Case 3 except vehicle speed of 100 km/h.

Case 10: The same condition as Case 3 except vehicle speed of 150 km/h.

Figure E.26 shows BER versus C/N0 performances for high-speed vehicular reception under various
multipath-fading environments using two-antenna reception diversity. According to Fig. E.26, it
was verified that the degradations in BER versus C/N0 performances were small compared to the
results of the 50 km/h case in Fig. E.25, when the vehicular receptions at vehicle speed of 100 km/h
and 150 km/h were examined.

FIGURE E.26

BER vs C/N0 for high-speed vehicular reception
(two-antenna reception diversity)
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Moreover, effect of antenna diversity was evaluated by measuring BER versus C/N0 performance
with and without antenna diversity under the same multipath fading environments as defined in
case 1 to 3 in the above. Solid lines in Fig. E.27 show BER versus C/N0 performances in case of
one antenna. As a comparison, BER versus C/N0 performances with two-antenna reception
diversity, are also shown in Fig. E.27 with dotted lines. Improvement of required C/N0 obtained
with antenna diversity was 2.8 dB in Case 1, 10.4 dB in Case 2 and 3.0 dB in Case 3. According to
this measurement, remarkable improvement by using two-antenna reception diversity was observed
in BER versus C/N0 performance. According to these measured results, a two-antenna diversity
technique is necessary for vehicular reception.

During these tests, the quality of received sound was monitored and it was confirmed that a
degradation less than perceptible grade was not observed while the measured BER was less than
2 × 10–4 at the output of the Viterbi decoder. The function of programme selection was also
checked and it was confirmed that the changing function to the other programme worked
successfully when the broadcast content was received correctly.

FIGURE E.27

BER versus C/N0 with and without two-antenna reception diversity
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E.7.3.4 Performance degradation due to interference

Performance degradation in the case that another CDM signal exists in an adjacent channel or on
the same channel as interference was evaluated. Figure E.28 shows BER versus C/I performances
for upper adjacent channel interference, lower adjacent channel interference and on-channel
interference. According to Fig. E.28, C/I, where BER became 2 × 10–4, was –4.8 dB in both cases
for lower adjacent and upper adjacent channel interference, and −1.8 dB in case of on-channel
interference.

FIGURE E.28

BER versus C/I
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E.7.3.5 Performance of bit-wise interleaving

Performance of bit-wise interleaving was evaluated by monitoring the quality of sound when the
received signal blackout occurred. According to this measurement, output-sound quality less than
the perceptible grade was not observed for received signal blackouts of up to 1.2 s.
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E.7.4 Field test results

In the field test, received power levels and BERs were recorded while a test vehicle was running on
several urban roads. Test signal was transmitted only from gap-fillers because a 2.6 GHz-band
direct broadcasting satellite was not available in this time-frame.

E.7.4.1 Received power level

Figures E.29 to E.31 show measured received power levels at Fuchu, Akasaka and Ginza, all in the
Tokyo area, respectively. In two cases of frequency conversion gap-fillers, namely Fuchu and
Akasaka, received power levels of more than –90 dBm were observed at the place even 3 km away
from transmitting antenna. In case of a direct amplifying gap-filler, received power level was more
than –96 dBm during the transmitting antenna of direct amplifying gap-filler could be seen from
test vehicle.

FIGURE E.29

Received power level (Fuchu/Tokyo)
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FIGURE E.30

Received power level (Akasaka/Tokyo)

FIGURE E.31

Received power level (Ginza/Tokyo)
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E.7.4.2 Bit error rate

Figures E.32 to E.34 show measured BERs at Fuchu, Akasaka and Ginza, respectively. BERs were
measured at the point after Viterbi decoder. In any cases of Fuchu, Akasaka or Ginza, BERs were
less than 2 × 10–4 at almost of all points on the tested courses.

One of the tested courses was a highway (Chuo Free Way: It runs from downtown Tokyo to the
west) and measured results of BER at vehicle speed of about 95 km/h shows that sufficiently good
quality can also be achieved by this system at high speed reception environment.

FIGURE E.32

Bit error rate (Fuchu/Tokyo)
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FIGURE E.33

Bit error rate (Akasaka/Tokyo)

FIGURE E.34

Bit error rate (Ginza/Tokyo)
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E.8 Typical link budgets

Table E.2 shows the example of satellite link budget for Digital System E.

TABLE E.2

Example of link budget (satellite link)

Centre Frequency MHz 2 642.5

e.i.r.p. dB 67.0

The Number of Channel ch 30.0

Pilot ch power/data ch power dB 3.0

e.i.r.p./ch dB 52.1

Latitude of the Earth Station deg 35.0 N

Longitude of the Earth Station deg 140.0 E

Longitude of the Satellite deg 154.0 E

Distance km 3 7367.5

Free Space Propagation Losses dB 192.3

Polarisation Losses dB 0.5

Rain Attenuation dB 0.0

Atmospheric Losses dB 0.0

Total Propagation Losses dB 192.8

PFD dB(W/(m2 . 4 kHz)) –131.6

Receiver Input Signal Power dBW –140.7

Antenna Gain dBi 2.5

LNA Noise Figure dB 1.5

Antenna Noise Temperature K 150.0

System Noise Temperature K 269.6

System Noise Power Density dB(W/Hz) –204.3

G/T dB/K –21.8

Receiver C/N0 dB(Hz) 66.1

Degradation due to Uplink dB 0.1

Adjacent Channel System
Interference Allowance

dB 0.2

Total C/N0 dB(Hz) 65.8

Required C/N0 dB(Hz) 58.2

Implementation Losses dB 2.0

Link Margin dB 7.6
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Table E.3 and E.4 shows a typical link budgets of a direct amplifying gap-filler link and a frequency
conversion gap-filler link. By using gap-fillers and receivers specified in Sections E.6.2 and E.6.4,
up to 30 CDM-channels can be transmitted, where each channel has data rate of 236-kbit/s, or about
7 Mbit/s in total usable data capacity assuming 1/2 rate convolutional code under multipath fading
conditions.

TABLE E.3

A typical link budget (Direct amplifying gap-filler link)

Centre Frequency MHz 2 642.5

e.i.r.p. dBW –28.3

The Number of Channel Ch 30.0

Pilot ch power/data ch power dB 3.0

e.i.r.p./ch dBW –43.2

Free Space Propagation Losses dB 94.9

Distance m 500.0

Receiver Input Signal Power dBW –138.1

Antenna Gain dBi 0.0

LNA Noise Figure dB 1.5

Antenna Noise Temperature K 150.0

System Noise Temperature K 269.6

System Noise Power Density dB(W/Hz) –204.3

G/T dB/K –24.3

Receiver C/N0 dB(Hz) 66.2

Degradation due to Uplink dB 0.1

Adjacent Channel System
Interference Allowance

dB 0.2

Total C/N0 dB(Hz) 65.9

Required C/N0 dB(Hz) 58.2

Implementation Losses dB 2.0

Link Margin dB 7.7
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TABLE E.4

A typical link budget (Frequency conversion gap-filler link)

Centre Frequency MHz 2 642.5

e.i.r.p. dBW 30.7

The Number of Channel ch 30

Pilot ch power/data ch power dB 3.0

e.i.r.p./ch dBW 15.8

Propagation Losses in urban area dB 154.0

Transmission Antenna Height m 30.0

Distance km 3.0

Receiver Input Signal Power dBW –138.2

Antenna Gain dBi 0.0

LNA Noise Figure dB 1.5

Antenna Noise Temperature K 150.0

System Noise Temperature K 269.6

System Noise Power Density dB(W/Hz) –204.3

G/T dB/K –24.3

Receiver C/N0 dB(Hz) 66.1

Degradation due to Uplink dB 0.1

Adjacent Channel System
Interference Allowance

dB 0.2

Total C/N0 dB(Hz) 65.8

Required C/N0 dB(Hz) 60.6

Implementation Losses dB 2.0

Link Margin dB 5.2
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ANNEX F

DIGITAL SYSTEM F

ISDB-TSB SYSTEM FOR THE VHF/UHF BANDS

F.1 System overview

Digital system F, also known as ISDB-TSB (Integrated Services Digital Broadcasting – Terrestrial
for sound broadcasting) system, is designed to provide high-quality sound and data broadcasting
with high reliability even in mobile reception. The system is also designed to provide flexibility,
expandability, and commonality for multimedia broadcasting using terrestrial networks, and
conform to system requirements given in Recommendation ITU-R BS.774.

Digital system F is a rugged system which uses OFDM (Orthogonal Frequency Division
Multiplexing) modulation, 2 dimensional frequency-time interleaving and concatenated error
correction codes. The OFDM modulation used in the system is called BST (Band Segmented
Transmission) – OFDM. The system has commonality with ISDB-T system for digital terrestrial
television broadcasting in physical layer. The bandwidth of an OFDM block called OFDM-segment
is approximately 500 kHz. The system consists of one or three OFDM-segment, therefore the
bandwidth of the system is approximately 500 kHz or 1.5 MHz.

The system has a wide variety of transmission parameters such as carrier modulation scheme,
coding rates of the inner error correction code, and length of time interleaving. Some of the carriers
are assigned to control carriers that transmit the information on the transmission parameters. These
control carriers are called “Transmission and Multiplexing Configuration Control (TMCC)”
carriers.

Digital system F can use high compression audio coding methods such as MPEG-2 Layer II, AC-3
and MPEG-2 AAC (Advanced Audio Coding). And also, the system adopts MPEG-2 Systems. It
has commonality and interoperability with other many systems which adopt MPEG-2 Systems such
as ISDB-S, ISDB-T, DVB-S, DVB-T.

Figure F.1 shows ISDB-TSB and full-band ISDB-T transmission concept and its reception.

F.2 Features

F.2.1 Ruggedness of the system

The system uses OFDM modulation, 2 dimensional frequency-time interleaving and concatenated
error correction codes. OFDM is a multi-carrier modulation method, and it is a multipath-proof
modulation method, especially adding a guard interval in the time domain. The transmitted
information is spread in both the frequency and time domains by interleaving, and then the
information is corrected by the Viterbi and Reed-Solomon decoder. Therefore a high quality signal
is obtained in the receiver, even when working in conditions of severe multipath propagation,
whether stationary or mobile.
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FIGURE F.1

ISDB-TSB and full-band ISDB-T transmission concept and its reception
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F.2.2 Wide variety of transmission

The system adopts BST-OFDM (Band Segmented Transmission – OFDM), and consists of one or
three OFDM-segment. That is single-segment transmission and triple-segment transmission. A
bandwidth of OFDM-segment is defined three kinds depending on the channel bandwidth. It is a
fourteenth of television channel bandwidth (6, 7 or 8 MHz). That is 429 kHz (6/14 MHz), 500 kHz
(7/14 MHz), 571 kHz (8/14 MHz). The bandwidth of OFDM-segment should be selected in
compliance with the frequency situation in each country.

The bandwidth of single segment is around 500 kHz, therefore the bandwidth of single-segment
transmission and triple-segment transmission is approximately 500 kHz and 1.5 MHz.

The system has three alternative transmission modes which allow the use of a wide range of
transmitting frequencies, and four alternative guard interval length for the design of the distance
between SFN (Single Frequency Network) transmitters. These transmission modes have been
designed to cope with Doppler spread and delay spread, for mobile reception in presence of
multipath echoes.

Spectra

Data
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F.2.3 Flexibility

The system adopts MPEG-2 Systems. Therefore various digital contents such as sound, text, still
picture and data can be transmitted simultaneously.

In addition, according to the broadcaster’s purpose, they can select the carrier modulation method,
error correction coding rate, etc. of the system. There are 4 kinds of carrier modulation method of
DQPSK, QPSK, 16-QAM and 64-QAM, and 5 kinds of coding rate of 1/2, 2/3, 3/4, 5/6 and 7/8.
TMCC (Transmission and Multiplexing Configuration Control) carrier transmits the information to
the receiver what kind of modulation method and coding rate are used in the system.

F.2.4 Commonality and interoperability

The system uses BST-OFDM modulation and adopts MPEG-2 Systems. Therefore the system has
commonality with the ISDB-T system for DTTB (Digital Terrestrial Television Broadcasting) in the
physical layer, and has commonality with the systems such as ISDB-T, ISDB-S, DVB-T and
DVB-S which adopt MPEG-2 Systems in the transport layer.

F.2.5 Efficient transmission

The system uses a highly-spectrum efficient modulation method of OFDM. And also, it permits
frequency re-use broadcasting networks to be extended using additional transmitters all operating
on the same frequency.

In addition, the channels of independent broadcasters can be transmitted together without
guardbands from the same transmitter as long as the frequency and bit synchronisation are kept the
same between the channels.

The system can adopt MPEG-2 AAC (Advanced Audio Coding). “Near CD quality” can be realized
at a bit rate of 144 kbit/s/stereo.

F.2.6 Independence of broadcasters

The system is a narrow-band system for transmission of one sound program at least. Therefore,
broadcasters can have their own RF channel in which they can select transmission parameters
independently.

F.2.7 Low-power consumption

Almost all devices can be made small and light weight by developing LSI chips. The most
important aspect of efforts to reduce battery size is that the power consumption of a device must be
low. The slower the system clock, the lower the power consumption. Therefore, a narrow-band, low
bit rate system like single-segment transmission can allow for the receiver to be both portable and
lightweight.

F.2.8 Hierarchical transmission and partial reception

In the triple-segment transmission, both one layer transmission and hierarchical transmission can be
achieved. There are two layers of A and B in the hierarchical transmission. The transmission
parameters of carrier modulation scheme, coding rates of the inner code and a length of the time
interleaving can be changed in the different layers.
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The centre segment of hierarchical transmission is able to be received by single-segment receiver.
Owing to the common structure of OFDM segment, single-segment receiver can partially receive a
centre segment of full-band ISDB-T signal whenever an independent program is transmitted in the
centre segment.

Figure F.2 shows an example of hierarchical transmission and partial reception.

FIGURE F.2

Example diagram of hierarchical transmission and partial reception
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F.3 Transmission parameters

F.3.1 Generic transmission parameters

The system can be assigned to 6 MHz, 7 MHz or 8 MHz channel allotment plan. Segment
bandwidth is defined to be a fourteenth of channel bandwidth, therefore that is 429 kHz
(6/14 MHz), 500 kHz (7/14 MHz) or 571 kHz (8/14 MHz). However, the segment bandwidth
should be selected in compliance with the frequency situation in each country.

The generic transmission parameters for the System F are shown in Table F.1.

F.3.2 Transmission parameters for segment bandwidth of 6/14 MHz

The transmission parameters for segment bandwidth of 6/14 MHz are shown in Tables F.2 and F.3
as an example.
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TABLE F.1

Generic transmission parameters for the ISDB-TSB

Mode Mode 1 Mode 2 Mode 3
Total Number of Segments(1)

(Ns = nd + ns)
1, 3

Reference Channel Raster
(BWf)

6, 7, 8 (MHz)

Segment Bandwidth (BWs) BWf × 1 000/14 (kHz)

Used Bandwidth (BWu) BWs × Ns + Cs (kHz)
Number of Segments

for Differential Modulation
nd

Number of Segments
for Coherent Modulation

nc

Carrier Spacing (Cs) BWs/108 (kHz) BWs/216 (kHz) BWs/432 (kHz)

Total 108 × Ns + 1 216 × Ns + 1 432 × Ns + 1

Data 96 × Ns 192 × Ns 384 × Ns

SP(2) 9 × nc 18 × nc 36 × nc

CP(2) nd + 1 nd + 1 nd + 1

TMCC(3) nc + 5 × nd 2 × nc + 10 × nd 4 × nc + 20 × nd

AC1(4) 2 × Ns 4 × Ns 8 × Ns

Number
of

Carriers

AC2(4) 4 × nd 9 × nd 19 × nd

Carrier Modulation DQPSK, QPSK, 16-QAM, 64-QAM
Number of Symbol per

Frame
204

Useful Symbol Duration (Tu) 1 000/Cs (µs)
Guard Interval Duration (Tg) 1/4, 1/8, 1/16 or 1/32 of Tu

Total Symbol Duration (Ts) Tu + Tg

Frame Duration (Tf) Ts × 204

FFT samples (Fs)
256 (Ns = 1),
512 (Ns = 3)

512 (Ns = 1),
1 024 (Ns = 3)

1 024 (Ns = 1),
2 048 (Ns = 3)

FFT sample clock (Fsc) Fsc = Fs / Tu (MHz)

Inner Code
Convolutional code

(Coding rate = 1/2, 2/3, 3/4, 5/6, 7/8) (Mother code = 1/2)
Outer Code (204,188) Reed-Solomon code

Time interleave parameter (I) 0, 4, 8, 16, 32 0, 2, 4, 8, 16 0, 1, 2, 4, 8

Length of time interleaving I × 95 × Ts

(1) System F uses 1 or 3 segments for sound services, while any number of segments may be
used for other services such as television services. Compare System C of Recommen-
dation ITU-R BT.1306.

(2) SP (Scattered Pilot), and CP (Continual Pilot) can be used for frequency synchronization
and channel estimation. The number of CP includes CPs on all segments and a CP for
higher edge of whole bandwidth.

(3) TMCC (Transmission and Multiplexing Configuration Control) carries information on
transmission parameters.

(4) AC (Auxiliary Channel) carries ancillary information for network operation.
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TABLE F.2

Transmission parameters for the single–segment transmission
(Segment BW = 6/14 MHz)*

Mode Mode 1 Mode 2 Mode 3
Total Number of Segments

(Ns = nd + ns)
1

Reference Channel Raster
(BWf)

6 (MHz)

Segment Bandwidth (BWs) 6 000/14 = 428.57… kHz

Used Bandwidth (BWu)
6 000/14(kHz)
+ 250/63(kHz)
= 432.5�kHz

6 000/14(kHz)
+ 125/63(kHz)
= 430.5�kHz

6 000/14(kHz)
+ 125/126(kHz)
= 429.5�kHz

Number of Segments for
Differential Modulation

nd

Number of Segments for
Coherent Modulation nc

Carrier Spacing 250/63 =
3.968…kHz

125/63 =
1.984…kHz

125/126 =
0.992…kHz

Total 108 + 1 = 109 216 + 1 = 217 432 + 1 = 433
Data 96 192 384
SP 9 × nc 18 × nc 36 × nc

CP nd + 1 nd + 1 nd + 1
TMCC nc + 5 × nd 2 × nc + 10 × nd 4 × nc + 20 × nd

AC1 2 4 8

Number
of

Carriers

AC2 4 × nd 9 × nd 19 × nd

Carrier Modulation DQPSK, QPSK, 16-QAM, 64-QAM
Number of Symbol per Frame 204
Useful Symbol Duration (Te) 252 µs 504 µs 1.008 ms

Guard Interval (Tg)

63 µs (1/4),
31.5 µs (1/8),

15.75 µs (1/16),
7.875 µs (1/32)

126 µs (1/4),
63 µs (1/8),

31.5 µs (1/16),
15.75 µs (1/32)

252 µs (1/4),
126 µs (1/8),
63 µs (1/16),

31.5 µs (1/32)

Total Symbol Duration (Ts) Tu + Tg

Frame Duration (Tf)

64.26 ms (1/4),
57.834 ms (1/8),

54.621 ms (1/16),
53.0145 ms (1/32)

128.52 ms (1/4),
115.668 ms (1/8),

109.242 ms (1/16),
106.029 ms (1/32)

257.04 ms (1/4),
231.336 ms (1/8),
218.464 ms (1/16),
212.058 ms (1/32)

FFT samples (Fs) 256 521 1 024
FFT sample clock (Fsc) 256/252 = 1.0158… MHz

Inner Code Convolutional Code (1/2, 2/3, 3/4, 5/6, 7/8)
Outer Code RS (204,188)

Time interleave parameter (I) 0, 4, 8, 16, 32 0, 2, 4, 8, 16 0, 1, 2, 4, 8
Length of time interleaving I × 95 × Ts

* These Tables show the transmission parameters when System F is assigned to 6 MHz
channel allotment plan. When System F is assigned to 7 MHz channel allotment plan,
segment bandwidth, bandwidth, carrier spacing and FFT sampling clock become 7/6 times,
and effective symbol duration, guard interval and frame duration become 6/7 times. When
System F is assigned to 8 MHz channel allotment plan, the value of the former
transmission parameters become 8/6 times, and the value of the latter transmission
parameters become 6/8 times.
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TABLE F.3

Transmission parameters for the triple-segment transmission
(Segment BW = 6/14 MHz)*

Mode Mode 1 Mode 2 Mode 3
Total Number of Segments

(Ns = nd + ns)
3

Reference Channel Raster
(BWf)

6 (MHz)

Segment Bandwidth (BWs) 6 000/14 = 428.57… kHz

Used Bandwidth (BWu)
6 000/14(kHz) × 3

+ 250/63(kHz)
= 1.289…MHz

6 000/14(kHz) × 3
+ 125/63(kHz)
= 1.287…MHz

6 000/14(kHz) × 3
+ 125/126(kHz)
= 1.286…MHz

Number of Segments for
Differential Modulation nd

Number of Segments for
Coherent Modulation nc

Carrier Spacing 250/63 =
3.968…kHz

125/63 =
1.984…kHz

125/126 =
0.992…kHz

Total 108 × 3 + 1 = 325 216 × 3 + 1 = 649 432 × 3 + 1 = 1 297
Data 96 × 3 = 288 192 × 3 = 576 384 × 3 = 1 152
SP 9 × nc 18 × nc 36 × nc
CP nd + 1 nd + 1 nd + 1

TMCC nc + 5 × nd 2 × nc + 10 × nd 4 × nc + 20 × nd
AC1 2 × 3 = 6 4 × 3 = 12 8 × 3 = 24

Number
of

Carriers

AC2 4 × nd 9 × nd 19 × nd
Carrier Modulation DQPSK, QPSK, 16-QAM, 64-QAM

Number of Symbol per Frame 204
Effective Symbol Duration

(Te)
252 µs 504 µs 1.008 ms

Guard Interval (Tg)

63 µs (1/4),
31.5 µs (1/8),

15.75 µs (1/16),
7.875 µs (1/32)

126 µs (1/4),
63 µs (1/8),

31.5 µs (1/16),
15.75 µs (1/32)

252 µs (1/4),
126 µs (1/8),
63 µs (1/16),
31.5 µs (1/32)

Total Symbol Duration (Ts) Tu + Tg

Frame Duration

64.26 ms (1/4),
57.834 ms (1/8),

54.621 ms (1/16),
53.0145 ms (1/32)

128.52 ms (1/4),
115.668 ms (1/8),

109.242 ms (1/16),
106.029 ms (1/32)

257.04 ms (1/4),
231.336 ms (1/8),

218.464 ms (1/16),
212.058 ms (1/32)

FFT samples (Fs) 512 1 024 2 048
FFT sample clock (Fsc) 512/252 = 2.0317… MHz

Inner Code Convolutional Code (1/2, 2/3, 3/4, 5/6, 7/8)
Outer Code RS (204,188)

Time interleave parameter (I) 0, 4, 8, 16, 32 0, 2, 4, 8, 16 0, 1, 2, 4, 8
Length of time interleaving I × 95 × Ts

* These Tables show the transmission parameters when System F is assigned to 6 MHz
channel allotment plan. When System F is assigned to 7 MHz channel allotment plan,
segment bandwidth, bandwidth, carrier spacing and FFT sampling clock become 7/6 times,
and effective symbol duration, guard interval and frame duration become 6/7 times. When
System F is assigned to 8 MHz channel allotment plan, the value of the former
transmission parameters become 8/6 times, and the value of the latter transmission
parameters become 6/8 times.
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F.3.3 Transmission capacities for segment bandwidth of 6/14 MHz

The transmission capacities of the single-segment and the triple-segment are shown in Tables F.4
and F.5 respectively.

TABLE F.4

Information bit-rates for the single-segment transmission (Segment BW = 6/14 MHz)*

F.4 Source coding

The system multiplex structure is fully compliant with MPEG-2 Systems architecture, therefore
MPEG-2 transport stream packets containing compressed digital audio signal can be transmitted.
Digital audio compression methods such as MPEG-2 Layer II audio specified in ISO/IEC 13818-3,
AC-3 (Digital Audio Compression Standard specified in ATSC Doc. A/52) and MPEG-2 AAC
(Advanced Audio Coding) specified in ISO/IEC 13818-7 can be applied to the system.

Information Rates
(kbps)

Carrier
Modulation

Convolutional
Code

Number of
Transmitting

TSPs(1)

(Mode 1/2/3)

Guard
Interval
Ratio 1/4

Guard
Interval
Ratio 1/8

Guard
Interval

Ratio 1/16

Guard
Interval

Ratio 1/32

1/2 12/24/48 280.85 312.06 330.42 340.43

DQPSK 2/3 16/32/64 374.47 416.08 440.56 453.91

3/4 18/36/72 421.28 468.09 495.63 510.65

QPSK 5/6 20/40/80 468.09 520.10 550.70 567.39

7/8 21/42/84 491.50 546.11 578.23 595.76

1/2 24/48/96 561.71 624.13 660.84 680.87

2/3 32/64/128 748.95 832.17 881.12 907.82

16-QAM 3/4 36/72/144 842.57 936.19 991.26 1 021.30

5/6 40/80/160 936.19 1 040.21 1 101.40 1 134.78

7/8 42/84/168 983.00 1 092.22 1 156.47 1 191.52

1/2 36/72/144 842.57 936.19 991.26 1 021.30

2/3 48/96/192 1 123.43 1 248.26 1 321.68 1 361.74

64-QAM 3/4 54/108/216 1 263.86 1 404.29 1 486.90 1 531.95

5/6 60/120/240 1 404.29 1 560.32 1 652.11 1 702.17

7/8 63/126/252 1 474.50 1 638.34 1 734.71 1 787.28

* These Tables show the transmission parameters when System F is assigned to 6 MHz channel
allotment plan. When System F is assigned to 7 MHz channel allotment plan, segment bandwidth,
bandwidth, carrier spacing and FFT sampling clock become 7/6 times, and effective symbol
duration, guard interval and frame duration become 6/7 times. When System F is assigned to 8 MHz
channel allotment plan, the value of the former transmission parameters become 8/6 times, and the
value of the latter transmission parameters become 6/8 times.

(1) The number of Transport Stream Packet (TSPs) per one OFDM frame is indicated.
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TABLE F.5

Information bit-rates for the triple-segment transmission* (Segment BW = 6/14 MHz)**

F.5 Multiplexing

The multiplex of the system is compatible with MPEG-2 Transport Stream (TS) ISO/IEC 13818-1.
In addition, Multiplex Frame and TMCC descriptors are defined for hierarchical transmission with a
single TS.

Considering maximum interoperation among a number of digital broadcasting system, e.g. ISDB-S
recommended in Recommendation ITU-R BO.1408, ISDB-T recommended in Recommendation
ITU-R BT.1306 (system C), and Broadcasting-Satellite Service (sound) system using 2.6 GHz band
recommended in Recommendation ITU-R BO.1130 (System E). These systems can exchange
broadcasting data streams with other broadcasting systems through this interface.

Information Rates
(kbps)

Carrier
Modulation

Convolutional
Code

Number of
Transmitting

TSPs(1)

(Mode 1/2/3)

Guard
Interval
Ratio 1/4

Guard
Interval
Ratio 1/8

Guard
Interval

Ratio 1/16

Guard
Interval

Ratio 1/32

1/2 12/24/48 0.842 0.936 0.991 1.021

DQPSK 2/3 16/32/64 1.123 1.248 1.321 1.361

3/4 18/36/72 1.263 1.404 1.486 1.531

QPSK 5/6 20/40/80 1.404 1.560 1.652 1.702

7/8 21/42/84 1.474 1.638 1.734 1.787

1/2 24/48/96 1.685 1.872 1.982 2.042

2/3 32/64/128 2.246 2.496 2.643 2.723

16-QAM 3/4 36/72/144 2.527 2.808 2.973 3.063

5/6 40/80/160 2.808 3.120 3.304 3.404

7/8 42/84/168 2.949 3.276 3.469 3.574

1/2 36/72/144 2.527 2.808 2.973 3.063

2/3 48/96/192 3.370 3.744 3.965 4.085

64-QAM 3/4 54/108/216 3.791 4.212 4.460 4.595

5/6 60/120/240 4.212 4.680 4.956 5.106

7/8 63/126/252 4.423 4.915 5.204 5.361

* In the case of the triple-segment transmission, information rate can be calculated by the combination
of segment information rates.

** These tables show the information bit-rates when segment bandwidth is 6/14 MHz. When the
bandwidth is 7/14 MHz, the information bit-rates become 7/6 times higher. When the bandwidth is
8/14 MHz, the information bit-rates become 8/6 times higher.

(1) The number of transmitting Transport Stream Packet (TSPs) per one OFDM frame is indicated.
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F.5.1 Multiplex frame

To achieve hierarchical transmission using the BST-OFDM scheme, the ISDB-TSB system defines
a multiplex frame of TS within the scope of MPEG-2 Systems. In the multiplex frame, TS is a
continual stream of 204-byte RS-TSP (TS packet) composed of TSP (188 bytes) and null data of 16
bytes or Reed-Solomon parity.

The duration of the multiplex frame is adjusted to that of the OFDM frame by counting RS-TSPs
using a clock that is two times faster than the 1.0158... MHz used for IFFT sampling in the case of
single-segment transmission. In the case of the triple-segment transmission, the duration of the
multiples frame is adjusted to that of the OFDM frame by counting RS-TSPs using a clock that is
four times faster than 2.0317... MHz.

The number of transmission-TSPs actually transmitted in one OFDM frame is shown in Table F.6.
The number is smaller than the corresponding number of RS-TSP on the multiplex frame shown in
Table F.6. The difference in number of TSPs between the two numbers corresponds to the number
of inserted null RS-TSPs.

TABLE F.6

Number of interfaced TSP of Multiplexing Frame

The method of re-multiplexing a TS for the multiplex frame is predetermined in such a way that the
receiver regenerates the same TS.

An example of TS in the multiplex frame is shown in Fig. F.3. RS-TSPs in the multiplex frame
belong to layer-A, B. Null RS–TSPs are not transmitted.

FIGURE F.3

An Example of Transport Stream
(Triple-segment, Mode 3, Guard interval ratio 1/8)

TSPnull TSPATSPBTSPB

Multiplexing Frame

#1151 #1152 #1 #2#1 #2 #3

TSPnull TSPB TSPB

Number of TSPs per one Multiplexing Frame

Mode Guard
Interval
Ratio 1/4

Guard
Interval
Ratio 1/8

Guard
Interval

Ratio 1/16

Guard
Interval

Ratio 1/32

Mode 1 80 72 68 66

Mode 2 160 144 136 132
Single-

segment
Format Mode 3 320 288 272 254

Mode 1 320 288 272 254

Mode 2 640 576 544 528
Triple-
segment
Format Mode 3 1 280 1 152 1 088 1 056
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F.5.2 Application of MPEG-2 control signals

For the hierarchical transmission, the next application rules are introduced.

F.5.2.1 Multiplex of PAT, NIT and CAT

The multiplex of PAT, NIT and CAT obeys the rule that:

– these signals shall be transmitted in the most robust transmission layer or;

– these signals shall be duplicated and transmitted in the most robust transmission layer and
the partial reception layer in the case the partial reception layer is not the most robust
transmission layer.

F.5.2.2 Multiplex of PMT

The PMT shall be transmitted in the most robust transmission layer.

F.5.2.3 Multiplex of PCR-packet for Partial Reception layer

The multiplex of the PCR packet shall obey the rule that:

– one PCR packet per multiplex frame is transmitted periodically (for Mode 1) or;

– two PCR packets with same interval as that of Mode 1 are transmitted every multiplex
frame (for Mode 2) or;

– four PCR packets with same interval as that of Mode 1 are transmitted every multiplex
frame (for Mode 3).

NOTE: PAT : Program Association Table

NIT : Network Information Table

CAT : Conditional Access Table

PMT : Program Map Table

PCR : Program Clock Reference

F.6 Channel coding

This section describes the channel coding block, which receive the packets arranged in the
multiplex frame and decline the channel-coded packets to the OFDM modulation block.

F.6.1 Functional block diagram of channel coding

Figure F.4 shows the functional block diagram of channel coding of ISDB-TSB.

The duration of the multiplex frame coincides with the OFDM frame by counting the bytes in the
multiplex frame using a faster clock than IFFT-sampling rate described previous section.

At the interface between the multiplex block and the outer coding block, the head byte of the
multiplex frame (corresponding to the sync.-byte of TSP) is regarded as the head byte of OFDM
frame. In bit-wise description, the MSB of the head byte is regarded as the synchronisation bit of
OFDM frame.

For the triple-segment layered transmission, RS-TSP stream is divided to two layers in accordance
with the transmission-control information. In each layer, coding rate of the inner error correction
code, carrier-modulation scheme, and time-interleaving length can be specified independently.
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FIGURE F.4

Channel coding diagram
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F.6.2 Outer coding (Reed-Solomon code)

Reed-Solomon RS (204,188, t = 8) shortened code is applied to each MPEG-2 TSP
(see Fig. F.5 (a)) to generate an error protected TSP (see Fig. F.5 (b)). Reed-Solomon code can
correct up to 8 random erroneous bytes in a received 204-byte word.

Field Generator Polynomial:

p(x) = x8 + x4 + x3 + x2 + 1

Code Generator Polynomial:

g(x) = (x – λ0) (x – λ1) (x – λ2) (x – λ3) ⋅⋅⋅ (x – λ15)

where, λ = 02HEX.

It should be noted that null TSPs from the multiplexer are also coded to RS (204,188) packets.

MPEG-2 TSP and RS error protected TSP are shown in Fig. F.5. RS error protected TSP is called
transmission TSP.

F.6.3 Division of TS

A TS from the outer encoder shall be divided every 204 bytes, and then sorted into up to two
predetermined layers in accordance with hierarchical control information. In this process, each TSP
is divided at the end of the synchronisation byte and the SYNC of OFDM frame is delayed by a
byte. In the case of non-hierarchical transmission, one certain stream should only be defined as the
stream for the whole transmission.

It should be noted that null TSPs in the multiplex frame are removed at the splitter.

FIGURE F.5

MPEG-2 TSP and Transmission TSP

Sync.
1 byte

MPEG-2 transport MUX data
187 bytes

(a) MPEG-2 Transport Stream Packet (TSP)

16 Parity bytes
Sync.
1 byte

MPEG-2 transport MUX data
187 bytes

(b) Transmission TSP, RS (204,188) error protected TSP
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Figure F.6 shows division of TS and shift of OFDM frame SYNC.

FIGURE F.6

Dividing process of TS
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F.6.4 Energy dispersal

In order to ensure adequate binary transitions, the data from the splitter is randomized with PRBS
(pseudo-random binary sequence) sequence generated according to Fig. F.7.

The polynomial for the PRBS generator shall be:

g(x) = x15 + x14 +1

Loading of the sequence ‘100101010000000’ into the PRBS registers is initiated at the start of
every OFDM frame.

FIGURE F.7

PRBS generation diagram
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D DD D D D D D D D D D D D D

Output

Initial Sequence
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F.6.5 Delay adjustment

In the byte-wise interleaving, the delay caused in the interleaving process differs from stream to
stream of different layer depending on its properties (i.e. modulation and channel coding). In order
to compensate for the delay difference including de-interleaving in the receiver, the delay
adjustment is carried out prior to the byte-wise interleaving on the transmission side.

The amount of delay to be adjusted for is defined in terms of the number of TSPs for each layer
stream.

F.6.6 Byte-wise interleaving (inner-code interleaving)

Following the conceptual scheme of Fig. F.8, convolutional byte-wise interleaving with length of
I = 12 is applied to the 204-byte error protected and randomized packets. It should be noted that for
synchronisation purposes, the bytes just after the SYNC bytes shall always be routed in branch ‘0’
of the interleaver (corresponding to a null delay).

The interleaver may be composed of I = 12 branches, cyclically connected to the input byte-stream
by the input switch. Each branch j shall be a First-in First-out (FIFO) shift register, with length of
j × 17 bytes. The cells of the FIFO shall contain 1 byte, and the input and output switches shall be
synchronized.

The de-interleaver is similar in principle, to the interleaver, but the branch indices are reversed.
Total delay caused by interleaver and de-interleaver is 17× 11× 12 bytes (corresponding to
11 TSPs).

F.6.7 Inner coding (convolutional codes)

The system shall allow for a range of punctured convolutional codes, based on a mother
convolutional code of rate 1/2 with 64 states. Coding rates of the codes are 1/2, 2/3, 3/4, 5/6 and
7/8. This will allow selection of the most appropriate property of error correction for a given service
or data rate in the ISDB-TSB services including mobile services. The generator polynomials of the
mother code are G1 = 171OCT for X output and G2 = 133OCT for Y output.

FIGURE F.8

Conceptual diagram of the outer interleaver

0

1

2

3

11

1 byte per position

FIFO shift register

17 bytes

17×2 bytes

17×3 bytes

The inner encoder, having constraint length k = 7 and mother convolutional code rate of 1/2, is
shown in Fig. F.9. The punctured patterns and transmitted sequences are given in Table F.7.
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FIGURE F.9

Mother convolutional code of coding rate of 1/2 (Constraint Length = 7)

1 bit
Delay

Data Input 1 bit
Delay

1 bit
Delay

1 bit
Delay

1 bit
Delay

1 bit
Delay

X Output, G1 = 171oct

Y Output, G2 = 133oct

TABLE F.7

Puncturing pattern and transmitting sequence

F.7 Modulation

Configuration of modulation block is shown in Fig. F.10 (a) and (b). After bit-wise interleaving,
data of each layer mapped to the complex domain.

FIGURE F.10

Configuration of modulation block

IFFT
Guard

Interval
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Pilot Signal
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OFDM
Frame
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Burst Stream
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Frequency
Interleaver

Mapper

Bit Interleaving
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Mapper

Control Signal
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Auxiliary Channel
(AC)
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Channel

coding

(a) Modulation block diagram

Code Rates Puncturing Pattern Transmitted Sequence

1/2
X : 1
Y : 1 X1, Y1

2/3
X : 1 0
Y : 1 1

X1, Y1, Y2

3/4
X : 1 0 1
Y : 1 1 0

X1, Y1, Y2, X3

5/6
X : 1 0 1 0 1
Y : 1 1 0 1 0

X1, Y1, Y2, X3 Y4, X5

7/8
X : 1 0 0 0 1 0 1
Y : 1 1 1 1 0 1 0

X1, Y1, Y2, Y3, Y4, X5, Y6,
X7
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TABLE F.10 (cont.)

Carrier Modulation

DQPSK MapperBit Interleaver

QPSK Mapper

16QAM Mapper

64QAM Mapper

Delay Adjustment

Bit Interleaver

Bit Interleaver

Bit Interleaver

(b) Configuration of carrier modulation block

F.7.1 Delay adjustment for bit interleave

Bit interleave causes the delay of 120 complex data (I + jQ) as described in the next section. By
adding proper delay, total delay in transmitter and receiver is adjusted to the amount of two OFDM
symbols.

F.7.2 Bit interleaving and mapping

One of the carrier modulation schemes among DQPSK, QPSK, 16-QAM and 64-QAM is selectable
for this system. The serial bit-sequence at the output of the inner coder is converted into a 2-bit
parallel sequence to undergo π/4-shift DQPSK mapping or QPSK mapping, by which n bits of
I-axis and Q-axis data are delivered. The number n may depend on the hardware implementation. In
the case of 16-QAM, the sequence is converted into a 4-bit parallel sequence. In 64-QAM, it is
converted into a 6-bit parallel sequence. After the serial-to-parallel (S/P) conversion, bit
interleaving is carried out by inserting maximum 120-bit delay.

F.7.3 Normalization factors

To keep the mean power constant regardless of the kind of modulation, the normalization factor is
applied to the constellation point z (=I + jQ). By the normalization according to Table F.8, the mean
power is kept constant.

TABLE F.8

Normalisation factors for data symbols

F.7.4 Data segment

Data segment is defined as a table of addresses for complex data, on which rate conversion, time
interleaving, and frequency interleaving shall be executed. The data segment corresponds to the
data portion of OFDM segment.

Carrier Modulation Normalization Factor

π/4 Shift DQPSK 2/Z

QPSK 2/Z

16-QAM 10/Z

64-QAM 42/Z
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F.7.5 Synthesis of layer-data streams

After being channel-coded and mapped, complex data of each layer are inputted to pre-assigned
data-segments every one symbol.

The data stored in all data segments are cyclically read with the IFFT-sample clock; then rate
conversions and systhesis of layer data streams are carried out.

F.7.6 Time interleaving

After synthesis, symbol-wise time interleaving is carried out. The length of time interleaver is
changeable for 0 to approximately 1 s, and shall be specified for each layer.

The structure of the intra-segment time-interleaver in the Fig. F.11 is shown in Fig. F.12. The
integer I is a parameter for the length of time interleaving, and shall be specified for each layer.

FIGURE F.11

Time interleaver for the triple-segment transmission

Write with IFFT-
Sample Clock

Read with IFFT-
Sample Clock

0 Intra-Segment 0
1 Time Interleaver 1
2 No. 0 2
: :

nc-1 nc-1

0 Intra-Segment 0
: Time Interleaver :

nc-1 No. 1 nc-1

0 Intra-Segment 0
: Time Interleaver :

nc-1 No. 2 nc-1

For the single-segment transmission, there is only one segment of No. 0.

where, nc = 96 for Mode 1, 192 for Mode 2, 384 for Mode 3.

where, mj = (j × 5) mod 96, and nc = 96 (Mode 1), 192 (Mode 2), or 384 (Mode 3)

A delay accompanying time interleaving is adjusted in accordance with a integer I. A delay to be
compensated for each layer is determined so that the total delay including de-interleaving process in
the receiver amounts to an integral number of OFDM-frames.

FIGURE F.12

Intra-segment time interleaver
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F.7.7 Frequency interleaving

The configuration of frequency interleaving functional blocks is shown in Fig. F.13. Frequency
interleaver consists of inter-segment frequency interleaver, intra-segment carrier rotation, and
intra-segment carrier randomization. Inter-segment frequency interleaver is taken among the
segments having the same modulation scheme.

FIGURE F.13

Configuration of frequency interleaver

Intra-Segment
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Intra-Segment
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Inter-Segment
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Structure

For triple-segment transmission, or remaining two
segment of hierarchical triple-segment transmission

Intra-Segment
Carrier Rotation

Intra-Segment
Carrier Randomisation

F.7.7.1 Inter-segment frequency interleaving

Inter-segment frequency interleaving can be carried out only for two segments of No. 1 and 2 of the
triple-segment transmission. Because of the partial reception by a single-segment receiver, the
interleaving range for a centre segment of No. 0 should be within the segment.

F.7.7.2 Intra-segment carrier rotation

Intra-segment carrier rotation can be carried out by rotating carriers in a segment.

In single-segment transmission, intra-segment carrier rotation is not applied.

F.7.7.3 Intra-segment carrier randomization

After carrier rotation, carrier randomization is performed according to a carrier randomisation table.

F.7.8 OFDM segment-frame structure

Data segments are arranged into OFDM segment-frame every 204 symbols by adding pilots such as
CP, SP, TMCC and AC. The modulation phase of CP (Continual Pilot) is fixed at every OFDM
symbols. SP (Scattered Pilot) is inserted in every 12 carriers and in every 4 OFDM symbols. TMCC
(Transmission and Multiplexing Configuration Control) carrier carries the control data for carrier
modulation, coding rate and time interleving. AC (Auxiliary Channel) carrier carries the ancillary
information.
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F.7.8.1 OFDM segment-frame for differential modulation

As an example, OFDM segment-frame for differential modulation (DQPSK) is shown about
Mode 1 in Fig. F.14.

FIGURE F.14

Structure of OFDM segment for differential modulation (Mode 1)
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where,

Si,j denotes the complex data in a data segment after time and frequency interleaving.

The modulation phase of CP (Continual Pilot) is constant at all time.

TMCC (Transmission and Multiplexing Configuration Control) carrier carries the control data.

AC (Auxiliary Channel) carrier carries the ancillary information.

F.7.8.2 OFDM segment-frame for coherent modulation

As an example, OFDM segment-frame for coherent modulation (QPSK, 16-QAM, 64-QAM) is
shown about Mode 1 in Fig. F.15.
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FIGURE F.15

Structure of OFDM segment for coherent modulation (Mode 1)
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where,

Si,j denotes the complex data in the data segment after time and frequency interleaving.
SP (Scattered Pilot) is inserted in every 12 carriers and in every 4 OFDM symbols.

F.7.8.3 Modulation schemes for pilots

Every carrier of four kinds of pilots is DBPSK-modulated and conveys the dedicated information
for each pilot.

a) SP (Scattered Pilot)

The scattered pilots are modulated according to a PBRS sequence, ‘Wi’, corresponding to their
carrier index ‘i’. Amplitude of ‘Wi’ is boosted as shown in Table F.9. The PBRS sequence is
generated according to Fig. F.16.

TABLE F.9

Boosted power level of pilots

Wi Complex Value of Pilot Signal (I, Q)

1 (–4/3, 0)

0 (+4/3, 0)
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FIGURE F.16

Generation of PRBS sequence

Output = WiDegree: 0 1 2 3 4 5 6 7 8 9 10

DD D D D DD D D D D

g(x) = x11 + x9 + 1

The PRBS is initialized so that the first bit from the PRBS coincides with the first active carrier of a
segment. A new value is generated by the PRBS on every used carrier (whether or not it is a pilot).

Initial set of the PRBS register is defined according to what sub-channel the centre frequency of a
segment belongs to as shown in Table F.10.

The sub-channel number is defined in Fig. F.17. A sub-channel is simply a virtual channel with a
bandwidth of 1/7 MHz.

An example of a segment having a sub-channel 22 in the centre is shown in this figure. This
segment is composed of sub-channels 21, 22, and 23.

It should be noted for the partial reception that ‘Wi’ of the single-segment transmission having a
sub-channel 22 in the centre coincides with that of the centre segment in the full-band ISDB-T.

TABLE F.10

Initial set of PRBS register

Center Sub-
channel

Number of a
Segment

Initial Sets for Mode 1

(Degree from 0 to 10 in
Fig. I.7-19)

Initial Sets for Mode 2

(Degree from 0 to 10 in
Fig. I.7-19)

Initial Sets for Mode 3

(Degree from 0 to 10 in
Fig. I.7-19)

41, 0, 1 1 1 1 0 0 1 0 0 1 0 1 0 0 0 1 1 0 1 1 1 1 0 1 1 1 0 0 0 1 1 1 0 1

2, 3, 4 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1 1

5, 6, 7 1 1 0 1 1 0 0 1 1 1 1 0 1 1 0 1 0 1 1 1 1 0 1 1 0 1 1 1 0 0 1 0 1

8, 9, 10 0 1 1 0 1 0 1 1 1 1 0 1 1 0 1 1 1 0 0 1 0 1 1 0 0 1 0 1 0 0 0 0 0

11, 12, 13 0 1 0 0 0 1 0 1 1 1 0 1 1 0 0 1 0 0 0 0 1 0 0 1 1 1 0 0 0 1 0 0 1

14, 15, 16 1 1 0 1 1 1 0 0 1 0 1 1 0 0 1 0 1 0 0 0 0 0 0 0 1 0 0 0 1 1 0 0 1

17, 18, 19 0 0 1 0 1 1 1 1 0 1 0 0 0 0 0 1 0 1 1 0 0 0 1 1 1 0 0 1 1 0 1 1 0

20, 21, 22 1 1 0 0 1 0 0 0 0 1 0 0 1 1 1 0 0 0 1 0 0 1 0 0 1 0 0 0 0 1 0 1 1

23, 24, 25 0 0 0 1 0 0 0 0 1 0 0 0 0 0 0 0 1 0 0 1 0 0 1 1 1 0 0 1 1 1 1 0 1

26, 27, 28 1 0 0 1 0 1 0 0 0 0 0 0 0 1 0 0 0 1 1 0 0 1 0 1 1 0 1 0 1 0 0 1 1

29, 30, 31 1 1 1 1 0 1 1 0 0 0 0 0 1 1 0 0 1 1 1 0 0 1 1 0 1 1 1 0 1 0 0 1 0

32, 33, 34 0 0 0 0 1 0 1 1 0 0 0 1 1 1 0 0 1 1 0 1 1 0 0 1 1 0 0 0 1 0 0 1 0

35, 36, 37 1 0 1 0 0 1 0 0 1 1 1 0 0 1 0 1 0 1 0 0 0 1 1 1 1 1 0 1 0 0 1 0 1

38, 39, 40 0 1 1 1 0 0 0 1 0 0 1 0 0 1 0 0 0 0 1 0 1 1 0 0 0 1 0 0 1 1 1 0 0
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FIGURE F.17

Definition of sub–channel

The currently used 6 MHz bandwidth for television broadcasting

No. 0

Segment having centre sub-channel 22
1/7 MHz
= 142.9kHz

1 2 3 4 5 10 15 20 21 22 2523 30 35 40 41

Sub channel number

b) CP (Continual Pilot)

The continual pilots are modulated in the same way as scattered pilots. The modulation phase of the
continual pilots is constant in all symbols, and ‘Wi’ governs its value. Carrier Allocation of CP in
Segment is shown in Fig. F.14.

c) TMCC (Transmission and Multiplexing Configuration Control)

The reference bit for differential modulation is the first bit of TMCC data, and ‘Wi’ also governs its
value. Information bits of B1 to B203 are differential-coded to B’0 to B’203 by the next algorithm.

B’0 = Wi : Initialization bit for the DBPSK modulation

B’k = B’k– 1 ⊕ Bk : k = 1, 203, ⊕ indicates exclusive OR

Coded bit B’ = 0, 1 are converted to (+4/3,0), (–4/3,0).

d) AC (Auxiliary Channel)

The modulation scheme for AC is the same as that of TMCC. In the case of no ancillary
information, “1” is applied for Bk as a stuffing bit.

F.7.8.4 Transmission spectrum

Segments are numbered in accordance with Fig. F.18. In the triple-segment transmission, the centre
segment should be dedicated for the partial reception by a single-segment receiver.

A continuous pilot (CP) should be added at the edge of an upper side segment when a coherent
modulation scheme is applied for the segment.

The right end (upper end) of the band is used for continuous-carrier arrangement (Additional CP).

‘Wi’ of the additional CP is continuously defined as the next output bit from PRBS.
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FIGURE F.18

Segment number in transmission spectrum
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F.7.9 RF signal format

The emitted signal is described by the following expression:
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where:

k : denotes the carrier index numbered from 0-th carrier of the lowest
segment

n : denotes the OFDM symbol number

K : number of transmitted carriers (109 for Mode 1, 217 for Mode 2, 433 for
Mode 3 in single-segment transmission and 325 for Mode 1, 649 for
Mode 2, 1297 for Mode 3 in triple-segment transmission)

Ts : symbol duration (= Tg + Tu)

Tg : duration of the guard interval

Tu : duration of effective symbol

fc : centre frequency of RF signal

Kc : carrier index of the centre frequency of RF signal (54 for Mode 1, 108 for
Mode 2, 216 for Mode 3 in single-segment transmission and 162 for
Mode 1, 324 for Mode 2, 648 for Mode 3 in triple-segment transmission)

c(n,k) : complex data of n-th OFDM-symbol carried by k-th carrier number

s(t) : RF signal.
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F.7.10 Insertion of guard interval

A guard interval is inserted as shown in Fig. F.19 where a replica of back-end data from IFFT is
placed in front of effective symbol data. The length of the replica corresponds to the duration of the
guard interval.

FIGURE F.19
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F.8 Transmission and Multiplexing Configuration Control (TMCC)

This section specifies information coding and transmission scheme of the TMCC signal.

The TMCC signal is used to transmit, for example, hierarchical information, transmission
parameters of each OFDM segment, and information related to demodulation operations on the
receiver. This signal is transmitted using the TMCC carrier specified in section F.7.8

F.8.1 TMCC transmission format

The 204 bits of B0 to B203 per carrier are assigned as shown in Table F.11.

TABLE F.11

Bit assignment for TMCC

F.8.2 Reference to differential demodulation

The references of phase and amplitude for demodulation are given also with ‘Wi’ according to
Table F.10.

F.8.3 Synchronization of TMCC

A 16-bit synchronization sequence takes w0 and w1 (the inverse of w0) in turn in every frame.

Where:

w0 is [ 0011010111101110 ];

w1 is [ 1100101000010001 ].

B0 Initialization bit for the DBPSK modulation

B1 – B16 Synchronization word (w0 = 0011010111101110, w1 = 1100101000010001)

B17 – B19 Segment Descriptor (Deferential Modulation: 111, Coherent Modulation: 000)

B20 – B121 TMCC Information (102 bits, See Table F.12)

B122 –
B203

Parity Bits
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F.8.4 Segment type identification

Differential modulation segment is identified with the ID of “111” and coherent modulation
segment is identified with the ID of “000”.

F.8.5 TMCC information

The TMCC information composed of system descriptor, countdown index, switch-on flag for alert
broadcasting, current configuration and next configuration.

Table F.12 shows bit assignment for TMCC information. Table F.13 shows contents of
transmission parameters. The 90 bits of 102 whole bits are used as shown at present. The remaining
12 bits are reserved for future use, and should be set to “1”.

The bit assignment for TMCC information coincides with that full-band ISDB-T to maintain
compatibility even though there are no B and C layers in the single-segment transmission and no C
layer in the triple-segment transmission. In these cases, default bits for unused function are applied.

TABLE F.12

Bit assignment for TMCC information

TABLE F.13

Transmission parameters

Information
bits

Number
of Bit Function

B20 – B21 2 System Descriptor

B22 – B25 4 Count Down Index

B26 1 Switch–on Control Flag used for Alert Broadcasting

B27 1 Transmission segment Identification Flag

B28 – B40 13 Transmission Parameters for Layer A

B41 – B53 13 Transmission Parameters for Layer B

B54 – B66 13

Current
Configuration
Information

Transmission Parameters for Layer C

B67 1 Transmission segment Identification Flag

B68 – B80 13 Transmission Parameters for Layer A

B81 – B93 13 Transmission Parameters for Layer B

B94 – B106 13

Next
Configuration
Information

Transmission Parameters for Layer C

B107 – B109 3 Phase correction of CP in connected transmission

B110 – B121 12 Reserved for Future Use

Number of Bits

Modulation 3

Code Rate 3

Time Interleaving 3

Number of Segments 4
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F.8.6 Channel coding for TMCC information

Except for the synchronization bits, information bits B20 to B121 are coded by (184,102) shortened
code, derived from the original DSC (273,191) code.

Code generator polynomial:

1

)(
410182224343640
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+++++++++

++++++++=

xxxxxxxx

xxxxxxxxxxg

F.8.7 Modulation of TMCC carriers

TMCC carriers are modulated in the DBPSK scheme.

F.9 Auxiliary channel (AC)

The auxiliary channel (AC) is provided for ancillary data besides the broadcasting channel that is
transmitting video, audio and data by MPEG-2 TS. It has two sub-channels, AC1 and AC2.

It should be noted that the channel coding schemes for the AC would be specified after the
application of the AC channel has been determined.

F.9.1 Transmission capacity

The modulation scheme for AC is DBPSK as described in 4.8.3(d). Except for the first symbol used
for the phase reference, each AC carrier can convey 203 bits per frame. The transmission capacities
of AC1 and AC2 are shown in Tables F.14 and F.15.

It should be noted that the capacity of AC2 depends on the number of differential modulation
segments.

TABLE F.14

Transmission bit–rates of AC1

TABLE F.15

Transmission bit–rates of AC2 per segment

Transmission Rates
(kbit/s)

Number of
Segments

Number of
AC1 Carriers
(Mode 1/2/3)

Guard
Interval
Rate 1/4

Guard
Interval
Rate 1/8

Guard
Interval

Rate 1/16

Guard
Interval

Rate 1/32

1 (2/4/8) 6.31 7.02 7.43 7.66

3 (6/12/24) 18.95 21.06 22.30 22.97

Transmission Rates
(kbit/s)

Number of
Segments Mode

Number of
AC2

Carriers
Guard

Interval
Rate 1/4

Guard
Interval
Rate 1/8

Guard
Interval

Rate 1/16

Guard
Interval

Rate 1/32

1 4 12.63 14.04 14.86 15.31

2 9 14.21 15.79 16.72 17.231

3 19 15.00 16.67 17.65 18.18
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F.10 Receiving system

This section describes the block diagrams of the receiver and the model receiver that prescribe the
algorithm used for making the multiplex frame.

F.10.1 Functional block diagram

Examples of the block diagrams of an ISDB-TSB receiver are shown in Fig. F.20.

FIGURE F.20

Functional block diagrams of receiver
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F.10.2 Model receiver for composition of Multiplex Frame

The allocation of TSPs in the multiplex frame should be determined in accordance with the
operation of a model receiver to reproduce TS. The concept of the receiver is shown in Fig. F.21.

FIGURE F.21

Model receiver for Multiplex Frame pattern
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F.10.2.1 Input stream to splitter

After the demodulation and de-interleaving processes, the signal is input to the splitter in order of
segment number and carrier number (from low to high frequency, except for pilots) within a
segment. It should be noted that delay compensation between the processing time of differential
demodulation and that of coherent demodulation is necessary in the demodulation block.

An example of the order of segment data flow to the splitter is shown in Fig. F.22. In this case, time
is counted by the FFT sampling clock. The transmission parameters are shown in Table. F.16.

TABLE F.16

Example of hierarchical parameter set in triple-segment transmission

FIGURE F.22

Example of input stream to splitter in hierarchical transmission

1 OFDM symbol duration = 576 clocks

No-Signal PeriodLayer B (2 Segments)Layer A (1 Segments)

96 Clocks

Segment #0

Carrier #0 Carrier #1

Segment #1 Segment #2

Carrier #95

In an OFDM-symbol duration, the data of 96 (= 96 useful × 1 segment) carriers are input to layer A,
then the data of 192 (= 96 × 2) carriers are input to the B layer’s position, and finally the no–signal
period equivalent to 288 carriers follows. Here, the no-signal period corresponds to the sum of the
guard interval and processing time for pilot carriers and remaining samples of 512-FFT sampling.
This multiplex frame pattern repeats 204 times in an OFDM frame.

F.10.2.2 Operation of splitter to Viterbi Decoder

Data split into each layer are de-punctured and stored in each layer’s buffer. It is assumed that the
processing times are the same for each layer and zero in the model receiver.

When the k-th symbol data in one multiplex frame are input to the de-punctured block of layer x,
the number of bits Bx,k being stored in the buffer of layer x is as follows:

Bx,k = 2 × ([k × Sx × Rx] – [(k – 1) × Sx × Rx])

Mode 1

Guard Interval Ratio 1/8

Hierarchy 2
Layer A
Layer B

DQPSK, Coding Rate = 1/2, 1 segment used

16-QAM, Coding Rate = 3/4, 2 segments used
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where:

[ ] : denotes the calculation of rounded-down decimals

Rx : denotes the coding the rate of the x layer’s convolutional code,

Sx : depends on the modulation scheme as shown in Table F.17.

TABLE F.17

Values of Sx

When one packet’s data of 408 bytes are stored in a hierarchy buffer, switch S1 is active and the
data are transferred to a TS buffer. This transfer is assumed to be instantaneous.
The TS regeneration block looks up a TS buffer every TS packet period of 408 clocks, whether or
not more than one packet’s are stored. When more than one packet’s data are stored, switch S2 is
connected to the buffer and one packet’s data are read out. And when no data are stored in the TS
buffer, S2 is connected to null RS-TSP, and a null packet is read out.

Switch S3 switches the TS regeneration block to which the data are transferred from the layer
synthesis block at the head of the OFDM frame (in the case of Mode 1). Following switch S3,
switch S4 switches the TS regeneration block that delivers the data to the Viterbi decoder at three
packet-periods (408 × 3 clocks) later to the change of S3.

For Mode 2, the switching period of switches S3 and S4 is half an OFDM frame (102 OFDM
symbols), and for Mode 3, it is a quarter of an OFDM frame (51 OFDM symbols).

F.11 Signal format in connected transmission

F.11.1 Connected transmission
Connected transmission is defined as a transmission of multiple segments (i.e. multiple programs)
from the same transmitter with no guardband.

An example of connected transmission for three TS’s (TS1, TS2, and TS3) is shown in Fig. F.23.
Each TS signal is independently channel-coded as shown in Fig. F.4 and F.10. After OFDM-frame
adaptation, all segments symbol data are adapted for OFDM-signal generation by single IFFT.

FIGURE F.23

Example of connected transmission (three TS’s)

See Figures F.6-1, F.7-1

Outer Code
RS (204,188)

Outer Code
RS (204,188)

Outer Code
RS (204,188)

TS1

TS2

TS3

OFDM Frame
Adaptation

OFDM Frame
Adaptation

OFDM Frame
Adaptation

IFFT-
Input

adaptation
IFFT

Guard
interval
Insertion

Modulation Sx

DQPSK/QPSK 2

16-QAM 4

64-QAM 6
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F.11.2 CP carrier in connected transmission

In an ordinary transmission, one CP carrier is added to the upper end of the band as shown in
Fig. F.24. This additional CP carrier is used as a reference signal for the coherent demodulation.

In connected transmission, on the other hand, the first carrier of the upper adjacent segment can be
treated as a CP of the desired segment. Accordingly, only one CP is enough for the connected
transmission as shown in Fig. F.25.

FIGURE F.24

CP-carrier in an ordinary transmission

CP

(a) 1-segment format

CP

(b) 3-segment format

FIGURE F.25

CP-carrier in connected transmission

CP

The first carrier of the
upper adjacent-segment is

substituted for CP

F.11.3 Phase compensation for connected transmission

F.11.3.1 Pre-compensation for segment signal

Phases of all symbol data of a segment are rotated by an amount before OFDM-signal generation.
The amount of phase compensation is determined as a product of a frequency difference ( fr – ft )
and a guard interval.

ϕ = ( fr – ft ) × Tg (guard interval)

where:

ft : centre frequency of connected transmission

fr : centre frequency of desired segment(s).

Frequency difference ( fr – ft ) is normalised in terms of number of segments. Amounts of phase-
rotation ϕ are shown corresponding to frequency differences counted segment in Table F.18.
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The phase rotation amounts to 2nπ every 8-symbol period. Accordingly, at the first symbol of a
frame in which the synchronisation word of TMCC is W0, the amount of phase rotation is
prescribed as 0.

F.11.3.2 Phase rotation in reception

When desired segment(s) uses the first carrier of the upper adjacent segment as a reference signal,
the phase of that carrier should be rotated every symbol in accordance with Table F.19.

TABLE F.19

Phase rotation ∆ϕ∆ϕ∆ϕ∆ϕ for the first carrier of the upper adjacent segment (× 2ππππ)

F.11.4 Parameter restrictions in connected transmission

1) The same mode should be applied for all segments.

2) The same guard interval length must be used for segments.

Because all OFDM symbols in connected transmission should be synchronised with each
other, modes having different symbol lengths cannot be mixed.

3) OFDM-signal generation must be carried out by single IFFT operation.

The frequencies of all segments must be completely synchronised. For this reason, it is
necessary in practice that single IFFT is used for signal generation (size increases with
increase in number of carriers).

Recommended IFFT sizes are given with respect to total number of segments in Table F.20.

Condition of upper adjacent segment

1-seg. transmission 3-seg. transmission

GIR Mode 1 Mode 2 Mode 3 Mode 1 Mode 2 Mode 3

1/32 –3/8 –3/4 –1/2 –6/8 –2/4 0

1/16 –3/4 –1/2 0 –2/4 0 0

1/8 –1/2 0 0 0 0 0

1-seg.
trans-

mission
1/4 0 0 0 0 0 0

1/32 –6/8 –2/4 0 –1/8 –1/4 –1/2

1/16 –2/4 0 0 –1/4 –1/2 0

1/8 0 0 0 –1/2 0 0C
on

di
ti

on
of

de
si

re
d

se
gm

en
t

3-seg.
trans-

mission
1/4 0 0 0 0 0 0

GIR : guard interval ration

Transmission mode of desired segment and adjacent segment is same.
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F.12 RF performance characteristics

This chapter describes the results of transmission tests using ISDB-TSB receiver. Computer
simulations, laboratory tests, and field trials in the VHF-band were carried out in Japan.

Some transmission parameters such as carrier modulation, coding rate and guard interval ratio are
selectable in the ISDB-TSB system. The required C/N for signal reception depends on the
transmission parameters. By the computer simulation, transmission performance was confirmed for
different coding rate of the convolutional code and modulation schemes. The implementation loss
of the receiver was evaluated by comparing the results from the computer simulation and laboratory
tests.

Some differences in transmission characteristics resulting from different transmission parameters
were quantified in the field trials. The field strength required for mobile reception in an urban
environment was also obtained for various mobile environments, including highways and city
streets that are prone to congestion.

F.12.1 Laboratory tests

RF evaluation tests have been carried out on Digital System F for a variety of transmission
conditions. Results of laboratory tests are described in this section.

Laboratory transmission experiments for Bit Error Rate (BER) performance against random noise
and multipath fading were conducted. Measurements of BER vs. C/N in the transmission channel
were made under the following conditions (Table F.21):

TABLE F.21

Transmission parameters for laboratory tests

F.12.1.1 BER vs. C/N in a Gaussian channel

Additive White Gaussian Noise was added to set the C/N at the input of the receiver. The results are
shown in Figs. F.26, F.27, and F.28. These figures can be compared with those obtained from
computer simulation to show the inherent performance of the system. It can be seen that an
implementation margin loss of less than 1.0 dB was obtained at a BER of 2 × 10–4 before RS
decoding.

Number of segments 1 (Bandwidth: 429 kHz)

Transmission Mode 3 (Useful symbol duration: 1.008 ms)

Number of carriers 433

Carrier modulations DQPSK, 16-QAM, and 64-QAM

Guard interval 63 µs (Guard interval ratio: 1/16)

Coding rates of inner code 1/2, 2/3, 3/4, and 7/8

Time interleaving 0 and 407 ms
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FIGURE F.26

BER before RS decoding vs. C/N
(Transmission mode: 3, Carrier modulation: DQPSK, Time interleaving: 407 ms)
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FIGURE F.27

BER before RS decoding vs. C/N
(Transmission mode: 3, Carrier modulation: 16-QAM, Time interleaving: 407 ms)
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FIGURE F.28

BER before RS decoding vs. C/N
(Transmission mode: 3, Carrier modulation: 64-QAM, Time interleaving: 407 ms)
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F.12.1.2 BER vs. C/N in a multipath channel

Measurements of BER vs. C/N were made using a fading channel simulator. The D/U of the main
signal and a delay signal were set to 3 and 10 dB. The delay time of a delayed signal relative to the
main signal was set to 15 µs. The results are shown in Fig. F.29.

F.12.1.3 BER vs. C/N in a Rayleigh channel

Two-path Rayleigh fading was used and the D/U of the two paths was set to 0 dB. The time of the
delayed signal was set to 15 µs. The maximum Doppler frequencies of the signal were set to 5 and
20 Hz. The results are shown in Fig. F.30.

F.12.2 Field trials

Field trials were conducted using an experimental transmitter and a car set up to specifically
measure transmission characteristics for mobile reception.

F.12.2.1 Experimental transmitter station

The ISDB-TSB signal was generated by the experimental transmitter at Tokyo Tower and
distributed in the VHF-band. The transmitter’s specifications are given in Table F.22. Figure F.31
shows the predicted receiving field strength at a receiving antenna height of 10 m.
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FIGURE F.29

BER before RS decoding vs. C/N
(Transmission mode: 3, Coding rate: 1/2, Time interleaving: 407 ms)
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FIGURE F.30

BER before RS decoding vs. C/N
(Transmission mode: 3, Carrier modulation: DQPSK, Coding rate: 1/2)
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TABLE F.22

Specifications of the experimental transmitter

FIGURE F.31

Predicted receiving field strength

≥ 70 dBµV/m
≥ 60 dBµV/m

≥ 50 dBµV/m

Predicted receiving field strength

Transmitter location Tokyo Tower
Lat. 35 39 20 N

Long. 139 44 55 E

Transmitter frequency 190 MHz

Transmitter power 100 W

Polarization Linear-Vertical

Antenna beamwidth (–3dB)
E-plane
H-plane

6
102

deg
deg

Antenna gain 12.1 dBi

Antenna height (AGL) 247.5 m

ERP 800 W
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F.12.2.2 Measuring system and experimental methodology

We installed in a vehicle an ISDB-TSB receiver, signal-level measuring equipment, error–rate
measuring equipment and a computer. A GPS receiver was also installed to allow the position and
speed of the vehicle as well as the signal-level and bit error rates to be logged automatically on the
computer. Figure F.32 shows a block diagram for the mobile measurement set-up. A dipole antenna
was folded on the roof of the measurement vehicle. Its height was 1.8 m. Measurements were made
once per second and the field strength was the average of the received values. The BERs were the
average ones per second after the inner code decoding in the case of the preliminary measurements
(Section 12.2.3), and after the outer code decoding in the case of mobile reception on highways and
streets (Sections 12.2.4 and 12.2.5).

FIGURE F.32

Block diagram for measurements

BPF
RF

Amplifier BPF

Spectrum
Analyser

Level
Meter

SAW
BPF

ISDB-T
Demodulator

Local
Oscillator

Dipole
antenna

F.12.2.3 Preliminary measurements of key parameters

A 5-km test course was laid out that maintained a distance of about 12 km from the transmitter. The
mobile reception characteristics of the most promising sets of ISDB-TSB parameters were measured
and compared.

Figure F.33 is a map of the measurement course. The course included Rayleigh-fading
environments, where direct waves did not reach the receiver due to buildings and other obstacles in
the built-up urban districts of Tokyo, and Rice-fading environments, such as bridge crossings where
direct waves reach the receiver.
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FIGURE F.33

Test course for preliminary measurements

Experimental Station
(Tokyo Tower)

Measurement
Course

0 5km

Correct-reception-location rates were derived from the measurement results for each set of
parameters, and it was these rates that were compared. The correct-reception-location rate was
defined as follows: The 5-km test course was broken up into 50-m segments. Each segment
contained a number of BER values measured at 1-s intervals. The BER values were measured at the
point of inner code decoding output. The worst BER value was taken to represent the segment.
When a representative BER value was below 2 × 10–4, which was reduced by Reed-Solomon
decoding (outer code decoding) to a quasi-error-free BER, that segment was regarded as a correct-
received location. The proportion of correct-received locations to all segments of the course was
defined as the correct-reception-location rate.

F.12.2.3.1 Modulation scheme

Transmission characteristics were compared using three out of four digital modulation schemes to
modulate the active carriers: DQPSK, 16-QAM, and 64-QAM. The transmission parameters and the
correct-reception-location rates derived from the measurement results are summarised in
Table F.23.

The differential modulation scheme DQPSK yielded the best characteristics; the signal was
receivable in every segment of the measurement course. The correct-reception-location rate for
16-QAM was 90%, substantially higher than that of 64-QAM. Although the rate for 16-QAM was
not as good as that for DQPSK, there was a tradeoff between the modulation scheme and the
amount of data that can be transmitted, depending on services.
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TABLE F.23

Comparison of modulation schemes

F.12.2.3.2 Coding rate of inner code

Mobile reception characteristics were compared for different error correction coding rates. Trials
were performed for coding rates of 1/2, 2/3, 3/4, and 7/8 for DQPSK modulation. The transmission
parameters and the correct-reception-location rates derived from the measurement results are
summarised in Table F.24.

TABLE F.24

Comparison of error correction coding rates

F.12.2.4 Mobile reception on highways

The mobile reception characteristics on highways were measured within an 80-km diameter of the
experimental transmitter to find the field strength necessary for mobile reception. Table F.25 shows
the measured transmission parameters. The coding rate for the inner code was set at 1/2, and the
modulation schemes used were DQPSK and 16-QAM. For each modulation scheme, the vehicle
covered approximately 700 km on expressways and main arterial roads.

Transmission mode 3

Carrier modulation DQPSK 16-QAM 64-QAM

Guard interval 63 µs

Coding rate of inner code 1/2

Time interleaving 407 ms

Information rate (kbit/s) 330.42 660.84 991.26

Correct-reception-location rate 100% 90% 65%

Transmission mode 3

Carrier modulation DQPSK

Guard interval 63 µs

Coding rate of inner code 1/2 2/3 3/4 7/8

Time interleaving 407 ms

Information rate (kbit/s) 330.42 440.56 495.63 578.23

Correct-reception-location rate 100% 99% 95% 67%
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TABLE F.25

Transmission parameters for field trials on highways

F.12.2.4.1 Coverage area

The measured coverage for the experimental transmitter is shown in Figs. F.34 and F.35. A white
line represents cases in which data errors did not occur, and a black line shows when they did occur.
Carrier modulation is different between Figs. F.34 and F.35. The coverage distance of the main
antenna direction was about 60 km when DQPSK was selected for carrier modulation, and about
40 km when 16-QAM was selected.

FIGURE F.34

Measured coverage of the Tokyo Tower transmitter
(Carrier modulation: DQPSK)

didn’t occur

occurred

≥ 70 dBµV/m
≥ 60 dBµV/m
≥ 50 dBµV/m

Predicted receiving field strengthData errors

Transmission mode 3

Carrier modulation DQPSK 16-QAM

Guard interval 63 µs

Coding rate of inner code 1/2

Time interleaving 407 ms
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Digital-F.35

FIGURE F.35

Measured coverage of the Tokyo Tower trasmitter
(Carrier modulation: 16-QAM)

Didn't occur

Occurred

Data errors Predicted receiving field strength

≥ 70 dB(µV/m)
≥ 60 dB(µV/m)

≥ 50 dB(µV/m)

F.12.2.4.2 Required field strength on highways

For all given field strengths, the correct-reception-time rate was defined as the ratio of the number
of samples in which errors did not occur after Reed-Solomon coding vs. the total number of
samples for that field strength. The formula defining the correct-reception-time rate is given below.

For any given field strength E,

][

][
][

EinsamplesofNumber

errornowithEinsamplesofNumber
ratetime-reception-Correct =

Figure F.36 shows the correct-reception-time rates on the measurement course. The field strengths
with correct-reception-time rates of 95%, 98%, and 99% have been selected from this Figure and
laid out in Table F.26. To obtain a correct-reception-time rate of 99%, DQPSK modulation required
a field strength of 38 dB(µV/m) and 16-QAM required a field strength of 44 dB(µV/m). Based on
these results, we found that DQPSK was approximately 6 dB more robust than 16-QAM in this
mobile reception environment.
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FIGURE F.36

Correct-reception-time rates for mobile reception on highways
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TABLE F.26

Field strengths needed for specific correct–reception–time rates
(dB(µµµµV/m)): highways

F.12.2.5 Mobile reception on streets

The correct-reception-time rates for mobile reception in medium-size cities under typical traffic
conditions were determined. Cities located 20-30 km from the experimental transmitter were
selected for these experiments. Table F.27 shows the transmission parameters.

F.12.2.5.1 Measuring area

The measured routes and their results are shown in Fig. F.37. Table F.28 shows the measured data
for each city, including the median and maximum field strength values. As the distance from the
experimental transmitter increased, the median field strength declined, and the correct-reception
ratio also decreased.

Correct-reception-time rate 95% 98% 99%

DQPSK 33 35 38

16-QAM 40 41 44
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FIGURE F.37

Measured route and the result of the field trials in mobile reception on streets

(Mode 3, Carrier modulation: DQPSK, Coding rate: 1/2, Time interleaving: 407 ms)

Experimental Station
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50 km0
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Error� 1 km�
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TABLE F.27

Transmission parameters for field trial on streets

TABLE F.28

Field strengths and correct-reception-time rates for mobile reception on streets

F.12.2.5.2 Required field strength on streets

Figure F.38 shows the correct-reception-time rates for all four cities. The required field strengths to
obtain correct-time-reception rates of 95%, 98%, and 99% are shown in Table F.29. The required
field strengths were 2 or 3 dB lower than those for the highways.

One difference between the highway and street trials was the length of time that the vehicle was
motionless due to signal lights, traffic jams, and other factors. The motionless time for the highway
trials was 15.1% of the total measured time, but as much as 44.0% for the street trials. We derived
the correct-reception-time rates separately for when the vehicle was motionless and when it was
moving. These rates are shown in Fig. F.39. When the vehicle was motionless, the correct-
reception-time rate was high even when the field strength was low. Consequently, the required field
strength on streets was relatively low.

TABLE F.29

Field strengths needed for specific correct-reception-time
rates (dB(µµµµV/m)): streets

Transmission mode 3

Carrier modulation DQPSK

Guard interval 63 µs

Coding rate of inner code 1/2

Time interleaving 407 ms

Distance Median field
strength

Max. field
strength

Correct reception
ratio

(km) (dB(µµµµV/m)) (dB(µµµµV/m)) (%)

Matsudo 20 44.0 61.2 99.6

Urawa 23 40.6 60.3 99.2

Kashiwa 30 38.2 54.8 98.1

Chiba 33 36.9 54.4 95.1

Correct-reception-time rate 95% 98% 99%

DQPSK 31 33 35
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FIGURE F.38

Correct-reception-time rates for mobile reception on streets
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FIGURE F.39

Difference in correct-reception-time rates for both moving
and motionless conditions
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F.12.2.6 Summary of the field trials

The field strength required for a correct-reception-time rate of 99% was 38 dB(µV/m) for the
DQPSK modulation scheme and 44 dB(µV/m) for the 16-QAM one. From the standpoint of the
modulation scheme and error correction, DQPSK with the convolutional coding rate of 1/2 was the
most robust against interference in mobile reception. Note that while 16-QAM modulation required
about 6 dB more power than DQPSK modulation, there was a tradeoff between transmission power
and capacity. The lowest inner coding rate of 1/2 provided the highest error correction performance,
but again there was a tradeoff between the coding rate and the amount of data that can be
transmitted. We also found that, in practice, time interleaving is very effective for mobile reception.
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F.13 Planning

Spectrum mask, guard bands and protection ratios should be determined to coexist with analogue
television signals or other ISDB-TSB signals in the frequency bands of VHF and UHF where
analogue television services are currently provided.

This Chapter firstly defines the frequency conditions such as spectrum mask and guard bands,
secondly describes the protection ratios for the ISDB-TSB signals and analogue television signals,
which were decided by carrying out subjective evaluation tests. And also, required field strengths
are shown on the basis of link budgets.

NOTE – Spectrum masks, guardbands and protection ratios in the case of 6/14 MHz segment
bandwidth are shown in this chapter.

F.13.1 Frequency conditions

F.13.1.1 Spectrum mask

The radiated signal spectrum of single segment transmission for 6/14 MHz segment system should
be constrained by the mask defined in Fig. F.40 and Table F.30. The transmission spectrum mask is
defined as the relative value to the mean power of each frequency. The level of the signal at
frequencies outside the 429 kHz bandwidth (6/14 MHz) can be reduced by applying an appropriate
filtering.

FIGURE F.40

Spectrum mask for single-segment transmission signal (Segment BW = 6/14 MHz)
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TABLE F.30

Breakpoints of the spectrum mask for the single-segment transmission
(Segment BW = 6/14 MHz)

Figure F.41 and Table F.31 define the spectrum mask of triple segment transmission for 6/14 MHz
segment system.

Table F.32 defines the breakpoints of the spectrum mask for consecutive segment transmission of
n-segments for 6/14 MHz segment system.

NOTE – The spectrum mask of 7/14 MHz and 8/14 MHz segment systems should be modified in
accordance with the spectrum shape of its system.

FIGURE F.41

Spectrum mask for triple-segment transmission signal (Segment BW = 6/14 MHz)
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±220 0

±290 –20
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±1 790 –50

NOTE – Radiated signal spectrum is measured by
spectrum analyser. A resolution bandwidth (RBW) of the
spectrum analyser should be set to 10 kHz or 3 kHz.
Concerning the video bandwidth (VBW), the VBW is
between 300 Hz and 30 kHz, and video averaging is
desirable. The frequency span is set to the minimum value
required for measuring the transmission spectrum mask.
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TABLE F.31

Breakpoints of the spectrum mask for the triple-segment transmission
(Segment BW = 6/14 MHz)

TABLE F.32

Breakpoints for consecutive-segment transmission
(Segment BW = 6/14 MHz)

F.13.1.2 Definition of sub-channel

The ISDB-TSB has two kinds of transmission bandwidths, 429 kHz (= 3/7 MHz, 1-segment
transmission) and 1.29 MHz (= 9/7 MHz, 3-segment transmission), in the case of 6 MHz full band
channel. The spectrum of the 1-segment signal is shown as an example in Fig. F.42.

In order to indicate the frequency position of the ISDB-TSB signal, a television channel of 6 MHz is
divided into 42 sub-channels by 1/7 MHz steps. Each segment is numbered and defined as sub-
channel (see Fig. F.43). For example, the frequency position of 1-segment signal shown in Fig. F.43
is defined as the seventh sub-channel in a certain analogue television channel.

Difference from the centre frequency of
the terrestrial digital sound signal

(kHz)

Relative level
(dB)

± 650 0

± 720 –20

± 790 –30

± 2 220 –50

Difference from the centre frequency of
the terrestrial digital sound signal

(MHz)

Relative level
(dB)

± (3 × n/14 + 0.25/126) 0

± (3 × n/14 + 0.25/126 + 1/14) –20

± (3 × n/14 + 0.25/126 + 2/14) –30

± (3 × n/14 + 0.25/126 + 22/14) –50

n : Number of consecutive segments
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FIGURE F.42

Spectrum of 1-segment ISDB-TSB signal

1 MHz

10 dB

FIGURE F.43

Definition of sub-channel

6 MHz

subchannel number

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 414039

1-segment signal

0

F.13.1.3 Guardbands

From the results of subjective evaluation experiments on ISDB-TSB signal interference with NTSC
signal, guardbands are determined at the both sides of NTSC signal. As shown in Fig. F.44, the
guardbands are 500 kHz (= 7/14 MHz) on the lower side within the channel and 71 kHz
(= 1/14 MHz) on the upper side. Accordingly, the sub-channels that can be used for digital sound
broadcasting are from sub-channel number 4 to 41. Within a 6 MHz television channel, a maximum
of 12 segments can be allocated, excluding the guardbands.



- 724 -

FIGURE F.44

Guardbands to coexist with adjacent analogue television signal

6MHz

1 2 3 4 5 7 8 4140390

Guard band on the lower side
500 kHz (= 7/14 MHz)

Guard band on the upper side
71 kHz (= 1/14 MHz)

NTSC signal
in the lower adjacent
channel

NTSC signal
in the upper adjacent
channel

F.13.2 Protection ratios

F.13.2.1 Protection ratios for analogue television (NTSC) against ISDB-TSB signal
interference

Protection ratios are defined as DU ratios at which subjective evaluations resulted in an impairment
score of 4. The protection ratios are shown in Table F.33. The evaluation experiments were
conducted according to the double-stimulus impairment scale method (the “EBU method”)
described in Recommendation ITU-R BT.500. 18 non-expert viewers evaluated television picture
quality.

TABLE F.33

Protection ratios for analogue television signal against ISDB-TSB signal interference

The guardbands between NTSC signal and ISDB-TSB signal in adjacent interference are as shown
in Fig. F.44. For the 3-segment transmission, it is necessary to correct the protection ratios by 5 dB
(4.8 dB = 10 log(3/1)).

Desired Signal Interference Signal Frequency Difference Protection ratio

Co-channel 57 dB

Lower-adjacent(1) 11 dB

Upper-adjacent(1) 11 dB

Digital sound
broadcasting signal

(1-segment)
Image channel –9 dB

Co-channel 52 dB

Lower-adjacent(1) 6 dB

Upper-adjacent(1) 6 dB

Analogue television

broadcasting signal
Digital sound

broadcasting signal
(3-segment)

Image channel –14 dB

(1) Lower-adjacent means interfering signal is lower. Upper-adjacent means interfering
signal is upper.
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F.13.2.2 Protection ratios for ISDB-TSB signal against analogue television (NTSC)
interference

F.13.2.2.1 Required DU ratios in stationary reception
The DU ratios required for 1-segment ISDB-TSB signal against NTSC interference are listed in
Table F.34. The DU ratios are measured at the bit error rate of 2 × 10–4 after decoding the inner
code. The guard bands between ISDB-TSB signal and NTSC signal in adjacent interference are as
shown in Fig. F.44.

TABLE F.34

Required DU ratios for 1-segment ISDB-TSB signal against NTSC
interference (Stationary reception)

F.13.2.2.2 Required DU ratios in mobile reception
In mobile reception, both the desired signal and interference signal experience field strength
fluctuation due to Rayleigh fading. Because of that, it is necessary to consider the temporary field
strength fluctuation and the short-term median value fluctuation of uncorrelated two signals when
determining the protection ratio.

The experimental result shows that

1) a margin with probability of 99% to protect the desired signal against temporary field
strength fluctuation is 11 dB,

2) and a margin with probability of 95% to protect the desired signal against short-term
median value fluctuation is 6.8 dB1.

Consequently, protection ratios require a margin of 18 dB (= 11 dB + 6.8 dB) in addition to the
values in Table F.34.

The DU ratios including a margin required for mobile reception are listed in Table F.35.

TABLE F.35

Required DU ratios for 1-segment ISDB-TSB signal against NTSC interference
(Mobile reception)

____________________
1 The short-term median value fluctuation has a log normal distribution with a standard deviation of 2.9 dB.

The combined difference distribution between two uncorrelated log-normally distributed signals becomes
a normal distribution with a standard deviation σ of 4.1 dB (= 2.9 × 1.414). Accordingly, the short-term
median value fluctuation margin requires 1.65σ = 6.8 dB at a reception rate of 95%. 1.65 is the factor to
convert from 50% to 95% probability.

Co-channel
(dB)

Lower-
adjacent channel

(dB)

Upper
adjacent channel

(dB)

DQPSK, 1/2 2 –57 –60
16-QAM, 1/2 5 –54 –56

64-QAM, 7/8 29 –38 –38

Co–channel
(dB)

Lower-
adjacent

(dB)

Upper-
adjacent

(dB)
DQPSK, 1/2 20 –39 –42

16-QAM, 1/2 23 –36 –38
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F.13.2.2 Protection ratios for ISDB-TSB signal against analogue television interference

The protection ratios are defined the highest values taken from between Table F.34 and Table F.35
to apply to every reception condition. The protection ratios are shown in Table F.36. For the
3-segment transmission, it is necessary to correct the protection ratios by 5 dB
(4.8 dB = 10 log(3/1)).

TABLE F.36

Protection ratios for ISDB-TSB signal against analogue television interference

F.13.2.3 Protection ratios between ISDB-TSB signals

F.13.2.3.1 Required DU ratios in stationary reception

The DU ratios between 1-segment ISDB-TSB signals are measured at a bit error rates of 2 × 10–4

after decoding the inner code, and shown every guardband in Table F.37. The guardband means a
frequency spacing between spectrum edges.

In the case where the spectrums overlap each other, interference is considered as co-channel
interference.

TABLE F.37

Required DU ratios (dB) between 1-segment ISDB-TSB signals
(Stationary reception)

Desired signal Interference
signal Frequency difference Protection

ratio

Co-channel 29 dB

Lower-adjacent –36 dB
Digital sound

broadcasting signal
(1-segment)

Upper-adjacent –38 dB

Co-channel 34 dB

Lower-adjacent –31 dB
Digital sound

broadcasting signal
(3-segment)

Analogue
television

broadcasting
signal

Upper-adjacent –33 dB

NOTE – For protection ratios for ISDB-TSB, fading margin for mobile reception is
taken into account. The values in the table include fading margin of 18 dB.

Guardband
(MHz)Modulation Coding

rate
Co-channel

0/7 1/7 2/7 3/7 4/7 5/7 6/7 7/7 or above

DQPSK 1/2 4 –15 –21 –25 –28 –29 –36 –41 –42

16-QAM 1/2 11 –6 –12 –21 –24 –26 –33 –38 –39

64-QAM 7/8 22 –4 –10 –10 –11 –13 –19 –23 –24
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F.13.2.3.2 Required DU ratios in mobile reception

In mobile reception, a margin of DU ratio against temporary field strength fluctuation is 10 dB
corresponding to a location probability of 99%. As mentioned in Section 3.2.2, the short-term
median value fluctuation margin is 6.8 dB at a location probability 95%. Therefore, the total
margins to be added for mobile reception is 17 dB (16.8 dB). The DU ratios including the total
margins are listed in Table F.38.

TABLE F.38

Required DU ratios (dB) between 1-segment ISDB-TSB signals (Mobile reception)

F.13.2.3.3 Protection ratios between ISDB-TSB signals

The protection ratios are defined the highest values taken from between Table F.37 and Table F.38
to apply to every reception condition. The protection ratios are shown in Table F.39.

In the case of consecutive-segment transmission, there is no need to consider the adjacent protection
ratio between the segments.

TABLE F.39

Protection ratios between ISDB-TSB signals

Guardband
(MHz)Modulation Coding

rate
Co-channel

0/7 1/7 2/7 3/7 4/7 5/7 6/7 7/7 or above

DQPSK 1/2 21 2 –4 –8 –11 –12 –19 –24 –25

16-QAM 1/2 28 11 5 –4 –7 –9 –16 –21 –22

Desired signal Interference signal Frequency difference Protection ratio

Co-channel 28 dBDigital sound
broadcasting signal

(1-segment) Adjacent
Table F.40
Fig. F.45

Co-channel 23 dB

Digital sound
broadcasting signal

(1-segment) Digital sound
broadcasting signal

(3-segment) Adjacent
Table F.40
Fig. F.45

Co-channel 33 dBDigital sound
broadcasting signal

(1-segment) Adjacent
Table F.40
Fig. F.45

Co-channel 28 dB

Digital sound
broadcasting signal

(3-segment) Digital sound
broadcasting signal

(3-segment) Adjacent
Table F.40
Fig. F.45

NOTE – For protection ratios for ISDB-TSB, fading margin for mobile reception is
taken into account. The values in the table include fading margin of 17 dB.
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TABLE F.40

Protection ratios for 1-segment signal depending on guardbands

FIGURE F.45

Guardband and arrangement of the signals

Undesired signal
Consecutive N segments

Desired signal
Consecutive M segments

Frequency

Guard band

F.13.3 Required field strength

F.13.3.1 Link budgets

Link budgets for the three cases of fixed reception, portable reception, and mobile reception are
presented in Table F.41. The required field strengths for the 1-segment and the 3-segment are
described in the 22nd row and the 24th row respectively.

The highest required field strength among three cases is taken as the required field strength
described in Section F.13.3.2.

Guardband (MHz) 0/7 1/7 2/7 3/7 4/7 5/7 6/7 7/7 or above

Protection ratio (dB) 11 5 –4 –7 –9 –16 –21 –22

NOTE – When the desired signal is consecutive M segments and the interference
signal is consecutive N segments, as shown in Fig. F.45, the protection ratio is
given by the following equation:

Protection ratio (dB) = (the value in Table F.40) + 10 log10 (M/N)
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F.13.3.2 Required field strength

The required field strength is 0.71 millivolt per meter (57 dB(µV/m)) for the 1-segment
transmission in the VHF high channels (170-222 MHz). For the 3-segment transmission, that value
is 1.25 millivolt per meter (62 dB(µV/m)).

The field strength is the value defined at the height of 4 m above ground level.

a) Implementation degradation

The amount of equivalent C/N ratio degradation expected in equipment implementation.

b) Interference margin

The margin for the equivalent C/N ratio degradation caused by interference from analogue
broadcasting, etc.

c) Multipath margin for portable receiver or fixed receiver

The margin for the equivalent C/N ratio degradation caused by multipath interference.

d) Fading margin for mobile receiver

The margin for the equivalent C/N ratio degradation caused by temporary fluctuation in the
field strength.

The C/N ratios required in the fading channel are shown in Table F.43. Fading margins are
shown in Table F.44.

e) Receiver required C/N ratio

= (1) required C/N + (2) implementation degradation + (3) interference margin + (4)
multipath margin + (5) fading margin

f) Receiver noise figure, NF

= 5 dB (VHF)

g) Noise bandwidth, B

= 1-segment signal transmission bandwidth of 429 kHz.
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TABLE F.42

Required C/N ratios

TABLE F.43

Required C/N ratios (dB)
(Mode 3, Guard 1/16, and GSM typical urban fading model)

TABLE F.44

Fading margins (Temporary field strength fluctuation margin)

h) Receiver thermal noise power Nr

= kTB (NF) = 10 log10 (kTB) + NF (dB)

k : 1.38 × 10–23 (the Boltzman constant)

T : 300 K

Coding rate for convolutional codingModulation
scheme 1/2 2/3 3/4 5/6 7/8

DQPSK 6.2 dB 7.7 dB 8.7 dB 9.6 dB 10.4 dB

QPSK 4.9 dB 6.6 dB 7.5 dB 8.5 dB 9.1 dB

16-QAM 11.5 dB 13.5 dB 14.6 dB 15.6 dB 16.2 dB

64-QAM 16.5 dB 18.7 dB 20.1 dB 21.3 dB 22.0 dB

Maximum Doppler frequency (fD)(1)

Required C/N Gaussian noise 2 Hz 7 Hz 20 Hz

DQPSK, 1/2 6.2 dB 15.7 dB 11.4 dB 9.9 dB

QPSK, 1/2 4.9 dB 14.3 dB 10.8 dB 10.4 dB

16-QAM, 1/2 11.5 dB 19.6 dB 17.4 dB 19.1 dB

64-QAM, 1/2 16.5 dB 24.9 dB 22.9 dB >35 dB

(1) When velocity of vehicle is 100 km/h, maximum Doppler frequency is up to
20 Hz in the VHF high channel (170-220 MHz).

VHF_high
(up to fD ==== 20 Hz)

DQPSK, 1/2 9.5 dB

QPSK, 1/2 9.4 dB

16-QAM, 1/2 8.1 dB

64-QAM, 1/2 –
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i) External noise power, N0

The external noise power (lossless antenna) of the 1-segment bandwidth obtained from the
business area man-made noise is shown in Fig. F.46 (Recommendation ITU-R P.372
Type A).

N0 = (the value of Fig. F.46) – ((15) feeder and device insertion loss)

FIGURE F.46

External noise power
(Recommendation ITU-R P.372 Type A: business area man-made noise)
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j) Total received noise power, Nt

= the power sum of (9) the receiver thermal noise power, Nr, and (10) the external noise
power, N0,

= 10 log (10** (Nr/10) + 10** (N0/10))

k) Receiver input termination voltage, Vin

= ((6) receiver required C/N) + (11) total received noise power) + (the dBµ value converted
from the 75Ω dBm value)

= C/N + Nt + 108.8

l) Receiving antenna gain, Gr

= –3 dB, assuming a whip antenna, rod antenna, etc.

m) Antenna effective length, λ/π
= 20 log (λ/π) (dB)

n) Feeder loss and device insertion loss, L

= 2 dB (VHF)

o) Minimum field strength, Emin

= ((12) receiver input termination voltage) – ((13) receiving antenna gain) – ((14) antenna
effective length) + ((15) feeder loss and device insertion loss) – (matching loss) +
(termination loss)

= Vin – Gr – 20 log (λ/π) + L – 20 log (SQRT (75Ω /73.1Ω)) + 6
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p) Time rate correction

The time rate correction is specified in Recommendation ITU-R P.3702 (see Fig. F.47) at a
height of 10 m above ground level and in Recommendation ITU-R P.5293 (see Fig. F.48) at
a height of 1.5m above ground level.

FIGURE F.47

Time rate correction according to Recommendation ITU-R P.3703
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q) Location rate correctiond

For mobile receivers, the short-term median values of the field strength values are used for
frequency planning. In the measurement results for 1-segment VHF, the standard deviation
from the short-term median value distribution σ is 2.9 dB. Since the location probability for
mobile reception is expected to be 95% (1.65σ), field strength should increase by 4.8 dB
(= 1.65 × 2.9 dB) compared with that of the 50% location probability.

In the case of portable reception, on the other hand, the correction value from 50% to 70%
is 2.4 dB in the condition of h2 = 1.8 m above ground level. Location rate corrections based
on field strength investigations are shown in Fig. F.49.

r) Wall penetration loss

For indoor reception, the signal loss due to passing through walls is considered. The
average penetration loss is 8 dB with a standard deviation of 4 dB in VHF band. Assuming
the location rate of 70% (0.53σ) for portable receivers, the value is as follows.

= 8 dB + 0.53 × 4 dB = 10.1 dB

____________________

2 Recommendation ITU-R P.370 has been superseded by Recommendation ITU-R P.1546.

3 Recommendation ITU-R P.529 has been superseded by Recommendation ITU-R P.1546.
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s) Required field strength (h2 = 1.5 m)

= ((16) minimum field strength Emin) + ((17) time rate correction) + ((18) location rate
correction)

t) Height correction from 1.5 m to 4 m

A value of 5 dB is used on the basis of field strength investigation results (see Table F.45).

FIGURE F.48

Recommendation ITU-R P.529* propagation characteristics for time rates of 50% and 1%
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* Recommendation ITU-R P.529 has been superseded by Recommendation ITU-R P.1546.
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FIGURE F.49

Location rate correction curve (measured results)
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TABLE F.45

Field strength differences

u) Required field strength at receiving height of 4 m above ground level

= ((16) minimum field strength Emin) + ((17) time rate correction) + ((18) location rate
correction) + ((21) reception height correction)

v) Conversion from 1-segment signal to 3-segment signal

noise bandwidth conversion value

= 10 log (3/1) = 4.8 dB

w) Required field strength (h2 = 4m) for 3-segment signal

= ((22) required field strength (h2 = 4 m)) + ((23) conversion from 1-segment signal to
3-segment signal)

F.14 Terminology

F.14.1 Definitions
AC: Channel for additional information transmission. A part of OFDM

carriers are dedicated to this channel. There are two ACs, so called
AC1 and AC2. AC1 exists both in the differential modulation segment
and coherent modulation segment, however AC2 exists only in the
differential modulation segment.

4 m above ground level 1.5 m above ground level

Difference in field strength from
height of 10 m above ground level

–9 dB –14 dB
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Additional
information:

Information for non-broadcasting purposes that is transmitted by AC.

Carrier modulation: Modulation method of an OFDM carrier.

Carrier symbol: Constellation symbol of an OFDM carrier.

Center segment: Center OFDM segment in the triple-segment transmission.

Connected
transmission:

A type of transmission of ISDB-TSB signals that is arranged without
guard bands between adjacent ISDB-TSB RF transmission signals
from a same transmission site.

Constraint length: Number obtained by adding 1 to the number of delay elements in a
convolutional coder.

Control carriers: Carriers of CP, SP and TMCC.

Control information: Information other than MPEG-2 Systems that assists the receiver in
demodulation and decoding operations.

CP: OFDM pilot carrier that phase is fixed. This carrier continues in time.

Data segment: Segment containing only data. This is an elementary block for channel
coding. Data segment is a segment before adding control carriers and
additional information carriers.

Error protected TSP: Transport Stream Packet protected by RS (204,188) error correction
code for transmission. It consists of 204 bytes by adding 16-byte
parity to the end of the 188-byte MPEG-2 TSP. It is same as
Transmission TSP.

Full-band ISDB-T: Digital terrestrial television broadcasting system in which
transmission band consists of 13 OFDM segments. It is same as
ISDB-T.

Hierarchical layer
information:

Channel-coding parameter information such as modulation method,
error coding rate and length of time interleaving on each layer in
hierarchical transmission.

Hierarchical
transmission:

Simultaneous transmission of multiple OFDM segments that are
differently channel-coded. In three-segment transmission of
ISDB-TSB, channel-coding of the center segment and the other two
segments can be set independently except Mode and GI.

ISDB-T: Digital terrestrial television broadcasting system in which
transmission band consists of 13 OFDM segments. It is recommended
in Recommendation ITU-R BT.1306-1 as System C.

ISDB-TSB: Digital terrestrial sound broadcasting system in which transmission
band consists of one or three OFDM segments

Mode: Identification of transmission mode based on the carrier spacing of
OFDM carriers.

Model receiver: Virtual receiver used to arrange transmission TSPs on a multiplex
frame.

Multiplex frame: Time domain frame that is provided for signal-processing purposes
and is used to re-multiplex MPEG-2 TSs to create a single TS. This
frame is identical to an OFDM frame in terms of duration.

Normalization factor: Factor to keep the mean power constant in the different carrier
modulation.
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Null RS-TSP: 204-byte null packet. They are originally created in operation of TSP
multiplexing, but they are not transmitted.

OFDM block: Basic OFDM signal for transmitting ISDB-TSB. It is same as OFDM
segment.

OFDM frame: Transmission frame consisting of 204 OFDM symbols. It contains
data carriers, control carriers and additional information carriers.

OFDM segment: Basic OFDM signal for transmitting ISDB-TSB, generated by adding
control carriers and additional information carriers to data segment
(carriers). The bandwidth is 1/14 of television-channel bandwidth.

OFDM symbol: Time domain transmission symbol for the OFDM transmission signal.

Partial reception: A type of reception of ISDB-TSB signals. When ISDB-TSB is three
segment transmission and the centre segment is independent on the
other two segments (hierarchical transmission, center segment is
indicated as a partial reception layer), centre segment can be decoded
by one-segment receiver. That is a part of ISDB-TSB signals can be
received and decoded. If the centre segment of full-band ISDB-T is
indicated as a partial reception layer, it can be also received and
decoded by one-segment receiver.

Partial reception
layer:

When the centre segment of triple-segment ISDB-TSB or full-band
ISDB-T is indicated as differently channel-coded to the other
remaining segments, this centre segment is partial reception layer.

RS-TSP: Transport Stream Packet protected by RS (204,188) error correction
code for transmission. It consists of 204 bytes by adding 16-byte
parity to the end of the 188-byte MPEG-2 TSP. It is same as
Transmission TSP.

Segment number: Number used to identify 13 OFDM segments and their corresponding
data segments.

SP: OFDM pilot simbol. These pilot carriers are scattered in frequency
and time. SPs are assigned to several OFDM carriers, and they are
assigned intermittently in time. At the same OFDM carrier that the SP
is assigned, the phase of SP is fixed.

Sub-channel: Channel to assign ISDB-TSB to TV channel. Sub-channel step is
1/7 MHz. Bandwidth of an OFDM segment is 3/7 MHz. Therefore,
single-segment ISDB-TSB occupies 3 sub-channels.

Sub-channel number: Channel number to assign ISDB-TSB to TV channel.

Sync byte: First byte of MPEG-2 TSP and Transmission TSP.

TMCC: Information concerning current and next transmission and
multiplexing configuration of ISDB-TSB signal.

TSP: MPEG-2 Transport Stream Packet which consists of 188 bytes and
starts from Sync byte (47H).

Transmission TSP: Packet for transmission. It consists of 204 bytes by adding 16-byte
parity to the end of the 188-byte MPEG-2 TSP.
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F.14.2 Abbreviations and acronyms

AAC: Advanced Audio Coding

AC: Auxiliary Channel

AWGN: Additive White Gaussian Noise

BER: Bit Error Rate

BPF: Band Pass Filter

BST: Band Segmented Transmission

BW: Band Width

CAT: Conditional Access Table

C/N (CN ratio): Carrier-to-Noise ratio

CP: Continual Pilot

DBPSK: Differential Binary Phase Shift Keying

DQPSK: Differential Quadrature Phase Shift Keying

DTTB: Digital Terrestrial Television Broadcasting

DSC code: Different Set Cyclic code

D/U (DU ratio): Desired and Undesired signal ratio

ERP: Effective Radiated Power

FFT: Fast Fourier Transform

FM: Frequency Modulation

GI: Guard Interval

GIR: Guard Interval Ratio

GSM: Global System for Mobile Communications

IF: Intermediate Frequency

IFFT: Inverse Fast Fourier Transform

ISDB: Integrated Services Digital Broadcasting

ISDB-S: ISDB for Satellite Television Broadcasting

ISDB-T: ISDB for Terrestrial Television Broadcasting

ISDB-TSB: ISDB for Terrestrial Sound Broadcasting

LSB: Least Significant Bit

Mod.: Modulo

MPEG: Moving Picture Experts Group

MSB: Most Significant Bit

NIT: Network Information Table

NTSC: National Television System Committee

OCT: Octal notation
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OFDM: Orthogonal Frequency Division Multiplexing

PAT: Program Association Table

PCR: Program Clock Reference

PMT: Program Map Table

PRBS: Pseudo-Random Binary Sequence

QAM: Quadrature Amplitude Modulation

QPSK: Quadrature Phase Shift Keying

RBW: Resolution Band Width

RF: Radio frequency

RS: Reed-Solomon

SFN: Single Frequency Network

SP: Scattered Pilot

S/P: Serial to Parallel

TMCC: Transmission and Multiplexing Configuration Control

TS: Transport Stream

TSP: Transport Stream Packet

UHF: Ultra High Frequency

VBW: Video Band Width

VHF: Very High Frequency
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ANNEX G

DIGITAL SYSTEM G

S-DARS FOR USE IN THE 2.3 GHz BAND
(SIRIUS-RADIO)

G.1 Introduction

One of the two domestic BSS systems in the United States of America, referred to as S-DARS
(Satellite-Digital Audio Radio Service) has been implemented and started operation in early 2002.
The system is designed to provide radio service to mobile users, especially to the over 200 million
vehicles in the 48 contiguous United States (CONUS). The service will provide up to 100 audio
channels, typically 60 music channels without advertising and 40 voice channels, to customers on a
subscription basis using the 2320-2332.5 MHz frequency band. The satellite constellation
comprises three satellites in inclined, elliptical geo-synchronous orbits whose planes are separated
by 120° and is supplemented by terrestrial transmitters that re-transmit the satellite signal in urban
cores. The system implementation and the use of diversity to achieve high subscriber service
availability are described. The system design employs space, time and frequency diversity as well
as that achieved through use of the terrestrial transmitters and receiver equalization of multi-path.

The Digital System G described herein will provide music and voice channels with high digital
quality and in all outdoor locations (i.e., seamlessness). The service is intended primarily for mobile
users, but fixed and transportable users can also be served. To accomplish the high mobile service
quality, the system design uses spatial, time and frequency diversity as well as providing high
elevation angles from the satellites to users and receiver multipath equalization. Additionally, the
system uses terrestrial repeaters of the satellite signal to eliminate outages when user receivers are
operating in the urban cores of major cities and in obstructed areas such as long tunnels. The
downlink availability objective in unblocked areas is better than 99%. The terrestrial repeaters will
maintain this availability in blocked areas.

G.2 System configuration

The system configuration is shown in Fig. G.1, and the three satellite orbital constellation is shown
in Fig. G.2. The orbital parameters of the geosynchronous satellites are shown in Table G.1. The
satellites follow each other around the ground track shown in Fig. G.2 separated in time by 8 hours.
The portion of the ground track where the satellites are transmitting (i.e., the active arc) is
approximately 16 hours and this active arc is approximately the section of the ground track shown
in Fig. G.2 that is above the equator. The result of this orbital configuration is that very high
elevation angles (e.g., 60°) are available to users in the northern third of CONUS. An illustration of
this coverage for users in the Seattle, Washington region is shown in Fig. G.3. The minimum
elevation angle to an active satellite as seen from any location on CONUS is approximately 45°.
The illustration also shows that the selected orbit allows each satellite to provide coverage of
CONUS for approximately sixteen hours. Two of the three satellites are active at any one time, both
providing an identical transmission to CONUS subscribers.
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FIGURE G.1

Digital System G signal delivery configuration

TABLE G.1

Orbital parameters

Type Geosynchronous (highly
elliptical 24-h orbit)

Inclination 63.4°
Perigee Altitude 24 469 km

Apogee Altitude 47 102 km

Eccentricity 0.2684

Period 24 h

Relative Phasing 8 h

Argument of Perigee 270°
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FIGURE G.2

Satellite ground track

FIGURE G.3

Coverage of satellite orbits (as seen from Seattle)
(Corresponding coverage using GSO satellites is also indicated)
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G.3 System diversity

Diversity is essential for providing a high quality mobile service such as S-DARS. Frequency
diversity is achieved by the use of two transmission frequencies from the active satellites spaced
8 MHz apart as shown in Fig. G.1. High elevation angles are critical as shown in Fig. G.4. Spatial
diversity is essential for user elevation angles between 25o-50o. High elevation angle signal
reception and spatial diversity are also essential in reducing the otherwise large transmission margin
required to overcome foliage attenuation as shown in Fig. G.5 for the 1.5 GHz band. In the 2.3 GHz
band, there is an expected 2 dB increase in the fade values shown. However, blockage outages of
both satellites can still occur from obstructions such as large overpasses. Such outages can be
eliminated in most cases by the use of time diversity. This is accomplished by introducing a
4 second time delay between the transmissions from the two active satellites and storing the earlier
arriving transmission in each receiver for playback when such dual blockage outages occur.

FIGURE G.4

Path blockage probability in a suburban area*
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* IEEE Communications Magazine, September 1999, page 118, Fig. 1.
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FIGURE G.5

Foliage attenuation* for given % of service outage

* GOLDHIRSH, J. and Vogel, W. J. [February 1992]. Propagation Effects
for Land Mobile Systems. NASA Reference Publication 1274.

G.4 Facility descriptions

The parameter values of the satellites are summarized in Table G.2, and the completed tracking,
telemetry and command (TT&C) subsystem in Table G.3 uses earth stations in Ecuador and
Panama. Four satellites have been built, one is intended as an on-ground spare. The first satellite
was successfully launched on 30 June 2000. The second satellite was successfully launched on
5 September 2000. The third satellite was successfully launched on 30 November 2000. The
construction of the National Broadcasting Studio, the Satellite Control Centers and the uplink earth
station in Vernon Valley, NJ (see Table G.4) has been completed.

The 104 terrestrial repeaters in 56 cities have been sited, and installation was completed during the
winter of 2000. Figure G.6 is a block diagram of the user receiver which has been engineered by
Lucent Technologies, and Agera is manufacturing the receiver chip sets. Testing of receivers started
during fall 2000. The receivers incorporate a six-tap equalizer for multipath as well as the
previously mentioned 4 s storage for time diversity.
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FIGURE G.6

User receiver block diagram
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ARM: Advanced RISC Microprocessor.

G.5 Summary

System G started commercial operations in February 2002. The system provides a very high service
quality and availability to millions of subscribers through the use of innovative technology and of
several simultaneous types of transmission diversity. A typical link budget for the mobile S-DARS
service is provided in Table G.5.

TABLE G.2

Satellite characteristics

Manufacturer/Type Space Systems Loral, Model FS1 300,
Proton or Sea Launch

Design Life 15 years

Weight at Launch 3 900 kg
Dimensions 24.8 m long, 5.6 m wide

and 5.2 m high

Payload One transponder consisting of
16 active and 8 spare DTWTAs

Max Beam e.i.r.p. 67 dBW

Attitude Control Momentum bias with 3 active and one
redundant reaction wheel for Orbit

Normal and Yaw Steering capabilities
Power Generation 2 solar arrays of 5 panels each. Total

8.5 kW solar power at 15 year
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TABLE G.3

Telemetry and Command

TABLE G.4

Uplink Earth Station

TABLE G.5

Typical Link Budget

Telemetry F1 Frequency TLM1 4 196.5 MHz
Telemetry F2 Frequency TLM2 4 197.0 MHz

Telemetry EIRP Max 0 dBW (minimum)
Telemetry Signal Polarization RHCP

Command F1 Frequency CMD1 6 422.5 MHz

Command F2 Frequency CMD2 6 424.5 MHz
Command Sensitivity –90 dB(W/m2)

Command Signal Polarization LHCP

Size 4.57 m diameter

Transmit Gain 48.6 dBi
Receive Gain 31.0 dBi

Primary Tracking Mode Programme Track
Uplink Polarization RHCP

Transmitter Output Power 1 600 W

Uplink e.i.r.p. 74.4 dBW
Uplink Availability Objective 99.9%

Satellite Edge-of-Coverage e.i.r.p.
(dBW)

61.1

Antenna gain (fixed) (dBi) 30 (26.5 dBi
edge of coverage)

Total net capacity of the system (Mbit/s) 4.4
Path Loss (dB) (apogee with mobile
receiver at 35° elevation angle)

–193.5

Mobile Receiver Antenna Gain (dB) 3.5
Received Power (dBW) –147.3

Receiver Noise Power (dBW) –158.5
S/N for one satellite (dB) 11.2

Required S/N (dB) (BER > 10–5) 5.0
Power Margin for one satellite (dB) 6.2

Diversity Gain (dB) 12.0

Effective Multipath Margin (dB) 18.2
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G.6 List of acronyms

µP Microprocessor

ADC Analog Digital Converter

ARM Advanced RISC Microprocessor

BSS Broadcast Satellite Service

COFDM Coded Orthogonal Frequency Division Multiplex

CONUS 48 contiguous United States

DAB Digital Audio Broadcasting

DAC Digital Analog Converter

DSP Digital Signal Processing

DTWTA Dual Travelling Wave Tube Amplifier

e.i.r.p. effective isotropic radiated power

GSO Geostationary Satellite Orbit

IF Intermediate Frequency

LHCP Left-Hand Circular Polarization

QPSK Quaternary Phase Shift Keying

RAM Random Access Memory

RF Radio Frequency

RHCP Right-Hand Circular Polarization

RISC Reduced Instruction Set Computer

S/N Signal-to-noise ratio

SCC Satellite Control Centre

S-DARS Satellite-Digital Audio Radio Service

TCXO Temperature Controlled Crystal Oscillator

TDM Time Division Multiplex

TT&C Tracking, Telemetry and Command

VSAT Very Small Aperture Terminal

WAN Wide Area Network

X-Band 8-12 GHz (US Military frequency band designation)
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APPENDIX X

PROPAGATION EXPERIMENTS AND SIMULATIONS

X.1 Measurement of the channel propagation characteristics at 1.5 GHz carried out in
Canada

The Canadian Broadcasting Corporation (CBC), the Canadian Association of Broadcasters (CAB),
the Department of Communications (DOC) and its Communications Research Centre (CRC) jointly
carried out some studies and field tests to evaluate the properties of L band (frequencies in the
1500 MHz range) as a suitable frequency band for a terrestrial digital sound broadcasting service.

Propagation tests were performed in Ottawa and Montreal from June to August 1991. A 1497 MHz
unmodulated carrier was used to perform coverage measurements and a flat spectrum 7 MHz
bandwidth RF signal generated by a pseudo-random bit sequence (PRBS) was used to assess the
impact of channel bandwidth on selective fading. These signals were transmitted at an effective
radiated power (e.r.p.) of 8 kW. The transmitting effective height above average terrain (HAAT)
was 68 m in Ottawa and 230 m in Montreal. Coverage assessment, channel bandwidth effects on
frequency selective fading as well as indoor reception measurements were done using an
experimental omnidirectional 1.5 GHz receive antenna (vertical monopole). Indoor measurements
were performed with a field strength meter whereas fixed and mobile outdoor measurements were
carried out with a special mini-van equipped with a sophisticated measurements system that
automatically sampled and recorded the field strength every eighth of a wavelength (i.e., 2.5 cm).
This high sampling rate facilitated the characterization of selective fading.

As an aid to test planning, coverage predictions were made using a CRC VHF/UHF propagation
software program (PREDICT) which is based on a combination of various prediction models and
adjustment factors, and uses terrain topography data. Measurement routes were selected in various
environments (i.e., dense urban, urban, suburban and rural areas) including particular possible
trouble spots such as predicted coverage gaps, suspected gaps, underpasses, tunnels as well as
measurements at the anticipated limit of coverage. In total, 1680 eight-hundred-metre sections
consisting of about 53 million measurement points were recorded. In designing the test and analysis
procedure, the expected performance of current digital sound broadcasting systems was considered.

X.1.1 Effect of channel bandwidth

The information about the improvement of service availability lies in the distance in decibels
between the cumulative distribution curves of the different bandwidths, at specific percentages of
service availability. These distances (see Fig. X.1) show the increasing multipath fade margin as the
channel bandwidth is increased from 100 kHz to 5 MHz in the different multipath environments.
The fade margin can be interpreted as the possible saving in transmit power relative to that needed
for a 100 kHz channel bandwidth system, for an equivalent service availability objective.

Figure X.1 shows that for service availability objectives lower than 50%, the improvement in fade
margin remains in the order of 1.5 dB for a dense urban area. Significant improvement is observed
for service availability objectives of 90% or greater. Each curve can be divided into two sections,
the first part being from 100 kHz to a bandwidth value that corresponds to a knee in the curve, the
second part being from the knee position to the 5 MHz bandwidth value. The criterion used to
consistently locate the knee position is to find the point along the 99% service availability curve that
corresponds to a 1 dB reduction of the fade margin value obtained at 5 MHz.
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FIGURE X.1

Improvement in multipath fade margin, dense urban environment
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This method of quantifying the effect of the bandwidth on the multipath fade margin was applied to
the eleven zones and the results are summarized in Table X.1. This table shows the improvement in
multipath fade margins as the channel bandwidth is increased from 100 kHz to 5 MHz for service
availability objectives of 90% and 99%.
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TABLE X.1

Multipath fade margins for service availabilities of 90% and 99%

Typically, the 90% service availability objective curves show an improvement in the order of 4 dB,
from 100 kHz to the knee (1.1 to 1.9 MHz), and an improvement remaining below 0.7 dB, from the
knee to the 5 MHz bandwidth value.

It appears that an appropriate choice for a channel bandwidth is a value around 2 MHz. Below
2 MHz, the multipath fading increases abruptly while above 2 MHz the improvement in fade
margin is generally not very significant.

The same results were also analysed from a different direction. In this case, the analysis of the data
was made to identify the effect of the signal bandwidth on the variability of the received signal field
strength for different environments (rural, suburban and urban), both in small and large areas, in
order to give more insight on the amount of additional power required to increase the location
coverage percentage from 50% to 99% as suggested in § 8.1.4 for the 1.5 GHz band.

It is noted that the terrain where these measurements were made (i.e., city of Ottawa) is relatively
smooth and does not correspond to a degree of terrain irregularity ∆h of 50 m as assumed in the
former Recommendation ITU-R P.370, thus resulting in less variability than what is reported in that
Recommendation.1

Large areas are represented by 800 m long routes, corresponding to 4000 λ, whereas small areas are
represented by 12.5 m routes, corresponding to 62 λ. A large area is characterized by the presence
of shadowing which is due to terrain features and man-made obstructions. In a small area, the effect
of shadowing is relatively constant, and the dominant cause of field strength variation is multipath.

A mobile receiver is exposed to fading from both shadowing and multipath. A narrow-band signal
is greatly affected by multipath, and the resulting large variations of the field strength
non-negligible when estimating the service availability to the mobile receiver. A wideband signal,
however, is less affected by multipath fading. In the context of a DSB service to vehicular receivers,
it is useful to study both factors contributing to the signal variations (i.e., shadowing and multipath).

An example of the data used is shown in Fig. X.2, which depicts a CW signal seen by a mobile
receiver in an urban area. The relative field strength (normalized to the mean) is shown as a

____________________

1 Recommendation ITU-R P.370 has since been superseded by Recommendation ITU-R P.1546.

Type of
environment

Knee
position

Typical improvements in fade margin
(dB)

(MHz) 100 kHz-to-knee Knee-to-5 MHz

90% 99% 90% 99%

Dense urban 1.8 5.4 8.6 0.5 1.0

Urban 1.6 4.5 7.0 0.6 1.0

Suburban 1.9 4.1 8.1 0.6 1.0

Rural, forest 1.7 3.7 6.0 0.7 1.0

Rural, open 1.1 1.2 1.8 0.7 1.0



- 764 -

function of the receiver location along the measurement route. It can be seen in the large area that
multipath causes fast and very deep fades, while a rather slow variation of the envelope of the signal
reveals the presence of shadowing due to tall buildings.

FIGURE X.2

Relative signal variation (dB) of a CW signal as seen in a large area and a small area by the
mobile unit, with the corresponding cumulative distribution function
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A magnified view of the received signal as a function of location, presented as the small area,
shows that multipath causes large signal variations resulting from signal cancellation between the
various scattered signal components. This variation of the resulting signal field strength usually
corresponds to a Rayleigh distribution.

The effect of the signal bandwidth is illustrated in Figs. X.2 and X.3. These show the variation of a
received signal in an urban environment, as seen over a large area, and also as seen in a small
segment of this large area. The corresponding cumulative distribution functions (CDF) are also
presented, where the dotted line shown as reference is the theoretical cumulative Gaussian
distribution function, and the solid line represents the cumulative distribution of the measured signal
levels. The results for a CW signal are shown in Fig. X.2, while Fig. X.3 shows the results for a
signal with a bandwidth of 1.47 MHz.
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As can be seen from these figures, the 1.47 MHz bandwidth signal exhibits much less multipath
fading than the CW signal, and the wideband signal’s CDF is closer to the reference Gaussian CDF
than that of the CW signal’s CDF.

FIGURE X.3

Relative signal variation (dB) of a 1.47 MHz signal as seen in a large area and a small area by
the mobile unit, with the corresponding cumulative distribution function
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Another measure of the impact of the bandwidth is the standard deviation (SD) of the received
signal levels. Table X.2 presents values of SD for various signal bandwidths and environments, as
determined for small area measurements.

The difference in SD between the CW signal and the 1.47 MHz wide signal is around 4 dB for
urban environments, and in the order of 3 dB for suburban and rural. Measurements with CW
signals were not available to verify this last value but the general trend suggests that it is a
reasonable estimate. These results show that a CW signal in a small area is not Gaussian distributed
(or log normal when the field strength is expressed in linear units) and that by widening the signal
bandwidth, the Rayleigh component due to multipath is progressively eliminated so that the
resulting signal approaches the Gaussian distribution. Statistics of field strength variations in small
areas are useful for planning the local service availability for vehicular receivers, but they cannot be
used for planning the overall coverage.
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TABLE X.2

Standard deviation (SD) in small area, for different
environments and signal bandwidths

Table X.3 illustrates the impact of signal bandwidth on the SD in a large area. The narrowband
signals are still very much affected by multipath and their SD values are in the order of 3 dB higher
than that of the wideband signals. The SDs of the wideband signals are more representative of the
shadowing component than the multipath component, as was the case for small area. This is
supported by the good matching of the theoretical and measured large area CDF curves in Fig. X.3.

TABLE X.3

Standard deviation (SD) in large area, for different
environments and signal bandwidths

It can be concluded that, in the case of vehicular and portable reception, in addition to the
shadowing component, multipath fading contributes to an increase of the signal variation, making
the standard deviation larger than without the presence of multipath. Increasing the signal
bandwidth to 1.47 MHz helps to diminish the impact of multipath, therefore bringing the standard
deviation of the received signal over a large area closer to what is predicted by Recommendation
ITU-R P.1546 which is based on narrow-band received levels averaged over small areas.

X.1.2 Results of coverage measurements

Measured coverage taking into account the characteristics of digital sound broadcasting systems
operating at a frequency of 1 497 MHz is compared to a calculated coverage at 1497 MHz. Also,
coverage results are compared to predicted coverage for a FM broadcast facility at 100 MHz
utilizing the same transmitter parameters.

X.1.2.1 Calculated contours for 1497 MHz and for an FM broadcasting service

These contours, provided for comparison, were generated by the PREDICT program which takes
into account the terrain profile, climate and seasonal factors (such as tree foliage) to calculate the

Environment Narrow-band Wideband

CW 30 kHz 1.47 MHz 3.00 MHz

Urban 5.4 dB 4.3 dB 1.6 dB 1.3 dB

Suburban N/A 3.6 dB 1.7 dB 1.4 dB

Rural N/A 3.4 dB 1.3 dB 1.3 dB

Environment Narrow-band Wideband

CW 30 kHz 1.47 MHz 3.00 MHz

Urban 6.2 dB 5.3 dB 3.2 dB 3.1 dB

Suburban N/A 6.2 dB 4.6 dB 4.3 dB

Rural N/A 5.8 dB 4.6 dB 4.2 dB
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reflections and the various path losses due to diffraction and tropospheric scattering. The program
outputs field strength values for different azimuths around the transmitter for a chosen percentage of
time.

For each of the measured contours, an equivalent PREDICT contour was generated for the same
field strength (39 dB(µV/m)) and for the same percentage of time (50% or 90%).

The PREDICT program was also used to provide the FM broadcast coverage corresponding to a
similar transmitter power and elevation. This way, it is possible to compare the expected coverage
for a DSB system at 1.5 GHz (the 39 dB(µV/m) contour) and the corresponding coverage for a
traditional FM system.

X.1.2.2 Measured contours at 1497 MHz

In general, the measured contours at 1497 MHz are similar to the ones generated by the PREDICT
program. The small discrepancies between the two contours can be explained by the lack of
measured values in certain regions and the limited accuracy of the data base used in the PREDICT
program. The topographical data base used by the PREDICT program has a precision of 500 m and
accurate building and tree factors would be necessary to improve the accuracy in the PREDICT
analysis. The PREDICT program, with some refinements to make it more applicable to L band
frequencies, can be used for planning purposes to predict the coverage for a digital sound
broadcasting system.

Comparing the FM coverage (54 dB(µV/m) at 100 MHz) with the DSB coverage (39 dB(µV/m) at
1497 MHz) shows the similarity between the coverage areas. We can conclude that within a radius
of 40 km, DSB at 1.5 GHz band would provide coverage as good as FM at 100 MHz for the same
transmitter parameters. However, further tests will be required to verify that the 1.5 GHz band
propagation would provide similar coverage to FM at larger distances when using similar
transmitting parameters.

X.1.3 Results of indoor reception measurements

The measurements were analyzed to determine the attenuation between the exterior and the interior
received signal. The data were first divided into two groups. The first was the measurements taken
in the upper levels of the building that had an unobstructed propagation path from the exterior of the
building to the transmitter. The reference exterior received signal for the upper levels was the signal
measured on the roof of the building. The second group was the measurements taken at low or
ground level of the building that had an obstructed propagation path from the building to the
transmitter. The reference exterior received signal for the ground level measurements was the signal
measured on the outside of the building at ground level.

An exterior/interior attenuation factor was determined for each group of measurements by
subtracting the indoor measurement from the reference exterior received signal. These factors were
then arranged by type of location in each building identified as BEST, AVERAGE and WORST.
These are described as follows:

– BEST: A location next to a window with an unobstructed propagation path to the
transmitter.

– AVERAGE: A location around the perimeter of the building at a distance from the
windows but not hidden from windows.

– WORST: A location in the interior of the building with no direct view of any windows.
This category includes floors with no windows and basement and sub-basement levels.
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Examination of these attenuation factors showed similar results based on whether the building was
constructed of concrete or wood. The data were thus further arranged based on the type of
construction. The mean and range of the attenuation for each type of location was determined and is
shown in Table X.4.

During the course of the measurements, variations of 5 to 8 dB in the received signal level were
observed due to objects passing near the receiver, including people. A similar variation was noted in
exterior measurements due to vehicle and pedestrian traffic.

The exterior received signal was greater than 59 dB(µV/m) in the dense urban and urban areas and
greater than 54 dB(µV/m) in the residential area. These levels are 20 and 15 dB (average
attenuation of the two building types measured) above the threshold of a digital sound broadcasting
receiver.

TABLE X.4

Measured building attenuation factors

The average attenuation due to buildings at a frequency of 1500 MHz was found to be 15 to 20 dB
depending on the type of building. Suburban residential buildings of wood frame construction with
an exterior siding material had an average attenuation of 15 dB. Urban or dense urban office and
apartment buildings had an average attenuation of 20 dB. Service contours of 54 dB(µV/m)
(residential or rural) and 59 dB(µV/m) (urban or dense urban) will be necessary for satisfactory
indoor reception of digital sound broadcasting at 1500 MHz (based on a receiver with a threshold of
39 dB(µV/m)). These values were achieved in the Montreal test area at distances greater than 20 km
from a existing broadcasting location with a transmit e.r.p. of 8 kW.

X.1.4 Comparisons with propagation models

X.1.4.1 Measured data curves

Curves of field strength versus distance were generated for the two test sites (Ottawa and Montreal)
and for 50% and 90% of locations by grouping the data into distance bands of 1 km increment from
the transmitter and averaging the field strength statistics in each band. These curves are then used

Attenuation
(dB)

Type of
building

Location Best location Average location Worst
location

Concrete
building

Upper level
Mean
Range

Ground level
Mean
Range

8.1
3-13

8.4
3-15

21.0
11-28

17.1
8-28

31.9
25-42 (1)

32.0
–

Wood
building

Ground level
Mean
Range

9.0
–

16.0
15-17

–
–

(1) 42 dB was measured on a floor having no windows and reserved for mechanical
equipment. This floor was not occupied and is not a typical receiving location.
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for comparison with different existing propagation models: the free space model, the ITU-R model,
the Okumura model and the CRC PREDICT model. It should be noted that the initial part of the
curves represents the decrease in level associated with moving from a line-of-sight area to an area
with an obstructed or shadowed area. In Ottawa, at distances from the transmitter of between 2 and
5 km, the measurement path changed from an open area to a residential area with large trees which
obstructed the path to the transmitter. In Montreal, at distances from the transmitter between 19 and
24 km, the measurement path changed from an open line-of-sight area to locations behind a small
mountain which produced a heavily shadowed area. At other distances, the curves generally
represent propagation for an average mix of environments (urban, suburban and rural).

X.1.4.2 Free space curves

The free space loss was calculated with the standard formula:

Lfs = 32.4 + 20 log f + 20 log d = 95.9 + 20 log d (X.1)

where:

f: frequency (1497 MHz)

d: distance (km).

The free space field strength curve is determined by subtracting the free space loss from the
equivalent field strength for an e.i.r.p. of 41.1 dB(W) (i.e., 211.8 dB(µV/m)).

X.1.4.3 Recommendation 370 curves2

The Recommendation 370 curves for 50% of locations were derived from Fig. 9 of ex-CCIR
Recommendation 370-5 (1990). To get the curves for 90% of the locations, a correction of –12 dB
from Fig. 12 of the same Recommendation was applied to the 50% curves.

However, these curves are designed for frequencies up to 1000 MHz and for a receiver height of
10 m. Using the document CCIR 10C/CAN-1 (22 August 1991), the 1990 CCIR curves were
corrected for the frequency (1.5 GHz) and for the receiver antenna height (1.5 m).

The correction factors depend on the distance from the transmitter and vary from 9 to 7 dB for the
receiver antenna height and 1 to 2 dB for the frequency.

X.1.4.4 Okumura curves

The Okumura curves were obtained from multiple measurements made in Japan and do not rely on
any theoretical model.

The correction factors for suburban, quasi–open and open area are extracted from Figs. 20 and 22 of
OKUMURA. The adjustment for 90% of locations was derived from Figs. 37(a) and 37(b) of the
same reference.

X.1.4.5 Conclusions

The comparison of the measured curves with the 1990 CCIR model in Fig. X.4 shows that the
corrected CCIR curve for 50% of locations gives a reasonable approximation of the field strength at
distances which are less than 2/3 of the radio horizon for each system (30.6 km for Ottawa and
63.2 km for Montreal). Closer to and beyond the radio horizon, the measured field strength is
greater than the value predicted by the 1990 CCIR curve. When the 1990 CCIR model is corrected
for 90% of locations, the fit of the measured data is not good as can be seen in Fig. X.5.

____________________

2 Recommendation ITU-R P.370 has been superseded by Recommendation ITU-R P.1546.
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FIGURE X.4

Comparisons of measured data with CCIR model
and free-space loss curve in Montreal for 50% of locations

(e.i.r.p. = 41.1 dB(W), HAAT = 235.5 m)
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FIGURE X.5

Comparisons of measured data with CCIR model
and free-space loss curve in Montreal for 90% of locations

(e.i.r.p. = 41.1 dB(W), HAAT = 235.5 m)
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With the Okumura model shown in Fig. X.6, a good correlation between the measured data and the
suburban Okumura model is evident at distances within the radio horizon. At distances close to and
beyond the radio horizon, the measured data is greater than the suburban model and approaches the
curve for the Okumura quasi-open model. As with the 1990 CCIR model, the measured data does
not compare favorably with the Okumura suburban model for 90% of locations (see Fig. X.7).

These results show that further studies are necessary to develop a reliable propagation model which
addresses the full range of emission parameters that will be used for digital sound broadcasting.
Since then Radiocommunication Study Group 3 has progressed with its work and has now produced
Recommendation ITU-R P.1546.
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Comparisons of measured data with the different Okumura models
in Montreal for 50% of locations
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Comparisons of measured data with the different Okumura models
in Montreal for 90% of locations
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Okumura open model

X.2 Measurement of the channel multipath characteristics at 1.5 GHz carried out in
Canada

X.2.1 Introduction

In order to lay the groundwork for the use of the WARC-92 allocation at 1452-1492 MHz for
digital sound broadcasting, it is necessary to learn more about the characteristics of the channel. A
measurement program has been undertaken in Canada to gather and compile information on the
channel, with the initial emphasis on terrestrial emission. This section describes some initial results
on the multipath characteristics of the 1.5 GHz channel.

X.2.2 Measurement apparatus and methodology

The results presented here were derived from data gathered using a mobile impulse response
measurement facility. The transmitter consists of a pseudo-noise (PN) sequence generator (511-bit
sequence, 5 MHz clock rate) with stable (rubidium) time/frequency reference, RF up-conversion
circuitry, power amplifier, and a vertically-polarized antenna. The receiver system is installed in a
standard mini-van and includes a quarter-wave monopole receiving antenna mounted near the
centre of the roof, low-noise amplifier, down-conversion circuitry, and a rubidium reference. The
in-phase and quadrature baseband outputs from the receiver are sampled at 10 MHz and digitized at
8 bits. Blocks of 4096 complex samples were taken at each measurement point, which were later
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used for the calculation of one impulse response snapshot. The measurement points in a single
measurement run are normally spaced at intervals of 5 cm (approximately one-quarter wavelength).
Each block encompasses several repetitions of the PN sequence (four repetitions in the case of the
4096 sample block size), which will allow improvement of the signal-to-noise ratio of the data in
the subsequent processing. The samples are then processed off-line by correlation with a stored
replica of the PN sequence waveform to produce a series of impulse response snapshots. The stored
sequence was obtained using a back-to-back connection between the transmitter and receiver, and
thus includes the effect of the system filters and other hardware. One measurement run typically
provides 2048 impulse response snapshots over a distance of about 100 m. The measurement
system provides a multipath power sensitivity ratio (MPSR) of better than 30 dB for input signals of
–100 dBm or more. The MPSR is the power ratio between the strongest impulse response peak and
the strongest noise peak in the correlation. The noise peaks may be either due to receiver noise or
side lobes resulting from the cross-correlation process. For input signals greater than –100 dBm, the
latter dominate, and this sets the lower limit on the level of multipath components which can be
distinguished. This level is well below the level which would cause any significant effect on the
performance of a communications system.

Once the impulse responses have been calculated (in the form of power-delay profiles), they are
visually examined using a software tool designed for this purpose, and any records with obvious
problems such as poor signal-to-noise ratio (MPSR less than about 20 dB) are removed before
continuing the analysis. The various time–domain multipath parameters are then calculated for each
impulse response profile, and data files from similar measurement environments are grouped
together for preparation of the summary statistics.

To date, measurements have been carried out using transmitter sites in three areas as shown in
Table X.5.

In the Barrie tests, the measurement locations included a range of suburban and rural environments,
with particular emphasis on the latter. Much of the terrain in this area is hilly and wooded. In the
case of Trois Rivières, there were more urban measurements, taken in a small city of about 50000.
Most of the rural measurements were taken in a broad river valley with many open fields. The river
runs roughly east-west, with hills to the north and flatlands to the south. A smaller number of
measurements were taken in the hilly areas. In the case of Ottawa, the locations were in suburban to
dense urban environments, in a metropolitan area of about 800000 population.

TABLE X.5

Measurements in Canada near 1.5 GHz

X.2.3 Results

The data presented here are a subset of those suggested in Recommendation ITU-R P.1407 for
characterization of wideband terrestrial land mobile channels. The data point in each case is taken

Location e.i.r.p.
(W)

Beamwidth
(°)

Antenna height
(m – AGL)

Barrie, Ontario 6.2 120 230

Trois Rivières, Québec 5 120 200

Ottawa, Ontario 0.180 360 61
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from a representative location on the cumulative distribution function (CDF) for the corresponding
parameter (usually the 80% or 90% point). The parameters used in the tables, and their
abbreviations, are defined as follows:

Average excess delay (TD) is the first moment of the power-density profile of the impulse
response, taken with the line-of-sight delay as the reference point. TD90 represents the 90% point on
the CDF curve, i.e., only 10% of the measured impulse responses had average delays greater than
this value.

Delay spread (S) is the square root of the second central moment of the power-density profile of
the impulse response (i.e. the standard deviation). S90 is the 90% point on the delay spread CDF.

Delay window (Wq) is the length of the middle portion of the impulse response containing a certain
percentage q of the total energy, and such that the energy outside the window is split into two equal
parts, before and after the window.

Delay interval (Ip) is the time interval between the instant that the amplitude of the impulse
response first exceeds a given threshold p, and the instant when it falls below that threshold for the
last time. The threshold is referenced to the highest peak of the impulse response and is given in
decibels; e.g., I12 is the delay interval for a threshold of 12 dB below the peak.

In the summary table which follows, the difference TD90 – TD10 is shown instead of the average
excess delay “jitter”, which tends to be high in areas where the direct path from the transmitter is
intermittently blocked. In the calculation of average delay and delay spread, the integration limits
are determined by a cut-off level, which is a certain margin above the noise floor (and where the
“noise” consists of both receiver noise and correlation side lobes). For these measurements, we set
the cut-off level to 3 dB above the estimated noise floor.

The categories of environment which are used to characterize the measurement locations are given
in Table X.6.

These categories are referred to the “area type” column summary of results given in Table X.7.

TABLE X.6

Categories of environment

Category Description

1 Rivers, lakes and seas

2 Open rural areas, e.g., fields and heath lands with few trees

3 Rural areas, similar to the above but with some wooded areas, e.g., parkland

4 Wooded or forested rural areas

5 Suburban areas, low-density dwellings and modern industrial estates

6 Suburban areas, higher-density dwellings

7 Urban areas with buildings up to four stories, but with some open space
between

8 Higher-density urban areas in which some buildings have more than four
stories

9 Dense urban areas in which most of the buildings have more than four stories,
and some can be described as “skyscrapers”
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TABLE X.7

Summary of the 1.5 GHz measurement results (delays in µµµµs)

X.2.4 Discussion and conclusions

It is apparent from examination of the preliminary data that the 1.5 GHz band is quite similar in
multipath characteristics to the lower-frequency UHF bands for which more data exists. The
quantitative data are also very similar to those reported by various workers at 900 MHz. The results
to date indicate that the multipath characteristics of the terrestrial broadcast channel at 1.5 GHz will
pose no problems for COFDM signals using guard intervals of 32 µs or more. This conclusion
follows from examination of the delay window and delay interval data.

X.2.5 Doppler shift measurements

Although the time domain multipath parameters provide much insight into the nature of the
channel, they only supply part of the picture. When the receiver is in motion, Doppler shift appears
on the received signal. The Doppler shift on an individual multipath component depends on the
angle of its arrival with respect to the direction that the vehicle is travelling. The cumulative effect
of these shifts is called the channel Doppler spread. The procedure involved to analyze such spread
is to line up a series of successive impulse response snapshots, take a slice through them at a given
time delay, and then do a Fourier transform on the resulting samples.

The effect of the spreading of the received signal in both time and frequency can be shown on a
three-dimensional plot of amplitude versus time and frequency, known as a scattering diagram. This
is a very useful tool for visualizing the effects of the surrounding environment on the signal
received by a mobile receiver. Fig. X.8 shows an example of a scattering diagram obtained from a
measurement run that took place in the downtown area of Ottawa. The maximum Doppler shift
which can occur is a function of the radio frequency and the vehicle speed; in terms of the
normalized frequency scale used here, the maximum shift at 1.5 GHz is ±5 Hz/m. This corresponds
to a maximum shift of 139 Hz at a typical highway speed of 100 km/h.

Avg.
delay

Delay
spread

Delay window Delay interval

Area
types

TD90-
TD10

80% CDF 90% CDF 80% CDF 90% CDF

S80 S90 W90 W75 W50 W90 W75 W50 I9 I12 I15 I9 I12 I15

Barrie 5 & 6 1.70 1.43 1.98 1.8 0.6 0.3 4.1 1.2 0.4 0.7 0.8 1.2 0.8 1.4 3.8

Ontario 4 1.76 2.72 4.29 3.4 1.4 0.7 5.5 2.0 1.0 1.2 1.6 2.6 1.6 2.4 3.5

2 & 3 2.10 2.35 4.76 2.1 1.5 0.8 4.9 1.7 1.3 1.6 1.9 2.1 1.9 2.1 2.9

9 1.52 3.18 4.09 5.7 3.1 1.6 9.8 3.7 2.0 3.3 4.4 6.3 4.2 5.6 14.2

Ottawa 7 & 8 2.09 2.65 3.75 4.8 3.2 1.9 5.8 4.1 2.6 3.3 4.4 5.2 5.1 5.5 13.2

Ontario 6 2.57 4.07 5.62 10.8 5.0 2.5 14.4 10.0 3.3 4.3 10.0 11.1 9.7 14.4 16.0

5 3.76 5.14 5.69 9.5 3.0 2.2 12.8 9.6 5.1 2.8 3.1 9.5 3.3 10.7 13.3

Trois 7 & 8 4.43 4.23 5.2 10.4 6.4 3.6 17.8 8.0 5.0 6.2 8.6 18.0 8.5 18.3 21.8

Rivières 5 & 6 3.06 3.81 6.29 6.6 1.8 0.7 22.9 8.9 1.9 1.1 1.9 1.9 1.9 8.0 8.0

Québec 4 1.55 1.91 4.05 3.1 1.8 0.6 9.7 2.7 1.2 1.0 2.1 3.1 2.2 3.2 3.9

2 & 3 0.96 1.28 2.25 2.2 0.9 0.4 3.6 1.7 0.7 0.8 1.2 2.0 1.4 2.4 3.0



- 776 -

FIGURE X.8

Scattering diagram – downtown Ottawa

In an urban area such as the one depicted here, the scattering diagram tends to be most complex in
the region with small excess delay. In this case, the scattering is from objects close to the receiver,
and the scattered signal arrives from many different angles. Particularly in dense urban
environments, the arrivals tend towards a uniform angular distribution, which results in a “U”
shaped Doppler spectrum. At larger excess delays in such an environment, the components with
small Doppler shift (nearly perpendicular to the direction of travel) tend to disappear. In urban
environments, these components are frequently blocked by the buildings along the street. The
Doppler spectrum then divides into two groups, one corresponding to the signal components
arriving from the direction in which the vehicle is travelling (positive Doppler shift), and the other
from components arriving from behind the vehicle (negative Doppler shift).

Figure X.9 shows a scattering diagram derived from a measurement in the downtown area of Trois
Rivières. The division of the Doppler spectra into two groups near the maxima is more evident here,
despite the fact that this is a smaller city than Ottawa. In both cases, the diagrams show some signal
components having more than the theoretical maximum which can increase the relative motion
between the scatterer and the receiver, and hence increase the maximum Doppler shift. Aside from
these components, though, the diagram clearly shows the funneling of the signal by the street along
which the vehicle is travelling, with many components lined up near the maximum Doppler shift.
There also appears to be some “leakage” from between buildings along the street of a component
having about 5 µs excess delay. The spreading of this component on the frequency axis is probably
caused by the changing geometry between the vehicle and the multipath component during the
measurement. In order to derive the Doppler information for the scattering diagram, a group of
128 successive impulse response snapshots was assembled, which represents about 5 m of travel.
When nearby objects are involved in the scattering, the Doppler shift can change significantly
during this interval.
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FIGURE X.9

Scattering diagram – downtown Trois-Rivières

X.3 Experimental results for Digital Sound Broadcasting at 105 MHz in India

The field strength measurements were carried out in India for broad band (1.5 MHz) DSB signals
on frequency 105 MHz under different topographic and environmental conditions to determine the
following planning parameters:

X.3.1 Standard deviation of DSB signal under different environmental conditions

On the basis of field strength data collected, the standard deviation of DSB signal under mobile
conditions for different environmental conditions was determined. Standard deviation for congested
city area has been found to be 4.5 dB. In rural environment/sparsely populated area, the median
standard deviation of DSB signal was found to be about 2.7 dB.

X.3.2 Polarization discrimination

Analysis of data collected in congested city area gives the median value for polarization
discrimination as 17.0 dB for vertically polarized signals with standard deviation of 3.74 dB.

X.3.3 Building penetration losses

Measurements were conducted for re-enforced concrete construction and brick buildings with
typical wall thickness of 25 to 30 cm. The mean value of building penetration losses and its
standard deviations were assessed. The mean value of building penetration losses was found to be
12.7 dB and 7.7 dB for re-enforced concrete construction and brick buildings respectively. The
standard deviations for these constructions work out to be 6.1 dB and 3 dB respectively.

X.3.4 Antenna height gain

The mean value of height gain and its standard deviation under different receiving antenna heights
were determined on the basis of various measurements. The mean value of height gain was found to
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be 13.4 dB and 8 dB for a change in receiving antenna height from 1.5 to 10 m and from 3 to 10 m
height respectively. The standard deviations for these variations were found as 4.5 dB and 3.2 dB
respectively.

X.4 Multipath propagation measurements between 84 and 86 MHz carried out in the USA

During 1993 a series of propagation measurements were made in the Salt Lake City (US) area
between 84 and 86 MHz. These were done primarily to obtain multipath data in preparation for
laboratory tests in the US on a number of Band II “in-band” digital sound broadcasting systems.
The “multipath time traces” are being used as input data to an RF simulator that simulates the RF
channel from transmitter to receiver.

Extensive data were taken along many paths using a fully instrumented van. Both vertical and
horizontal polarization data were taken every one-tenth of a wavelength along the prescribed
vehicle paths. The data were classified into four categories:

– downtown urban,

– suburban,

– rural, and

– terrain obstructed.

The last category is based on roads within canyons and following river valleys, and provides
extreme cases of long delay multipath where frequently the highest power signal was that of a
reflection delayed by more than 10 µs from the “direct” signal.

Eight time-domain extracts appear below (see Figs. X.10-X.17). Each figure portrays a simple time
trace of the vertical component at one instance. These are preceded by short descriptions of the four
reception environments. There are two traces for each reception category.

X.4.1 Urban business – industrial – heavy commercial (Figs. X.10 and X.11)

This environment included the central city business district and surrounding area, approximately
6 blocks north-south by 8 blocks east-west; an industrial/warehouse area south west of the city
centre; and several moderately heavy commercial areas comprised of shopping centres and malls
with multi-story buildings.

The traffic paths are generally close to the buildings indicating that the expected reflections should
be short in time delay and generally strong in level. The practical vehicle speed in the area ranges
from stopped to approximately 40 km/h.

X.4.2 Suburban – residential (Figs. X.12 and X.13)

This environment includes many residential areas, scattered to the south of the city center, from
single family large homes on large lots to duplex town houses to apartments. As a consequence the
neighborhood may include light commercial shopping areas, schools, libraries, college buildings,
etc. Some of the typical older residential areas were heavily covered by mature trees of up to 25 m
in height.
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FIGURE X.10

Vertical component delay
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Trace 1
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FIGURE X.11

Vertical component delay
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FIGURE X.12

Vertical component delay
Suburban – residential

Trace 1
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FIGURE X.13

Vertical component delay
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Trace 2
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The traffic paths are generally more open than for the urban environment but still relatively close to
some structures. The expected reflections should be moderately short in time delay and moderately
strong in level. In the more open areas in the environment, longer and weaker delays may
predominate.
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The practical vehicle speeds still drop to zero on occasion but may increase to 70 km/h.

X.4.3 Rural – parkway – highway (Figs. X.14 and X.15)

This environment includes generally open areas with a variety of roads ranging from single lane
country roads northwest of the city to divided highway parkways south of the city to a commercial
boulevard east of the city at the foothills of the mountains.

FIGURE X.14
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FIGURE X.15
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The open nature of the areas generally keep the closest structures moderately far from the
measurement path, with the structures themselves including all types from multistory office
buildings to small residential buildings. The expected reflections should be moderate but cover a
relatively wide range of time delays and magnitudes.

The vehicle speed ranged from 40 to 100 km/h without stops.

X.4.4 Terrain-obstructed paths (Figs. X.16 and X.17)

This environment included those paths which have a significant terrain involvement, including the
Big and Little Cottonwood canyons and the few paths that followed river valleys in the area south
of the city.

The terrain along the paths is the significant factor but some, particularly the river valley path, have
some structures along the path. The expected reflections should be numerous and rapidly changing
with moderate to long reflections over a wide range of magnitudes. The major feature of the signal
path should be the frequent loss of a direct path with the dominant reflection becoming the
substitute direct path, one which is subject to rapid change as reflection characteristics change.

The practical vehicle speeds rarely drop to zero. The speed range is from 25 to 70 km/h without
stops.

FIGURE X.16
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FIGURE X.17

Vertical component delay
Terrain-obstructed paths

Trace 2
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X.5 Outdoor propagation measurements for satellite DSB

During the period 1985-1988, a series of experiments was sponsored by NASA and undertaken by
the Electrical Engineering Research Laboratory of the University of Texas and the Applied Physics
Laboratory of The John Hopkins University in which propagation impairment effects were
investigated for vehicular receivers in predominantly rural and suburban settings (see bibliography).
While the initial objectives of these experiments were to provide propagation impairment criteria to
designers of planned land-mobile satellite systems (LMSS) and models of propagation effects
associated with LMSS scenarios, the results are equally applicable to digital satellite sound
broadcasting.

The vehicular propagation measurement programs were performed in central Maryland of the
United States of America, north-central Colorado of the United States of America, and southeastern
Australia. These experiments, which were implemented with transmitters on helicopters and
geostationary satellites (INMARSAT-B2, Japan’s ETS-V, and INMARSAT-Pacific), were
performed at 870 MHz and 1.5 GHz. The satellite measurements were performed at 1.5 GHz only.
The specific objectives of the above tests were to assess the degrees of impairment to propagation
caused by shadowing and multipath from trees and terrain for those suburban and rural regions
where terrestrial cellular communication services are impractical. During these campaigns, the
receiver system was located on a van outfitted with UHF and L-band antennas on its roof, and
receivers and data acquisition equipment in its interior.

X.5.1 Attenuation due to roadside trees at 1.5 GHz

Cumulative fade distributions were systematically derived from helicopter-mobile and
satellite-mobile measurements in the central Maryland region. A formula was derived
characterizing the cumulative fade distribution as a function of elevation angle for an overall
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average condition of driving along 640 km of roads exhibiting shadowing and multipath. This
formulation, referred to as the “Empirical Roadside Shadowing (ERS) Model”, is valid for P = 1 to
20%, and is given by:

F(P, θ) = – M(θ)ln P + B(θ) dB (X.2)

where F is the fade exceeded in dB for P percentage of distance (or time), and θ is the path
elevation angle (degrees) to the satellite. The parameters M and B are path-angle dependent and are
given by:

M(θ) = a  + bθ  + cθ2 (X.3)

B(θ) = dθ + e (X.4)

where:

a = 3.44, b = 0.0975, c = –0.002, d = – 0.443 and e = 34.76.

No physical significance should be attributed to equations (X.2) through (X.4) other than that they
are in agreement with a family of angle-dependent fade distributions derived from an extensive and
varied database.

In Fig. X.18 a family of cumulative distributions is given (percentage versus fade exceeded) for the
indicated path elevation angles. The model was found to agree with the data points at 20°, 30°, 45°,
and 60° to within 0.3 dB. The ERS model was further validated employing distributions acquired in
southeast Australia using emissions from the ETS-V and INMARSAT-Pacific. Agreement between
the model and the measured cumulative distribution in Australia, for more than 400 km of driving
along rural and suburban roads, was well within 2 dB at all equi-probability levels.

Recommendations ITU-R P.679 and ITU-R P.681 contain more information attenuation caused by
trees.

X.5.2 Equi-probability attenuation scaling factor between L-band and UHF

Simultaneous mobile fade measurements at L-band and UHF in central Maryland have
demonstrated that the ratio of fades at equal probability levels is approximately consistent with the
square root of the ratio of frequencies over this frequency interval. That is:

2121 /)()( fffFfF ≈ (X.5)

where F(f1) and F(f2) are the fades (dB) (or dB(m–1)) at the frequencies f1 and f2, respectively.
More specifically, it was observed that by examining 480 km of combined simultaneously acquired
UHF and L band measurements for f1 = fL = 1.5 GHz and f2 = fUHF = 870 MHz that:

F( fL) ≈ 1.31 F( fUHF) dB (X.6)

where the multiplying coefficient 1.31 was shown to have an RMS deviation of ±0.1 over a fade
exceedance range from 1% to 30%.

It should be stressed that the expression (X.5) has been shown to be consistent with measurements
at 1.5 GHz and 870 MHz. Nevertheless, in the absence of other criteria, it seems reasonable to use
(X.5) to estimate fades over the range 500 MHz to 3 GHz.
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FIGURE X.18

Cumulative fade distributions at 1.5 GHz for a family of path elevation
angles employing the empirical roadside shadowing (ERS) model
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X.5.3 Measurements of tree-shadowing for space-Earth communications in the approximate
range of 1.4 to 2.6 GHz

X.5.3.1 Summary

A number of L-band and S-band frequencies were allocated at WARC-92 to the BSS (sound) and
the MSS. For both services, signal attenuation because of tree shadowing is an important
propagation factor, with a strong influence on the link budget requirements for future operational
systems.

Observations were made of the time, space and frequency structure of L-band and S-band simulated
satellite power levels in both circular polarizations after slant angle propagation through three
representative trees.

Using a small transmitter mounted on a boom attached to a van and a receiver near the ground,
simultaneous L-band and S-band measurements were made with three tree species in between the
transmitter and receiver. The trees were a cottonwood, a pine and a pecan.

Measurements were taken at different elevation angles, with the presence or absence of foliage on a
tree, at different nearby distances and azimuths from the centre of a tree and for different
polarizations.
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Output results include figures of signal levels, time (wind effects), signal level through a tree
relative to an unobstructed path off the tree axis taken at the same time, L-band vs. S-band
comparisons, and multipath effects and frequency selectivity over the 160 MHz sweep of the
transmitter at both L-band and S-band. Regression equations were developed.

In general, it is clear that attenuation due to tree shadowing will be a major factor in determining
link margins for BSS (sound) and MSS systems in the frequency range from roughly 1.4 to
2.6 GHz.

Although the frequencies tested were those in and around the allocated MSS frequencies, they are
very close to both the L-band and S-band frequencies allocated to the BSS (sound) at WARC-92,
and hence the conclusions should be equally valid at the BSS (sound) frequencies around 1.5, 2.3
and 2.6 GHz.

X.5.3.2 Experimental overview

The measurement system consists of a dual-frequency sweeping transceiver located in a van, a 20 m
crank-up transmitter tower mounted to the van, and a wired remote receiving antenna, filter and a
preamplifier mounted on a linear positioner. Using the upper and lower sidebands of a 2055 MHz
swept oscillator, S-band and L-band signals are generated, and propagated from the boom, through
one of the tree species, and received at the other side of the tree by the receiver. The full sweep of
the generator produces signals from 1580-1 780 MHz and from 2330-2530 MHz. These
frequencies are close to the BSS (sound) frequency allocations.

The trees were pecan, pine and cottonwood, with leaves present on the deciduous trees.

X.5.3.3 Conclusions and results

The results can be classified into three categories: time variability, space variability and frequency
variability.

X.5.3.3.1 Time variability

Time variability refers to short-term fluctuations of the received signal, largely due to wind–induced
swaying of the tree branches. Figure X.19 is a plot, along with linear regression curves, that
illustrate the fact that severe attenuation is common, and that the standard deviation of the
attenuation measurements increase as the received signal decreases.

X.5.3.3.2 Space variability

Space variability refers to the variation in received signal because of different orientations of the
transmitted ray through a tree due to the elevation angle (satellite simulation) and off-axis of the ray
to the trunk of the tree. Figure X.20 summarizes the results for each tree and for the two frequency
bands. The cumulative distribution functions are quire similar, except for the cottonwood tree at
L-band, where the attenuation is much less pronounced.

X.5.3.3.3 Frequency variability

The effect of frequency variability on attenuation is a function of the mean attenuation of the signal
path through the tree. Figure X.21 illustrates frequency variability of signal attenuation, for four
signal paths through a tree, at frequencies in the vicinity of 1600 MHz and 2500 MHz.
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FIGURE X.19

The relationship between the standard deviation and mean of the power level
for all frequencies and polarizations and for all trees
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FIGURE X.20

Cumulative distribution of the spacial fading for all trees and both circular polarizations
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X.6 Building penetration loss measurements conducted in Europe

Digital sound broadcasting (DSB) services are primarily intended for vehicular reception but they
are also required to provide satisfactory reception on portable receivers in the home without relying
on fixed antennas. It follows therefore that an allowance to overcome building penetration losses
will be required in any planning process.

The following summarizes various building penetration loss measurements performed in several
countries.

Measurements within the UK in the VHF bands indicate that the median value of building
penetration loss appears to be about 8 dB with a standard deviation of approximately 4 dB.

Measurements made in the UHF band at 762 MHz during research on digital television in Holland
found the building penetration loss at an antenna height of 1.5 m to be approximately 7 dB with a
low standard deviation. Work by DBP-Telecom in Germany showed median values for penetration
loss in the 500-600 MHz range to be 13 dB for brick structures and 20 dB for concrete.

Work in the 570-670 MHz range by the BBC in the UK showed the median building loss value in
ground floor rooms to be 19 dB referenced to external measurements at 9 m above ground.

Building loss figures for L-band are more difficult to quantify. Research on T-DSB in Canada show
that the median value at L-band for an average ground floor location is 17 dB and the best ground
floor location median to be 8.4 dB.

Measurements made by the University of Liverpool in 1988 gave building penetration loss figures
of between 7.5 and 15 dB for L-band, the higher value is for the no line-of-sight condition whereas
the lower value is for partial line-of-sight. The mean value here is 11.25 dB.
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FIGURE X.21

A close up view of the frequency selectivity of tree fading (Pine tree shown) in
the allocated mobile-satellite service bands around 1.6 GHz and 2.5 GHz
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In late 1993 a number of measurements were made by the BBC in order to quantify building
penetration losses at L-band (1.5 GHz). From the limited number of measurements made a median
value for building penetration loss, at a height of about 1.5 m, of 12 dB was derived. The dwellings
measured were of conventional brick built construction.
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Taking a mean of the above figures gives a mean building penetration loss, at ground floor level, of
12 dB for L-band.

For vehicular reception a percentage location coverage figure in the order of 99% is envisaged. In
the VHF bands this high location value may not be necessary within buildings, a relaxation to about
80% may be possible which will reduce the adverse effects of building loss. Greater allowance for
building losses may be required as the T-DSB emission frequency increases.

The above building loss values are the best available to date. However, it must be remembered that
the building loss will vary as a function of the number of windows in a building and their size. In
addition, in a single frequency network if a number of transmitters are contributing, the effective
building loss will be reduced.

These results are summarized in Table X.8.

TABLE X.8

Median building penetration losses (dB)
according to different measurements

X.7 Inside building propagation measurements conducted in the USA

DSB services are intended for all receiver environments: mobile, indoor portable, outdoor portable
and fixed. The indoor portable (“table top”) receiver market is a large one. The propagation
characteristics within buildings are far different than those for a mobile environment. Recognizing
this, a carefully designed set of propagation measurements were carried out in the US to add to the
understanding of the fine-grained radiation patterns exhibited in rooms within buildings. These
results document both time and spatial variations. Measurements also permitted building absorption
data to be collected.

Below 300 MHz 300-1 000 MHz 1 500
MHz

8 (1)

7 (2)

3 (3)

20 (4)

10-25 (5)

19 (10)

8.4 (6)

17 (7)

5 (8)-15 (9)

12 (1)

(1) UK
(2) Holland (762 MHz)
(3) Germany (brick, 500-600 MHz)
(4) Germany (concrete, 500-600 MHz)
(5) CCIR Report 567-4
(6) Canada (median of best room)
(7) Canada (overall median)
(8) UK Liverpool University (obstructed)
(9) UK Liverpool University (partially obstructed)
(10) UK (570-670 MHz referenced to median outside field strength

at 9 m above ground)
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The following information documents the results of the experiments conducted between 700 and
1800 MHz and draws conclusions on the implications for digital sound broadcasting and receiver
and receiver antenna design within the indoor environment.

X.7.1 DSB propagation measurements

X.7.1.1 Experimental approach

The measurement system made use of an 18 m tower attached to a van outfitted with radio emission
and reception equipment as well as a data acquisition and control computer. Continuous wave (CW,
constant frequency or swept) signals from a tracking generator synchronized to a microwave
spectrum analyser were fed through a cable to the top of the tower, amplified, and transmitted
towards the building under test. Inside the building, the signal was received by an antenna mounted
on a linear positioner, amplified, and fed back to the spectrum analyzer in the van through an 80 m
cable. The positioner was manually oriented to allow computer-controlled antenna motion along an
arbitrary axis in 16 steps of 0.05 m, for a total scan distance of 0.8 m along the vertical or in the
horizontal plane parallel with or at right angles to the propagation path. Absolute signal power
measurements were converted to attenuation values relative to free space propagation.

At each antenna position, the emission frequency was swept from 700 to 1800 MHz. Data was
collected with a frequency resolution of <1 MHz and an overall accuracy of <0.5 dB. Both
antennas were circularly polarized cavity-backed conical spirals with 90° half-power beamwidth.

X.7.1.2 Measurement sites

Six buildings with various construction types and material were chosen for indoor propagation
measurements. Between eight to twenty locations were chosen in each of the six buildings for
frequency and position scans:

Site 1 – Brick corner room

Site 2 – Brick small room

Site 3 – Concrete foyer

Site 4 – Metal shack

Site 5 – Wooden farm house

Site 6 – Metal mobile home

X.7.2 Measurement results

X.7.2.1 Spatial/spectral signal variations

Indoor signal levels were found to have much spatial and spectral structure. An example of the
power received versus frequency from 700 to 1800 MHz during a vertical position scan near a
window at Site 2 is given in Fig. X.22. The upper and lower traces in the plot are the composite
maximum and minimum signal levels. The middle trace represents the power versus frequency at
just one of the positions. At best, the signal was attenuated 0 to 5 dB. At worst, troughs of over
20 dB were found.

Figures X.23 and X.24 more clearly show signal levels in this scan at two arbitrary positions
separated by 50 cm. A significant feature is that the signal troughs occur at different frequencies at
the two scans taken 50 cm apart. In one case, the deepest troughs happen to be located near 800 and
1100 MHz, in the second case one is close to 1400 MHz and another close to 1500 MHz.
Figure X.25 shows further details of the spatial/spectral signal trough over a distance of 80 cm at
5 cm increments. The depth and position of the signal troughs change only slightly over 25 MHz.
Signal troughs can be visualized as a joint function of frequency and position. The depth of the
signal trough, its spectral width, and its spatial span are parameters of interest.
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FIGURE X.22

Composite maximum and minimum of
received power in a vertical position scan
Near window at Site 2 (brick small room)

Single-position trace
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FIGURE X.23

Received power vs. swept frequency at a
fixed position in vertical scan of Fig. X.20

(Two deep fade troughs near
850 MHz and 1100 MHz)
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FIGURE X.24

Position ∼∼∼∼ 50 cm higher than in Fig. X.21
(Fade troughs close to 1400 MHz

and 1500 MHz)
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FIGURE X.25

Received signal level in a fade trough vs. distance at 6 frequencies
from 725.3-749.5 MHz

(spacing ∼ 5 MHz)
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There are two important spatial parameters for a signal trough: trough length and the crest-to-trough
distance. The trough length is defined as the distance between points where the received power
drops below a given threshold to where it rises above it as the receiving antenna is moved along a
line. Figure X.26 shows the median trough length as a function of threshold for Site 3, but is
representative for the other buildings. The median trough length is about 15 cm at –18 dB and
increases to about 30 cm at –3 dB. Figure X.27 shows the cumulative distribution function (CDF) of
trough lengths at a fixed depth of –12 dB, with frequency as a parameter. There is a weak
dependence on frequency, i.e., troughs are slightly longer at lower frequencies.

Percentiles of the distance between positions of minimum and maximum power in all position scans
have been determined and plotted in Fig. X.28 as a function of frequency for Site 1. The
distributions show only a weak frequency trend, i.e., the trough to crest distances are slightly longer
at lower frequencies. Taking the average over the frequency, the distribution was found to be
normal with means and standard deviation near 41 and 17 cm, respectively. For all buildings the
median crest to trough distance was between 35 and 45 cm with a weak frequency trend.

The frequency width of the signal troughs and crests has been determined as a function of threshold
from –3 to –18 dB for the six buildings. Figures X.29 and X.30 compare the trough and crest
frequency width CDF for various thresholds at Site 1. As expected, troughs at low thresholds are
narrower while crests are wider. The median trough and crest width varies from 10 and 12 MHz at
−3 dB to 7.5 and 18 MHz at –18 dB threshold.
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FIGURE X.26

Median fade trough length, L (cm) varies
with threshold, T (dB)

L at Site 3 (concrete foyer):
L ≈ 30 + T for T ==== –3 to –18 dB
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FIGURE X.27

CDF of fade trough of length L
Site 3 (concrete foyer)
Threshold ==== –12 dB
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FIGURE X.28

Percentiles of distance between positions of minimum and maximum power
Site 1 (brick corner room):

Averaged over bandwidths from 1 to 90 MHz
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FIGURE X.29

Trough frequency width CDF
Site 1 (brick corner room)
Thresholds: –3 to –18 dB

Troughs at lower thresholds are narrower

100101
0

80

60

20

40

100

10

30

50

70

90

T
ro

ug
hs

>a
bc

is
sa

(%
)

Width (MHz) Digital-A27

FIGURE X.30

Crest frequency width CDF
Site 1 (brick corner room):
Thresholds: –3 to –18 dB

Crests at lower thresholds are wider
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X.7.2.2 Window effects

Figures X.31 and X.32 show two very dissimilar scans taken 50 cm apart in the metal shack. First
the receiving antenna was looking through the open door, then it was shielded by the wall between
door and window. As expected, the signal level shows both higher attenuation and variability in the
shielded position.

Another pair of frequency sweeps taken at two positions 50 cm apart near a window of Site 3 are
depicted in Figs. X.33 and X.34, with the line-of-sight (LOS) interrupted by a concrete wall and
passing through a window, respectively. Again, the interruption of line-of-sight geometry
drastically increases the attenuation and its variability.

X.7.2.3 Coherence bandwidth

Variations of the propagation loss with frequency limit the coherence bandwidth of a transmission
channel. Both multipath interference or frequency dependent absorption can be the cause of loss of
coherence. In the test buildings, at signal levels within about 15 dB of the free-space level,
multipath delays tended to be less than a few hundred nanoseconds (Fig. X.35), hence systems with
bandwidths narrower than about 1 MHz would be much less affected. This has been verified by
making some of the measurements with 10 kHz resolution bandwidth. From data collected at the
average and the best position in each 80 cm scan, the power frequency distortion has been
calculated for bandwidths from 2 to 90 MHz. Typical results (Site 4) are plotted in Figs. X.36
and X.37 for the average and best scan positions respectively. As the distortion was found to be not
very frequency dependent, the data for all frequencies have been combined. The distortion at the
average receiving position increased approximately linearly with the logarithm of the bandwidth,
whereas at the best position it increased at a lower rate for bandwidths up to about 20 MHz. This is
due to the fact the power changes with frequency at signal crests tend to be more gradual than near
troughs.
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FIGURE X.31

Signal level observed inside Site 4
(metal shack) at Position 2

Horizontal position scan near open door
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FIGURE X.32

Signal level observed inside Site 4
(metal shack) at Position 12

50 cm from location in Fig. X.31
Path obstructed by corrugated

sheet-metal wall
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FIGURE X.33

Signal level observed at Site 3
(concrete foyer)

Near the large window
Line-of-sight path through concrete wall
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FIGURE X.34

Signal level observed at Site 3
(concrete foyer)

50 cm from location in Fig. X.33
Line-of-sight path through the window
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FIGURE X.35

CDF of time delay spread at one position in three different buildings
Largest and most lossy structure (concrete foyer) had longest delays
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FIGURE X.36

Power-frequency distortion
Site 4 (metal shack)

Bandwidth 2-90 MHz
Average positions in site 4
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FIGURE X.37

Power-frequency distortion
Site 4 (metal shack)

Bandwidth 2-90 MHz
Best positions in site 4
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X.7.2.4 Average losses and frequency trends

Power levels obtained were analyzed to determine the average and best positions in all scans for
bandwidths of 1, 2, 5, 9, 18, 45 and 90 MHz from 700 to 1800 MHz. No bandwidth dependence of
the overall loss distribution was found. Figure X.38 gives probability contours for the signal level
being less than the ordinate at 99, 90, 50, 10, and 1% at the average position in the scan for Site 1
averaged over all the bandwidths listed above. The median loss increases from 5 dB at 750 MHz to
13 dB at 1750 MHz. The attenuation statistics will look significantly more favorable if an attempt is
made to place the receiver at a local spatial signal peak, i.e., the best rather than an average position.

The modified results are shown in Fig. X.39. The median losses are reduced to values varying from
1.5 dB to 7 dB, respectively. Table X.9 summarizes the median losses observed in all buildings at
two frequencies of 750 and 1750 MHz for the two different scenarios of average signal or best
signal position. The average loss results are in general agreement with the ATS–6 propagation
experiments.

FIGURE X.38

Probability contours for the signal level being
less than the ordinate at 99, 90, 50, 10 and 1%

at the average position in the scan
Site 2 (brick small room)
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FIGURE X.39

Probability contours for the signal level
being less than the ordinate at 99, 90, 50,
10 and 1% at the best position in the scan

Site 2 (brick small room)

50%

10%

90%

99%

1%

4

0

–4

–8

–12

–16

–20

–24
800 1 000 1 200 1 400 1 600 1 800

Frequency (MHz)

Si
gn

al
le

ve
l(

dB
)

TABLE X.9

Median power losses as a function of frequency

Site and building Average position loss
(dB)

Best position loss
(dB)

750 MHz 1 750 MHz 750 MHz 1 750 MHz

Site 1: Brick corner room 5 11 2 6

Site 2 : Brick small room 5 14 2 5

Site 5 : Wood farm house 5 11 3 5

Site 4 : Metal shack 9 11 5 6

Site 3 : Concrete foyer 17 18 12 13

Site 6 : Metal mobile home 20 >24 dB 16 22
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X.7.3 Implications on system design

The frequency dependency of the penetration loss of UHF signals into buildings and the intricate
spectral and spatial signal structures observed have important ramifications on the indoor portable
reception of DSB.

X.7.3.1 Diversity to mitigate signal troughs

The presence of spectral/spatial signal troughs indoors needs to be carefully considered in DSB
system design. These signal troughs have to be mitigated by a combination of link margin, diversity
techniques, and/or the efforts of the listener to place the receiver or its antenna in a good signal
location.

A comparison of the spectral width of signal troughs versus potentially available bandwidth reveals
that frequency diversity is not a viable option for indoor DSB. Current proposed satellite DSB
system concepts envisage a frequency allocation of around 60 MHz to be divided among a number
(3 to 7) of adjacent beams, accommodating targeted broadcasting to neighbouring areas. On the
basis of these considerations (given the competition for spectrum, for a best case scenario), the
available spectrum per beam would be about 6 to 20 MHz. As indoor signal troughs have widths of
5 to 30 MHz, it is obvious that frequency diversity within the 6 to 20 MHz available per beam will
not be effective.

Fortunately, the short spatial width of signal troughs lends itself well to mitigation by close-spaced
antenna diversity. The selection of optimum antenna spacing can be based on the median
trough-to-crest distance of around 40 cm. Considering the weak frequency trend, optimal antenna
spacing of 45, 37 and 30 cm are estimated for the three nominal frequencies of 750, 1500 and 2 400
MHz, respectively.

X.7.3.2 Performance and frequency trade-offs

Fig. X.40 shows the relationship between link margin and signal availability indoors for five of six
test buildings and for three frequencies of 0.75, 1.5 and 2.4 GHz. Results for 2.4 GHz are based on
extrapolating the frequency trend of signal losses for the test buildings beyond the measurement
range (700 to 1800 MHz). As reception of satellite DSB would generally be attempted by attaching
an antenna to the outside of a mobile home, high attenuation Site 6 has been omitted. By combining
results from a system study on cost of various link margins and its frequency trend with propagation
measurements, cost/performance trade-offs can be made for indoor portable reception and the effect
on these trade-offs on the allocated frequency.

X.7.4 Conclusions

Propagation experiments and the satellite DSB systems trade-off study have been combined, using
swept CW signals, to reveal significant implications for indoor portable reception:

a) Indoor signal levels were found to have much spatial and spectral structure but were
relatively stable in time. Typically, people moving nearby produce less than 0.5 dB
variations, whereas a person blocking the transmission path produces 6 to 10 dB fades.

b) When the signal level is displayed as a joint function of frequency and space, amplitude
troughs of several dB are observed. The width of amplitude troughs is typically 5 to
30 MHz in the frequency domain and 10 to 30 cm in the spatial domain.

c) Both trough-to-crest distance (40 cm) and trough lengths (10 to 30 cm for thresholds from
−18 dB to –3 dB) varied little from building to building and were insensitive to the
direction of measurement.
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d) The narrow width (10-30 cm) of a spatial trough should make small–scale antenna diversity
reception feasible.

e) The power-frequency distortion increased with the logarithm of the bandwidth but could be
mitigated by moving to a position of higher power. Within bandwidths below about 1 MHz,
signal levels were nearly constant, signifying that there were neither very narrow absorption
features nor very long multipath delays. Only in one of the buildings were delays greater
than 50 ns of importance. Coherence properties, such as distortion or trough frequency
widths, were discovered not to be a function of frequency.

f) Of all the parameters measured, only building-caused attenuation showed a clear frequency
dependence.

g) Attenuation, which at an average position in a room increased from 6 to 12 dB as frequency
increased from 750 to 1750 MHz, could be mitigated to lower values, from 2 to 6 dB over
the same frequency range, by moving the antenna typically less than 30 cm. The most
severe losses (17.5 dB, mitigated to 12.5 dB) were observed in a concrete wall building,
which also exhibited the longest multipath delays (>100 ns). High losses observed in the
most difficult buildings (concrete building, metal shack, and mobile home) could be
reduced to a few dB’s by moving the receiver antenna close to a window in view of the
satellite.

FIGURE X.40

Percentage of positions where indoor BSS (sound) reception is feasible
as a function of the link margin
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X.8 Channel fading statistics for BSS (sound) using spread spectrum signalling and a
Tracking Data Relay Satellite system (TDRS)

X.8.1 Summary

During 1994 data collection of propagation effects from satellites has been done with NASA’s
Tracking and Data Relay System (TDRS) satellites. These data have been collected to elucidate the
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situation facing the MSS and BSS (sound) services in the frequencies within approximately 30% of
the S-band frequencies around 2.05 GHz where the TDRS satellites have a steerable “2°” spot beam
with an e.i.r.p. of 47 dBW.

Realistic extrapolations in frequency and in power flux density can be made from these propagation
measurements to assist future providers of BSS (sound) and MSS services to understand the
propagation environment they will face, and hence to build in the appropriate link margins for the
levels of service they intend to provide.

One of the key experimental designs was conducted by a team from New Mexico State University
in the United States. A sample of the propagation measurement results, particularly with regard to
cumulative statistics on fading as a function of several local environment variables, is shown in
Table X.10 and Figs. X.45, X.46 and X.47.

In addition, relying on the spread spectrum technique employed with a 16 MHz band based on a
pseudo-random noise code, the investigators were able to determine multipath effects up to
approximately 5 km away from the receiver. Auto correlation techniques were employed to detect
both the delay times of a multipath signal (relative to the direct satellite signal) and its relative
amplitude. From the fade statistics histograms the importance of mutipath and the importance of
signal blockage of the direct line-of-sight to the satellite can be estimated.

X.8.2 Experimental overview

The data collection with a mobile van using the 2° steerable spot beam on one of NASA’s TDRS
satellites covered 21 representative locations in the western and south-eastern regions of the United
States. A 16 MHz spread spectrum signal was employed, which permitted, among other things,
careful measurements of multiple signal reception due to multipath effects. This was done using
auto-correlation methods.

The satellite elevation angle varied from approximately 10° to 40°. The local environmental
conditions sampled in these areas include dense urban, tree-lined, and open road conditions.
Numerous results for these conditions are summarized in the full report in the form of cumulative
distribution functions.

To accomplish the task of measuring channel fade statistics for a spread spectrum communications
link, a spread signal was transmitted from orbit to an instrumented mobile receiver. For this
research, the spread signal was uplinked at Ku-band through the White Sands Ground Terminal
(WSGT), to TDRS F3, from which the signal was relayed back to the mobile receiver at S-Band.
Figure X.41 illustrates the basic concept of the measurement.

The performance of the channel was characterized by measuring the energy in the received
waveform as the instrumentation was moved through the test areas. The receiver was calibrated
against line-of-sight signal levels, providing statistics of the excess path loss due to shadowing and
multipath effects. To achieve the goal of developing accurate empirical channel models for a variety
of environments, it was important to pick appropriate locations in which to collect the data. These
locations should be representative both in elevation angle to the satellite, and in topographical
features. Using TDRS F3 at 61° W, the elevation angle contours to the satellite were as shown in
Fig. X.42. It can be seen that the elevation angles vary from about 55° in southern Florida, to about
8° in the Olympic Peninsula of Washington.
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FIGURE X.41

S-Band test concept

White Sands

Ground Terminal

New Mexico State

Equipment Van

Tracking and Data

Relay Satellite (TDRS)

Ku-Band Up
S-Band Down

FIGURE X.42
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The New Mexico State University measurement system was designed around an analogue SAW
matched filter. The filter was matched to a 1024-bit acquisition sequence derived from a much
longer Gold code. A transmitter continuously transmitted this 1024-bit sequence as it was clocked
out at an 8 MHz rate. The resulting BPSK signal, after filtering, occupied nearly 16 MHz of
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bandwidth. After propagating through the channel, this signal was received, amplified and
down-converted for processing through the matched filter. At the output of the envelope detector, a
waveform may be observed such as that depicted in Fig. X.43. There is a large response from the
matched filter once per 1024 bit cycle. This response occurs when the pattern of the incoming
signal envelope is aligned with the geometry of the SAW device in the filter. The amplitude of the
peak response is directly related to the total energy in the 1024 bit symbol.

FIGURE X.43
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The principle of operation of this receiver structure is as follows. If there is no multipath present on
the channel, there will be only one response at the output per 1024 bit sequence. If, however,
multipath is present, it will appear as a time delayed and attenuated response at the output.
Sampling the output of the matched filter provides a measurement of the delay profile for the
channel for each sequence repetition, and the amplitude of the largest response in this profile
provides statistics on the channel fading that would be observed by a single channel receiver.

The propagation data presented in this paper was collected by sampling the output of the matched
filter at a 50 MHz rate. Sampling was not uniform since it was only desired to observe multipath
returns from a few miles away. A special circuit synchronized the data collection to the transmitted
sequence period, and samples were collected in 20 µs bursts around each peak response.
Figure X.44 shows the timing of the sampling. Each burst of data collection provides a
measurement of the delay profile of the channel, extending from –2 µs to +18 µs around the main
response. With the hardware employed, it was possible to collect 30 delay profiles before pausing to
download the samples to storage. The significance of this is that 30 delay profiles of the channel
could be collected in rapid succession, but then a 3 s delay was required to store those profiles.

Approximately 100 000 individual delay profiles were measured at each location. The Cumulative
Distribution Functions shown in the attached figures are representative of the results of the full data
set. The fade depths are all referenced to unobstructed line-of-sight levels.
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FIGURE X.44

Timing of waveform sampling at the receiver output
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The performance differences between heavy shadowing (urban), light shadowing (roadside trees),
and open areas is clearly evident in Figs. X.45, X.46 and X.47. The knees in the curves which
separate the regions where flat fading and shadowing dominate are also evident. Flat fading is
observed in all environments; however, the more severe the shadowing is, the sooner the shadowing
effect dominates the fade distribution. In the open area, the knee occurs below the .01 probability
level and is not observed in the distribution. With light to moderate shadowing, such as along
tree-lined roads, the knee occurs at about the 0.1 probability level. Finally, in the urban
environment, the knee has moved all the way up to the 0.3 level and dominates nearly the entire
fade distribution curve. The best-case, worst-case, and median fade levels for fade depths at the 0.1
probability level observed in three types of environments are summarized in Table X.10.

X.8.3 Conclusions

Three factors stand out clearly as a result of the data analyses:

– typically, 10% of the time during urban area routes the signal fades more than 10 dB from
line-of-sight value;

– fading along tree-lined streets can be expected to be greater than 8 dB of the order of 10%
of the time; and

– fading in open areas is less than 2 dB for 98% of the time, with very little evidence of any
multipath effects.

The statements above are not without exception, and should not even be considered as “rules of
thumb”. However, they represent the fact that satellite delivery of a broadcasting service will
require high fade margins if that service is expected to reach both mobile receivers and receivers
used indoor with integral antennas with adequate signals to provide essentially uninterrupted
service. (This statement does not take into account the effect of terrestrial boosters. )
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TABLE X.10

Summary of fade depths at the 0.1 probability level
in three types of environments

FIGURE X.45

CDF’s from open areas

Geographic Area Best-Case Median Worst-Case

Urban Areas –4 dB –10 dB –17 dB

Tree-line Roads –1.5 dB –8 dB –16 dB

Open Areas –0.5 dB –0.8 dB –1.0 dB
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FIGURE X.46

CDF’s from tree-lined roads
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FIGURE X.47

CDF’s from urban areas

X.9 Propagation measurements at 2310-2360 MHz with emulated satellite spatial,
frequency and time diversity

One of the applications in the U.S. to the FCC for a license for a BSS (sound) system in the
2310-2360 MHz band proposes the use of two geostationary satellites separated by 30° of arc.
30 CD quality radio programmes are to be broadcast to mobile receivers throughout the U.S., except
Hawaii and Alaska. A key feature of the transmission scheme is to broadcast the 30 radio
programmes simultaneously from each of the two satellites, using different frequencies for the same
radio programme coming from one satellite compared to its “twin” coming from the other. Thus,
the system will employ a particular version of a combination of spatial diversity and frequency
diversity to combat multipath and blockage conditions at the receiver. In addition, the
transmit/receive system will employ the usual time diversity (interleaving) and forward error
correction techniques commonly used.

Using the two satellites positioned at 80° and 110° W longitude, the elevation angles throughout the
service area will be at least 20°.

The G/T for the receiver will be at least –19 dB/K, with an azimuthally omnidirectional antenna and
a 3 dBi gain at elevation angles between 20° and 60°. The antenna will be embedded in the roof of a
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vehicle, with no interruption in the contour of the roof. It will have a 2.5 cm radius and a 0.4 cm.
thickness. The listener will select the radio channel he wishes from among the 30 available. The
decision-making circuitry in the receiver will decide dynamically which of the two signals to select.

The object of the emulation described below was to estimate the improvement in reception quality
and availability that a two satellite transmission system will have over a single satellite transmission
system.

X.9.1 Emulation implementation

A terrestrial test route was set up in the Washington, D.C. area to emulate multiple satellite
transmission using different frequencies for each of the local S-band low power transmitters. Five
high rise buildings were used as transmit locations, configured to ensure that any two transmitters
visible to the mobile receiver has a least a 10° elevation angle. Furthermore, only one transmitter at
a time along the test route would be blocked by intervening buildings.

The output of the low powered S-band transmitters, which fed omnidirectional antennas, was
adjusted to supply a signal strength at the receiver equal to that which would be expected from a
satellite, i.e. approximately –138 dB(W/(m2 · 4 kHz)). The standard passenger vehicle used for the
emulation was outfitted with a prototype receiver, electronically similar to that envisaged for an
operational system.

X.9.2 Propagation data

Data on transmission performance were logged in twenty minute segments. The received data were
logged four times per second as a record containing time, location, signal strength and bit error rate.
These data may be retrieved as a function either of time or car wheel rotations.

X.9.2.1 Blockage

Selected measurements show that no electronic blockage occurred at measuring points around the
test route. At least one receiver channel always had a signal above threshold. A special test of
blockage avoidance was made on one of the largest freeway overpasses in the Washington, D.C.
area (see Fig. X.48). The measurements show that no blockage outage would occur in vehicles
passing under the overpass with the two satellite diversity system proposed.

Based on the preliminary analysis done to-date, the spatial and frequency diversity data indicate that
a 12 dB improvement over a single satellite system can be expected. The design trade-off between a
one satellite system and a two satellite system of the type described herein thus can include the idea
of lowering the e.i.r.p. from each of the two satellites compared to what it would have to be with a
one satellite system. This consideration and others with respect to the need or lack of need for gap
fillers indicates that further analysis and testing of this concept should be done.
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FIGURE X.48

Highway overpass, test results summary
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X.10 Example of computer-simulated combined propagation model

A Markovian computer simulation model has been developed and used as a satellite-mobile fading
model based on this combined propagation model, the symbols employed are given below.
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z : voltage of log-normal signal

m : mean of ln(z) of the log-normal shadowing
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s : standard deviation ln(z) of the log-normal shadowing

S : percentage of time the line-of-sight signal is shadowed

I0: 0-th order Bessel Function.

This type of model is enhanced with the addition of a two state Markov process to simulate a two
shadow state satellite channel for testing satellite DSB.

X.10.1 Log-normal shadowing

To simulate this fading, a normal Gaussian noise source is first low pass filtered and scaled to
produce a low pass Gaussian random process with mean=mean1 and standard deviation equal to
std1, with maximum frequency corresponding to the maximum shadowing rate. This signal is then
clipped to eliminate excessive signal “enhancements”. The signal is scaled again and exponentiated
to reproduce an amplitude varying signal with log-normal amplitude statistics. This signal is then
used to modulate the envelope of the satellite signal.

A discrete time two state Markov model allows for two shadowing states. If one of the states
describes no blockages then the combined fading and shadowing statistics are described by
equation X.7). In general, either state can have log-normal shadowing with non-zero mean and
standard deviation. User defined parameters, mean1, std1 and mean2, std2 define the log-ormal
shadowing statistics for states 1 and 2 respectively. Temporal parameters dwell1, pswitch1 and
dwell2, pswitch2 describe the dwell times statistics in the respective states. For example,
dwell2 = 0.05 and pswitch = 0.5 indicate that if the model is in shadowing state 2, at the end of
every 0.05 s with probability 0.5 the model will switch back to state 1.

X.10.2 Rayleigh fading

This block simulates an omni-directional antenna receiving a satellite signal that has been diffusely
scattered. Waves reflected from the multiple scatters arrive at the antenna with random
polarizations, amplitudes, phases and in general with random time delays corresponding to the
additional path lengths. Each scattered signal is Doppler shifted in proportion to the relative speed
between the vehicle and the scatterer. The range of Doppler frequencies is given by:

λ

Vel
fD ±=∆ (X.10)

where ∆fD is the Doppler frequency, Vel is the vehicle velocity (m/s) and λ is the signal wave-
length (m). A vehicle travelling at 55 mph and receiving a 2350 MHz signal will see scattered
signals with Doppler shifts in the range of ±200 Hz.

The approach to modelling the Raleigh fading is taken from [Jakes, 1974]. The description given
below of this Raleigh fading simulator refers to Fig. X of that reference.

“N0 low–frequency oscillators with frequencies equal to the Doppler shifts








 πω=ω
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n
mn

2
cos , n = 1,2,...N0, plus one with frequency ωm are used to

generate signals frequency–shifted from a carrier frequency ωc using modulation
methods.... The phases βn are chosen appropriately so that the probability
distribution of the resultant phase will be as close as possible to a uniform

distribution,
π2
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In this formulation ωm is the maximum Doppler frequency in rad/s. The resultant sum of N0
oscillator is a narrow-band signal, y(t), centred at the reference signal carrier frequency ωc. The
amplitude of y(t) is an approximate Rayleigh random process, producing random phase and random
FM. The auto correlation function of y(t) approximates J0(ωnτ) and therefore has a non–rational
spectrum similar to the types of fading encountered in a true mobile environment. Note that this
model simulates the random amplitude and phases but not the effects of random polarizations and
random time delays. Time delays will be added in later modification of this model.

X.10.3 Combining Rayleigh and log-normal fading

The approach described above produces a complex Rayleigh-faded carrier. To produce a similar
Rayleigh-faded satellite signal, the ωm complex carrier reference is replaced by the complex
unfaded normalized modulated satellite signal. The result is then scaled and added to the log-normal
faded satellite signal. If the log-normal fading is zero, then the resulting signal looks Rician with a
K factor as set in the simulation block parameters by the user. If the line-of-sight satellite signal is
faded, the diffuse scattered components maintain the same amplitude. If the percentage of time the
line-of-sight signal is shadowed is given as S, then equation (X.7) above describes the resulting
fading characteristics.

The validity of this model has been checked with a comparison of it and L-band fade statistics taken
using a helicopter-mounted transmitter and a mobile receiver on a highway in the eastern U.S. Over
a fade range from  +2 dB to –16 dB, the model used matched the collected data, in terms of
cumulative probability fade statistics, to within a few percent.

X.11 Propagation experiments using Digital System A

A number of propagation and coverage measurements carried out with Digital System A are
described in sections A.6 and A.7 of Annex A.

X.12 Channel fading statistics for BSS (sound) based on Digital System B experiments

X.12.1 Channel modelling

Using data from measurements at L-band with INMARSAT, a model for signal fading caused by
blockage on a satellite downlink is presented in Section B.10 of Annex B.

X.12.2 Initial experimental evaluations and field trials using Digital System B with
NASA/TDRS satellites

Propagation measurements using the TDRS 3 satellite at around 2050 MHz were carried out in the
Los Angeles area in 1994 and the results are reported in Section B.11.3 of Annex B.

X.12.3 Further analysis of field trials results using Digital System B with NASA/TDRS
satellites and some terrestrial transmissions

Section B.12 of Annex B gives a detailed explanation of propagation measurements conducted in
the Los Angeles area using a TDRS satellite with a downlink frequency around 2050 MHz.
Detailed analysis of propagation results is presented in Section B.12.

X.13 Propagation experiments using Digital System C

A number of propagation and coverage measurements carried out with Digital System C are
described in sections C.4 and C.5 of Annex C.
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X.14 Propagation experiments using Digital Systems DS and DH

Some propagation measurements were carried out with Digital System DS. The results are
presented in Section D.52 of Annex D. Field trials were also carried out on System DH and the
results are presented in Sections D.5.3.4 to D.5.2.7.

X.15 Propagation experiments using Digital System E

Some propagation and coverage measurements were carried out with Digital System E. The results
are presented in Section E.7.4.1 of Annex E.

X.16 Propagation experiments using Digital System F

Some propagation and coverage measurements were carried out with Digital System F. The results
are presented in Section F.12.2 of Annex F.
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X.18 List of acronyms

BPSK Binary phase shifted keying

BSS Broadcast satellite system

CAB Canadian Association of Broadcasters

CBC Canadian Broadcast Corporation

CDF Cumulative distribution functions

COFDM Coded orthogonal frequency division multiplexing

CW Continuous wave

DOC Department of Communications of Canada
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DSB Digital sound broadcasting

e.i.r.p. effective isotropic radiated power

ERP Effective radiated power

ERS Empirical roadside shadowing

HAAT Height above average terrain

LMSS Land-mobile satellite system

LOS Line-of-sight

MPSR Multipath power sensitive ratio

MSS Mobile satellite system

NASA National Aviation and Space Administration

PN Pseudo-noise

PRBS Pseudo-random bit sequence

SD Standard deviation

TDRS Tracking data relay satellites

T-DSB Terrestrial digital sound broadcasting

WSGT White sands ground terminal
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APPENDIX  Y 
 

SATELLITE  TRANSMITTING  ANTENNA  TECHNOLOGY 

Y.1 Introduction 

With the relatively lower e.i.r.p. now required which will result in a lowering of the required 
primary power a nd thus the total satellite size, it seems that the satellite antenna remains the only 
critical element in the realization of the space segment to provide UHF satellite digital sound 
broadcasting (S-DSB). This Annex covers the details of a number of techniques to realize the 
antennas and their expected performance. 

Satellite-borne antennas with diameters in the range of 5 m to 55 m are currently in various stages 
of development for advanced applications such as mobile communications satellites, orbiting very-
long-baseline-interferometry (VLBI) astrophysical missions, and Earth remote sensing missions 
(Freeland et al., 1986). The technology being developed for these other types of applications is 
directly applicable to satellite sound broadcasting systems operating in UHF. 

Most proposed S-DSB systems employ transmitting antennas less than 5 m in diameter. However, 
one proposed system for the band 2 310-2 360 MHz will use a 20 m antenna to produce 0.5 beams. 

Satellite-borne antennas with diameters greater than about 3 to 4 m must be designed so that they 
may be launched in a stowed configuration and deployed once the satellite has achieved its proper 
orbit and has been stabilized. This constraint has led to large-aperture, reflector antenna designs 
based on the use of a collapsible or foldable support structure and of a light-weight, pliable, 
metallized mesh reflector surface. 

The types of supporting structures used on the different satellite-borne antennas currently under 
development include the hoop/column, the tetrahedral truss, and the wrap-rib. Fig. Y.1 shows the 
wrap-rib and hoop/column antennas both in the partially deployed and fully deployed stages. These 
deployable antennas are all of relatively lightweight and use a mesh material as the reflecting 
surface. In the deployed configuration, the mesh antenna surface is formed into a paraboloid either 
by a series of tie-points between the members of the supporting structure and the mesh (the 
hoop/column and tetrahedral truss antenna) or by attaching the mesh to a shaped rib (the wrap-rib 
antenna). The surface accuracies achieved using these shaping techniques are such that the 
measured radiation patterns of these developmental antennas generally conform to the co-polar 
reference pattern for satellite transmitting antennas given in Fig. 9 of Annex 5 of Appendix 30 of 
the ITU Radio Regulations. 

Y.2 Supporting structure 

Y.2.1 Hoop/column 

A 15 m diameter hoop/column antenna has been built and tested in a ground environment. The 
antenna deploys from a volume of about 1 m in diameter by 3 m high to a structure that is 15 m in 
diameter by 9.5 m in height. A motor driven cable system is used to deploy the antenna. 
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Y.2.2 Tetrahedral truss 

A technology-demonstration 5 m diameter tetrahedral truss antenna has been built and tested. When 
packaged, the overall antenna height is 1.8 m, the truss height is 1.1 m, the mesh diameter is 1.4 m, 
and the truss diameter is 0.9 m. The antenna is a freely deploying system that does not require 
motors to deploy. Deployment makes use of energy stored in the folded spring hinges (carpenter 
tape hinges) of the structure. 

Y.2.3 Wrap-rib 

Large-aperture, deployable reflector antennas based on the wrap–rib design use the most mature 
deployable antenna technology available. A 9.1 m diameter version of this antenna was flown on 
the Applications Technology Satellite-6 (ATS-6) in 1974. A preliminary design study was 
conducted in 1979 to characterize offset fed and axi-symmetric reflector antennas for missions 
requiring antennas in the 100 m to 150 m diameter range. The study identified critical technologies, 
estimated the cost and schedule required to develop the antenna, and developed a technology plan 
for a low-cost, low-risk “proof-of-concept” demonstration. 

FIGURE  Y.1 

Partially- and fully-deployed wrap-rib and hoop/column antennas 

DSB-E1  

The proof-of-concept was demonstrated in 1984, when a partial reflector was deployed in a 
simulated zero-gravity environment. The proof-of-concept model was a segment of a 55 m diameter 
reflector consisting of a central hub (around which the ribs are wound when in the stowed 
configuration) and four ribs (contoured to the shape of a parabola) to which the mesh reflector 
material was attached. The tests demonstrated the efficiency of the deployment method and of the 
mesh-development management system. 
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Y.3 Reflector surface 

The performance of these large aperture space-borne antennas may be affected by the 
characteristics of the reflector material and by the accuracy of the reflector contour. 

Y.3.1 Effects of the wire mesh 

A knitted wire mesh is the reflector material of choice for each of the antenna types cited. A typical 
mesh is a tricot knit of 0.003 cm diameter gold-plated molybdenum wire with about three openings 
per cm. An analysis to determine the effects of the knitted wire mesh of the gain, side lobe, and 
cross-polarization performance of large-aperture antennas has been performed. It was shown that 
the performance of the mesh reflector antenna should be comparable to that of a solid reflector 
antenna when the geometry of the mesh material was properly selected (i.e., by properly selecting 
the opening size relative to a wavelength, rectangular vs. square openings, and the orientation of the 
rectangular opening relative to the incident polarization vector). Specifically, side lobes in excess of 
30 to 35 dB below the level of the main beam were achievable using a pliable, light-weight, wire 
mesh reflector material. 

Y.3.2 Surface accuracy 

The hoop/column and the tetrahedral truss antennas use tie-points to connect the mesh surface to the 
support structure and to form the surface into a parabolic shape. It was found that grating lobes were 
generated in the far-field pattern by periodic “pillowing” of the surface, which was in turn, caused 
by errors in “tensioning” the uniformly spaced tie-points. When the placement of the tie-points was 
randomized, the grating lobes were no longer evident. Figure Y.2 illustrates the measured 
performance of an offset-fed, 5 m tetrahedral truss antenna operating at a scale frequency of 
4.26 GHz. Note that this performance should scale to a 20 m diameter antenna operating at a 
frequency around 1 GHz. 

The achievable surface accuracy of the wrap-rib antenna has also been studied. This antenna design 
relies on both the accuracy and on the thermal characteristics of the rib cross-section to define the 
reflector surface formed by the mesh. Studies of the performance of a 20 m diameter wrap-rib 
antenna in a space environment indicate that an RMS surface accuracy of 3 mm can be achieved. 
This corresponds, for example, to an RMS surface accuracy of 0.01 at an operating frequency of 
1 GHz; a value that will ensure low side lobes. 

Y.4 In-orbit tests 

In order to verify that these large aperture deployable antennas will perform as required in a space 
environment, it is necessary to test them in an environment that simulates, as closely as possible, the 
zero-gravity and thermal vacuum conditions found in outer space. Ground testing of these antennas, 
even when suitable facilities exist, is extremely difficult and expensive, and frequently yields results 
of questionable value. A flight test of a high-performance, low side-lobe, 20 m diameter wrap-rib 
prototype antenna system on the Shuttle or an another suitable vehicle is being studied as a means 
to significantly reduce the risk and uncertainty associated with the operational use of an antenna and 
to provide the added benefit of helping to validate ground test procedures for future antenna 
systems. 
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FIGURE Y.2
Comparison of the calculated and measured antenna pattern of a 5m tetrahedral

truss antenna operating at 4.26 GHz
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Y.5 Possible use of shaped-beam antennas with a single feed 

Y.5.1 Technical considerations 

The desired satellite antenna pattern for the space-to-Earth transmission path should provide a 
footprint as closely shaped to the geographical service area as possible and with as rapid as possible 
gain roll-off beyond this area. Such patterns have been achieved in the 11.7-12.7 GHz frequency 
range by parabolic reflectors with multiple feeds creating shaped beams. More recently, it has been 
shown that the desired pattern can also be achieved using a shaped reflector with a single feed (ITU, 
October 1993, Doc. 10-11S/157 (United States)). 

The results of initial technical consideration indicate that, theoretically, antenna beam shaping can 
be achieved in the 1.4-2.7 GHz frequency range with performance equivalent to that achieved in the 
11.7-12.7 GHz frequency range. If this can be accomplished in practice, it would be possible to 
adopt the reference patterns for satellite transmitting antennas given in Figs. 9, 10, and 11A of 
Annex 5 of Appendix 30 of the ITU Radio Regulations. These figures are included for convenience 
as Figs. Y.3 to Y.5. It may also be possible to adopt one of these patterns for all Regions depending 
on future detailed studies. 
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Y.5.2 Current uncertainties 

It is very important to note that the antenna gain roll-off patterns shown in Figs. Y.3 to Y.5 may not 
be attainable in practice either for the co-polar or the crossed polar components. The reason for the 
uncertainty stems from the large physical dimensions of both the satellite aperture and the feeds and 
feed supports in the 1.4-2.7 GHz frequency range as compared to the 11.7-12.7 GHz frequency 
range. To be more specific, a 2° beamwidth (3 dB) at 12 GHz requires a satellite antenna reflector 
only 0.93 m in diameter, whereas at 2 GHz the satellite antenna reflector diameter is 5.6 m. For a 
multi-feed antenna, the size of the feed structure is of particular concern since it can be very large 
depending on the antenna system’s f/D ratio: 

– Multiple feeds would prove difficult since the large size of the feeds requires physical 
displacement from the true paraboloidal focus. The resultant defocusing causes increased 
antenna side lobes as well as on-axis gain loss. 

– The blockage caused by symmetric multiple feeds would contribute to increase antenna 
side lobes and back lobes as is shown in Fig. Y.6. 

– Mutual coupling between the feeds, diffraction and scattering from the feeds and feed 
supports and undesired radiation modes would contribute to increased antenna side lobes 
and back lobes. 

Another uncertainty is whether shaping of the antenna reflector is feasible for an antenna of such a 
large size, thereby allowing shaped beams with a single feed horn arrangement. 

 

FIGURE  Y.3 

Reference patterns for co-polar and cross-polar components for  
satellite transmitting antennas in Regions 1 and 3 
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FIGURE  Y.4 

Reference patterns for co-polar and cross-polar components for 
satellite transmitting antennas in Region 2 

 

 

FIGURE  Y.5 

Reference patterns for co-polar and cross-polar components for satellite 
transmitting antennas with fast roll-off in the main beam for Region 2 
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FIGURE  Y.6 

Blockage caused by symmetric multiple feeds 
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Y.5.3 Conclusion 

It is believed that one approach to achieving satellite transmitting antenna gain roll-off patterns in 
the 1.4-2.7 GHz frequency range comparable to those achieved in the 11.7-12.7 GHz frequency 
range is to use a shaped parabolic reflector with a single offset feed. Further experimentation should 
provide data on which to assess whether satellite transmitting antennas in the 1.4-2.7 GHz 
frequency range can yield patterns with envelopes that comply with the reference patterns given in 
Figs. 9, 10, and 11A of Annex 5 of Appendix 30 of the ITU Radio Regulations. 

Y.6 Summary and conclusions 

There is significant work underway to develop high-performance, deployable, light-weight, space-
qualified reflector antennas with diameters ranging from 5 m to over 55 m and which exhibit 
side lobe levels on the order of 30 dB or more below the peak gain of the antenna. Axi-symmetric 
and offset-fed antennas are being developed. A tricot knit, gold-plated molybdenum wire mesh is 
used for the reflecting surface. Analyses, confirmed by experiment, show that a properly chosen 
wire mesh reflector surface will not degrade the antenna performance in the side lobe region. When 
this condition is met, the antenna performance in the side lobe region is primarily determined by the 
mechanical deviations of the reflector surface from a paraboloid. During the course of developing 
the tetrahedral truss antenna, it was found that random positioning of the tie-point locations was an 
effective means by which to eliminate the grating lobes exhibited by antennas that use regularly 
spaced tie-points. 

The difficulties associated with space-qualifying these large-aperture deployable antenna structures 
using ground testing has led to the study of using flights of the Shuttle or other suitable vehicles to 
perform the requisite qualification tests. In-orbit testing of a high-performance, 20 m diameter 
wrap-rib antenna is being studied. 
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It may be concluded on the basis of the on-going work cited in this contribution that the satellite 
transmitting antenna radiation pattern given in Fig. 9 of Annex 5 to Appendix 30 of the ITU Radio 
Regulations is a viable reference radiation pattern to use for sharing studies and for system studies 
involving satellite sound broadcasting systems operating in UHF. 
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