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1 Introduction 

With the transition to digital television broadcasting now well advanced it is appropriate to consider 

once again why there has been inconsistent interest among administrations or demand from 

listeners to make a complete transition to digital sound broadcasting. Some administrations have 

strongly supported a transition, others have taken a cautious approach and some have expressed little 

interest. 

This Report seeks to highlight the benefits of digital sound broadcasting and reports on some 

successful implementations This Report also seeks to address some of the negative comments made 

during public consultations, particular by consumer groups, expressed on ceasing analogue sound 

broadcasting and goes on to address the technical and economic factors involved in bringing the 

advantages of digital sound broadcasting to all listeners around the world. 

Sound broadcasting has developed over the past 90 years as essential part of daily life for providing 

the public with a rich, advanced and diversified information and entertainment and is set to play 

a continuing role in shaping and participating in the global knowledge and information based 

economy. 

Rather than being in decline, audience monitoring figures from advanced media markets, such as the 

United Kingdom (see RAJAR1 listening figures (http://www.rajar.co.uk/listening/)) reveal that sound 

broadcasting has undergone a resurgence of interest in recent years and is now increasing in 

popularity – the key factors being the universality, mobility, intimacy of the listening experience, and 

all without any access charges. Moreover, terrestrial broadcast delivery offers truly mobile reception, 

particularly in cars, that is both cost effective and reliable for content providers. However, the 

introduction of new forms of digital information and entertainment in several Regions, including 

satellite radio and Internet streaming of radio programming present challenges for analogue radio. 

Analogue radio needs to make a transition to digital broadcasting in order to allow analogue radio to 

add new programming and new features necessary to make radio competitive with new forms of 

digital entertainment and information. 

The technical and propagation characteristics of sound broadcasting combine so that it remains the 

best medium for relaying of live news and information. The differing characteristics of the frequency 

bands available for terrestrial sound broadcasting should be seen as providing the flexibility for 

matching the various genres of sound broadcasting to audience expectations, rather than an unwanted 

source of complication for technical neutrality notions implicit in market-forces based spectrum 

management theories: 

 the propagation characteristics of the broadcasting bands below 30 MHz are ideal for wide 

area/long distance coverage free from the constraints that can be imposed on other methods 

of delivering electronic communication services by economic factors or political 

gatekeepers; 

 the propagation characteristics of the VHF broadcasting bands allow service areas to be 

matched closely to the distribution of population, the various types of distribution topologies 

required (i.e. national coverage segments, regional/county coverage, city-wide coverage as 

well as smaller local/community operations) and the terrain involved. 

                                                 

1 RAJAR stands for radio joint audience research and is the official body in charge of measuring radio 

audiences in the UK. It is jointly owned by the BBC and the RadioCentre on behalf of the commercial 

sector. 

http://www.rajar.co.uk/listening/
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2 Why replace analogue sound broadcasting? 

The traditional model of sound broadcasting faces challenges that make it essential to pursue the goal 

of moving to digital modulation techniques. For administrations and broadcasters, the analogue 

modulation techniques of amplitude modulation (AM) and frequency modulation (FM) used around 

the world for sound broadcasting do not provide the optimum use of spectrum. For listeners, audio 

quality is often compromised by adverse propagation conditions or interference, from a combination 

of man-made noise sources and over-use of the available frequency bands. However, in order to 

command the interest and support of listeners in making the transition from analogue to digital 

transmission, the technologies used must present the audience with very clear advantages. 

For AM broadcasting in the LF, MF and HF broadcasting bands, there is no doubt that the levels of 

noise and interference from competing broadcasting stations in crowded frequency bands do not make 

for a satisfactory listening experience. 

Although AM broadcasting in the LF, MF and HF bands has provided considerable advantages in 

terms of wide area coverage for regional, national and international sound broadcasting since the 

1930s, it has suffered a decline in recent years, as high electricity costs and poor audio quality, relative 

to FM, have combined to make it less attractive to broadcasters and listeners. But replacement of 

wide area AM transmissions by FM or digital sound broadcasting networks needs careful planning 

and, except in cases where an in-band solution can be implemented, will require investment in an 

extensive infrastructure. (This may be problematic or impractical for serving some needs, particularly 

for external broadcasting operations.)  

The particular characteristics of the various digital sound broadcasting systems that are being 

implemented around the world are considered in more detail in later sections along with the main 

technical and regulatory factors involved in managing the transition to digital sound broadcasting in 

the bands current devoted to analogue transmissions. 

3 Observations and reactions on current and planned DSB and multimedia broadcasting 

implementations 

The transition from analogue to digital television broadcasting is now well advanced, mainly through 

regional and sub-regional agreements on re-planning the use of Bands I, III and IV/V. Digital 

modulation techniques have allowed current television broadcasting requirements to be delivered in 

considerably less spectrum than previously, opening the way for the spectrum savings to be used for 

delivering an extended range of broadcasting and other multi-media content. 

With sound broadcasting, however, there has been no concerted move to make a coordinated 

transition to digital sound broadcasting from AM in the LF, MF and HF bands and FM in Band II. 

Nevertheless, there has been progress over the last 20 years in deploying DSB systems around the 

world with several systems now in operation or in the process of deployment. 

The service requirements for digital sound broadcasting systems at frequencies below 30 MHz and 

in the frequency range 30-3 000 MHz are set out in Recommendations ITU-R BS.1348 and 

ITU-R BS.774, respectively. The digital sound broadcasting systems that meet these service 

requirements are described in Recommendations ITU-R BS.1514, for use at frequencies below 

30 MHz, and Recommendation ITU-R BS.1114, for use at frequencies between 30 and 3 000 MHz. 

The objectives set out in Recommendations ITU-R BS.1348 for the technical and operational 

characteristics and capabilities of terrestrial digital sound-broadcasting systems intended for use 

in the LF, MF and HF bands are to: 

 be capable of providing high-quality monophonic or stereophonic sound to vehicular, 

portable and fixed receivers; 
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 provide better spectrum and power efficiency than conventional analogue systems; 

 provide significantly improved performance in a multipath environment; 

 allow for a trade-off between extent of coverage and service quality for a given emission 

power; 

 be capable of allowing, with a common receiver, the use of all means of programme delivery 

(e.g. mono, stereo, dual mono); 

 be capable of providing facilities for programme-related data; 

 be capable of providing additional data services; 

 allow the manufacturing of low-cost receivers through mass production. 

The objectives set out in Recommendation ITU-R BS.774 for the technical and operational 

characteristics and capabilities of terrestrial digital sound-broadcasting systems intended for use in 

the VHF and UHF bands are to: 

 be capable of providing high-quality stereophonic sound of two or more channels with 

subjective quality indistinguishable from high-quality consumer digital recorded media (“CD 

quality”) to vehicular, portable and fixed receivers; 

 provide better spectrum and power efficiency than conventional analogue FM systems; 

 significantly improved performance in a multipath and shadowing environment through the 

use of frequency and time diversity and co-channel space diversity at the transmitting end 

when needed; 

 be capable of utilizing common signal processing in receivers for any terrestrial and satellite 

broadcasting applications; 

 allow configuration/reconfiguration in order to transmit sound programmes with lower bit 

rates to trade-off quality and the number of sound programmes available; 

 allow for a trade-off between extent of coverage for a given emission power, service quality 

and the number of sound programmes and data services; 

 be capable of allowing, with a common receiver, the use of all means of programme delivery, 

such as: 

 local, sub-national and national terrestrial VHF/UHF network services; 

 mixed/hybrid use of terrestrial and national/supra-national UHF satellite service; 

 cable distribution networks; 

 be capable of providing enhanced facilities for programme-related data (e.g. service 

identification, programme labelling, programme delivery control, copyright control, 

conditional access, dynamic programme linking, services for visually and hearing-impaired, 

etc.); 

 allow for flexible assignment of services within a given multiplex; 

 provide a system multiplex structure capable of complying with the layered ISO open system 

interconnect model and permitting interfacing to information technology equipment and 

communications networks; 

 be capable of providing value-added services with different data capacities (e.g. traffic 

message channels, business data, paging, still picture/graphics, future integrated services 

digital broadcasting (ISDB), low bit-rate video/multiplex, etc.); 

 allow the manufacturing of low cost receivers and antennas through mass production. 
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Several of the digital sound broadcasting systems found to have met these objectives have been 

deployed or are under active study pending decisions on deployment. This Report examines the 

various factors involved in introducing these systems. 

3.1 The DAB system 

A number of countries around the world have implemented the DAB (digital audio broadcasting) 

system, classified as Digital System A in Recommendation ITU-R 1114, in Band III for delivering 

groups of multiplexed programming where the band is no longer needed for television broadcasting 

or other purposes (e.g. trunked mobile applications), but this solution may not be technically or cost 

effective for all sound broadcasting needs. 

The first wide scale deployment of DAB took place in Europe following the establishment of the 

under the Wiesbaden Special Arrangement and Allotment Plan2 in 1995, convened in accordance 

with Article 6 of the Radio Regulations and procedures of the CEPT. The Wiesbaden Plan covers the 

deployment of terrestrial DAB in the bands 47-68 MHz, 87.5-108 MHz, 174-230 MHz and 

230-240 MHz in a planning area covering the territories of the CEPT membership. The Plan was 

originally intended to cover the band 1 452-1 492 MHz, but this band was later the subject of the 

Maastricht Planning Meeting held in 2002, which established the Maastricht special arrangement and 

Allotment Plan. In the event, no DAB deployment has taken place in the band 1 452-1 492 MHz, 

which is now being considered for other purposes under WRC-15 agenda item 1.1. 

The DAB system started development some 25 years ago as the Eureka 147 project under the 

technical direction of the European Broadcasting Union and with the active support of the major 

European broadcasters.  

The DAB system was designed as a multiplex delivery system which loaded 5 or 6 stereo programme 

channels on to a common carrier. This was well suited to the situation where a number of programmes 

wanted to share the same coverage area. Where the same basket of programme is wanted to cover a 

much larger service area (like a whole country) the single frequency network capability of the DAB 

system allowed this to be done. To facilitate transition from analogue to digital both services have to 

run in parallel which requires additional spectrum.  

Thus there were two main objectives underlying the introduction of DAB: 

1) to save on radio frequency spectrum by moving to single frequency networking using DAB 

multiplexes; 

2) to overcome various degradations of FM broadcasting experienced in dense urban 

environments and for in-car reception. 

DAB technology did indeed meet these requirements, with significant spectrum savings over 

comparable FM networks achievable for the country-wide networks of large scale broadcasters, 

which reflects how the technology was developed. Norway was the first country to discontinue FM 

broadcasting entirely and several other European countries are also considering the cessation of FM 

sound broadcasting. 

The optimization of DAB for large scale multiplexes in 1.744 MHz channels does however pose 

problems when considering how to make digital alternatives available for all purposes, particularly 

for smaller scale FM broadcasters or substituting for narrow-bandwidth/wide-area AM broadcasting 

in the LF, MF and HF bands.  

                                                 

2 Special Arrangement of the European Conference of Postal and Telecommunications Administrations 

(CEPT) relating to the use of the bands 47-68 MHz, 87.5-108 MHz, 174-230 MHz, and 230-240 MHz for 

the introduction of Terrestrial Digital Audio Broadcasting (T DAB). 
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For example, the Radio in Digital Britain Report,3, noted at section 5.5.1: 

 “Small-scale commercial services and community services cannot generally afford carriage 

on DAB and in any case the size of the DAB footprint and technical characteristics of DAB 

do not make it suitable for small stations. For this reason, they are likely to remain on FM 

for the medium-term, although many are also available online.”  

Such doubts have led some countries to re-consider whether DAB is the optimum solution to their 

sound broadcasting needs. Portugal ceased DAB transmissions on 1 June 20114 after 13 years of 

operation citing poor acceptance by public and commercial broadcasters. Despite the example of 

Norway in ceasing FM sound broadcasting, concerns have also been emerged during consultations in 

some other Nordic countries about the viability of DAB as regards infrastructure costs, receiver cost, 

duplication of digital sound broadcasting services already available over digital television 

multiplexes, suitability for localized and community services, and the present situation that FM has 

become the worldwide standard for most radio listening. 

Another factor is that there has been a later technical development of DAB, called DAB+, that 

provides several advantages over the original DAB standard by providing a higher performance audio 

coding and a better error correction algorithm, thus allowing for more reliable coverage, especially 

for portable and automotive receptions, as well providing more programme streams to be achieved 

than with DAB to be achieved DAB+ can provide more These improvements have included within 

the multiplexes.  

These advantages have prompted several countries to skip DAB and go straight to DAB+ or else to 

re-engineer their present DAB networks. The re-engineering route will require listeners to re-equip 

with DAB+ or dual standard DAB/DAB+ receivers. The DAB+ standard is an ETSI standard 

(ETSI TS 102 563) and is not presently contained within Recommendation ITU-R BS.1114.  

This situation has led to the development other DSB systems that are better suited to the one 

transmitter per service area commonly found in many countries around the world, notably in the 

Americas. Continuing deployment of DAB in Band III has also been questioned, noting the view that 

Band III may have to be devoted instead for digital television broadcasting5, maybe because of 

expectations that the spectrum available in Bands IV/V for digital television broadcasting may be 

radically reduced under WRC-15 agenda items 1.1 and 1.2. 

3.2 The DRM system 

In common with several other digital sound broadcasting systems, such as the Eureka 147 DAB 

system, the Digital Radio Mondiale (DRM) family of transmission systems coded orthogonal 

frequency division multiplexing (COFDM) to transmit the encoded audio data. 

DRM was originally conceived as a replacement for analogue sound broadcasting using amplitude 

modulation (AM) in the HF, MF and LF sound broadcasting bands. Detailed information about the 

DRM system (now called DRM30 in the below 30 MHz implementation) is set out in Annex 1 of 

Recommendation ITU-R BS.1514, the evaluation criteria of which confirm that DRM is the only 

digital sound broadcasting system recommended for u se in all the sound broadcasting bands below 

30 MHz. In particular, the DRM30 system can provide additional data services, either to supplement 

                                                 

3  Radio in Digital Britain Report: http://stakeholders.ofcom.org.uk/binaries/broadcast/reviews-

investigations/digitalbrit.pdf. 

4  See http://www.meiosepublicidade.pt/2011/04/rtp-pediu-suspensao-da-emissao-digital-de-radio/. 

5 See http://digitalradioinsider.blogspot.co.uk/2013/02/dark-prospects-for-dab-in-sweden.html#more. 

http://stakeholders.ofcom.org.uk/binaries/broadcast/reviews-investigations/digitalbrit.pdf
http://stakeholders.ofcom.org.uk/binaries/broadcast/reviews-investigations/digitalbrit.pdf
http://www.meiosepublicidade.pt/2011/04/rtp-pediu-suspensao-da-emissao-digital-de-radio/
http://digitalradioinsider.blogspot.co.uk/2013/02/dark-prospects-for-dab-in-sweden.html#more
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the programme content or for completely independent purposes as required by. Recommendation 

ITU-R BS.1348. Information about planning parameters for the DRM30 system can be found in 

Recommendation ITU-R BS.1615. 

Building on this experience, the DRM+ digital sound broadcasting systems was developed as 

a replacement to analogue sound broadcasting in the VHF bands. Detailed information about 

the DRM+ system is set out in Recommendation ITU-R BS.1114, where it is classified as “Digital 

System G”. The technical basis for planning DRM+ services is included in Recommendation 

ITU-R BS.1660. 

Initially, DRM+ was only intended to replace frequency modulated (FM) broadcasting in VHF 

Band II (about 87-108 MHz). However, the success of the DRM+ trials in Band II has led to 

consideration of using DRM+ to provide new broadcasting opportunities in Band I (47-72 MHz) and 

Band III (174-230 MHz). Laboratory measurements and the results of field trials of DRM+ in Bands 

I and III can be found in Annex 1 to Report ITU-R BS.2214. The technical and regulatory factors 

involved in using Band I for digital sound broadcasting are considered in Report ITU-R BS.2208. 

3.3 The HD radio system 

The HD Radio System uses In-Band On-Channel technology and has been in commercial operation 

since 2004. The main objective of the HD Radio system was to facilitate the introduction of digital 

sound broadcasting in both the MF and FM bands in areas with a robust analogue broadcasting 

infrastructure without the need for new spectrum. The HD Radio system uses a “hybrid” mode, which 

inserts digital carriers at low power levels on one or both sides of the existing analogue signal. The 

system permits broadcast to simulcast their existing programming in both an analogue and digital 

format. The system also has an all-digital mode that eliminates the analogue signal. This mode can 

be used in areas where regulators no longer want to protect analogue broadcasts from digital 

interference or in areas where there is spectrum available for reassignment for digital sound 

broadcasting.  

Detailed information about the MF HD Radio system can be found in Recommendation ITU-R 

BS.1514 where it is classified as the IBOC DSB System for Operation Below 30 MHz. Information 

about the FM HD Radio system can be found in Recommendation ITU-R BS.1114 where it is 

classified as Digital System C. Information about planning parameters for the MF HD Radio system 

can be found in Recommendation ITU-R BS.1615. Additional information can be found from other 

sources. Detailed system specifications and test result information for both the MF and FM systems 

can be obtained from the National Radio Systems Committee (“NRSC”) at www.nrscstandards.org. 

Information can be found under the link for NRSC Standards and Guidelines. The HD Radio system 

is standardized in the NRSC-5C standard.  

3.4 Integrated services digital broadcasting - Terrestrial multimedia broadcasting for 

mobile reception system 

The Integrated Services Digital Broadcasting - Terrestrial multimedia broadcasting for mobile 

reception (ISDB-Tmm), specified as System F in Recommendation ITU-R BT.1833, is designed for 

real-time and non-real-time broadcasting of video, sound, and multimedia content for mobile and 

handheld receivers. The system is based on the common technology of Multimedia System C in 

Recommendation ITU-R BT.1306 (known as ISDB-T) and Digital System F in Recommendation 

ITU-R BS.1114 (known as ISDB-TSB). 

The ISDB-Tmm system can utilize any combination of 13-segment format and 1-segment format. 

13-segment format has a 6/7/8 MHz bandwidth and is compatible with ISDB-T. 1-segment format 

http://www.nrscstandards.org/
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has 1/13th the bandwidth of the 13-segment format and is compatible with ISDB-T One-Seg and 

ISDB-TSB. 

4 Completing the transition to digital terrestrial sound and multimedia broadcasting 

Studies in ITU-R over the last 30 years coupled with the decisions of World and Regional 

Radiocommunication Conferences over that time made it possible to digitize almost all 

radiocommunication services, paving the road to a convergence of services, where appropriate. 

However, in order to be successful, it has to be recognized that digital sound broadcasting systems 

should bring significant benefits to broadcasters and listeners, when compared with analogue systems. 

In particular, digital sound broadcasting must offer excellent reception on portable and mobile radios, 

as well as provide additional capacity for extra audio services and/or multimedia services.  

At the present time, several terrestrial sound broadcasting services are still in operation that use 

analogue technologies. The material in this Report is intended to highlight the practical advantages 

to broadcasters and the benefits to listeners of completing the migration of those remaining analogue 

sound broadcasting services to digital technologies.  

The following considerations have been identified that may be expected to encourage administrations, 

broadcasters to plan for making further progress in introduction of new digital sound and multimedia 

broadcasting services and completing the switchover from existing analogue sound broadcasting 

services, as well as helping listeners to understand the reasons for and the benefits of making the 

transition: 

 means to allocate up to three or four digital sound channels in each current analogue sound 

broadcasting channel, depending on the digital broadcasting system chosen; 

 ability to reduce the emitted power for each sound service;  

 ability to improve the audio quality of each sound service;  

 means to allow the addition of some ancillary visual information to those sound services 

(e.g.: the addition of a weather map to a weather sound service); 

 opportunities to contribute to a further convergence of digital services, with the attendant 

market benefits; and 

eventually, to leave the way clear for introducing new frequency plans for the bands allocated to the 

broadcasting services in order to improve protection from interference while optimizing access to 

digital sound and multimedia broadcasting services.  

 

 

 

Annexes: 4 
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Annex 1 

 

Social, regulatory and technical factors involved when  

considering a transition to the DRM system 

1 System overview 

This section addresses the technical and economic factors involved in bringing the advantages of 

digital sound broadcasting to all listeners around the world and considers how DRM family of 

transmission standards can serve to bring these to the public as a standard for digital sound 

broadcasting. The DRM30 standard covers digital sound broadcasting the LF, MF and HF bands and 

the DRM+ standard covers the VHF broadcasting bands I, II and III. 

The first DRM standard (DRM30) was developed in order to provide a way of re-engineering sound 

broadcasting in the LF, MF and HF bands so as to provide far superior audibility and reliability. 

Audio quality with DRM30 is perceived as coming close to FM quality for most in-home, portable 

and in-car use. 

The transition to the DRM30 standard would lead to major savings in transmission power and 

electricity costs – down to between half or a quarter of conventional AM transmitter requirements – 

coupled with audio quality close to FM. DRM therefore offers broadcasters providing international, 

national and regional services an excellent opportunity to cut costs, simplify their operations and 

attract new audiences to high quality programming. The advantages of economy and quality are 

particularly attractive when considering upgrading national AM networks. DRM has the potential to 

revitalise the bands previously used for AM broadcasting. 

The planning aspects and the implications on spectrum use of making a complete transition to the 

DRM30 transmission standard in the LF, MF and HF bands are examined in Appendix 1 to this 

Annex. The conclusions therein are based on numerous proving tests (e.g. Annex 3 to Report ITU-R 

BS.2144), together with the recent experience gained by from fully engineered live trials of DRM30 

transmissions, as reported in detail in Attachment 1 to this Annex. 

The issues are not so clear though when it comes to replacing FM broadcasting. The reason for 

introducing FM broadcasting at VHF frequencies in the 1950s was mainly to overcome the noise and 

interference evident with AM broadcasting, particularly from ever more prevalent noise from 

unsuppressed car ignition systems. Later, of course, the advantages of higher audio quality and stereo 

programming became the main drivers of audience acceptance and demand. Likewise, digital systems 

must be seen to provide not just additional features, but features whose advantages are very obvious 

to the general public – not hidden deep within the system specification.  

By providing high quality stereo broadcasting to receivers in the home environment, FM has become 

the world standard for sound broadcasting, and can be considered as meeting the pragmatic 

engineering objective, valid in all fields of technology, of being “as good as it needs to be”. 

Nevertheless, there are deficiencies: FM broadcasting does not make the best use of the available 

spectrum, which in turn places limitations on coverage and listener choice. FM planning is still based 

on the original expectation that domestic reception would be on a main radio set connected to an 

external antenna at rooftop level. The available signal level is therefore not always sufficient for the 

usual situation nowadays that most listening is indoors on portable receivers or in cars. Multi-path 

reception of additional time-delayed signals, reflected from natural and man-made structures adds to 

the problems so that annoying drop-outs and interference are often experienced, especially in built-

up areas or in terrain with no clear line of sight path to the transmitter, resulting in noisy, squawky 

reception. 



 Rep.  ITU-R  BS.2384-0 11 

 

The digital sound broadcasting systems developed for use at VHF, including DRM+, have therefore 

focused on using modulation and audio coding schemes that can overcome the effect of multiple radio 

signal reflections and thus provide dependable quality of service in cars or with portable receivers. 

However, the DRM+ system offers further technical advantages over FM in being able to use the 

available bandwidth for additional service offerings. 

Each DRM+ signal only takes up half the bandwidth of an FM emission yet delivers the same audio 

quality and has the flexibility to organize the available data throughput in a variety of ways for 

additional programme content or other data purposes. For example, broadcasters have the option to 

combine locally to provide mini local multiplexes of 2, 3 or 4 programme streams, depending on 

quality and coverage requirements within the bandwidth of a single FM transmission. However, 

it remains the case that switching off FM broadcasting, which carries a wide range of programming 

genres, with coverage ranging from national networks to very localized community stations, would 

prove a major disruption to established patterns of listening. In order to command public acceptance 

and support, the complete transition to digital sound broadcasting should at least preserve and, ideally, 

expand on the range and diversity of content currently available with FM. 

The planning aspects and the implications on spectrum use of making a complete transition to the 

DRM+ transmission standard in the VHF bands are examined in Attachment 2 to this Annex. The 

conclusions therein are based on numerous proving tests carried out prior to the inclusion of DRM+ 

as System G in Recommendation ITU-R BS.1114, together with the recent experience gained by from 

fully engineered live trials of DRM+ transmissions, as reported in detail in Attachment 2 to this 

Annex. 

2 Key features of DRM technology  

The DRM family of standards can provide a comprehensive solution to all digital sound broadcasting 

needs. DRM technology can be tailored to suit the requirements of any type of sound broadcasting 

from wide-coverage, national and international stations to community stations, in all the commonly 

used wavebands through the DRM30 (LF. MF and HF bands) and DRM+ (VHF Bands I, II and III) 

standards.  

The range of options available with DRM technology will allow for: 

a) retention of the single transmitter per service area model to be retained where appropriate; 

b) operation over single frequency networks where appropriate; and  

c) provision of mini-multiplexes in the VHF bands where the multiplexed broadcasting model 

is preferred.  

Moreover, various added value audio and data services are available. This is particularly useful when 

implementing DRM30 in the LF, MF and HF bands, where transmission characteristics can been 

chosen so as to emphasise robustness or quality, or in order to provide stereo of dual language 

programming, as well as a variety of data services.  

DRM, therefore, has the potential to bring every listener a vast selection of additional content, either 

related to the programme content or for completely different purposes. The supplementary digital 

data streams available within the DRM standards can be used to provide a variety of added value 

services, accessible through a link to a personal computer or a self-contained display device.  

Several types of additional content are possible, singly or in combination: 

 Additional visual/text based programme related features possible with DRM include:  

 electronic programme guides; 

 full speech text or commentary on the programme; 
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 web pages and links to the programme content; 

 Journaline text based information service (Unicode), supporting all classes of receivers, 

triggers interactivity and geo-awareness access; 

 additional content for advertisers, such as text or web-based material for supplementing 

the voice advert with more details on the products, local suppliers, pricing, ordering etc.; 

 integrated text, graphics, web-pages, videos and slide shows with audio commentary; 

 screen based control over interactivity and functionality. 

 Additional audio based programme related features possible with DRM include:  

 stereo/surround sound/surround sound 5.1; 

 dual or multi language programme streams translating the main programme feed or for 

providing an alternative programme feed; 

 extended commentary on particular programme or advertising features. 

 Additional audio/visual/text content provided under a public service remit or on revenue 

producing basis, which could include: 

 government or public sector announcements or service information;  

 dedicated news streams or emergency broadcasts in time of crisis, natural disasters, 

extreme weather; 

 customer specific information services (e.g. stock/commodity/currency market 

information).  

One of the simpler additional data service features to implement is a continuous feed of a selection 

of web pages, together with links to further web based content, which can then be displayed via a 

connection to a personal computer. This service was tested extensively by BBC World Service and 

Vosper-Thorneycroft Communications (now Babcock Communications Limited) during 2005 by 

adding maritime safety information web pages from the United Kingdom’s Coastguard service, 

providing weather forecasts and warnings, to the subsidiary data stream during DRM30 test 

transmissions at HF. This was demonstrated to the International Maritime Organization on the 

occasion of the 10th session of the Sub-Committee on Radiocommunications and Search and Rescue 

in September 2005. 

Another possibility for providing visual content within the DRM data stream is “Caption Radio”, 

in which text data stream are displayed on a small LCD or LED display. This can provide real time 

information on programme content, even the complete text of a speech programme in order to help 

those with hearing difficulties.  

In September 2010, the DRM Consortium gave the first demonstration of a more extensive range of 

data based audio-visual possibilities through the Small Scale Video Application “Diveemo”. 

This DRM based application for broadcasting “live” small-scale video and audio services could 

provide cost efficient, large area distribution of information and education programs in the AM 

broadcasting bands. 

Adherence to international and regional standards has been a key objective in the development of the 

DRM family of transmission standards, as witness the following recent events: 

 In November 2014, the DRM Consortium signed The Smart Radio Memorandum Of 

Understanding6. This has been developed by the EBU, along with leading European Public 

                                                 

6  See http://www3.ebu.ch/files/live/sites/ebu/files/Programming/Radio/Digital%20Radio/MOU_signed.pdf. 

http://www3.ebu.ch/files/live/sites/ebu/files/Programming/Radio/Digital%20Radio/MOU_signed.pdf
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Service and Commercial Broadcasters, and other organisations throughout Europe, with the 

objectives to: 

 Improve popularity, access to and experience or radio 

 Launch and promote of free-to-air analogue and digital radio services 

 Provide access through various devices and specially mobiles phones 

 Coordinate the activities of broadcaster and organisation members 

 At the Visegrad radio digitisation conference in Banska Bystrica (Slovakia) in spring 2015, 

a Resolution was adopted after the Conference emphasising the necessity of bringing multi-

standard radio receivers to the market. The final paragraph underlines the need for the 

industry to “produce and in due time to put on the V4 market multi-standard receivers for 

all relevant systems in compliance with the EBU. Recommendation R138 (FM, T-DAB+, 

DRM)” and “equip all new cars with such receivers”. 

 In June 2015, ETSI published the revised standard ETSI ES 201 980v4.1.1 (2014-01) This 

version V4.1.1 defines the actual content to be transported in the DRM-specific RSCI7 

protocol. All of the DRM specifications at ETSI are now up to date with DRM+ and 

xHE-AAC8.  

3 Status of DRM implementations 

The foremost strategic country for DRM remains India, which is on track to complete nationwide 

DRM30 broadcasting networks with the installation of new MF and HF transmitters, capable of 

covering 600 million people with a combined power of 8 000 kW.  

On April 8, 2010, the government of India announced the approval of its core digitalization 

programme for All India Radio (AIR), its public broadcasting organization. AIR has chosen DRM as 

the technology for converting or replacing its vast analogue, mainly MF, transmitter network for 

digital operation. In an effort to improve the quality of MF transmissions, AIR has planned to convert 

and/or replace its MF transmitters by digital transmitters. In this process, 72 of the 148 MF 

transmitters are either being replaced or converted to digital transmitters. 

AIR has already replaced one of its 1 000 kW transmitters at Rajkot (Gujarat) and it is already carrying 

regular digital transmissions. In addition to value added text services, the Rajkot digital transmitter 

has provision to work in simulcast mode wherein one radio programme can be broadcast in analogue 

mode (for reception on conventional AM radio sets) and another programme in digital mode, which 

can be received only on digital receivers. The Urdu service of AIR, which was being provided from 

the old transmitter at Rajkot, is still being broadcast in analogue mode from the new transmitter for 

reception on AM receivers, with the popular commercial service, known as Vividh Bharati, now being 

broadcast in digital mode from this transmitter. 

The switch to DRM services is proceeding rapidly, with another 1000 kW MF digital transmitter at 

Kolkata and six 20 kW digital transmitters at an advanced stage of installation. For the next phase of 

the MF switchover, orders for the replacement of six 300 kW, ten 200 kW and eleven 100 kW digital 

transmitters have recently been issued.  

As of July 2015, All India Radio (AIR) has: 

                                                 

7  Receiver Status and Control Interface. 

8 High Efficiency Advanced Audio Coding 
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 14 DRM30 transmitters already operational;  

 10 under installation; and  

 15 ready for commissioning.  

During the inauguration of the 300 kW DRM30 transmitter of ‘Radio Kashmir’ at Jammu on 

19 May 2015, the Minister of State in the Prime Minister's Office (PMO) Jitendra Singh is reported 

as confirming the commitment to the empowerment of radio broadcast, and added that the 

government had initiated the revival of AIR, noting in particular that AIR can play an important role 

in the dissemination of various welfare schemes. The Director General of AIR Fiyaz Shehriyar said, 

“As a part of migration to Digital Radio, it has been decided that by the year 2017, a complete switch 

over to digital mode will be made. All India Radio started with small leaps in this direction way back 

in 2013”.9 

Most of the AIR transmitters presently simulcast, but tests of pure DRM broadcast are taking place. 

During 27 – 29 May 2015, AIR made pure digital transmission tests in DRM from a 20 kW transmitter 

in New Delhi on two channels and regular transmissions started on 19 June. AIR is thus transmitting 

on 1 368 kHz of Vividh Bharati and FM Rainbow in DRM digital mode from the 20 kW New Delhi 

transmitter101112. 

The AIR Bengaluru transmitter is currently testing in simulcast mode, 612 kHz analogue + 621 kHz 

DRM. Consideration is also now being given to operating the 20kW transmitter at Chennai in pure 

digital mode.  

In other developments, India’s Transport Ministry has approved plans to provide the first traffic 

information system along the Delhi to Agra road13 and, for the maritime community, special DRM 

test transmissions at HF are being planned for international cargo ships, with content mainly from 

AIR aimed at seafarers where the whole crew or a majority of the crew is from India – currently two 

cargo ships are taking part in the test transmissions. 

As regards the availability of DRM receivers the first mass-market DRM receiver AV DR140114 has 

been announced. This receiver has been developed and manufactured in India and includes the full 

DRM feature set, i.e. with Emergency Warning Feature (EWF) support. Mass production is planned 

to start in August 2015. Automobile manufacturers in India have undertaken successful field trials 

with a view to marketing vehicles with built-in DRM receivers. 

South Africa has now made a firm commitment to making the transition to digital sound broadcasting 

and started its first live DRM test broadcasts at MF from Radio Pulpit, covering 

Pretoria/Johannesburg, in July 2014. These trial transmissions have been extended until October 2015 

with a mixture of programming and extra features 24 hours a day. The 10 kW DRM MF broadcast is 

                                                 

9  http://www.business-standard.com/article/news-ani/jitendra-singh-inaugurates-high-power-transmitter-in-

jammu-115051900794_1.html. 

10 http://www.business-standard.com/article/pti-stories/now-listen-vividh-bharati-fm-rainbow-in-digital-

mode-115062501279_1.html. 

11 http://economictimes.indiatimes.com/industry/media/entertainment/media/now-listen-vividh-bharati-fm-

rainbow-in-digital-mode/articleshow/47820153.cms. 

12 http://www.televisionpost.com/printradio/all-india-radio-enters-digital-transmission-era/. 

13 http://economictimes.indiatimes.com/industry/transportation/shipping-/-transport/road-ministry-plans-

highway-radio-advisory-to-give-drivers-updates-on-traffic/articleshow/47335867.cms. 

14  See http://www.radioworld.com/article/drm-launches-india-receiver/272493. 

http://www.business-standard.com/article/news-ani/jitendra-singh-inaugurates-high-power-transmitter-in-jammu-115051900794_1.html
http://www.business-standard.com/search?type=news&q=Jitendra+Singh
http://www.business-standard.com/article/news-ani/jitendra-singh-inaugurates-high-power-transmitter-in-jammu-115051900794_1.html
http://www.business-standard.com/article/news-ani/jitendra-singh-inaugurates-high-power-transmitter-in-jammu-115051900794_1.html
http://www.business-standard.com/article/pti-stories/now-listen-vividh-bharati-fm-rainbow-in-digital-mode-115062501279_1.html
http://www.business-standard.com/article/pti-stories/now-listen-vividh-bharati-fm-rainbow-in-digital-mode-115062501279_1.html
http://economictimes.indiatimes.com/industry/media/entertainment/media/now-listen-vividh-bharati-fm-rainbow-in-digital-mode/articleshow/47820153.cms
http://economictimes.indiatimes.com/industry/media/entertainment/media/now-listen-vividh-bharati-fm-rainbow-in-digital-mode/articleshow/47820153.cms
http://www.televisionpost.com/printradio/all-india-radio-enters-digital-transmission-era/
http://economictimes.indiatimes.com/industry/transportation/shipping-/-transport/road-ministry-plans-highway-radio-advisory-to-give-drivers-updates-on-traffic/articleshow/47335867.cms
http://economictimes.indiatimes.com/industry/transportation/shipping-/-transport/road-ministry-plans-highway-radio-advisory-to-give-drivers-updates-on-traffic/articleshow/47335867.cms
http://www.radioworld.com/article/drm-launches-india-receiver/272493
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on 1 440 kHz from Kameeldrift Pretoria on a low profile antenna. The hundreds of thousands of 

measurements show better than predicted coverage area of Pretoria and parts of Johannesburg. During 

the night the signal was recorded 200 km away in Gabarone, the capital of Botswana. South Africa 

has launched from the same site in Kameeldrift a second Digital Radio programme via DRM, “Second 

Channel”, on 1 February 2015 carrying BBC news and extra features (i.e., RSS, Journaline, text - 

Pretoria News Update and BBC World Service news).  

South Africa’s Minister of Communications commended the trial after visit to Radio Pulpit site in 

June 2015 and asked for receiver manufacturing to take place in the country or the region. He affirmed 

that: “I will not support the importation of these receivers from any other country outside of our 

Southern Africa Development Community region. Our region is very attractive and big enough for 

any player that would want to partner with our local manufacturers and share their skills and 

resources for the development of our region”. Note that South Africa’s ICT Policy Document15 asks 

for simultaneous licensing of DRM and DAB services. 

In Ukraine, the National Radio Company of Ukraine (NRCU) has recently announced16 that it plans 

to switch broadcasting of two Ukrainian medium-wave networks to DRM. It is expected that 85-90% 

coverage will be achieved with around 15 new transmitters capable of digital or analogue operation. 

In DRM mode electricity consumption is estimated to be one third that of the current analogue 

medium-wave networks.  

In Denmark, the Danish public broadcaster (Denmark Radio) has purchased a high efficiency 300 kW 

solid-state LF transmitter in order to provide a DRM service from the 243 kHz station at Kalundborg. 

4 Conclusions 

Digital sound broadcasting is opening the door for improved or completely new broadcasting 

applications, including multichannel operation, bilingual educational programs and preventive 

warning or emergency services. This is not the radio of old but one that sits right at the heart of the 

connected new media space of the information society. However, given the huge base of analogue 

receivers in operation, the crucial question now is how to make transition to digital sound 

broadcasting and realise the benefits of improved audio quality and access to the wide range of service 

offerings now available in the audio-visual sector.  

In the VHF bands, the DRM+ standard can provide the same coverage, more economically than an 

FM broadcasting station, by using much lower power levels. DRM+ provides other advantages over 

FM, with the flexibility of being able to offer a wide range of subsidiary data services, multiplexed 

programming or single frequency networks. DRM+ is also capable of operating in a compatibility 

mode in which the huge existing base of FM receivers in the home and cars can continue to be used 

until the audience and broadcasters can complete the changeover on the basis of mutual convenience 

and needs.  

Moreover, DRM+ has the flexibility to satisfy any coverage need in Band II ranging from national 

and regional networks to community stations. DRM+ can also provide high quality broadcasting 

services in Band I and III, where these are not already used for TV or DAB. 

In the LF, MF and HF bands, the DRM30 standard has the potential to revitalise the bands previously 

used for AM broadcasting. Although there are no spectrum savings per se, the spectrum will be used 

to better effect by bringing listeners reception with greater reliability and of much higher quality for 

                                                 

15  See http://www.dtps.gov.za/documents-publications/category/102-ict-policy-review-reports-2015.html. 

16  See http://radiomagonline.com/digital_radio/ukrainian_broadcaster_nrcu_drm_medium_wave_0213/. 

http://www.dtps.gov.za/documents-publications/category/102-ict-policy-review-reports-2015.html
http://radiomagonline.com/digital_radio/ukrainian_broadcaster_nrcu_drm_medium_wave_0213/
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all in-home, portable and in-car uses. For broadcasters, the advantages of economy and quality are 

particularly attractive when considering upgrading national and international AM networks. The main 

reason given against continuing with MF broadcasting has been the lower quality of AM. However, 

because most listening at MF takes place in cars, with relatively high ambient noise levels, or on 

portable radios with small loudspeakers, the quality issue may have been overstated. Nonetheless, a 

transition to DRM30, which can provide a subjective listening quality close to FM, would solve the 

quality issue and allowed the same coverage with a much reduced power output, thus saving energy 

and costs. 

Moreover, both DRM30 and DRM+ can operate in a single frequency network mode in those cases 

where a uniform programme stream over a wide area is indeed the objective. In short, the change to 

DRM30 and DRM+ would make for more effective and efficient use of spectrum on several levels. 

Digital sound broadcasting combines excellent audio quality with new features, such as additional 

data services with electronic newspapers, images and low bit video streams. All these features have 

already been demonstrated by DRM technology which offers the only comprehensive solution for 

digital sound broadcasting in all the terrestrial broadcasting bands from LF to VHF. Moreover, 

reception is independent of gatekeepers and third party providers like satellites, cable networks or the 

internet. 

 

 

Attachment 1 

to Annex 1 

 

Spectrum management and service planning considerations for implementing 

the DRM30 system in the broadcasting bands below 30 MHz 

1 DRM30 system characteristics 

DRM provides a single common digital sound broadcasting system for national and international 

coverage in the LF, MF and HF bands. The system characteristics are given in Annex 1 to 

Recommendation ITU-R BS.1514, with more extensive details referenced in Attachment 1. 

These meet the service requirements for digital sound broadcasting at frequencies below 30 MHz as 

set out in Recommendation ITU-R BS.1348, and satisfy the objectives for digital sound broadcasting 

in the broadcasting bands below 30 MHz set by Question ITU-R 60/6. 

2 Spectrum management considerations 

In spectrum management terms, the transition from analogue to digital broadcasting using the DRM 

system in the broadcasting bands would be neutral and would not of itself require additional spectrum 

resources or release spectrum suitable for re-engineering for other purposes.  

However, there would be important benefits in being able to make more effective use of the LF, MF 

and HF broadcasting bands generally. This would, in principle, would allow more scope for re-using 

frequencies for broadcasting. The adaptability built into the DRM technology allows power levels to 

be matched more precisely to the service requirement than with AM. An important feature of OFDM 

systems, and DRM in particular, is that transmissions can co-exist with lower protection ratios than 

with analogue modulation. Also the power requirement for a DRM30 emission carrying the same 

equivalent data throughput as an AM emission is lower by a factor equating to the removal of the 
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carrier and lower side-band – basically only the upper analogue side-band power has to be transmitted 

when replacing an AM emission by DRM30. A DRM30 transmission can therefore be configured so 

as to replicate AM coverage with an average power requirement 4 to 6 dB lower than the analogue 

case.  

A complete transition to DRM30 in the bands allocated to the broadcasting service below 30 MHz 

would therefore lead to better utilization of the spectrum in terms of lower transmitter powers. Further 

benefits in spectrum utilization can also be realized through delivering improved audio quality and a 

range of added value service operations such as joint stereo and dissemination of textual and graphical 

data streams. However, during the transition phased of mixed analogue and digital operation, some 

compromises on digital coverage versus analogue audio quality may be necessary when the various 

protection requirements are taken into account.  

3 Planning considerations 

The planning parameters for digital sound broadcasting at frequencies below 30 MHz given in 

Annex 1 to Recommendation ITU-R BS.1615 shows that, in an all DRM30 environment, 

the protection requirements are considerably lower than for conventional AM broadcasting. 

The absolute co-channel protection ratio for DRM to DRM emissions are of the order of 16 dB for 

a bit error rate of 10-4.  

This compares with the absolute value for the AM to AM co-channel protection ratio of 30 dB for 

a stable wanted AM signal (27 dB for a fluctuating wanted signal) in the GE75 Plan17.  

The ITU-R Circular Letter CCRR/20 condenses the comprehensive guidance provided in Annex 1 to 

Recommendation ITU-R BS.1615 on the planning parameters applicable to the complete range of 

DRM30 modulation schemes, spectrum occupancy and robustness modes, into a practical assessment 

of how DRM30 should be introduced into the broadcasting bands below 30 MHz. For DRM 

interference into wanted AM emissions, ITU-R CCRR/20 explains that the required absolute 

co-channel protection ratio should be 36.5 dB, meaning that that the interference potential of a DRM 

emission is about equal to the interference from an AM transmitter with a power 7 dB greater than 

the DRM transmitter.  

The main consideration in re-engineering the broadcasting bands below 30 MHz is that a DRM30 

transmitting station can achieve roughly equal coverage operating at powers 4 to 6 dB below the AM 

transmitter to be replaced, but that a power reduction of 7 dB is indicated in order to equalize the 

interference environment. This implies that some reduction in coverage will have to be accepted 

during the during the transition phase from AM to DRM. In practice, this may not prove to be a severe 

limitation. Because the spectrum occupancy of a DRM30 emission is virtually rectangular, with 

energy dispersed evenly across the entire occupied bandwidth, the 7 dB power back-off requirement 

can be considered as deriving from the energy throughput considerations across the channel 

bandwidth. However, this approach does not make use of the established methods for evaluating 

subjective responses to audio degradation. The interference generated by a noise-like co-channel 

DRM30 signal is of a very different character to the highly intrusive nature of a second (intelligible) 

AM service audible in the background (a technique that is recognised to be the most effective form 

of deliberate jamming). Nevertheless, this value of power back-off (7 dB) is currently built into the 

Recommendation ITU-R BS.1615. 

                                                 

17 NB: in the HF bands, planning for analogue broadcasting now has to be carried out on the basis of only17 dB 

absolute co-channel protection because of the excessive level of congestion. 



18 Rep.  ITU-R  BS.2384-0 

 

For AM interfering with DRM30, the situation is significantly better than with any other permutation, 

because a well-designed COFDM receiver is able to ignore interfering AM carriers. Depending on 

the desired quality of service, a typical co-channel protection ratio from a co-channel AM emission 

into a wanted DRM30 service, delivering around 20 kb/s, is +7dB, which is at least 20 dB less 

stringent than the AM into AM case. Therefore, interference from existing AM stations should not 

disadvantage incoming DRM30 services, irrespective of whether the interference or coverage 

equalizing power back-off is applied. 

4 Coverage and coding considerations in the LF and MF bands 

The coverage and quality achievable with DRM30 transmissions depend primarily on the coding 

schemes and date rates used. In addition, broadcast planning in the LF and MF bands has to take 

account of the enhanced propagation that occurs during the night when the ionosphere becomes 

effective in reflecting the skywave component of the transmission up to several hundred km further 

than the surface wave component.  

Long distance coverage from the skywave is subject to considerable and constant variations in signal 

strength, yet can still interfere with reception of other broadcasting stations within range of the 

skywave and can also cause self-interference over a certain range of distances – the fading zone – 

when the skywave signal is of similar strength to the direct surface wave signal. With AM 

transmissions, the resulting self-interference is characterized by rapid fluctuations and fading that can 

prevent any semblance of useful reception within the fading zone. 

Several aspects of the enhanced skywave propagation at night-time in the LF and MF bands therefore 

have to be considered: 

a) how quality and coverage are affected during the night when skywave propagation extends 

the effective transmission range beyond the day-time surface wave coverage, and whether 

changing the DRM30 coding scheme can counter any degradations resulting from the 

constant fluctuations in amplitude and phase that characterize skywave propagation; 

b) the extent and severity of interference to and from distant broadcasting stations, and whether 

the changing the DRM30 coding scheme at night can minimize the impact of skywave 

interference; 

c) the extent and severity of degradation caused by self-interference at night in the fading zone, 

where the surface wave and skywave components of the wanted transmission can be received 

simultaneously, and whether changing the DRM30 at night can reduce the impact of self-

interference. 

The coverage and quality assessments reported in Attachment 1 for a DRM30 MF broadcasting 

station established near Moscow supplement the findings of previous DRM30 trials at MF, 

particularly as regards how the natural day and night variations in propagation conditions need to be 

addressed when planning DRM30 services. The results of these trials and measurements are 

summarized below. 

4.1 Day-time coverage 

Comparison of DRM30 coverage and quality with a representative AM transmission, having a 

daytime service area of 75 to 90 km (specified SNR = 26 dB and 30% modulation), shows that 

DRM30 transmissions running at half the power of the AM transmission typically can deliver 

subjective audio quality matching “VHF FM stereo” over an area ~4 times larger than in the AM 

mode (distances of 120 to 180 km) using the 64QAM(3) mode or quality close to VHF FM over an 

area ~9 times larger (distances of 220 to 260 km) using the 64QAM(0) mode. 
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4.2 Night-time coverage 

Comparison of DRM30 coverage and quality with a representative AM transmission, having a night-

time service area up 150 km (specified SNR = 8 to 12 dB with audible fading and 30% modulation), 

shows that DRM30 transmissions running at half the power of the AM transmission typically can 

deliver subjective audio quality matching “VHF FM stereo” out to distances of 75 to 90 km using the 

64QAM(3) mode or quality close to VHF FM out to distances of 150 to 200 km ) using the 64QAM(0) 

mode. 

4.3 Fading zone coverage 

Conditions in the fading zone are particularly difficult to assess because the same DRM30 signal is 

interfering with a time delayed version of itself. The DRM30 specification provides for two 

interference immunity modes (A and B) within in the various coding schemes available. The 

measurements showed immunity mode “A” performed consistently better with several coding 

schemes - fortunate outcome since a higher data rate is available with mode “A”. 

5 Conclusions 

Re-engineering the MF broadcasting bands for use by the DRM30 DSB system can offer larger 

coverage with better quality of audio content with lower transmitter powers than traditional AM 

broadcasting, while achieving a quality of service comparable to VHF FM. Moreover, 

self-interference effects from skywave reception in the fading zone can be overcome by selecting the 

coding scheme and immunity mode that is best suited to the prevailing conditions. 

A complete transition to DRM would allow for more effective and intensive use the broadcasting 

bands below 30 MHz compared to AM. This would certainly be the case in the LF and MF bands. 

Unfortunately, matters are not so straightforward in the HF bands where seasonal planning for 

analogue HF broadcasting now has to be carried out on the basis of only17 dB (instead of 30 dB) 

absolute co-channel protection because of the excessive level of congestion in many of the HF 

broadcasting bands. Thus, any potential benefits in terms of better spectrum occupancy through a 

transition to digital modulation in the HF broadcasting bands have already been absorbed by the 

present level of congestion. If the spectrum demand in the HF broadcasting bands then increases as a 

result of the higher quality of service possible with DRM30, then a choice will again have to be made 

on whether to sacrifice quality for quantity. 

Overall, the combination of OFDM/QAM techniques used in DRM offers close to the maximum 

theoretical spectral efficiency. Moreover, DRM offers important benefits in spectrum utilization 

through being able to replicate analogue coverage at average power levels at least half of that required 

by conventional AM broadcasts, as well as being able to provide a wide range of added value services. 
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Attachment 2 

to Annex 1 

 

Spectrum management and service planning considerations for implementing 

the DRM+ system in the VHF broadcasting bands 

1 DRM+ system characteristics 

DRM technology was originally developed for use in the broadcasting bands below 30 MHz. 

The DRM Consortium has since developed a version of the DRM technology at higher frequencies 

in order to provide a single common digital sound broadcasting system for use Bands I, II and III. 

The DRM system characteristics applicable for use in the VHF bands are set out in Annex 5 (System 

G) to Recommendation ITU–R BS.1114 – Systems for terrestrial digital sound broadcasting to 

vehicular, portable and fixed receivers in the frequency range 30-3 000 MHz. Also termed DRM+ for 

commercial purposes, System G is registered as ETSI standard ES 201 980v4.1.1 (2014-01).  

The system offers audio quality comparable to that obtained from consumer digital recorded media. 

In addition, DRM offers data services, including images and electronic programme guides, and the 

capability of dynamically rearranging the various services contained in the multiplex without loss of 

audio. 

2 Spectrum management considerations 

2.1 Bands I and III 

Band I was used by countries around the world at the commencement of TV broadcasting from the 

1940s. Subsequently, many countries moved their TV broadcasting to higher frequencies in Bands III, 

IV and V, with some discontinuing use for broadcasting altogether. At present, the band is used for 

many different purposes, including legacy analogue TV and various business and military 

applications in the land mobile service.  

Nonetheless, many countries still retain the possibility to re-engineer the whole or parts of the band 

for digital TV or sound broadcasting. The band could also be used more extensively for services 

ancillary to broadcasting, such as wireless microphones. As regards digital sound broadcasting, Band 

I could in principle support deployment of any of the technologies recommended in Recommendation 

ITU–R BS.1114. The limited amount of spectrum available in Band I contributed to previous 

decisions by many countries to cease analogue TV broadcasting, and this could again be a 

consideration when examining future options for making optimum use of Band I. However, DRM+ 

would provide greater flexibility for re-engineering Band I for broadcasting purposes on account of 

its compact spectrum mask.  

The technical and regulatory factors involved in making use of Band I for digital sound broadcasting 

are considered in detail in Report ITU-R BS.2208, which notes that the most appropriate digital 

modulation scheme currently available for these bands appears to be the DRM30/DRM+ family. The 

Report also notes that while the DRM30 system has been shown to work18 in VHF Band I, the larger 

multiplex provided by DRM+ offers a greater correlation bandwidth and hence better defence against 

                                                 

18 The technical feasibility of using Band I for DRM, and consequently for DRM+, has been proven by trials 

carried out by TDF in Rennes. 
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flat fading. Further, higher bit rates are possible to give better audio quality and/or more services in 

the multiplex. 

There are, however, other factors that would need to be considered before introducing any form of 

digital broadcasting technology in Band I, such as the impact of long distance, high level interference 

by sporadic-E propagation events. Previous UK studies, dating back to the days of 405 line analogue 

TV (1946-1985) showed nearly daily sporadic-E events during the summer months, sometimes strong 

enough for reception of TV and mobile service signals in the 40-60 MHz range from the USA over 

the Atlantic Ocean. The amateur service in the United Kingdom is allowed access to the bands  

50-52 MHz, which matches with the Regions 2 and 3 allocations to the amateur service in the band 

50-54 MHz. 

Given the wide variations in current usage, planning for the introduction of DRM+ in Band I would 

have to be undertaken on a national basis following decisions on how much spectrum could be 

released for uses that are no longer required.  

Band III came into use for the expansion of television broadcasting around the world from the 1950s 

onwards as Band I became too congested – there being only a small number of channels available, 

with use further limited by the large re-use distances necessary because of the good propagation 

conditions in Band I. As with Band I, there are considerable variations in national use of Band III 

today. Several countries concentrated their television broadcasting operations in Bands IV/V in the 

1960s and abandoned use of Band III for analogue TV broadcasting in favour other applications, 

notably for trunked land mobile networks. Both Bands I and III are well suited for use by services 

ancillary to broadcasting.  

However, many countries have maintained the use of Band III for analogue TV and plan to use the 

band for digital TV broadcasting, for example, according to the planned transition to digital TV 

broadcasting contained in the RRC-06 Agreement. In addition, the band is now widely used around 

the world for DAB and DAB+ sound broadcasting networks, including several countries that 

previously discontinued use of Band III for analogue TV services. In some cases, Band III was 

designated for use as a parking band for DAB, pending a future move to replace FM broadcasting in 

Band II with DAB multiplexed services – a consideration that shows uncertainty on how to make the 

transition to digital sound broadcasting has persisted for over 25 years.  

Band III would certainly be well-suited to supporting DRM+ services but, again, given the wide 

variations in current usage, planning for the introduction of DRM+ in Band III would have to be 

undertaken on a national basis following decisions on how much spectrum could be released for uses 

that are no longer required. The situation is further complicated at present by suggestions that Band 

III might be needed to support digital TV broadcasting services displaced from Bands IV/V as a result 

of changes introduced at WRC-15 under its agenda items 1.1 and 1.2. In such a situation, the narrower 

bandwidth characteristics of DRM+ would be an advantage in giving more flexibility in re-planning 

the use for Band III for a mixture of digital sound and TV broadcasting.  

2.2 Band II 

With a few exceptions Band II is used extensively for FM sound broadcasting around the world, often 

with spectrum being re-used up to the maximum extent theoretically possible – the situation in 

Western Europe. The major outstanding question involved in making the transition from analogue to 

digital sound broadcasting is therefore the feasibility and practicality of re-engineering Band II for 

use with digital broadcasting technology. 

The factors relevant to introducing DRM+ services into Band II while maintaining compatibility with 

legacy FM services and the aeronautical services operating in the adjacent bands above 108 MHz 



22 Rep.  ITU-R  BS.2384-0 

 

were summarized in Document 5B/48719. As some points relate to material contained in ETSI 

standards, the relevant information is repeated here for ease of reference.  

DRM+ employs Orthogonal Frequency Division Multiplexing (OFDM) with Quadrature Amplitude 

Modulation (QAM). Details of the sub-carrier structure and modulation are given in Table 1.  

TABLE 1 

DRM+ Modulation scheme 

Modulation  COFDM 

Number of sub-carriers 213 

Sub-carrier spacing 444 Hz 

Modulation (data carriers) 4-QAM or 16-QAM 

Bandwidth 96 kHz 

 

The spectrum emission and transmitter masks for DRM+ are shown in Fig. 1 and Table 2 below.  

FIGURE 1 

Spectrum mask for DRM+ and FM 

 

 

  

                                                 

19  See http://www.itu.int/md/R07-WP5B-C-0487/en. 

http://www.itu.int/md/R07-WP5B-C-0487/en
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TABLE 2 

Spectrum masks for FM and DRM+ 

ETSI mask for FM  DRM+ mask 

Offset 
Rel. level 

(1 kHz) 
 Offset 

Rel. Level 

(1 kHz) 
Attenuation 

–400 kHz –85,0 dB  –400,00 kHz –85,0 dB –65,0 dB 

–300 kHz –85,0 dB  –300,00 kHz –85,0 dB –65,0 dB 

–200 kHz –80,0 dB  –200,00 kHz –80,0 dB –60,0 dB 

–100 kHz 0,0 dB  –100,00 kHz –70,0 dB –50,0 dB 

100 kHz 0,0 dB  –70,00 kHz –50,0 dB –30,0 dB 

200 kHz –80,0 dB  –50,00 kHz –20,0 dB 0,0 dB 

300 kHz –85,0 dB  50,00 kHz –20,0 dB 0,0 dB 

400 kHz –85,0 dB  70,00 kHz –50,0 dB –30,0 dB 

   100,00 kHz –70,0 dB –50,0 dB 

   200,00 kHz –80,0 dB –60,0 dB 

   300,00 kHz –85,0 dB –65,0 dB 

   400,00 kHz –85,0 dB –65,0 dB 

The DRM+ signal can be offsets of multiples of 10 kHz from the nominal centre frequency. 

This feature can be further exploited by placing two DRM+ signals side by side, offset by –50 kHz 

and +50 kHz from the classical FM carrier frequency, so as to fill the nominal 200 kHz ETSI FM 

mask bandwidth. This “double DRM+” mask is shown in Fig. 2 and Table 3 below.  

FIGURE 2 

Spectrum mask for double DRM+ and FM 
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TABLE 3 

Spectrum masks for FM and double DRM+ 

ETSI mask for FM  Double DRM+ mask 

Offset 
Rel. level 

(1 kHz) 
 Offset 

Rel. Level 

(1 kHz) 
Attenuation 

–400 kHz –85,0 dB  –400 kHz –85,0 dB –62,0 dB 

–300 kHz –85,0 dB  –300 kHz –85,0 dB –62,0 dB 

–200 kHz –80,0 dB  –200 kHz –80,0 dB –57,0 dB 

–100 kHz 0,0 dB  –150 kHz –70,0 dB –47,0 dB 

100 kHz 0,0 dB  –120 kHz –50,0 dB –27,0 dB 

200 kHz –80,0 dB  –100 kHz –23,0 dB 0,0 dB 

300 kHz –85,0 dB  100 kHz –23,0 dB 0,0 dB 

400 kHz –85,0 dB  120 kHz –50,0 dB –27,0 dB 

   150 kHz –70,0 dB –47,0 dB 

   200 kHz –80,0 dB –57,0 dB 

   300 kHz –85,0 dB –62,0 dB 

   400 kHz –85,0 dB –62,0 dB 

The two DRM+ signals sit side by side and the upper signal can operate up to 107.95 MHz without 

exceeding the existing ETSI FM mask. Note that, in this configuration, the DRM+ signals operate 

3 dB down from the single DRM+ signal in order to maintain the overall power spectral density 

relative to the planned analogue FM service. 

2.2.1 Band II planning considerations 

A number of receiving scenarios can be envisaged for planning purposes, including fixed reception 

using an external antenna, in–car mobile reception and reception on a handheld PDA type terminal. 

For the fixed reception case, the C/N values for the average white Gaussian noise (AWGN) channel 

from ETSI ES 201 980 may be used. For the various portable reception scenarios the values for the 

rural channel (i.e., channel 9) from ETSI ES 201 980 may be used, and in the case of mobile reception 

the C/N values of the terrain obstructed channel (i.e. channel 10) may be used from ETSI ES 201 980. 

Table 4 provides the C/N values for the various receiving scenarios and two modulation modes: 

4 QAM corresponds to a robust transmission mode, optimised for difficult propagation conditions or 

a noisy environment, and 16–QAM corresponds to a high quality transmission mode. 

TABLE 4 

C/N values (dB) for the different receiving scenarios and modulations 

Scenario Fixed 

reception 

Portable 

indoor 

Portable 

outdoor 

Mobile 

vehicles 

Indoor 

handheld 

Outdoor 

handheld 

4–QAM 1.3 5.6 5.6 5.4 5.6 5.6 

16–QAM 7.9 13.1 13.1 12.6 13.1 13.1 
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By taking account of the applicable parameters for the various combinations of antenna gain, antenna 

height, building shielding and entry loss, the planning values for the minimum median equivalent 

field can be derived, as given in Table 5. 

TABLE 5 

Planning values for minimum median equivalent field strength levels, Emed (dBµV/m),  

for the different receiving scenarios and modulations 

Scenario Fixed 

reception 

Portable 

indoor 

Portable 

outdoor 

Mobile 

vehicles 

Indoor 

handheld 

Outdoor 

handheld 

4–QAM 7.5 37.2 34.2 38.9 58.1 55.0 

16–QAM 14.1 44.7 41.7 46.0 65.6 62.5 

These figures use an allowance for the man–made noise component of 4 dB, which was derived from 

ETSI TR 101 19020. Any additional interference from other sources such as signals in the aeronautical 

mobile (R) or aeronautical radio navigation services operating close to the 108 MHz band edge will 

reduce coverage accordingly. 

The standard way of planning FM broadcasting, as exemplified in the GE84 Plan, is to use planning 

criteria based on achieving a minimum field strength of 54 dB(µV/m) for a fixed receiver fed by an 

external antenna at 10m height. This assumption was more suited to the situation expected soon after 

the introduction of FM broadcasting in the 1950s, but now most listening is on a portable radio with 

a small/poor aerial a metre or so above floor level. This practical situation has now long been 

recognized for planning mobile services and digital broadcasting, notably for the Eureka 147 DAB 

system where the objective now is to ensure good reception indoors or in cars. These more demanding 

conditions need considerably more power (by at least 20 dB) in order to achieve the same quality and 

reliability of service as with a fixed rooftop antennal. Fortunately FM interference immunity and 

receiver performance characteristics turned out to be considerably better than expected. For the future 

though, the introduction of a new digital sound broadcasting service demands that the planning 

scenario is accurate and consistent. The problem then is that, as shown in Table 5, the power savings 

possible by going to digital broadcasting look rather small once all the additional factors needed to 

go from a 10m high external aerial to reception in cars or indoors are included.  

Another important aspect of Band II planning is the impact on the aeronautical radio navigation and 

aeronautical mobile (R) services operating in the adjacent bands above 108 MHz. This was a major 

consideration in extending FM broadcasting from 104 to 107.9 MHz for the GE84 Plan. As noted in 

Recommendation ITU–R SM.1009, incompatibilities caused by FM broadcasting stations are power 

related, resulting either from combining several high power FM transmitters into a common antenna 

or through driving aircraft receivers into non–linear operation, or both. Although detailed 

consideration is still needed on all the factors involved with maintaining compatibility with the 

aeronautical service operating above 108 MHz when introducing DRM+ stations into Band II, 

the lower transmitting powers needed can only be beneficial. 

                                                 

20 At the upper edge of Band II, additional interference from other sources such as the aeronautical mobile 

(route) or aeronautical radionavigation services close to the 108 MHz band edge will reduce coverage 

accordingly. 
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2.2.2 Band II coverage considerations 

In addition to the theoretical considerations above, recent case studies on the implementation of 

DRM+ in Band II (see EBU Report TECH 335721) have assessed how the DRM+ standard could be 

introduced into Band II either to replace existing FM transmissions or to provide new services. These 

studies confirm that DRM+ can provide the same coverage, more economically than an FM 

broadcasting station, by using much lower power levels. Some technical compatibility problems with 

low level digital artefacts remain to be resolved where FM and DRM+ transmissions would continue 

to serve overlapping areas. The mechanism involved is not entirely clear at present; and the 

disturbance is not consistently observed, becoming less apparent where the band is heavily occupied. 

In any event, the problem would disappear after a complete transition to DRM+ in Band II. 

A prime consideration when implementing DSB is to recognize the how listener demand has changed 

since the FM broadcasting was introduced, when planning was based on fixed reception using an 

external 10m high antenna, towards a more comprehensive planning objective based on achieving 

stable high quality mobile reception, particularly in vehicles. Attachment 2 provides coverage and 

quality assessments of the performance of a low power DRM+ VHF broadcasting station established 

in an urban area of Rome, characterized by a very congested FM environment. These assessments 

provide further information on optimizing mobile reception of DRM+ transmissions, notably that:  

– acceptable stereo coverage in mobile reception conditions is achievable where the predicted 

field strength is comparable with 44 dBV/m and interference is negligible; 

– the most robust coding scheme configuration for DRM+ can provide stereo programme 

coverage better than is achievable with FM along with better subjective listening experience. 

Another factor, which many broadcasters may consider to be significant when deciding make the 

transition from existing analogue FM services to digital technology and in choosing which digital 

technology to use, are the practical considerations involved, such as: 

– the ability to re–use the existing transmission infrastructure and make the transition on a per 

service area basis; 

– avoid changes to the service area that would inconvenience the existing listener base. 

– In these respects the findings reported in Attachments 2 also shows that a transition to DRM+ 

would have the following merits: 

– the existing transmitting antenna system can be re–used without any particular precautions, 

apart from the usual need not exceed the maximum peak envelope power of the digital signal; 

– the original service area can be preserved when re–using the existing antennas; which means 

that there is no disruption or loss of service to listeners – a consideration that particularly 

beneficial to local broadcasters who have to target specific service area; 

– the possibility to use SFN techniques, which regional broadcasters may advantageous in 

those situations where frequency re–use can help in optimizing regional coverage. 

3 Conclusions 

Planning of DRM+ services in Band II would generally tend to start from the same 100 kHz grid as 

conventional FM service in Europe or the 200 kHz grid commonly used in Regions 2 and 3. 

This would certainly provide for more efficient use of the available spectrum, especially as the 

analogue services are switched off. However, there is scope for further flexibility in planning DRM+ 

services in that the specification allows for DRM+ signals to be located at any frequency which is a 

                                                 

21  See http://tech.ebu.ch/docs/tech/tech3357.pdf. 

http://tech.ebu.ch/docs/tech/tech3357.pdf
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multiple of 10 kHz. This would allow a DRM+ service to be placed close to an FM emission as part 

of a transitional arrangement (see Figs 43 and 44 of Recommendation ITU–R BS.1114–7) or use of 

the double DRM+ configuration shown in Fig. 2.  

The analysis above shows that DRM+ can provide broadcast coverage comparable to FM 

broadcasting at much lower power levels – some 40 dB lower if retaining the fixed receive/external 

antenna configuration. But more practically, a power reduction of 10 to 15 dB on the required 

minimum field strength for FM reception would, without other interference constraints, ensure 

satisfactory coverage for portable/mobile reception. The lower transmission powers possible with 

DRM+ should also prove advantageous when considering compatibility with aeronautical services 

operating in the adjacent bands above 108 MHz. 

DRM+ can also provide high quality broadcasting services in Band I and III, where these are not 

already used for TV or DAB.  

However, the absence of a wide variety of low cost sets capable to receive DRM+ signals in the VHF 

broadcasting bands represents a problem. 

 

 

Attachment 2.1 

to Annex 1 

 

Measurements of DRM30 coverage area in the medium–frequency band  

in the day–time, night–time and in the fading zone 

1 Introduction 

Results of the DRM30 system implementation studies carried out over during several years were 

presented in Report ITU–R BS.2144 and Recommendation ITU–R BS.1615. These documents played 

an important role in the practical implementation of DRM broadcasting. However, with attention now 

turning to the wide scale implementation of DRM30 service, the progress achieved recently in this 

field also needs to be reflected.  

Additional measurements are presented here that provide data on the estimated minimum field 

strengths, signal–to–noise ratios (SNR), percentage of decoded audio frames and other parameters 

which are essential for ensuring that satisfactory DRM30 reception quality is achieved in practical 

DRM30 implementations.  

The measurements here were carried out in the medium–frequency (MF) band over moderately 

rugged terrain, covering both urban and rural areas, and include variations in night–time and day–

time coverage and quality, as well as in the fading zone. 

Test objectives: 

a) Study of the DRM30 signal reception in the MF band in the urban and rural areas. 

b) Determination of the reliable reception area for DRM30 signal. 

c) Study on the possibility of DRM30 signal reception over the ground–wave and sky–wave 

paths and in the fading zone. 

d) Measurements of DRM30 signal parameters in the reception areas (field strength, signal–

to–noise ratio, percentage of decoded audio frames). 
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The main test objective was determination of the more accurate DRM30 signal parameters for 

planning of DRM30 networks in the medium–frequency band in similar geophysical environments. 

2 Test conditions 

The medium wave DRM30 transmitter was installed at the radio broadcasting centre approximately 

40 km from the centre of Moscow. Locations of the transmitter and the fixed measuring site, as well 

as paths for mobile measurements are shown in Fig. 4. Configuration and technical characteristics of 

the transmitting equipment are shown in Table 6. Configuration of the receiving equipment is shown 

in Table 7. 

Expected field strength for different distances from the transmitter (Fig. 3) in the day–time, required 

for the preliminary determination of the service area, was calculated using software «LFMFPLOT», 

(software product of MICRODATA company). The Earth conductivity was assumed to be 3 mS/m 

and dielectric permittivity of 10. 

FIGURE 3 

Calculated contours of the ground–wave field strength 

МОСКВА

Calculated data:  240 km (50 dBu); 150 km (60 dBu)  

                           100 km (70 dBu); 60 km (80 dBu) 

 

Figure 3 shows that the predicted ground–wave field strength in day–time is 80 dBµV/m at distance 

of 60 km (urban reception is possible); 70 dBµV/m at 100 km (guaranteed reception in rural area); 

60 dBµV/m at 150 km (reliable reception not at all locations and unguaranteed 98% decoding 

throughout a year); 50 dBµV/m at 240 km (reception at separate “quiet” locations and without 

guaranteed 98% decoding throughout the year). In the North–West direction at the edge of the service 

area, co–channel interference from the transmitter (549 kHz, located at 625 km) is possible. 
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According to the calculations, radial directions for measurements were chosen to be East, 

West, North, South and South–East from the transmitter, as well as South–East direction to assess 

field strength place–to–place variations at the distances 110 km, 150 km and 220 km from the 

transmitter. As a fixed reception site the following sites were equipped: Moscow City site 

(megalopolis area), Mytishchi site (suburban town of Moscow – urban area) and radio receiving 

centre at 30 km from the Moscow City border (rural area). 

Locations of receive measurement positions are shown on the map in Fig. 4. Data were measured in 

the daytime (red marks) and in the night–time (blue marks) in the radial directions from the transmitter 

(East, West, North, South and South–East) and in the South–East direction at 110 km, 150 km and 

220 km from the transmitter, as well as in the fixed receive positions (green marks). Some marks of 

night–time and daytime measurements at the same position are overlapped. 
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FIGURE 4  

The map of receive measurement positions 
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3 Configuration and technical characteristics of the transmitting equipment 

TABLE 6 

 

FIGURE 5 

Block diagram of the transmitting equipment 

Radio “Mayak” Switch room

Fiber link

Radio-relay link

Coder-modulator

DRM DMOD3

MF DRM transmitter 

F= 549 kHz, 

P=40 kW

Matching 50/150 

Ohm

Combining device

MF AM transmitter

F=846 kHz, 

P=75 kW
CCD  Antenna H=217 m

CD player

 

Transmitter MF, DRM30, P = 40kW (Fig. 5) 

Coordinates of Radio 

broadcasting centre 
55.50.10N; 38.20.35E 

Sound signal source “Mayak” radio programme, CD player 

Frequency 549 kHz 

Bandwidth 9 kHz 

Antenna system Antenna mast with controlled current distribution (CCD), 

Antenna height=217 m (Fig. 6) 

Auxiliary equipment 

CD player Set of test CDs (tone signals, selection of musical samples with different 

frequency spectrum and dynamic range) 

Sound processor ORBAN 2200 FM (stereo) 
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4 Configuration of the receiving equipment 

TABLE 7 

Fixed measuring equipment Mobile measuring equipment 

Fraunhofer DRM Monitoring Receiver DT700  Fraunhofer DRM Monitoring Receiver DT700 

Notebook + appropriate software (Dream, Neutrik 

Audio Test & Service System A1)  

Notebook + appropriate software (Dream, Neutrik 

Audio Test & Service System A1)  

SMV–6.5 Set of calibrated antennas 

Antenna installation height 1.5 m from the ground 

level 

SMV–6.5 Set of calibrated antennas 

Antenna installation height 1.5 m from the ground 

level 

Consumer receivers: Himalaya, Richardson Consumer receivers: Himalaya, Richardson, 

Roberts 

5 Methodology of field strength measurement 

During the measurement, the transmitter was switched to the corresponding transmission mode 

(DRM30 or AM) without modulation by sound signal and with nominal radiated power. 

Signal field strength at the reception position was measured using Fraunhofer Monitoring Receiver 

DT700 and the calibrated measurement antenna of magnetic type according to the block diagram 

shown in Fig. 6. 

FIGURE 6 

Block diagram for measurement of field strength and parameters of the transmitted signal  

(Mobile measuring site) 

Coder-modulator

DRM DMOD3

MF transmitter 

“ПСЧ-100/50=02”, 549 kHz

100 kW-AM/40 kW-DRM

Matching

 50/150 Ohm
Combining device

DRM

 Monitoring Receiver

 DT700

Notebook

 (with software for 

sound signal analysis )

Mobile measuring siteMobile measuring siteInput analogue signalInput analogue signal

Description of measurements: 

a) the measuring antenna was located at the distance of two to three metres from the automobile 

and other reflecting metal objects. Measurements were not allowed close to electric power 

lines; 

b) connecting cable between the measuring antenna and the Fraunhofer Receiver DT700 had 

characteristic impedance of 50 Ohm; 

c) Fraunhofer Receiver DT700 performed relevant measurements at every measurement 

position; 

d) field strength levels were read from the display of the Fraunhofer Receiver DT700. 
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Field strength was calculated using the following formula: 

  Е [dBµV/m] = U [dBµV] + К [dB/m] 

where: 

 U[dBµV] : voltage level measured by the Fraunhofer Receiver DT700; 

 К = XX [dB/m]: conversion (transformation) coefficient for the measurement antenna, which is 

derived from the calibration curves for the specified operating frequency. 

Signal–to–noise ratio (SNR) for the received DRM30 signal was measured simultaneously with the 

field strength measurement. 

Simultaneously with these measurements, an additional auditory monitoring was performed to reveal 

short–time loss of the received sound signal. 

Signal parameters in fixed reception positions were measured according to the block diagram shown 

in Fig. 7. 

FIGURE 7 

Block diagram for measurement of field strength and signal parameters  

(Fixed measuring site) 

Source of test signal

(CD player)

Communication 

link
Coder-modulator Transmitter

DRM

 Monitoring Receiver

 DT700

Audio analyzer 

Neutrik A1

Fixed measuring siteFixed measuring site

StudioStudio Radio broadcasting centreRadio broadcasting centre

Uin
Uin Uout

Uout

Measuring receiver

 AOR 7300

Notebook (with 

software for sound 

signal analysis)
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6 Measurement of coverage areas for DRM30 and AM broadcasting 

6.1 Measurements in the day–time 

Measurement results for the field strength and SNR in the day–time are shown in Fig. 8. Legend in 

the figure: E – East, N – North, S – South, W – West, SE – South–East. Threshold values for a surface 

wave are also shown for 100% decoding in the 64QAM(3), 64QAM(0) and 16QAM(0) modes. 

Figures 8 and 9 show threshold values as “Better than VHF–FM”, “Close to VHF–FM” and “Close to 

AM”. These threshold values were chosen based on the conditions that: 

a) data rate with 64QAM (3) is 34 680 kbit/s, so the playback bandwidth is 16 700 Hz, that is 

“Better than VHF–FM”; 

b) data rate with 64QAM (0) is 22 060 kbit/s, so the playback bandwidth is 12 700 Hz, that is 

“Close to VHF–FM”; 

c) data rate with 61QAM (0) is 10 980 kbit/s, so the playback bandwidth is 2 800 Hz, that is 

“Close to AM”. 

Based on the measurement results for the field strength, it is possible to select the most appropriate 

values of effective specific conductivity and dielectric permittivity of the Earth surface for the current 

season, that is 1.5 mS/m and 20, accordingly (red curve in Fig. 8). For the 64QAM(3) mode, 100% 

decoding of the audio signal was possible at the distances 120 to 180 km from the transmitter 

(depending on the direction). In the North and West directions this distance corresponded to the 

minimum, i.e. 120 km, which can be explained by the following reasons: 

a) co–channel interference from the transmitter located in the area of St. Petersburg; 

b) field strength attenuation along the path over Moscow (West) or over the Klinsko–

Dmitrovskaya Gryada (North). 

100% decoding in this mode was observed in the South direction at the distance of up to 150 km and 

in the South–East direction at the distance of up to 180 km. 

Measurements in positions 47, 48, 49, 50, 51, 52 (see Fig. 4) located at the distance from 140 to 

160 km from the transmitter at the length of 84 km in the South–East direction demonstrated reliable 

decoding in the 64QAM(3) mode with variation of field strength up to 8dB from place to place. 

In the 64QAM(0) mode, 100% decoding of the audio signal in the South–East direction was observed 

at the distance of up to 260 km from the transmitter, positions 22, 23, 24 (see Fig. 4). Measurements 

in positions 53, 54, 55, 56, 57 (see Fig. 4) located at the distance of 220 km in the South–East direction 

demonstrated reliable decoding in the 64QAM(0) mode with insignificant variations of the field 

strength from place to place. 
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FIGURE 8 

Field strength and SNR in the day–time 

Field strength and SNR – day-time 
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In the AM mode, radius of the service area was 75 to 90 km (SNR = 26 dB with 30% modulation). 

At the distance of 160 km from the transmitter, SNR = 13.4 dB in the AM mode. 

Thus, the service area in the DRM30 64QAM(3) mode (quality “better than VHF FM stereo”) 

is 4 times larger than in the AM mode, but using only half the power for the DRM30 transmission. 

The service area in the DRM30 64QAM(0) mode (quality “close to VHF FM”) is 9 times larger than 

in the AM mode, but using only half the power for the DRM30 transmission . 

6.2 Measurements in the night–time and in the fading zone 

Measurement results for the field strength and the SNR in the night–time are shown in Fig. 9. Legend 

in the figure: E – East, S – South, W – West. Threshold values are also shown for 100% decoding for 

the combination of the ground wave and the ionospheric wave in the 64QAM(3), 64QAM(0) and 

16QAM(0) modes, as well as calculated curves for field strength of the surface wave (red colour) and 

the ionospheric wave (green colour). Field strength of the ionospheric wave is calculated according 

to [3]. 

In the 64QAM(3) mode, 100% decoding of the audio signal was possible at the distance of 70 to 

80 km from the transmitter (depending on the direction) with the surface wave prevailed. 

Reliable reception of the skywave was observed at distances greater than 200 km in the 64QAM(0) 

mode. 

In the АМ mode at the distance of 150 km from the transmitter, SNR was 8 to 12 dB with aurally 

noticeable fading. 

The fading zone existed at distances from 80 to 120 km for the given transmitter with the given 

antenna at the frequency of 549 kHz, and reception in this zone was studied in more detail. 

One of the study objectives was the practical assessment of the preference between two interference 

immunity modes, "A" or “B”, for use in the fading zone in the night–time. The relevance of this 

objective can be shown by means of the following arguments. 

It is known that the DRM30 standard [1] recommended use of interference immunity mode “B” with 

the duration of the guard time of 5.33 ms (“A” mode uses 2.66 ms) in the MF band in the night–time. 

The propagation channel model for this case (channel No.2, combination of the ground wave and 

ionospheric wave) comprises two beams with the propagation delay of only 1 ms. 

SNR required for decoding in the propagation channel model No.2 in the “B” mode is somewhat 

higher than in the “A” mode. 

Digital bitrates available in the “A” mode are significantly higher than in the “B” mode. With 10 kHz 

bandwidth and 64QAM modulation, this allows quality of sound “close to VHF FM” (22.1 kbit/s) or 

“like VHF FM” (26.5 kbit/s) with code rates of 0.5 and 0.6. For these cases required SNRs at the 

receiving position are 14.9 dB and 16.3 dB accordingly. 

In the “B” mode, comparable quality of sound requires code rates of 0.6 (20.1 kbit/s) and 0.71 

(24.7 kbit/s), and this needs SNRs of 16.9 dB and 19.7 dB at the receiving position, i.e. 2 to 3 dB 

higher than in the “A” mode. 

Additionally, signal reception in the MF band in the night–time is generally complicated by the 

presence of co–channel interference from remote stations. In the presence of the co–channel 

interference, absolute protective ratio for the “A” mode with 10 kHz bandwidth and 64QAM(1) 

modulation is 6.7 dB, and for the “B” mode with similar parameters it equals 7.3 dB [4]. 
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According to [4], at frequencies below 700 kHz and at distances of 100 to 200 km, arrival of waves 

having relevant intensity for decoding and delayed for more than 2 ms relative to the ground wave is 

not predicted. For this reason it can be suggested that using the interference immunity “A” mode in 

the above conditions with comparable quality of sound will be more power efficient than using the 

“B” mode. 

For practical verification of the above argumentation, measuring position was chosen at the distance 

of 97 km from the transmitter, where the field strengths of the surface wave and the ionospheric wave 

were about the same. This parity is verified by the fact that the depth of fading with AM signal was 

significant and reached 14 dB. 
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FIGURE 9 

Field strength and SNR in the night–time 
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Illustrations of the DRM30 signal reception in the fading zone are shown in Fig. 10. One of the 

illustrations for impulse response of the channel demonstrates equal surface and ionospheric waves 

with the delay of about 0.4 ms between them. The ionospheric wave is time–variant. Other waves 

with longer delays have significantly smaller strength. Image of transfer function of the channel, 

similarly to the “SNR spectrum”, resembles frequency–selective fading. 

FIGURE 10 

Illustrations for the reception of the DRM30 signal in the fading zone 

  

Examples of impulse response of the channel in the DRM30 mode 

  

Examples of transfer function of the channel in the DRM30 mode 

  

Examples of “SNR spectrum” – SNR values for subcarriers 

 

Spectrum of input signal in the 60 kHz bandwidth 
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At the central frequency of the desired signal spectrum, interference is observed with field strength 

(measured in the absence of the wanted signal) equal to 40…44…47 dBµV/m, received from AM 

broadcasting station (Germany) operating at the co–channel carrier frequency (549 kHz). The field 

strength of the wanted signal was 54…58 dBµV/m, and required protection ratios were met for 

protection level (1), but for protection levels (2) and (3) they could be violated with the growth of 

interference level and attenuation of wanted signal. 

Thus, the performed measurements correspond to the actual interference environment “at the border 

of possible reception area” and allow comparing the interference immunity of “A” and “B” modes. 

To perform this comparison, “A” and “B” immunity modes alternatively changed code rates, and 

RSCI files were recorded for each fragment with a subsequent calculation of percentage of correctly 

decoded audio frames. Recall that according to the international practice, “operability” of DRM30 

broadcasting is determined by the “98% of decoded audio frames” criterion. The measurement results 

are shown in Table 8. 

TABLE 8 

Percentage of correctly decoded audio frames for different immunity modes 

Immunity mode/ 

code rate 
“А” “В” 

64QAM(0) 100% 100% 

64QAM(1) 100% 100% 

64QAM(2) 99.93% 97.68% 

64QAM(3) 97.49% 63.27% 

90.21% 

Table 8 shows that with 10 kHz bandwidth, 64QAM(0) and 64QAM(1) both immunity modes 

(“A” and “B”) demonstrated 100% decoding. 

For 64QAM(2) and 64QAM(3) modes having almost equal field strength of the wanted signal, 

“A” mode provided higher percentage of decoded audio frames. 

Hence, the experimental studies showed that “A” mode had higher interference immunity than “B” 

mode in the above conditions. 

Taking into account that in the “A” mode a higher data rate is available, and that in order to achieve 

the same quality of sound content transmission, a lower code rate could be used requiring lower SNR 

for decoding, “A” mode of interference immunity is recommended for use in the MF band in the 

night–time at operating frequencies below 700 kHz. 

This Recommendation will allow extending the service zone of the surface wave (which is reduced 

in the night–time due to the increase of the noise level) by the size of the fading zone. 
 

7 Fixed reception in rural, urban and megalopolis areas 

Fixed reception was performed in the following positions: 

– Lvovsky township in the Moscow Region (rural area, 77 km from the transmitter, see Fig. 4, 

position 69). 

– Mytishchi town of the Moscow Region (urban area, 40 km from the transmitter, see Fig. 4, 

position 68). 
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– Moscow City, Aviamotornaya street (megalopolis area, 40 km from the transmitter, 

see Fig. 4, position 67). 

During these tests the receiving equipment was installed indoors. Power supply was delivered by 

electric power network and batteries. Electric lights and computers were turned on in the rooms. 

Measurements were performed using 4.5, 5.0, 9.0 and 10.0 kHz bandwidths, the “A” mode, 16QAM 

and 64QAM modulations with all available levels of interference immunity. Measurement results for 

the field strength and the SNR are shown in Tables 9, 10, 11. 

TABLE 9 

Measured data (rural area) 

No. Bandwidth 

(kHz) 

Field strength 

(dBµV/m) 

Signal–to–noise ratio 

(dB) 

1 4.5 62 30.9 

2 5 62 30.2 

3 9 63.8 27.4 

4 10 63.5 26.9 

TABLE 10 

Measured data (urban area) 

No. Bandwidth 

(kHz) 

Field strength 

(dBµV/m) 

Signal–to–noise 

ratio  

(dB) 

1 4.5 80 34 

2 5 80 32.5 

3 9 80 30 

4 10 80 29 

TABLE 11 

Measured data (megalopolis area) 

No. Bandwidth 

(kHz) 

Field strength 

(dBµV/m) 

Signal–to–noise 

ratio 

(dB) 

1 4.5 74 27.3 

2 5 74 27.1 

3 9 77 25.7 

4 10 76.2 25.1 

 

Measurements showed 100% decoding of the DRM30 signal using consumer and monitoring 

receivers for all used operating modes of the DRM30 modulator. 
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In the AM mode in the megalopolis fixed position at the distance of 40 km from the transmitter, SNR 

value was 23 dB, with specified SNR = 26 dB and 30% modulation. Thus, at the distance of only 

40 km from the transmitter, in the Moscow City there is no reception of AM signal with the specified 

quality, but the DRM30 signal is received with the quality comparable to VHF broadcasting. 

Additionally, it should be noted that in the environment with industrial and typical household 

interference which is always presented in living quarters (especially urban), reception using magnetic 

type antenna is more efficient than reception using rod antenna. This is due to the fact that in the 

electromagnetic field of this interference type, electric component prevails, and magnetic type 

antenna is not sensitive to the electric component. 

8 Assessment 

The following conclusions are made based on the analysis of the measured test data in the DRM30 

broadcasting pilot zone in the MF band: 

a) In the day–time: 

– in the AM mode, radius of service area was 75 to 90 km (specified SNR = 26 dB with 

30% modulation); 

– in the 64QAM(3) mode, 100% decoding of the audio signal was possible up to distances 

of 120 to 180 km from the transmitter (depending on the direction). Measurements at 

distance of 150 km from the transmitter in the South–East direction showed 100% 

decoding with field strength variations up to 8dB from place to place. Service area in the 

DRM30 64QAM(3) mode (quality “better than VHF FM stereo”) is 4 times larger than 

in the AM mode, but using only half the power for the DRM30 transmission; 

– in the 64QAM(0) mode, 100% decoding of the audio signal in the South–East direction 

was observed at distance of up to 260 km from the transmitter. Measurements in the 

positions at the distance of 220 km from the transmitter in this direction showed reliable 

decoding with insignificant field strength variations from place to place. Service area in 

the DRM30 64QAM(0) mode (quality “close to VHF FM”) is 9 times larger than in the 

AM mode, with DRM30 transmission. 

b) In the night–time: 

– in the AM mode at the distance of 150 km from the transmitter, SNR value was 8 to 

12 dB with audible fading; 

– in the 64QAM(3) mode, 100% decoding of the audio signal was observed up to distances 

of 70 to 90 km from the transmitter (depending on the direction) with the prevalence of 

the surface wave. At distances less than 150 km, 100% decoding of the audio signal was 

possible in the 64QAM(0) mode. At distances greater than 200 km, reliable reception of 

the sky–wave (ionospheric wave) was observed in the 64QAM(0) mode. 

In the fading zone at distances from 80 to 120 km for the given transmitter with the given antenna 

at the frequency of 549 kHz, the analysis showed that: 

– 100% decoding was observed with 10 kHz bandwidth, 64QAM(0) and 64QAM(1) 

modulations for both (“A” and “B”) interference immunity modes; 

– in 64QAM(2) and 64QAM(3) modes having almost equal field strength of wanted signal, 

“A” mode provided higher percentage of decoded audio frames; 

– in the reviewed conditions, “A” mode provides higher interference immunity than “B” mode; 

– taking into account that in the “A” mode a higher data rate is available, “A” mode could be 

recommended for use in the MF band in the night–time at operating frequencies below 
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700 kHz. This recommendation will allow extending the service area, which is decreasing in 

the night–time due to the growth of the noise level, by the size of fading zone. 

Overall, the studies showed that the DRM30 broadcasting provides larger coverage with better quality 

of audio content with lower transmitter power than traditional AM radio broadcasting. 
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Single Frequency DRM30 Radio networks in the HF bands 

1 Introduction 

The DRM standard [1] envisages the option of applying single frequency synchronous broadcasting 

networks. Tests have been carried out in the MF broadcasting band in Berlin [2], in the HF bands in 

in Western Europe [3] and in the 26 MHz band in Moscow. 

Despite the successful trial data, there is no detailed quantitative data describing the use of 

synchronous networks in the available literature. Guidance is therefore provided here on optimum 

choice of parameters for the successful implementation of a synchronous DRM standard digital 

broadcasting network at HF. An assessment is also provided of the net enhancement achievable 

through using a synchronous network, i.e. gains, which can ensured by a synchronous network 

compared to separately operating transmitters within the spatial wave coverage. 

2 Description of test terms and conditions 

Tests of parameters of synchronous DRM standard digital broadcasting SW networks required a 

number of (at least two) transmitting systems, which could at one frequency in the planned service 

area create sufficient to decode, approximately equal (up to 10 dB) field strengths for a sufficiently 

long time. If the difference in field strengths generated by each transmitter is more, it will be almost 

equivalent to the case of receiving the signal from a more powerful transmitter. 
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Thereafter, the transmitters in Krasnodar with capacity 30 kW DRM–mode antenna AHR 4/2/0.5 

with an azimuth of 337 degrees and 15 kW power in Kaliningrad with AHR 1/1/0.5 with an azimuth 

of 40 degrees were chosen. These transmitters were located at a distance of some 1000 km from the 

planned zone in Moscow region. 

To select frequency ranges and working the "ITS HF Propagation" package "ICEPAC" program was 

used. Transmitter frequencies within the range 9.7 MHz for day time and in the range of 7.2 MHz for 

night–time were selected. 

Figure 11 illustrates the calculated field strength within 24 hours for the various frequencies in the 

proposed service area at the point of measurement of the Krasnodar transmitter, and Fig. 12 

demonstrates that from the Kaliningrad transmitter. 

In general, synchronous network coverage area should be regarded as overlapping of the zones with 

the required tension fields and areas with the presence of synchronism. 

According to calculations, simultaneous reception is in the vicinity of Moscow most of the daytime; 

therefore Moscow region was used as the receiving location. 

 
FIGURE 11 

Calculated field strength (within 24 hours) for the various frequencies in the  

measuring point in the Moscow region of Krasnodar transmitter 
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FIGURE 12 

Calculated field strength (within 24 hours) for the various frequencies in the  

measuring point in the Moscow region of Kaliningrad transmitter 

 

 

Overlaying these graphs against each other (see Fig. 13) makes it possible to determine, roughly 

equally (up to 10 dB) and sufficient for decoding, the values of field intensity for day time in the 

9.7 MHz frequency range and for night time within the 7.2 MHz frequency range. 
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FIGURE 13 

Overlay plots of field (within 24 hours) for the various frequencies in the measuring  

point in the Moscow region of Krasnodar and Kaliningrad transmitters 

 

3 The composition and characteristics of transmitting equipment 

Figure 14 illustrates the organization of the work of the technical equipment to create experimental 

zone of synchronous DRM shortwave radio. The audio content coming from the studio is processed 

by the "Optimod" sound processor to improve the perception and is served on the DRM content 

server, which performs encoding of audio signals, adding textual and service information, and then 

transmits it in the MDI format to the channel–forming equipment of the network. 

The signal is received by a satellite receiving station. From the satellite receivers MDI signals go to 

DRM modulators that form the work frequency DRM signal. To operate synchronously DRM 

modulators are frequency and time synchronized by two GPS receivers each (not shown on the 

diagram). The generated electromagnetic signal is amplified to the level required in transmitters and 

antenna–feeder routes arrive at the antenna. The transmitters contain a complete set of equipment to 

ensure the configuration, measurement and control of the output signal. 

DRM modulators are connected to the Internet, through which it is possible to remote control their 

settings. 
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FIGURE 14 

Organization of work of the technical means to create a pilot zone of  

synchronous broadcasting DRM in the SW range 
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4 Receiving equipment 

Stationary collection point was equipped in Moscow region. The terrain is characterized by low levels 

of industrial noise. Interference from home appliances on weekdays in the planned period (month of 

May) is also virtually non–existent. 

Calibrated antennas used to measure the field strength (e.g. FMA–11) are very large antenna factor 

(Ka = –36 dB) that does not permit to use their DRM to receive signals in the case of a relatively 

small field intensity. Therefore, broadband receiving antenna type "T2FD" was designed, constructed 

and installed to conduct tests of synchronous network. Antenna calculation was made on the basis of 

terrain characteristics to provide attaching it to existing constructions, and the antenna factor is close 

to zero dB. 

Moreover, a short whip antenna connected directly to a 50 Ohm–input of the measuring receiver was 

prepared. It was Ka ≈ –20 dB. 

5 Testing 

In previous experiments [3] the comparative measurements of synchronous network with separate 

constituent transmitters were carried out on different days. The radio propagation conditions could 

be very different due to changes in solar activity. In cases like that true measurements could only be 

obtained with a long set of statistics that are only possible with regular broadcasting. To avoid this 

effect tests were suggested to be conducted by the following algorithm of the work of transmitters as 

presented in Fig. 15. 
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FIGURE 15 

Mode of operation of transmitters 
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As within one hour the conditions of radio propagation in first approximation do not change 

dramatically (with the exception of the dawn), the use of this mode of operation allows to determine 

the efficiency of the work of synchronous network. A breakdown of the time periods into smaller 

slots (less than 20 minutes) would take into account the "slow" feeding associated with the processes 

of change of absorption in the ionosphere. 

To evaluate the performance of synchronous network with relatively weak signals (low field strength 

predicted) it was decided to hold 24-hour tests in each of the selected frequency ranges. 

Tests ensured measurements and analysis of the field strength values as well as of parameters of the 

signal DRM transmitters (signal/noise ratio, the percentage of correctly decoded audio) in various 

combinations according to the mode of operation of transmitters (Fig. 15). 

The measurements were taken in at stationary reception. In addition, home receiver in/out audio 

control was conducted as well as the measurement of signal/noise ratio. 

The signal field strength measurement in the reception area was performed with the use of DT700 

measuring receiver and one Fraunhofer calibrated receiving antenna. Start to finish of each hourly 

séance DT700 Fraunhofer receiver continuously produced a corresponding measuring record of DRM 

files in RSCI format, containing the information on the field, MER, percentage, correctly decoded 

audio units as well as the time delay between the signals of the transmitter. 

6 Preliminary measurement of field strength essential noise and interference from other 

stations 

To obtain correct results is important to ensure not only the desired field strength, but also quite low 

level of interference from other stations in the workplace and the neighbouring channels. To ensure 

this condition, field strength of essential noise and interference from other stations on all selected 

frequencies and neighbouring channels has been measured throughout the day. Measurements of the 

noise carried out at the same point where the subsequent measurements of useful signal. Max "clean" 

frequencies were used during the experiment. Noise level is continuously controlled. 

6.1 7.4 MHz frequency range 

Median values of the measured field strength for each of the transmitters individually and when 

working in the synchronous network, as well as the calculated median values in the range 7.4 MHz 

are shown graphically in Fig. 16. 
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Minimum requirements for the sensitivity of the receiver in the range 6.2-27 MHz in accordance with 

[4] is 28 dBµV/m. It is clear that in case the signal field strength drops lower then receiver sensitivity, 

reception becomes impossible. 

In the case of transmitter № 1 (Kaliningrad) there are 7 time intervals during which the minimum 

field strength fell below 28 dBµV/m. When transmitter № 2 (Krasnodar) works there are 5 time 

intervals, and only 1 synchronous network. 

The most illustrative case of the increase of the minimum field strength used in the synchronous 

network is an example of the "6 hours" interval, when the minimum field strength of the transmitter 

№ 1 amounted to 39.35 dbµV/m, whereas that of transmitter № 2 – 41.4 dBµV/m, and of the 

synchronous network – 51.63 dBµV/m. 

6.2 9.7 MHz frequency range 

Median values of the measured field strength for each of the transmitters individually and when 

working in the SFN, as well as the calculated median values in the range 9.7 MHz are shown 

graphically in Fig. 17. Transmitter № 1 has 6 hour intervals during which the minimum field strength 

falls below 28 dBµV/m, whereas transmitter № 2 has 3 such time intervals, and the synchronous 

network has only 1. 

7 Percentage of decoded audio 

Calculated for each time interval measurement value is correctly decoded audio units, expressed as a 

percentage, for each of the transmitters individually and when working in the synchronous network 

for 7.4 MHz frequency range and 9.7 MHz are shown graphically in Figs 16 and 17. The graphs 

vividly show that when using traditional "broadcast day" and "night" frequency (for example, 

7.4 MHz in the frequency range from 00 MSK to 09 MSK and 9.7 MHz range 09 MSK on 23 MSK) 

it is possible to provide broadcast quality with high reliability (i.e. 98% audio decoding) within 

24 hours. 

8 Modulation error ratio (MER) 

As it can be seen from the diagram, Fig. 16, 7.4 MHz in the frequency range of the (24.67 dB) is 

higher than that of individual transmitters (21.69 dB and 23.83 dB, respectively). The minimum value 

for this parameter is well above average per day: 10.88 dB against 6.55 dB and 8.00 dB, respectively. 

As it can be seen from the diagram, Fig. 17, in 9.7 MHz frequency range MER median day average 

of a synchronous network (25.32 dB) is higher than that of individual transmitters (22.61 dB and 

24.31 dB, respectively). The minimum value for this parameter is well above average per day: 

13.14 dB and 10.35 dB against 11.45 dB, respectively. 

As the minimum field strength, the analysis above provides only a qualitative notion that synchronous 

network provides power gains compared with the work of the individual transmitters. With the 

increase of the minimum value of the MER for synchronous network the number of decoded audio 

samples exceeded the criterion considered comfortable for listening (98% of decoded audio units) 

with the work of individual transmitters. 
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FIGURE 16 

The reception within the range 7.4 MHz 
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FIGURE 17 

The reception within the range 9.7 MHz 
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9 Network gain evaluation 

In shortwave, studied in the present work, the difference in the projected median daily values of field 

strength in ionospheric channel distribution can be more than 30 dB (see Figs 11 and 12). The 

measured minimum field strength values were 40 dB less than the maximum median values (see 

Figs 16 and 17). In this situation, in order to ensure decoding service channels (and receive MER data 

throughout the measurement period) it is sufficient to provide a sufficiently large high field strength 

in a place with low levels of essential interference, as well as the use of DRM with a fairly high noise 

immunity. 

For this reason, DRM noise immunity measurement mode of 10 kHz, 16QAM, rall = 0.62 (protection 

level N 1) was used. To decode this mode in different types of ionospheric channels MER to 13 dB 

to 21 dB is required, with a data transfer rate of 14.56 kbit/s, which allows to use SBR and transmit 

audio content with high quality [3]. Minimum field strength used for this mode noise immunity is, in 

accordance with [3], 22 – 25 dBµV/m. 

However, it is clear that with the growth of the field strength due to radio propagation conditions 

change, there will be close to 100% audio decoding, and MER at the reception point will be limited 

to the value of the transmitter output (32 ...34 dB) which it cannot exceed/ 

Net gain (in dB) can be identified by comparing the thresholds in each time interval for each of the 

transmitters individually and as part of a synchronous network. 

Calculated for each measurement time interval values allowed MER expressed in decibels, for each 

of the transmitters individually and when working in the synchronous network for 7.4 MHz frequency 

range and 9.7 MHz are represented graphically in Figs 18 and 19. 

FIGURE 18 

Dependence value MER 98% decoding audio units to the time of day at the range 7.4 MHz 
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FIGURE 19 

Dependence value MER 98% decoding audio units to the time of day at the range 9.7 MHz 

  

 

As illustrative cases, examples include: 

Time 

MSK/frequency, 

(MHz) 

Transmitter 1, Aet. 

SNR, dB/dekod. 

Audio (%) 

Transmitter 2. Aet. 

SNR, dB/dekod. 

Audio (%) 

The transmitters 1 

and 2, Aet. SNR, 

dB/dekod. Audio (%) 

Win SFN, 

(dB) 

4:00 / 7,4 13,4 / 99,83 14,8 / 99,94 20,7 / 100 5,9 

19:00 /9,7 16,8 / 99,48 19,7 / 98,46 25,8 /100 6,1 

The reception was performed under artificially degraded conditions (at 1 metre long whip antenna 

that is connected directly to a 50 Ohm–input of the measuring receiver, which corresponds to some 

domestic sinks with not very good alignment of the antenna) and revealed much greater potential for 

the network gain. 

Time 

MSK/frequency, 

(MHz) 

Transmitter 1, Aet. 

SNR, dB/dekod. 

Audio (%) 

Transmitter 2. Aet. 

SNR, dB/dekod. 

Audio (%) 

The transmitters 1 

and 2, Aet. SNR, 

dB/dekod. Audio (%) 

Win SFN, 

(dB) 

19:00 /9,7 15,2 / 99,95 14,1 / 99,22 26,6 /100 11,4 

As you can see from the time chart in Figs 20 and 21, with synchronous operating mode (an average 

of 20 minutes a day) field strength and MER have fewer "deep" failures, than with each of the 

individual transmitters working – in the first and the last 20–minute intervals. The calculated 

permissible MER thresholds allow receiving a quantitative value network win, which in the 

conducted experiments reached the values up to 6 dB at a wire antenna and up to 11 dB at a whip 

antenna. 
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FIGURE 20 

Time diagrams MER field strength and properly decoded audio for hour interval "4 hour, 7.4 MHz”. Synchronous mode in 

the middle part of the graph is shown between the yellow markers 

 

FIGURE 21 

Time diagrams MER field strength and properly decoded audio for hour interval  

"7 hour, 9.7 MHz whip antenna”. SFN mode is shown in the middle part of the graphics 
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Attachment 2.2 

to Annex 1 

 

Field trials in Rome on the possible use of the DRM+ system in VHF Band II 

to migrate from FM sound broadcasting to digital technology 

1 Introduction 

In December 2011 Vatican Radio carried out some broadcasting tests of DRM+22 in the VHF Band II 

at 103.8 MHz. The aim of the tests was to verify the performance of DRM+ in a difficult interference 

scenario such as the FM VHF band II in Rome and to check the compatibility of the digital technology 

with existing antenna arrays having complex RF coupling systems such as the one located in the 

Vatican. 

The frequency used was assigned to the Vatican in the GE84 Agreement and was chosen for two 

main reasons: it is not used during a few timeslots in the morning and it suffers from some strong 

interferences coming from stations operating at 103.7 MHz and 104.00 MHz located close to Rome 

(some of those interfering stations in some points within the 103.8 MHz FM service area do not 

comply with the protection ratios specified in Recommendation ITU–R BS.412.923). 

The tests were carried out taking into account the normal programs schedule. During the tests the 

digital transmitter was connected to the antenna feeder via a changeover, leaving the analogue 

transmitter in stand–by. The antenna array is a complex system: four FM transmitters at different 

power levels share the same antenna with elliptical polarization and omni–directional horizontal 

radiation pattern. 

This contribution details the results of the test and some relevant considerations. 

2 Description of the installation 

A low power transmitter was installed in the transmitting building entitled to Pope Leone XIII 

[N41°54’13.83” E12°27’0.11”] located in the Vatican City (Fig. 22). The position has been identified 

as CVA in all the maps in this document. 

                                                 

22 Defined as System G in Recommendation ITU-R BS.1114. 

23 For further information see Fig. 1 of Recommendation ITU-R BS.412-9. 
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FIGURE 22 

FM station in the Vatican 

 

FIGURE 23 

DRM+ Transmitter 
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The DRM+ transmitter was composed by a linear power amplifier NAUTEL model VS1 300W RMS 

with the corresponding exciter and a digital modulator RFmondiale model LV6M (Fig. 23). 

The modulator was fed with a DRM+ multiplex generated by a Fraunhofer DRM Content Server R5 

operating in the Transmitting Centre of Santa Maria di Galeria located about 20 km outside Rome. 

The DRM+ multiplex was sent to the transmitter via a private Ethernet network link. The test was 

carried out at 200 W RMS complying with the DRM+ transmitter spectrum mask.  

FIGURE 24 

Particular of one transmitting element 

 
 

The power, frequency, channel bandwidth and multiplex characteristics are given in the tables below: 

TABLE 12 

DRM Channel description; content server configuration 

Frequency 103.8 MHz 

Power 200 W 

RMS 

Antenna 10 bays 

Antenna hor. beam Omni 

Polarization Elliptical 

Gain (vert. comp.) 8.18 dBd 

Gain (hor. Comp.) 7.44 dBd 

Power split. (V/H) 0.70/0.30 

Channel bandwidth 100 kHz 
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TABLE 13 

Configured services on the DRM Multiplex 

DRM channel BW 100 kHz 

MUX ref. ID Test DRM+ 

Timeslot. (UTC) 800–1 200 

Robustness MODE E 

Channel BW 100 kHz 

MSC 4QAM 

Protection level  EEP PL=0 [0.25] 

SDC 4QAM 

Max net bit rate 37 200 bps 

Unused bit rate 0 bps 

TABLE 14 

Service identification Vatican DRM+ 

Audio codec AAC24 

Audio mode Full Stereo 

SBR ON 

Sampling rate 24 kHz 

Audio bitrate 36 880 bps 

AFS NO 

Text message 320 bps 

 

The antenna was manufactured by “SIRA ANTENNE” in the nineties. Each bay is composed of four 

2×3 elements crossed YAGI installed on the external sides of the square–section mast. A complex 

RF routing system composed of combiners, filter cavities and directional couplers permits proper 

insulation among all the transmitters and adequate power splitting for polarization diversity. 

Four different FM transmitters are normally operating on 93.3 MHz, 96.3 MHz, 103.8 MHz and 

105 MHz at different power levels. The antenna feeding system permitted to disconnect the analogue 

transmitter operating at 103.8 MHz and connect the digital one. The analogue transmitter was 

switched off during the tests. The tuning of the RF routing system was not modified to optimize the 

signal transfer from the transmitter to the antenna. 

                                                 

24 AAC, Advanced Audio Coding. 
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FIGURE 25 

Antenna control panel 

 
 

3 The existing FM service 

The 103.8 MHz analogue FM service is currently operated at 9 kW; Map 1 shows the prediction of 

the field strength vertical component 10m above the ground. Due to the congestion of the FM band 

in Rome the effective service area for portable reception could be considered unconditioned only in 

the area identified in yellow or red; in other areas (in cyan) the coverage depends on the particular 

reception condition (indoor/outdoor, fixed/mobile/portable), in those areas the listening experience is 

quite poor due to splats coming from interfering stations operating from transmitting locations higher 

than the Vatican. The interference scenario has been monitored in 8 different points indicated as 

Mp1…Mp8 on the map below. The closer interferer is a station operating with a low power 

transmitter at 103.7 MHz from Vermicino, located 20 km from the Vatican in the SE direction. 

Another interferer operating at low power on 103.9 MHz is located over Tivoli (in the E direction) 

and another one operating at high power at 104 MHz is located in the SE direction, having Rome as 

target service area. 



60 Rep.  ITU-R  BS.2384-0 

 

MAP 1 

The current analogue FM service 

 
 

Colour legend of Map 1: 

 

 

 

 

 

  

   

EM > 90 dBV/m EM > 82 dBV/m EM > 74 dBV/m 
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Table 15 shows the signal strength ratios measured in the monitoring points considered: 

TABLE 15 

 103.8 MHz 103.5 MHz 103.7 MHz 104.0 MHz 

 
dBV 

Int.–Ref. 

dB 

Int.–Ref. 

dB 

Int.–Ref. 

dB 

Mp1 55.8 3.5 –9.5 6.4 

Mp2 58 15.2 –12.2 11.9 

Mp3 63 15.3 –2.8 11.3 

Mp4 59.8 14.6 –11.2 7.1 

Mp5 53.8 –5.3 –10.3 0.9 

Mp6 56.6 –4.1 –0.7 –8.8 

Mp6 61.7 –1.2 –14.8 1 

Mp8 63.9 –2 –16.1 –7.4 

The first column shows the RF voltages measured at the receiver in dBV of the reference signal at 

103.8 MHz. The other columns display the difference between the interfering signal and the reference 

one. 

The relative protection ratio as given in Recommendation ITU–R BS.412–9 is satisfied only in few 

points25. Figure 26 displays, as example, the interference scenario measured in Mp6. 

FIGURE 26 

Spectrum plot taken in Mp6 

  
 

                                                 

25 See Fig. 1 of Recommendation ITU-R BS.412-9, case stereophonic broadcasting steady interference. 
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4 The tests and the results 

The measurements were performed by Vatican Radio using the following equipment: 

– RF Mondiale DRM+ Test Receiver connected to GPS. 

– Log File containing all necessary data such as geographical, electromagnetic and audio 

errors, with one record for each DRM Frame. 

– Kathrein stilo antenna (model 510351), physical length 79 cm measured according to the 

manual. 

– Rhode Schwarz ESPI Test Receiver. 

– Fiat “Scudo” minivan with antennas, DC power system and on–board inverter. 

– An ad hoc ground plane was realized on the car roof. 

The “Centro Nazionale Controllo Emissioni Radioelettriche Roma” department of Italian “Ministero 

dello Sviluppo Economico”, attended one day session of measurements. 

FIGURE 27 

Measurement vehicle 

 

 

The monitoring sessions examined the mobile reception of the 103.8 MHz signal on different paths 

likely to represent the reception of the signal in the main target area. The results are detailed below. 

Map 2 shows audio reception along three different paths representative of Rome: 

a) the main centre; 

b) a ring surrounding the main centre; 

c) the “GRA” motorway (motorway A90/E80) encompassing the main urban area 

(about 10 km radius). 

According to Recommendation ITU–R BS.1660–6 the minimum median field strength for 4QAM 

modulation scheme R = 1/3 is 40.7 dBV/m for portable outdoor reception and 42.3 dBV/m for 

mobile reception. 
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MAP 2 

Measured DRM+ reception along three different paths representative of Rome 

 

 

                                                 

26 This status is representative of a transition condition of the receiver. In this situation is not possible to 

determine a priori if audio was decoded or not. In all statistical analysis of the audio decoding process in 

this situation audio has been considered as NOT decoded. 

Thresholds related to the DRM decoding process (paths): 

 Receiver 

status 

undefined26 

 No Sync  Sync ok  FAC ok  SDC ok  Audio OK 

Thresholds for predicted field strength at 10m (overlaid): 

 EM > 84 dBV/m  EM > 64 dBV/m  EM > 44 dBV/m 
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Map 3 shows the measured DRM+ reception in two paths representing the main centre of Rome. The 

legend of colours with respect of the DRM+ decoding process is the same as the one of Map 2. 

MAP 3 

Measured DRM+ reception in two paths representing the main centre of Rome 

 

 

It has been possible to decode the audio signal in 98.3% of location belonging to the internal ring and 

87.8% locations of the external one. These percentiles also include locations inside that should be 

theoretically excluded from the statistics. 

It should be noted that in the north east of the external path of Map 3 there are many points marked 

in blue; the issue has been investigated and two reasons have been identified: 

– the path passes through of a long tunnel with only some small parts open to free sky, 

in those points there was no propagation; 

– that area is quite depressed with difficult propagation conditions. 

Map 4 shows the elevation profile in one direction and Fig. 28 the EM free space prediction in the 

point corresponding to the red cross on Map 4. 
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MAP 4 

Particular of the external path with terrain elevation profile over the red line 
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FIGURE 28 

 
 

The Figures below give an idea of the interference scenario; they show screenshots of the software 

DRM+ receiver taken in test points Tp1..n in Map 1. 
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Spectrum plot of the interference scenario in Tp1: 

FIGURE 29 

 

Power measurement on the interference on 103.7 MHz taken at Tp2: 

FIGURE 30 
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Power measurements taken at Tp7 and shown as reference: 

FIGURE 31 

 

 

5 Conclusions 

In respect of optimizing mobile reception, assessment of DRM+ transmissions from a low power 

DRM+ broadcasting transmitter located in a very congested FM environment in an urban area of 

Rome, shows the following main points: 

– acceptable stereo coverage in mobile reception conditions has been verified in areas where 

predicted field strength is comparable with 44 dBV/m and interference is negligible; 

– using the most robust configuration for DRM+, it has been possible to achieve better 

coverage with a full stereo program than the one achieved with an analogue FM signal; the 

overall subjective listening experience was better than that of FM interfered with by splashes 

coming from adjacent stations. 

In view of a possible transition of existing analogue FM services to digital technology it has been 

found that the use of DRM+ has the following merits: 

– possibility to re–use the existing antenna system without any particular precaution, except 

the one relevant to the maximum peak envelope power of the digital signal; 
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– no modification of the target service area as a consequence of re–using the existing antennas; 

this means that the original “shape” of the target service area remains unmodified with 

benefits for those local broadcasters that have their main audience in a specific service area; 

– possibility to use SFN techniques, with the attendant benefits for regional operators who may 

be able to re–use the frequency to achieve regional coverage. 

 

 

 

 

Annex 2 

 

The HD Radio System 

1 System overview 

The HD Radio system provides a means for MF and FM broadcasters to upgrade to digital 

broadcasting. The system provides a flexible approach that offers tangible benefits to broadcasters, 

listeners, and regulators. For broadcasters, the system offers a cost effective means to upgrade to 

digital broadcasts. This allows broadcasters to offer new audio and data services in order to compete 

with other digital media and better meet the needs of listeners. As is explained in greater detail below, 

the HD Radio system’s hybrid mode, which allows broadcasters to introduce a digital signal alongside 

existing analogue broadcasts, enables broadcasters to upgrade their stations during their normal 

equipment replacement cycle and avoid disruptive capital expenditures. This also allows broadcasters 

to retain their existing dial position, minimizing consumer confusion. For listeners, the HD Radio 

system offers new audio channels and new data features that enhance the overall listening experience 

at reasonable prices. Commercial implementations of HD Radio technology have shown that HD 

Radio receivers can be brought to market at mass market price points. For regulators, the HD Radio 

system offers the option to introduce new digital broadcasting without the need to allocate new 

spectrum for radio, re–plan the existing broadcasting bands or issue new licenses. Regulators can 

authorize existing analogue stations to upgrade to digital without the need to take further regulatory 

action. 

2 Key features of HD Radio technology 

The system offers broadcasters numerous modes in order to allow broadcasters to meet the needs of 

their local market. Both the MF and the FM systems offer hybrid and all–digital modes. Hybrid modes 

include a digital signal along with an existing analogue signal. Low power digital carriers are 

introduced on the side of the analogue signal in a manner that avoids interference to the analogue 

signal of the host station and adjacent channel stations. All–digital modes eliminate the analogue 

signal and include only a digital transmission. The hybrid MF system offers broadcasters a system 

with both core and enhanced digital carriers or a mode with only the core carriers. The combined core 

and enhanced carriers offer broadcasters more throughput and higher digital quality but the core only 

mode offers broadcasters greater compatibility with their existing analogue signals. The FM system 

offers broadcasters (i) dual sideband hybrid modes, (ii) single sideband hybrid modes, (iii) extended 

hybrid modes that offer greater throughput but lower protection of the host station analogue signal 

and (iv) all–digital modes. The dual sideband hybrid modes use redundant digital carriers on either 
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side of the existing analogue signal to provide greater resistance to interference from adjacent channel 

analogue signals. The single sideband hybrid modes offer the ability to introduce a digital signal when 

spectrum assignments limit the bandwidth available for digital carriers. The extended hybrid modes 

extend the digital carriers closer to the analogue signal, thereby increasing digital capacity. The all–

digital modes eliminate the analogue signal and increase digital power levels to enhance digital 

coverage. 

These different modes of operation provide significant flexibility for HD Radio implementations. The 

hybrid and extended hybrid modes allow for a rational transition to digital broadcasting because both 

analogue and digital broadcasts are fully supported. Listeners with analogue receivers continue to 

enjoy their regular broadcasts but consumers with digital receivers have the ability to receive all the 

enhanced services associated with digital broadcasts. The single sideband and dual sideband 

architectures help meet the needs of broadcasters with different channel spacing environments and 

different spectrum constraints.  

The all–digital mode allows broadcasters to offer more capacity and greater reliability in areas where 

there is unoccupied spectrum or where the penetration of digital receivers is sufficient to eliminate 

the need to protect analogue signals from digital interference. 

The use of hybrid and extended hybrid modes offers the key element of the digital transition. Because 

the digital signal can co–exist with analogue broadcasts, broadcasters can upgrade to digital over an 

extended period of time. This avoids the need for disruptive capital expenditures with all stations 

converting simultaneously. Also, because the digital signal is added to the existing station 

transmission, the HD Radio system allows broadcasters to avoid the capital investment associated 

with the construction of new towers and transmission facilities. The HD Radio system also avoids the 

immediate obsolescence of existing analogue radios because analogue transmissions can co–exist 

with the new digital signal. Extensive testing conducted in 2000 and 2001 confirmed that the 

introduction of an HD Radio digital signal does not cause harmful interference to co–channel or 

adjacent channel analogue stations. Commercial operations for nearly ten years have confirmed this 

on thousands of stations. 

Commercial broadcasters have used the HD Radio system to introduce a number of new services to 

enhance the listening experience: 

– Enhanced Audio Quality – Independent tests of audio quality have established that the FM 

HD Radio System provides CD–quality sound. The MF HD Radio system offers either full 

stereo or parametric stereo depending on the mode used. In either case, this offers FM–quality 

sound that enables broadcasters to reintroduce quality music programming to the MF band. 

– Multicasting – The HD Radio system allows broadcasters to introduce up to three additional 

audio channels, known as HD2, HD3 and HD4 channels, in the FM band in addition to the 

digital simulcast of existing analogue programming. These additional audio channels do not 

require any additional spectrum allocation. The MF system allows the introduction of one 

additional audio channel. Broadcasters have used these channels to offer new audio channels 

that can be an extension of existing content or completely new formats. In some cases, 

broadcasters have leased this extra transmission capacity to create new income streams for 

the station. 

– Program Service Data – Stations are able to transmit artist and song title information as well 

as information about the station format and slogan. This provides much greater capacity and 

flexibility than the analogue RBS/RBDS system. 

– Tagging – Tagging allows listeners to push a button on the receiver to mark a song for 

purchase at a later time. This avoids the need to physically write the name of the song for 

later recall. 
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– Navigation Services – The HD Radio system supports the transmission of real time updates 

to automobile traffic and navigation systems and portable navigation devices. This can 

include ancillary information that can be displayed on maps such as the location of gas 

stations and other retail outlets. These transmissions can provide access to real time incident 

information and can reroute maps to avoid traffic problems. 

– Data Services – The HD Radio system can display new text based information services 

providing news updates, sports scores, and weather information. 

– Artist Experience – This feature includes the transmission and display of album art and other 

still images related to the audio programming. The Artist Experience feature also can be used 

to display visual advertisements on the radio to enhance station revenue. 

– Active Alerts – The active alert feature can be used to provide text based emergency alerts 

that are displayed on the radio screen. 

3 Status of HD Radio implementations 

The HD Radio system has been authorized for implementation in the United States, Mexico, Panama 

and the Philippines. The first authorization was issued in the United States where stations commenced 

digital operations in 2004. As of January 2015, there are approximately 2,250 MF and FM stations 

broadcasting digitally in the United States. Those stations also transmit more than 1,500 digital–only 

multicast programming channels. HD Radio broadcasters also offer a range of data services including 

artist and song title information, album art and other images displayed on receiver screens, traffic and 

navigation updates to car navigation systems and portable navigation devices, sports scores, weather 

and other data information delivered as scrolling data and song tagging that allows listeners to tag a 

song heard over the radio for purchase at a later time. Mexico authorized digital operations in 2011. 

As of January 2015, there are 38 stations operating digitally including 13 in Mexico City. There are 

approximately 25 million HD Radio receivers in the marketplace. 35 major automobile brands offer 

HD Radio receivers for factory installation in vehicles. There are approximately 100 HD Radio 

receiver models available in all market segments including OEM automobile, aftermarket 

automobile, home AVR, table–top and portable receivers. 

The data service capabilities of the HD Radio system are also becoming an important part of 

commercial operations providing not only services additional to the programme content but self–

standing service offerings. The coverage of datacasting service provided over HD Radio broadcasts 

is important to potential service providers. Laboratory and field evaluations that have been conducted 

to characterize the quality of service (QoS) for datacasting services provided using the HD Radio 

system. The test program was designed to measure Advanced Application Service (AAS) packet error 

rates (PER) under simulated lab conditions and real–world field conditions. 

The laboratory tests were designed to measure packet error rates for various packet sizes in several 

reception conditions. Data packet sizes investigated were 64 bytes, 256 bytes, 1024 bytes, and 

4096 bytes in length. The results demonstrated that reception of data packets is unaffected by injected 

RF noise at 56dB–Hz and smaller packet sizes (64 bytes and 256 bytes) provide the greatest degree 

of robustness, which is especially important for mobile reception with multipath fading. 

Field tests confirmed the results of the laboratory tests. The field tests evaluated data service coverage 

in comparison with audio service coverage by looking at packet error rate information for various test 

routes in several market areas. The results are consistent the laboratory testing and support the 

findings that smaller packet sizes have few effective errors in the mobile environment. 

Real–time packet error calculations and mapping of data reception demonstrated the robustness of 

the service: 
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 Reliable data reception extended beyond the coverage range for audio reception. 

 PER increased with farther distance to transmitter (Fringe/cut off area). 

 Data reception was lost in locations of extreme weak signal (Cd/N0 < 55 dB–Hz) at edge of 

coverage. 

 Market area coverage analysis highlighted the ability to receive data packets throughout the 

broadcast market. 

 Packet error rates (PER) increased with larger packet size. The optimum performance was 

verified at packet sizes of 64 bytes and 256 bytes. 

Further performance improvements are possible with enhancements to the system definitions. 

Forward error correction through repetition of data packets and enhanced receiver validation 

algorithms will improve the reliability of received data. Since many data services broadcast over HD 

Radio protocols consist of slowly varying data content (traffic information, weather, news), the same 

data content may be repeated several times over a period of a few minutes to enhance reception. 

Optional use of Reed Solomon coding and packet interleaving can provide increased coverage area 

at the cost of lower throughput and increased latency. 

 

 

 

 

Attachment 1 

to Annex 2 

 

Spectrum management and service planning considerations for implementing 

the HD Radio system in the MF broadcasting band 

1 HD Radio system characteristics 

The HD Radio system allows for a rational transition from analogue to digital broadcasting by 

affording broadcasters an ability to introduce digital broadcasts without the need for new spectrum 

or new channel assignments. The HD Radio system introduces digital carriers alongside existing 

analogue broadcasts thereby allowing the simultaneous broadcast of analogue and digital 

programming. The MF HD Radio system operates in two modes: hybrid and all–digital. The system 

characteristics for the HD Radio system can be found in Recommendation ITU–R BS.1514. 

1.1 Hybrid or MA1 mode 

In the hybrid mode, digital audio and data information is transmitted simultaneously underneath and 

adjacent to the analogue transmissions. An audio codec is used to compress the digital audio stream 

to fit within the limited MF channel bandwidth. The codec apportions the audio into “core” and 

“enhanced” streams, and the system assigns the streams to different parts of the spectrum. The “core” 

stream carries monaural digital quality audio and the “enhanced” stream carries, at a broadcaster’s 

option, enhanced fidelity and/or stereo. The system allocates the “core” stream to the most robust 

portions of the channel and the enhanced to the remaining spectrum. 
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FIGURE 32 

IBOC hybrid waveform spectrum 
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TABLE 16 

Configuration of digital subcarrier groups in the MA1 hybrid mode 

OFDM Subcarrier Group 
RF Frequency 

Span 

Data 

transmission 

rate 

Power level of 

each carrier 

(referenced to 

analogue carrier) 

Modulation method 

utilized 

Primary– monaural audio 

information 

+10,356.1 to 

+14,716.6 Hz 

20 kbit/s −28 dBc 64–QAM 

Secondary– stereo audio 

information 

+5,087.2 to 

+9,447.7 Hz 

16 kbit/s −42 dBc 16–QAM 

Tertiary +363.4 to 

+4,723.8 Hz 

 Adjustable QPSK 

 

Several modifications to the analogue host signal are necessary to allow these simultaneous digital 

transmissions:  

− The high frequency analogue audio bandwidth must be limited to either 5 kHz or 8 kHz (user 

selectable). Stations that elect to transmit 8 kHz analogue audio may experience some 

reduction in the robustness of their digital reception.  

− Positive modulation peaks cannot exceed 125%. 

− Negative modulation peaks cannot exceed 98% 

Additionally, the radio station’s antenna radiating system must meet specific requirements for 

bandwidth, linearity, phase rotation and group delay.  

1.2 Core only hybrid mode 

In order to meet the needs of stations that might experience interference from the digital signal to 

existing analogue operations or to address the concerns of users in areas where there is a high volume 

of legacy wideband MF receivers in use that might be more susceptible to digital interference, an 

optional modified single–stream “core only” hybrid mode was released. This mode eliminates the 

Secondary and Tertiary subcarriers, allowing stations to transmit their full analogue modulation 
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spectrum and reducing the potential for digital–to–analogue noise interference from the Secondary 

and Tertiary subcarriers in some wideband receivers (Fig. 33). By eliminating the Secondary and 

Tertiary subcarrier groups, the available audio data throughput is reduced from 36 kbit/s to 20 kbit/s, 

which does not allow for the transmission of stereo audio using the conventional MA1 mode. 

However, this modified version of MA1 allows stations to transmit the stereo information using 

Parametric Stereo coding (“Joint Stereo”). The result is a 20 kbit/s digital audio signal that is nearly 

equal in fidelity to the standard 36 kbit/s multi–stream configuration, and which is transmitted in a 

format that has less impact on the host analogue signal.  

FIGURE 33 

The MA1 reduced bandwidth configuration, with 10 kHz analogue bandwidth 

 

 

With the conventional MA1 transmission method, because all of the stereophonic information is 

transmitted by the Secondary subcarriers which are lower in power than the monaural Primary 

subcarriers, the station’s stereo coverage is reduced when compared to its monaural coverage. As a 

result, the stereo image is lost when an HD Radio receiver is unable to detect the Secondary 

subcarriers, even though the digital audio reception continues in monaural. The listener thus 

experiences three distinct signal coverage patterns in the field – the strongest signals are in stereo, 

medium strength signals are in monaural, and the weakest signals revert to analogue reception. 

However, with this new modified MA1 implementation, stereophonic audio is received throughout 

the entire digital coverage area (Fig. 34). 

A further option provided by the modified MA1 configuration is the ability to transmit monophonic 

programs. Previously, MF stations using the HD Radio system were required to broadcast a 

stereophonic signal, even if all of their program source material was monaural. With the modified 

MA1 configuration, stations may elect to either transmit the Parametric Stereo data or else broadcast 

a monophonic signal, thus dedicating the entire 20 kbit/s data stream to achieving the highest 

monaural fidelity.  
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FIGURE 34 

Digital stereophonic coverage for the normal and modified MA1 configurations 

 

 

Existing digital MF stations that are satisfied with their digital performance and analogue host 

compatibility will not experience benefits from the core only operation mode. However, the radio 

stations most likely to take advantage of this new configuration are:  

− stations that broadcast talk programs or other low density program material; 

− stations that want to broadcast in monaural; 

− stations desiring more uniform stereo coverage; 

− stations modulating with positive peaks in excess of +125%; 

− stations with antenna symmetry issues at +5 kHz of their carrier frequency.  

The listeners of these stations will also benefit, because the blending from stereophonic to monaural 

reception will be eliminated at the limits of the Secondary subcarriers’ coverage area. They will 

experience a more uniform audio experience up to the edges of the station’s digital coverage area.  

In addition to providing new flexibility for audio transmission, this modified MA1 mode adds the 

necessary architecture to support low speed data services (“Datacasting”) by MF stations. This will 

allow the transmission of a one–way point–to–multipoint data stream of up to 16 kbit/s that can be 

used for new data services which are unrelated to an MF station’s audio programming. Listeners to 

the radio station’s normal analogue and digital programs will be unaware of the existence of this data 

service, and special receivers will be required for its reception. This will open up possibilities for the 

generation of new revenue for MF broadcasters. In the modified MA1 mode, the 16 kbit/s capacity 

of the Secondary and Tertiary subcarriers can be repurposed for the transmission of unrelated data 

services.  
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FIGURE 35 

Shown here are the three possible configurations for MF stations that transmit a digital audio signal.  

The third option shows the possibility of a 16 kbit/s data service.  

 

1.3 All digital mode 

In the all–digital mode, the power level of the digital carriers, located in the area previously occupied 

by the analogue signal, is increased to improve robustness. The digital signals are comprised of 

OFDM waveforms that are placed directly underneath and on either side of the analogue signal. 

FIGURE 36 

All–digital waveform spectrum 
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The “core” and “enhanced” streams are combined in the receiver to provide the highest audio quality 

when receiving conditions permit. As interference increases or the receiver approaches the edge of 

coverage, the receiver seamlessly transitions to monaural audio quality 

2 Spectrum management considerations 

The HD Radio system promotes spectrum management by allowing for the introduction of digital 

broadcasts without the need for additional spectrum allocations. Special attention is given to allowing 

for adequate operation of the legacy analogue services while adding the digital signals. That includes 

also the prevalence of older receivers alongside with better performing newer receiver that can benefit 

from the new digital services. Therefore, the system is often introduced with nominal power setting, 
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but it allows for individually adjusting the power level of each digital block–pair (‘sub–bands’). The 

spectral sub–carrier structure is given in Table 17. 

TABLE 17 

HD Radio System Parameters for MF Broadcasting Band 

Parameter Name Computed Value (rounded) 

Cyclic Prefix Width, α 0.317 ms 

Symbol Duration (with prefix), Ts 5.805 ms 

Number of symbols in a block 32 

Block Duration, Tb 9.288 ms 

Number of blocks in a frame 8 

Frame Duration, Tf 1.486 s 

OFDM Subcarrier Spacing, Δf 181.7 Hz 

Number of Carriers 10 kHz band  :  54 

20 kHz band  :  104 

30 kHz band  :  156 

Used Bandwidth 10 kHz band  :  9.8 kHz 

20 kHz band  :  18.9 kHz 

30 kHz band  :  28.4 kHz 

Three different digital block–pairs may be employed. The Primary block–pair, indicated by PL 

(Primary Lower) and PU (Primary Upper), is present in all the configurations and carries logical 

channel P1. The Secondary block–pair, indicated by SL (Secondary Lower) and SU (Secondary 

Upper), is present in the 20–kHz configuration MA3 and in the 30–kHz configuration MA1. The 

Tertiary block–pair, indicated by TL (Tertiary Lower) and TU (Tertiary Upper), is present in the 

30 kHz configuration MA1. Logical channel P3 is carried solely by the Secondary block–pair in the 

20 kHz configuration MA3, and jointly by the Secondary block–pair and Tertiary block–pair in the 

30 kHz configuration MA1. 

In system mode MA1, the transmitted digital power is separately defined for each block–pair. The 

definition is in dBc, relative to the existing analogue host carrier frequency power (which is the 

reference at 0 dBc). The values apply to the digital signal power density over a specified bandwidth. 

The specified bandwidth is typically one subcarrier bandwidth of 181.7 Hz. That bandwidth is often 

converted to 300 Hz in order to simplify practical settings and field measurements. 

The parameters in Fig. 37 apply to the AM mode MA1 configuration as follows: 

 Ap indicates the power density setting of the primary block–pair in dBc/181.7 Hz 

 As indicates the power density setting of the secondary block–pair in dBc/181.7 Hz 

 At indicates the power density setting of the tertiary block–pair in dBc/181.7 Hz 
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FIGURE 37 

Digital Signal Power Settings for AM System Mode MA1 

 

The terms Lp and Lst indicate the ratio of the analogue frequency power to the total power of the 

primary digital block–pair and the secondary/tertiary (combined) power level, respectively. For the 

nominal settings of Ap = ‒30dBc, Lp ~ 13dB. Similarly, for the nominal settings of As = ‒43dBc and 

At = ‒50dBc, Lst ~ 24.5dB. 

The parameters in Fig. 38 apply to the AM mode MA3 configuration as follows: 

 Ap indicates the power density setting of the primary block–pair in dBc/181.7 Hz 

 As indicates the power density setting of the secondary block–pair in dBc/181.7 Hz 

FIGURE 38 

Digital Signal Power Settings for AM System Model MA3 

 

For the nominal settings of Ap = ‒15dBc, Lp ~ ‒2.5dB. Similarly, for the nominal settings of  

As = ‒30dBc, Ls ~ 12.5dB. 
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When operating in hybrid mode, the HD Radio transmission system can be configured so as to provide 

coverage that slightly reduced in comparison to the AM coverage, with an average power requirement 

of approximately 13 dB lower than the analogue carrier. When operating in all digital mode, the HD 

Radio transmission system can be configured so as to provide coverage that exceeds the AM 

coverage, with an average power requirement of approximately 2 dB higher than that same analogue 

carrier. 

3 Planning considerations 

The planning parameters for digital sound broadcasting in the MF broadcasting band include several 

aspects related to signal propagation, channel models and adequate reception by different types of 

receivers. The information and guidance taken into consideration was as provided in several ITU 

document, such as ITU–R P.1321–3 and the documents referenced within it, ITU–R BS.560–4, 

ITU-R BS.703, as well as documents from several other sources (provided in NRSC–5–C). Detailed 

analysis, including channel models, is provided in document SY_TN_3515 (“HD Radio System 

Planning Parameters for MF 530 kHz to 1710 kHz”). 

Generally, the protection requirements are considerably lower than for conventional AM 

broadcasting. However, the planning parameters include digital power adjustments (reduction, in 

practice) in order to match the existing interference environment. 

In considering the propagation factors and noise–related information, and particularly their large 

variability or their level of uncertainty, and based on potential (and actual) usage scenarios of 

various HD Radio receiver types, the following approach is applied for planning: 

1. A single coding rate and an interleaver span that far exceeds the indicated composite wave time 

span are employed (see Table 17). Therefore, no significant dependency on the wave composition 

variants is considered. 

2. For fixed reception, only noise (ambient, man–made) is considered. 

3. For mobile receivers, typical usage is more likely to be experienced in urban areas. In addition, 

analysis and actual tests have not shown significant differences of impact on reception, between 

urban conditions (55 km/h) and suburban conditions (100 km/h), with often urban environment 

causing more signal disruption. Therefore, urban reception conditions analysis, which employs 

more aggressive GCS dispersive profiles, are used for planning purposes. 

4. For portable receivers, it is assumed that they are likely to be used for quasi–static reception, thus 

quasi–static (0 km/h) outdoor conditions. Therefore, such reception is used in conjunction with 

portable receivers for planning purposes. Only noise (ambient, man–made) is considered. 

The signal–to–noise requirements for the HD Radio system are provided in terms of C/N0 (carrier 

power to noise spectral density ratio). The carrier frequency power is an easily measureable reference. 

These values consider the ratio of the analogue host carrier frequency power to the total power of the 

digital block–pair, for the hybrid configurations. Similarly, these values consider already the ratio of 

the transmitted carrier frequency power to the total power of the digital block–pair, for the all digital 

configurations. 

The ratio of the carrier frequency power to the total power of the digital block–pair may be adjusted, 

using the power adjustment parameters Lp, Lst and Ls .  

The cases (and models) and their related required C/N0 (carrier power to noise spectral density ratio) 

as analysed for planning purposes are provided in Table 18 for the parameter–dependent adjustable 

settings. All the values are rounded towards the nearest 0.5 dB–Hz 
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TABLE 18 

HD Radio Receiver Required C/N0 for various Receptions Modes (adjustable settings) 

Reception mode FX MO PO 

Channel model symbol FXWGN UFGCS/RFGCS FXWGN 

Environment 
Suburban/Urban Suburban/Urban Suburban/Urban 

Speed (km/h) 0 (static) 55, 100 (driving) 0 (quasi static) 

MA1 – 10kHz Required C/N0 (dB–Hz)  

For receiving P1 
53 + Lp * 53 + Lp * 53 + Lp * 

MA1 – 30kHz Required C/N0 (dB–Hz) 

For receiving P1 
53 + Lp * 53 + Lp * 53 + Lp * 

MA1 – 30kHz Required C/N0 (dB–Hz) 

For receiving P1 and P3 
50.5 + Lst * 50.5 + Lst 50.5 + Lst 

MA3 – 10kHz Required C/N0 (dB–Hz)  

For receiving P1 
53.5 + Lp * 53.5 + Lp * 53.5 + Lp * 

MA3 – 20kHz Required C/N0 (dB–Hz) 

For receiving P1 
53.5 + Lp * 53.5 + Lp * 53.5 + Lp * 

MA3 – 20kHz Required C/N0 (dB–Hz) 

For receiving P1 and P3 
53.5 + Ls * 53.5 + Ls * 53.5 + Ls * 

* Power adjustment parameter 

The calculated minimum field strength, based on the audio protection noise–level–based approach 

follows ITU–based information, are provided in Table 19 to Table 22. All the values are rounded 

towards the nearest 0.5 dBµV/m. It is noted that the minimum usable field strength is indicated for 

the carrier frequency (as a measurable reference) in parametric values, using the relevant carrier to 

digital block–pair power ratio (Lp, Ls, and Lst, respectively). 

TABLE 19 

Minimum Usable Carrier Field Strength for HD Radio Hybrid Configuration Primary Bands  

Reception based on Noise Level (parametric values) 

Reception mode FX MO PO 

Channel model symbol FXWGN UFGCS/RFGCS FXWGN 

Environment 
Suburban/Urban Suburban/Urban Suburban/Urban 

Speed (km/h) 0 (static) 55, 100 (driving) 0 (quasi static) 

Indicated antenna noise @10 kHz BW (dBµV/m) 23.5 23.5 23.5 

MA1 – 10kHz Minimum carrier field strength 
Emin    (dBµV/m) 

For receiving PL+PU 
36.5 + Lp 36.5 + Lp 36.5 + Lp 

MA1 – 30kHz Minimum carrier field strength  
Emin     (dBµV/m) 

For receiving PL+PU 
36.5 + Lp 36.5 + Lp 36.5 + Lp 
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TABLE 20 

Minimum Usable Carrier Field Strength for HD Radio Hybrid Configuration Secondary and 

Tertiary Bands Reception based on Noise Level (parametric values) 

Reception mode FX MO PO 

Channel model symbol FXWGN UFGCS/RFGCS FXWGN 

Environment 
Suburban/Urban Suburban/Urban Suburban/Urban 

Speed (km/h) 0 (static) 55, 100 (driving) 0 (quasi static) 

Indicated antenna noise @10 kHz BW (dBµV/m) 23.5 23.5 23.5 

MA1 – 30kHz Minimum carrier field strength  
Emin     (dBµV/m) 

For receiving SL+SU and TL+TU 
34 + Lst 34 + Lst 34 + Lst 

TABLE 21 

Minimum Usable Carrier Field Strength for HD Radio All Digital Configuration Primary 

Bands Reception based on Noise Level (parametric values) 

Reception mode FX MO PO 

Channel model symbol FXWGN UFGCS/RFGCS FXWGN 

Environment 
Suburban/Urban Suburban/Urban Suburban/Urban 

Speed (km/h) 0 (static) 55, 100 (driving) 0 (quasi static) 

Indicated antenna noise @10 kHz BW (dBµV/m) 23.5 23.5 23.5 

MA3 – 10kHz Minimum carrier field strength  
Emin     (dBµV/m) 

For receiving PL+PU 
36.5 + Lp 36.5 + Lp 36.5 + Lp 

MA3 – 20kHz Minimum carrier field strength  
Emin     (dBµV/m) 

For receiving PL+PU 
36.5 + Lp 36.5 + Lp 36.5 + Lp 

TABLE 22 

Minimum Usable Carrier Field Strength for HD Radio All Digital Configuration Secondary 

Bands Reception based on Noise Level (parametric values) 

Reception mode FX MO PO 

Channel model symbol FXWGN UFGCS/RFGCS FXWGN 

Environment Suburban/Urban Suburban/Urban Suburban/Urban 

Speed  (km/h) 0 (static) 55, 100 (driving) 0 (quasi static) 

Indicated antenna noise @10 kHz BW (dBµV/m) 23.5 23.5 23.5 

MA3 – 20kHz Minimum carrier field strength  
Emin     (dBµV/m) 

For receiving SL+SU 
36.5 + Ls 36.5 + Ls 36.5 + Ls 
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4 Laboratory and field testing 

4.1 Test program 

All of the tests were conducted pursuant to laboratory and field test procedures the National Radio 

Systems Committee developed. Those procedures were designed to assess both the digital 

performance of the system and the system’s compatibility with existing analogue MF operations. The 

tests were conducted using receivers the NRSC selected as representative of the range of receiver 

characteristics in the marketplace. The test receivers are listed in Table 23 below. 

TABLE 23 

List of test receivers 

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 

 

The objective laboratory performance tests were conducted at the Advanced Television Technology 

Center (“ATTC”) in Alexandria, Virginia. The objective laboratory compatibility tests were 

conducted at Xetron Corporation (“Xetron”) in Cincinnati, Ohio. In addition to these objective 

measurements, the ATTC and Xetron recorded audio samples for both the digital and analogue 

receivers for each test conducted. The audio samples were subsequently sent to Dynastat, Inc. 

(“Dynastat”), an independent laboratory in Austin, Texas that specializes in evaluation of 

communications systems using subjective testing methods. The NRSC actively participated in the 

design of the test environment at Dynastat and audited the subjective evaluation test set–up to ensure 

the accuracy and reliability of the tests. 

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. Field tests were conducted at three commercial and one experimental radio stations. 

An NRSC observer witnessed all field tests. The field test stations are listed in Table 24 below. 

TABLE 24 

Field test stations 

HD Radio 

Station 
Location 

Frequency 

(kHz) 
Format 

Analogue 

Power 

(Day) 

Analogue 

Power 

(Night) 

Digital 

Power 

(kW) 

WTOP Washington, DC 1500 News 50 kW 50 kW 2.9 

WWJ Detroit, MI 950 News 50 kW 50 kW 2.9 

KABL Oakland, CA 960 Adult 

Standard 
5 kW 5 kW 0.29 

WD2XAM Cincinnati, OH 1660 (day) 

1650 (night) 

Various 10 kW 1 kW 0.58(d) 

0.058 (n) 
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4.2 Subjective component of NRSC test program 

The NRSC selected the Absolute Category Rating Mean Opinion Score (“ACRM”) as the subjective 

test methodology. In the ACRM 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 the audio samples, assigning each to one of 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. Each 

experiment used at least 40 listeners selected to represent both genders and four age categories 

between the ages of 16 and 50. 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. 

4.3 Audio quality assessment 

The performance tests repeatedly demonstrated that improved audio quality is a key advantage of the 

HD Radio system. The MF system delivers VHF quality sound and dramatically improves the MF 

listening experience. The test program results provided several analyses, all of which confirmed that 

the digital system improves audio quality. 

Throughout the subjective evaluation program, impairment–free analogue VHF sound samples, 

recorded at ATTC through the Delphi receiver, were included as “high anchors” during the evaluation 

of the MF analogue and digital samples. These analogue VHF sound samples were selected because 

they provided excellent anchors for the MF tests. The inclusion of these analogue VHF samples also 

permitted a direct comparison of digital MF audio quality to existing analogue VHF. As Fig. 39 below 

illustrates, listeners rated MF HD Radio sound statistically the same as analogue VHF with Rock, 

Classical and Voiceover samples. With Speech, listeners rated MF HD Radio sound close to analogue 

VHF. 
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FIGURE 39 

Comparison of MF HD Radio Audio and VHF Analogue Audio 
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The subjective evaluation program also allowed for direct comparisons of MF HD Radio sound and 

analogue MF. As Fig. 40 below illustrates, a compilation of all the performance sound samples 

indicates the subjective evaluators consistently preferred digital to analogue. The digital performance 

subjective evaluation program involved 60 listeners evaluating over 300 sound samples. Figure 40 

aggregates the performance of the HD Radio system and each of the four analogue receivers in all 

conditions. The performance tests examined the receivers’ operations in the presence of co–channel, 

first adjacent channel, and second adjacent channel interference, impulse noise and a variety of other 

channel impairments typically found in the MF band. For each of the four test genres (Rock, Classical, 

Speech and Voiceover), digital was judged to be far superior to analogue. 

These tests demonstrated conclusively that listeners judge the MF HD Radio system as an 

improvement over analogue MF. Listeners find MF digital sound to be comparable to analogue VHF 

and a significant improvement over the audio quality of analogue MF. 
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FIGURE 40 

Performance of digital and analogue receivers aggregating all lab test conditions 

4.4 Service area 

4.4.1 Hybrid Mode 

The field test program used four stations to assess the coverage of the digital system. The tests 

demonstrated that the HD Radio system provided an extensive digital service area. The MF system 

operates at approximately 5% of the power of analogue MF. Figure 41 depicts the test radials plotted 

on a map of the station’s market.  
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FIGURE 41 

Field performance – station WWJ (Hybrid/Daytime) 
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The gray line represents the areas where the digital signal was received along each radial. Areas where 

the system’s blend to analogue feature provided analogue reception are shown in black. As Fig. 41 

illustrates, even at the low digital power level, the HD Radio system was able to provide consistent 

daytime digital coverage to the 2 mV/m contour of the test stations. In some areas, coverage extended 

beyond the 1 mV/m contour. 

The field test stations were selected to examine the impact of various environments on the HD Radio 

system. The tests emphasized (i) adjacent channel interference; (ii) urban, suburban and rural 

conditions; and (iii) grounded conductive structures. The test program demonstrated consistent 

daytime coverage for all test stations. Overall, the results indicated the HD Radio system covers each 

station’s area of analogue listenership. Even though there may be certain listeners on the periphery 

that fall outside the digital coverage area, the system’s blend–to–analogue feature ensures that digital 

coverage is never less than existing analogue coverage. 

FIGURE 42 

Field performance – station WTOP (All–Digital/Night) 

 

Due to the extreme levels of interference experienced at night in the MF band, the digital system 

provided a more restricted night–time service area. The system provided digital service to the 

10 mV/m contour. In some cases, digital coverage extended to the 5 mV/m contour. This level of 

coverage ensures that the HD Radio system provides digital service to the station’s city of license and 

its core listening area. As is the case with daytime coverage, the blend to analogue feature ensures 

that all existing listeners will continue to receive the station’s programming. Night–time coverage 

will improve significantly with implementation of the all–digital system. Tests using WTOP were 

conducted to determine the service area of the all–digital system. WTOP presents a particularly 
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difficult situation for the hybrid system because the night–time adjacent channel interference levels 

are in excess of the hybrid mode digital carriers. The increased power level of the all–digital mode 

significantly increases the night–time service area. For this all–digital test, the system operated at 

40 kW. As Fig. 42 above illustrates, the all–digital system operating at night is able to provide 

coverage to the 2 mV/m contour, with coverage extending beyond the 0.5 mV/m contour in some 

areas. 

4.4.2 All Digital MF  

A more comprehensive field test program was conducted in 2013–14 to study the performance of 

and to characterize operational parameters for the all digital mode. The test program evaluated 

operations and in–vehicle reception on multiple stations across the United States with different 

antenna configurations and power levels. Both day–time and night–time performance was evaluated 

during the testing. 

4.4.2.1 Field test plan 

For day and night modes of operation, each radio station transmitted a total integrated all digital 

power equivalent to that of its licensed analogue power. Test stations transmitted audio programming 

at 40 kbit/s with a variety of program material including talk and stereo music. The audio chain was 

configured to inject a sub–audible 25 Hz pilot tone on the digital program. Digital service availability 

was determined by monitoring the digital audio for the presence of the 25 Hz tone and point of failure 

was determined when the audio signal was no longer present even though the radio may have 

continued tracking the digital waveform. 

TABLE 25  

Radio Test Locations 

Station WBCN WNCT WBT WD2XXM KTUC WDGY WSWW 

Owner 
CBS 

Radio 

Beasley 

Broadcast 

Group 

Greater 

Media 
Hubbard Cumulus 

WRPX, 

Inc. 

West 

Virginia 

Radio Corp. 

Location 
Charlotte, 

NC 

Greenville, 

NC 

Charlotte, 

NC 

Frederick, 

MD 

Tucson, 

AZ 

Hudson, 

WI 

Charleston, 

WV 

Freq 

(kHz) 
1660 1070 1110 1670 1400 740 1490 

Class B B A EXPERIMENTAL C D C 

Pwr Day/ 

Night 

(kW) 

10.0 / 1.0 25.0 / 10.0 – / 50.0 3.0 / 3.0 1.0 / 1.0 5.0 / – 1.0 / 1.0 

# of 

towers 
1 5 3 1 1 3 1 

Antenna ND1 DA2 DAN ND1 ND1 DAD ND1 
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4.4.2.2 Field Test Results 

A summary table of digital coverage is provided in Table 26. Specific coverage maps are provided in 

Figs 40 to 51. For each test station, the all digital daytime coverage extended to at least the core 

analogue listening area and in some cases well beyond this. The night coverage exceeded that of the 

night–time interference free contour. 

TABLE 26 

Summary of Coverage 

Station Freq 

(kHz) 

Class TX 

power 

D/N 

(kW) 

POF 

day (mi) 

Predicted 

contour 

(mV/m) 

POF 

night 

(mi) 

NIF 

(mV/m) 

OUT 

TO 

NIF? 

WBCN 1660 B 10/1 26–45 0.5–0.1 10–14 5.1 YES 

WNCT 1070 B 25/10 25–68 >0.5 4–20 53 YES 

WBT 1110 A 50/50 (not measured) 10–46 5 YES 

WD2XXM 1670 (EXP) 3/3 35–50 0.5–0.1 15–25 4.5 YES 

KTUC 1400 C 1/1 29–48 2.0–0.5 8–13 20.8 YES 

WDGY 740 D 5/– 30–78 2.0–1.0    

WSWW 1490 C 1/1 12–18 1.0–0.5 2–5 25 YES 

Definitions: 

 Freq: Frequency 

 kHz: kilohertz 

 TX: Transmitter 

 D/N: Day/Night 

 kW: kilowatt 

 POF: Point of Failure (Point that the received audio regularly mutes) 

 Mi: Statute Miles (1 609.344 m) 

 mV/m: millivolts per meter (Field Strength) 

 NIF: Night–time Interference Free Contour 

 EXP: Experimental Test Station  
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FIGURE 43 

Station WBCN Daytime Coverage 

 

FIGURE 44 

Station WBCN Night–time Coverage 
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FIGURE 45 

Station WNCT Daytime Coverage 

 

FIGURE 46 

Station WNCT Night–time Coverage 

 

 

Station Freq 

(kHz) 

Class TX power 

D/N (kW) 

POF 

day (mi) 

Pred. contour 

(mV/m) 

POF night 

(mi) 

NIF 

(mV/m) 

OUT TO 

NIF? 

WBCN 1660 B 10/1 26–45 0.5–0.1 10–14 5.1 YES 
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Station Freq 

(kHz) 

Class TX 

power 

D/N 

(kW) 

POF 

day (mi) 

Pred. 

contour 

(mV/m) 

POF 

night 

(mi) 

NIF 

(mV/m) 

OUT 

TO 

NIF? 

WNCT 1070 B 25/10 25–68 >0.5 4–20 53 YES 

 

FIGURE 47 

Station WBT Night–time Coverage 

 

 

Station Freq 

(kHz) 

Class TX 

power 

D/N 

(kW) 

POF 

night 

(mi) 

NIF 

(mV/m) 

OUT 

TO 

NIF? 

WBT 1110 A 50/50 10–46 5 YES 

 

Note: Station WBT was only available for night time testing. 
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FIGURE 48 

Station WD2XXM Daytime Coverage 

 

FIGURE 49 

Station WD2XXM Night–time Coverage 
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contour 

(mV/m) 

POF 
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(mV/m) 

OUT 

TO 

NIF? 

WD2XXM 1670 (EXP) 3/3 35–50 0.5–0.1 15–25 4.5 YES 
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FIGURE 50 

Station KTUC Daytime Coverage 

 

FIGURE 51 

Station KTUC Night–time Coverage 
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POF 
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(mi) 
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OUT 

TO 

NIF? 

WSWW 1490 C 1/1 12–18 1.0–0.5 2–5 25 YES 
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4.4.2.3 Conclusions 

These tests demonstrate that the HD Radio™ system’s MF all digital MA3 service mode is capable 

of covering MF radio station markets with a robust signal, which during the daytime extends to at 

least the core analog listening area and in some cases well beyond, and during the nighttime provides 

reliable coverage to at least the station NIF contour. The results are representative of a typical user 

experience in a mobile vehicle which is generally subjected to localized vehicular electronic noise 

and varying local environmental electronic noise. These nationwide tests show that the HD Radio MF 

all digital mode is a viable solution for a wide variety of station configurations and locations. 

4.3 Durability 

The test results demonstrated that the digital system’s durability either matches or, in the majority of 

cases, significantly exceeds that of analogue in a variety of interference and impairment conditions. 

The tests included co–channel and adjacent channel interference, impulse noise and other 

impairments. All of the durability tests were conducted by adding the interference or impairment to 

both the digital and analogue signals. Audio samples from the digital system just prior to the point of 

transition from enhanced to core and from core to analogue were compared against the analogue 

signal at that same level. The result is a comparison with analogue quality at a point before digital 

suffers any degradation. 

The co–channel test showed the HD Radio system provides strong resistance to this interference. As 

Fig. 52 illustrates, in ACRM tests digital outscored the analogue receivers’ performance with co–

channel interference for the digital system operating in either the core or the enhanced mode. 

FIGURE 52 

Laboratory performance with co–channel interference 
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As Fig. 53 illustrates, the digital system consistently outperformed analogue with single and dual first 

adjacent channel interferers. The tests obtained these results with the digital system in both the core 

and the enhanced modes.27 

FIGURE 53 

Laboratory performance with first adjacent interference 
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The tests also showed the digital system offers resistance to second adjacent interference comparable 

to and in many cases exceeding analogue performance. The field tests indicated digital performance 

is comparable to analogue durability in the presence of strong and moderate second adjacent channel 

interference. As Fig. 54 illustrates, the lab tests indicated the digital system provided superior 

durability with second adjacent interference even when second adjacent channel interference is 

combined with first adjacent channel interference. 

                                                 

27  Because the enhanced mode test was conducted at a higher analogue signal level than the core mode test, 

the analogue samples scored higher in the enhanced test. 
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FIGURE 54 

Laboratory performance with second adjacent channel interference 
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The digital system also provides robustness against channel impairments. For example, the digital 

system exhibited superior resistance to impulse noise when compared with existing analogue 

performance. As Fig. 55 illustrates, when operating in either the core or enhanced mode, the digital 

system outperformed analogue for all three rates of impulse noise tested. 

FIGURE 55 

Laboratory performance with impulse noise (in Hertz) 
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Figure 56 confirms, even when first adjacent channel interference is added to the impulse noise, the 

digital system continues to outperform existing analogue receiver performance. 
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FIGURE 56 

Laboratory performance with impulse noise (in Hertz) and 1st adjacent interference 
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With other impairment conditions, the digital system exhibited robustness comparable to or 

exceeding that of analogue. As Table 27 illustrates, for each condition shown, digital outperformed 

at least one of the two analogue radios. Because these auto receivers exhibited better overall 

performance than the portable or home HiFi receiver, the improved digital performance would be 

even more apparent if compared against the other analogue receivers. 

TABLE 27 

Field performance with impairments 

Condition Speech Voiceover Popular 

 Digital Delphi Pioneer Digital Delphi Pioneer Digital Delphi Pioneer 

EMI 3.5 3.1 2.6 2.8 2.8 1.7    

Fade 3.6 3.4 2.9       

Night/Skywave 3.1 3.0 2.9    4.1 3.7 3.4 

Power Line Interference 3.5 3.4 2.9 4.1 2.8 2.8    

Power Line Re–Radiation 3.5 3.4 3.2       

 

Overall, the digital system offers significant improvements in durability when compared to analogue 

in all interference and most impaired conditions. The digital signal is receivable under these 

conditions even with its relatively low power compared to analogue. These results and the test 

program do not address an additional benefit of the digital system. The time diversity between the 

analogue and digital signals ensures that the system does not experience the complete loss of signal 

that is associated with analogue when driving under bridges and power lines. The test program was 

not designed to examine this system feature, but the blend and time diversity features ensure that the 
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signal blends from digital to analogue when there is loss of the digital signal. Although the blend may 

result in reception of lower quality analogue rather than the digital signal due to a signal fade from 

an overhead obstruction, the lower quality analogue signal is far superior to the complete loss of 

signal typically associated with today’s analogue MF. 

4.4 Stereo Separation 

The MF HD Radio system offers stereo separation during the enhanced mode of operation. The ATTC 

conducted a test to assess the stereo separation found in the presence of Additive White Gaussian 

Noise. The tests were structured to assess stereo separation objectively and subjectively using sample 

audio. Expert observation indicated the HD Radio system operating in the enhanced mode maintained 

full stereo separation at all times with both music and speech samples. 

4.5 Host compatibility 

The test program confirmed that, in the majority of situations, the introduction of the digital signal 

will not cause harmful interference to the analogue operations of the host station. For purposes of this 

discussion, “host” is used to mean the station that has adopted hybrid broadcasting to allow for 

simultaneous analogue and digital broadcasts. In many cases, the introduction of digital has no 

noticeable impact on the host analogue signal. With certain receivers, the introduction of a digital 

signal will introduce a low level of background noise when listening in a relatively clean environment, 

such as near the tower in an open field or in the lab. The test results indicate, however, even in these 

situations, the digital signal will not harmfully impact listenership because the analogue audio quality 

remains above the level at which the average listener would change the station. 

The field tests indicated any potential impact is receiver dependent. As Fig. 57 below illustrates, 

listeners to the auto receivers were the least likely to hear any change in the analogue broadcast as a 

result of the introduction of a digital signal. 
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FIGURE 57 

Field host compatibility results 
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The following considerations emerged from the listening tests: 

– The Delphi receiver was highly resistant to any impact from the introduction of the digital signal. 

– The Pioneer receiver, while demonstrating some potential impact, retained good performance 

even after the introduction of digital. 

– The Technics receiver also demonstrated a fairly small potential impact from the introduction of 

digital, even though home HiFi receivers are not known for AM analogue performance. This helps 

explain the lower analogue scores for the Technics receiver before the introduction of digital.  

– The Sony receiver demonstrated the greatest potential for any impact from the introduction of 

digital. Unlike the other three radios, the Sony has a low cost filter, which passes adjacent channel 

stations and noise in weak signal environments. Moreover, the Sony receiver front end is not as 

robust to off–channel interference, which likely had a significant impact on the results obtained 

in the field. Based on the price differential of the receivers, the degradation of performance is not 

surprising. As a result of these design limitations needed to reduce costs, the Sony radio performs 

well in strong signal areas but performs poorly under weak signal conditions due to its 

susceptibility to adjacent channel stations and noise. The compatibility tests, conducted within 

close proximity to the station transmitter, represent a worst–case scenario for the Sony radio 

where it is likely to have its best analogue performance. Outside this high signal level area, the 

analogue signal level degrades and any potential impact from digital would be masked.  

It is important to note that even using the least selective receiver in the closest area to the digital 

signal did not result in a subjective evaluation score that would cause listeners to change the station. 

Moreover, some analogue radios will not even work in these areas due to front–end overload. 

The laboratory tests confirmed these results from the field. Table 28 below contains the objective 

results from the laboratory host compatibility tests. Testing in the United States has indicated an audio 

signal–to–noise (SNR) ratio degradation of less than 6 dB is barely noticeable to average listeners. 

Therefore, these results indicated the introduction of IBOC would not significantly reduce the 
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receiver SNR. The auto receivers have less than a 6 dB change in SNR. Even though the Technics 

and Sony receivers had a greater impact, the level of impact is not sufficient to degrade the listening 

experience to cause listeners to change the station. 

TABLE 28 

Lab host compatibility (WQP SNR in dB) 

Receiver Digital OFF Digital ON 

Delphi 45.1 44.3 

Pioneer 45.5 39.8 

Sony 40.8 33.7 

Technics 47.5 38.5 

The subjective evaluation of the laboratory host compatibility test results confirmed this 

interpretation of the objective results. For the auto receivers, there was no meaningful difference 

between the scores of the host analogue signal without digital and with digital.  

FIGURE 58 

Laboratory host compatibility 
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Figure 58 above illustrates that in the aggregate the subjective evaluators found no meaningful impact 

on the auto receivers from the introduction of digital. Similarly, for the home HiFi receiver, the 

introduction of digital had an insignificant potential impact. Only the Sony radio exhibited a larger 

potential impact. Even in this case, however, any impact would not cause the average listener to turn 

off the radio. 
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Based on these results, the HD Radio system can be introduced without harmful interference to host 

analogue operations in the vast majority of cases. 

4.6 Conclusion 

These test results have been confirmed through many years of actual commercial deployment of the 

technology. Hundreds of MF stations operate in Region 2 without interference to co and adjacent 

channel stations and are able to provide enhanced service to MF listeners. 

 

 

 

 

Attachment 2 

to Annex 2 

 

Spectrum management and service planning considerations for implementing 

the HD Radio system in the VHF broadcasting bands 

1 HD Radio System Characteristics 

The HD Radio system allows VHF broadcasters to upgrade to digital without the need for new 

spectrum or new channel assignments. The HD Radio system introduces digital carriers alongside 

existing analogue broadcasts using In–Band On–Channel (“IBOC”) techniques. The system supports 

the simultaneous broadcast of analogue and digital programming as well as the introduction of a range 

of new audio and data services. The VHF HD Radio system offers several modes of operation to 

permit the system to operate in multiple regions and to address the needs of local broadcasters and 

listeners. The system characteristics for the VHF HD Radio system can be found in Recommendation 

ITU–R BS.1114. 

2 Modes of Operation 

2.1 Hybrid Mode 

In the hybrid mode, digital audio and data information is transmitted simultaneously underneath and 

adjacent to the analogue transmissions. An audio codec is used to compress the digital audio stream 

to fit within the limited VHF channel bandwidth. In the region between + 100 kHz to + 130 kHz, 

digital carriers may be added to allow for improved robustness or to carry additional data throughput. 

2.2 All Digital Mode 

In the all–digital mode of the HD Radio system, the analogue signal is removed and additional data 

carriers are added. The main channel stereo audio and its associated data information is unchanged 

from the hybrid mode, however, the power level is increased to provide a more robust service. In the 

region between + 100 kHz to + 130 kHz, digital carriers are added to carry the digital audio backup 

and tuning channel as well as additional data throughput. In the region bounded between + 100 kHz, 

which previously carried the analogue audio, additional carriers are added to carry new secondary 
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auxiliary services. Figures 59 and 60 depict a spectral representation of the HD Radio system hybrid 

mode as initially commercialized in the USA and all–digital modes as initially introduced in the USA. 
 

   FIGURE 59 FIGURE 60 
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2.3 Unequal Sidebands 

Asymmetric digital sidebands afford the broadcaster the ability to mitigate potential first–adjacent 

digital–to–analogue interference by allowing independent adjustment of upper and lower IBOC 

digital sideband levels. In the initial commercial implementation of the IBOC system, the upper and 

lower digital sidebands always operated at the same power level –– 20 dB below the analogue carrier. 

Subsequently, some stations modified their operations with digital sidebands 14 dB below the 

analogue carrier. Unequal or asymmetric sidebands allow stations to increase digital power above the 

–14 dBc level without increasing the risk of interference to first adjacent analogue operations. If there 

is any potential for interference to an upper first adjacent station, any digital power increase can be 

limited to the lower digital sideband. A limitation of the power increase to the upper digital sideband 

can be used for a lower first adjacent interference situation. 

2.4 Single Sideband 

In the current commercial implementation of the IBOC system in Region 2, there are upper and lower 

digital sidebands that usually operate at the same power level. A new mode allows for operation of 

the IBOC system with only a single digital sideband. This method of operation addresses two issues. 

First, it conforms to regulatory requirements in regions other than Region 2. Second, it would allow 

a broadcaster operating in any region to avoid interference to a first adjacent analogue station by 

eliminating transmissions on the sideband causing interference. Although the use of only a single 

sideband decreases digital coverage by a small amount, the single sideband transmission is able to 

offer good digital coverage. 
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3 Broadcast Antenna Considerations 

A test program studied the feasibility of using separate antennas for introducing the hybrid IBOC 

signal. The tests demonstrated separate antennas can be used to implement the analogue and digital 

portions of the HD Radio system without negative impact on system performance. This approach 

may offer many stations a more flexible and lower cost option for station conversion. 

Most tests of the HD Radio system and early station implementations used a high–level power 

combiner to deliver the analogue and digital signals into a common antenna. In the “high level 

combined” method, the station adds a digital transmitter and RF power combiner to the existing 

analogue transmission system. The use of a high level combiner results in a loss of up to 90% of the 

digital energy; thus it requires the use of a higher power (and higher cost) digital transmitter and 

results in great power inefficiencies. An alternate approach, for stations with analogue transmitter 

power outputs (“TPO”) of less than 10 kW, is the use of the “low power combined” method. In this 

method, a broadcaster purchases a new transmitter or upgrades an existing transmitter to linear 

amplification of the combined analogue and digital signals. Typically when a transmitter is upgraded 

for linear operation the maximum output is de–rated to 65% resulting in the purchase of a larger 

transmitter in many cases. Although the low power combined method avoids the inefficiencies of the 

90% combiner loss, this method requires installation of a large (and potentially costly) transmitter 

with sufficient power to amplify both the analogue and digital signals. 

Subsequent work resulted in development of less expensive implementation options designed to 

facilitate more rapid introduction of the HD Radio system. Manufacturers have developed several 

approaches that minimize implementation costs by allowing broadcasters to use separate antennas for 

transmission of the analogue and digital signals. In these separate antenna approaches, smaller digital 

transmitters are used to transmit the digital signals through an antenna dedicated to transmission of 

only the digital portion of the IBOC signal. The transmitter required in the separate antenna 

configuration is one tenth the power of the transmitter needed for the high level combined method. 

The broadcaster can avoid the cost associated with a high power digital transmitter and the 

inefficiencies of a 90% loss from the high level combining methodology by the use of a separate 

antenna for the digital transmission. The use of a separate antenna results in smaller transmitters, 

lower cost of equipment acquisition and operation, and reduced floor space requirements in the 

transmitter room.  

Because a separate antenna implementation involves broadcast of the analogue and digital signals 

from independent antennas located at different locations, this approach presents different coverage 

and compatibility issues than a combined implementation approach. 

In the United States of America, the following criteria are considered for routine eligibility to use a 

separate antenna approach: 

1) the digital transmission must use an authorized auxiliary antenna; 

2) the auxiliary antenna must be located within three seconds of latitude and longitude of the 

main antenna; 

3) the vertical separation of the antennas must be limited such that the auxiliary antenna is 

between 70 and 100 percent of the height above average terrain of the main analogue antenna. 

Three VHF stations were used for tests to provide real world evidence that adherence to these criteria 

would ensure continued digital performance without significantly increasing host compatibility 

concerns. These three stations provided a variety of horizontal and vertical separations that had the 

potential to affect both digital coverage and host compatibility. WDHA in New Jersey is a relatively 

low power station located in an area of varying terrain. The digital ERP for the test was only 9.8 

Watts. WMGC in Detroit, Michigan is located on a tall tower in an area of relatively flat terrain 

providing close to ideal propagation conditions. In the case of KDFC in San Francisco, California, 
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the digital antenna was not located on the same supporting structure as the analogue antenna but rather 

on a nearby, shorter supporting structure at the same communications site. 

For each station, measurements were made using both a combined IBOC/analogue approach and 

a separate IBOC antenna implementation. This approach allowed for a direct comparison of the 

coverage and compatibility of each mode of operation. Measurements were made along four radials 

extending away from the station. Three of the radials extended 10 miles. The fourth radial extended 

40 miles from the station. Afterward, the IBOC–to–analogue power ratio was analyzed along each 

radial. 

The test program confirmed the viability of the separate antenna approach and the feasibility of 

a blanket authorization for stations to implement the HD Radio system in this manner. In the majority 

of cases the coverage from the separate antenna approach approximated the coverage from the 

combined antenna approach. Moreover, the impact to the analogue signal tracked closely for both the 

combined and separate antenna implementations. In all cases no significant departure in the IBOC–

to–analogue power ratio was observed. The majority of departures in the power ratio occur in close 

proximity to the transmitter site. Because the analogue power level is high in these locations, it is 

unlikely that an increase in the relative digital power level would impact analogue service in these 

areas. 

The tests conducted using WMGC–FM highlight the potential for different results in certain 

circumstances. In this case, the side mounted auxiliary antenna, although non–directional, 

experienced some shielding from the tower structure. This resulted in limited digital coverage in one 

direction behind the tower structure. However, this loss of coverage was insignificant when compared 

to the benefits of the separate antenna implementation. 

Although these studies focused primarily on separate antenna implementations using existing main 

and auxiliary antennas, they also considered interleaved antenna systems. For this implementation, 

antenna elements used for the digital portion of the IBOC signal are inserted between the elements 

used for the analogue portion of the signal in a multi–bay antenna structure. A smaller, lower cost 

digital transmitter is then used to amplify the digital signal, thus offering broadcasters a lower cost 

solution for implementing the HD Radio system. 

A strong technical argument exists that interleaved antennas are not separate antennas at all, but are 

a single antenna with a dual feed. The signals of an interleaved antenna are not independent as 

evidenced by the fact these antennas must be designed and tuned to work as a single unit and if either 

the analogue or digital portion of the antenna is physically removed the remaining service will not 

work properly. They are also not separate as evidenced by the fact that the bays broadcast in a co–

linear array with a centreline of radiation for both signals that is either identical, or within  

¼ wavelength. This means the antenna produces the same azimuth pattern for both signals. 

The technique used in an interleaved analogue and digital antenna is the same as that used to dual 

feed multi–station panel antennas which are common. Both antennas are designed to broadcast 

separate digital and analogue signals (i.e. they have opposite polarizations to increase isolation) over 

the same equipment, as opposed to the common/blended (i.e. same polarization) signals broadcast by 

single antennas using a high level combining method. In a typical panel antenna, analogue and digital 

signals are fed through separate transmission lines into opposite ports of a hybrid to broadcast through 

a common radiator. The digital and analogue signals are broadcast in opposite polarizations and any 

standing wave that may be introduced by the analogue in the digital signal is trapped in an isolator. 

A properly designed interleaved antenna operates in an identical manner with the exception that 

instead of using a hybrid to broadcast the separate signals over the same radiator, individual analogue 

and digital radiators are used.  
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Because the interleaved antenna would not present coverage or compatibility concerns beyond those 

of other separate antenna implementations, the U.S. allows broadcasters to use interleaved antenna 

implementations as long as the overall antenna structure is a licensed facility. 

4 Spectrum Management Considerations 

The HD Radio system promotes spectrum management by allowing for the introduction of digital 

broadcasts at adjustable power levels and variable bandwidth, without the need for additional 

spectrum allocations. Special attention is given to allow for co–existence with analogue signals in a 

potentially heavily used spectrum in VHF Band II. The same consideration also applies to the joint 

operation of legacy analogue services and new digital services for allowing for smooth transition 

from analogue services to advanced digital services. Additional aspects including the potential 

prevalence of some legacy receivers that are capable of receiving only the legacy analogue while 

operating alongside advanced receivers that can use both legacy analogue service and advanced 

digital services. Therefore, the system is often introduced with nominal power setting, but it allows 

for individually adjusting the power level of each digital block (‘sub–band’). The spectral sub–carrier 

structure is given in Table 29 

TABLE 29 

HD Radio System Parameters VHF Band II Broadcasting 

Parameter Name Computed Value (rounded) 

Cyclic Prefix Width α 0.1586 ms 

Symbol Duration (with prefix) Ts 2.902 ms 

Number of symbols in a block  32 

Block Duration Tb 9.288 ms 

Number of blocks in a frame 16 

Frame Duration Tf 1.486 s 

OFDM Subcarrier Spacing Δf 363.4 Hz 

Number of carriers 70 kHz band  :   191 

100 kHz band:   267 

Used bandwidth 70 kHz band  :   69.4 kHz 

100 kHz band:   97.0 kHz 

The HD Radio system presumes that the digital signal blocks are at pre–defined positions. It can be 

seen from the diagrams in Figs 61 and 62 that these positions are not centred on the 100–kHz raster 

but in between. It has to be noted that the block position of 0 kHz in the figures below corresponds 

to the reference analog frequency for the HD Radio signal. A 70 kHz bandwidth block may be 

centered at ±165 kHz. A 100 kHz bandwidth block may be centered at ±150 kHz. 

The reference analogue frequency may represent an actual analog host signal when operating in 

hybrid configuration and employing a composition of either two signals (one analog and one digital 

band) or three signals (one analog and two digital bands). The analog reference frequency may 

represent the center frequency of a vacant band of a previously existing analog host signal, while the 

system operates in all digital configurations. Such reference also demonstrates that a transition from 

hybrid configuration to all digital configurations does not have to change the digital signal allocation 

or configuration. Practically, it is expected to be followed by increasing the digital signal power. 
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Therefore, both Fig. 61 and Fig. 62 may represent hybrid configurations, and Fig. 62 may also 

represent all digital configurations when the analogue signal is removed. 

FIGURE 61 

HD Radio System 70–kHz Digital Block Positioning Examples 
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FIGURE 62 

HD Radio System 100–kHz Digital Block Positioning Examples 
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TABLE 30 

Emission limits as a function of off–set from carrier frequency for FM channels 

in the United States of America 

Offset from carrier frequency 

(kHz) 

Power spectral density relative to 

unmodulated analogue FM carrier 

(dBc/kHz)(1) 

120 to 240 –25 

240 to 600 –35 

Greater than 600 –80, or –43  10 log10 x, whichever is less, where x is power (W) 

refers to the total unmodulated transmitter output carrier power 

(1) Measurements are made by averaging the power spectral density in a 1 kHz bandwidth over a 10 s segment 

of time. 
 

Figure 63 depicts the hybrid and extended hybrid waveform emission limits from all sources in dB 

relative to the power of the unmodulated analogue carrier, measured in a 1 kHz bandwidth. The 

emission limits composition results from jointly applying the individual emission limits for each 

digital sideband. This emission measurement is inclusive of all sources including: 

– phase noise of the IBOC exciter and 

– Intermodulation products from the transmitter. In Tables 30, 31, 32 and 33 the levels have 

been adjusted to depict the level below the 0 dBc emissions mask. 

TABLE 31 

IBOC digital carrier power limits(1) 

Hybrid mode 
All–digital mode 

Main programme carriers Secondary auxiliary service carriers 

–31.39 –31.39 –36.39 

(1) Nominal power spectral density in a 1 kHz bandwidth to the reference 0 dBc CFR mask. 
 

4.1.1.1 Emission limits for hybrid mode operation 

Noise from all sources, excluding frequencies offset from the carrier between 100 to 200 kHz, 

including phase noise of the IBOC exciter and intermodulation products, conforms to the limits of 

Fig. 63 and Table 32. Requirements are summarized as follows, where dBc is relative to the 

exemplary analogue FM mask, as indicated in Table 30, in a 1 kHz bandwidth of the digital sidebands. 

NOTE: The actual upper and lower sidebands may differ in power level. In certain configurations only one 

sideband may be employed. 
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FIGURE 63 

IBOC hybrid mode emission limits* 

 

TABLE 32 

Hybrid mode emission limits 

Frequency offset 

 relative to carrier 

(kHz) 

Level 

(dBc/kHz) 

0–50 74.39 

92.5 –61.39  

100–200 –30  

207.5 –61.39 

250 –74.39 

>600 –80 

 

4.1.1.2 Emission limits for all–digital mode operation 

Noise from all sources, for frequencies offset from the carrier by more than 200 kHz, including phase 

noise of the IBOC exciter and intermodulation products, shall conform to the limits of Fig. 64 and 

Table 33. In all–digital modes the previously present (and now removed) analogue FM signal may be 

replaced by additional (secondary) sidebands. However, the analogue FM mask is still considered 

when configuring the sidebands power levels. Requirements are summarized as follows, where dBc 

is relative to the exemplary analogue FM mask, as indicated in Table 30, in a 1 kHz bandwidth of the 

digital sidebands.  

NOTE: The actual upper and lower sidebands may differ in power level. In certain configurations only one 

sideband may be employed. 
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FIGURE 64 

All–digital emission limits* 

 

 

Requirements are summarized as follows, where dBc is relative to the exemplary analogue FM mask, 

as indicated in Table 30, in a 1 kHz bandwidth of the digital sidebands. 

TABLE 33 

All–digital emission limits 

Frequency offset  

relative to carrier 

(kHz) 

Level 

(dBc/kHz) 

0–100 35 

100–200 –30  

207.5 –63 

250 –72 

300 –85 

>600 –90 

 

4.1.2 Emission limits for IBOC operation with region I practiced analogue mask 

An example of one administration’s mask as practiced in Europe, is provided in ETSI EN 302 018-1. 

The adjustable IBOC digital subcarriers spectral shaping is configured for satisfying the emission 

limits requirements, and the digital sideband complies with the mask. Such exemplary configurations 

of the IBOC sideband emission limits are described in Fig. 65 in respect to the administration’s 

analogue FM emission mask. The emission limits details are provided in Table 34 and Table 35, 

where dBc is relative to the exemplary analogue FM mask.  
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FIGURE 65 

IBOC sideband emission limits* 

 
 

TABLE 34 

IBOC sideband emission limits for 100 kHz sideband bandwidth modes 

Frequency offset  

relative to carrier 

(kHz) 

Level 

(dBc/kHz) 

50 kHz –20 

57.5 kHz –53 

 100 kHz –62 

150 kHz –72.5 

181 kHz –90 

500 kHz –90 
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TABLE 35 

IBOC sideband emission limits for 70 kHz sideband bandwidth modes 

Frequency offset  

relative to carrier 

(kHz) 

Level 

(dBc/kHz) 

35 kHz –18.5 

42.5 kHz –51.5 

100 kHz –62 

135 kHz –71 

166 kHz –88.5 

500 kHz –88.5 

 

5 Planning considerations 

The planning parameters for HD Radio system deployment in VHF band II include adjustment to 

often congested spectrum, several aspects related to signal propagation, channel models, adequate 

reception by different types of receivers and different usage paradigms. The information and guidance 

taken into consideration was as provided in several ITU document, such as Recommendations ITU-R 

P.412–9, ITU–R BS.1546, ITU–R BS.704; EBU–TECH 3317; GE–06 (RRC–06) and all the 

documents included with the indicated documents herein, as well as documents from several other 

sources (provided in NRSC–5–C). Detailed analysis, including channel models, is provided in 

document SY_TN_3466 (“HD Radio System Planning Parameters for VHF Band II”). 

The protection requirements for HD Radio system signals are considerably lower than for 

conventional FM broadcasting. The system takes advantage of its interference countering measures 

and improved receiver implementation techniques. However, the planning parameters include digital 

power adjustments (reduction, in practice) in order to match the existing interference environment. 

This may include the propagation factors, noise–related information, congested spectrum realities 

that are not always in–line with old time analogue frequency planning and even certain capabilities 

of different generations of transmitters and transmitter sites. 

In considering the approach for planning parameters and based on potential (and actual) usage 

scenarios of various HD Radio receiver types, the following is assumed for planning: 

1) Handheld portable receivers may be used while walking or while driving. Slow (up to 2 km/h) 

fading conditions are likely to affect reception at a walking speed, while fast (60 km/h) fading 

conditions likely to affect reception while driving. The slow urban fading conditions are 

expected to have much more severe impact on the reception than fast fading conditions and 

therefore will be used for planning purpose. 

2) Portable receivers may be used in quasi–static (0 km/h) conditions or while driven. Due to 

their larger form factor in comparison to handheld receivers, it is assumed that they are likely 

to be used for quasi–static reception. Therefore, quasi–static reception is used in conjunction 

with portable receivers for planning purposes. 

3) For mobile receivers, typical usage is more likely to be experienced in urban areas. In 

addition, calculations and actual tests have not shown significant difference of impact on 

reception, between urban conditions (60 km/h) and rural conditions (150 km/h). Therefore, 

urban reception conditions analysis, which employ more aggressive multipath profiles, are 

used for planning purposes. 
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Exemplary configurations and operating cases (and models) and their related required Cd/N0 (digital 

power to noise density ratio) as analysed for planning purposes are provided in Table 36. 

CNR values (f = 100 MHz) are provided for an average decoded BER of 0.5x10–4 as a reference 

operating point for providing services. 

TABLE 36 

HD Radio Receiver Required CNR for Exemplary Operating Modes 

Reception mode FX MO PO PI PO–H PI–H 

Channel model symbol FXWGN UFRM USRM FXWGN USRM FXWGN 

Environment Fixed Urban Urban Indoor Urban Indoor 

Speed, (km/h) 0 60 2 
(walking) 

0 
(quasi–static) 

2 
(walking) 

0 
(quasi–static) 

MP1 

Required Cd/N0 (dB–Hz) 
53.8 57.2 61.3 53.8 61.3 53.8 

MP3 

Required Cd/N0 (dB–Hz) 
56.3 58.7 62.8 56.3 62.8 56.3 

MP11 

Required Cd/N0 (dB–Hz) 
56.3 58.7 62.8 56.3 62.8 56.3 

MP12 

Required Cd/N0 (dB–Hz) 
54.4 58.5 62.5 54.4 62.5 54.4 

MP6 

Required Cd/N0 (dB–Hz) 
52.8 55.2 59.1 52.8 59.1 52.8 

The calculated minimum median field strength, following ITU–based information, and the integrated 

receiver approach as practiced by HD Radio receiver implementations, are provided in Table 37 to 

Table 41 for the exemplary cases in Table 36. In certain configurations (i.e. system modes) where 

multiple logical channels are active, and where field strength requirements for one channel are 

different from the field strength requirements for another channels, typically the more demanding 

requirements (higher CNR) are used for planning and are provided in the tables in this section. 

TABLE 37 

HD Radio Mode MP1 Minimum Median Field Strength versus Reception Modes 

Reception mode FX MO PO PI PO–H PI–H 

MP1 

Required Cd/N0 (dB–Hz) 
53.8 57.2 61.3 53.8 61.3 53.8 

Antenna gain correction, ΔAG, (dB) 4.4 0.0 0.0 0.0 0.0 0.0 

Reception location losses, Lrl, (dB) 3.4 19.1 16.2 30.3 23.2 37.3 

Implementation loss, Lim, (dB) 3.0 3.0 3.0 3.0 5.0 5.0 

Receiver System NF, (dB) 7.0 7.0 8.0 8.0 25.0 25.0 

Man–made noise allowance, Pmmn, (dB) 14.1 14.1 14.1 14.1 0.0 0.0 

Minimum median field strength, (dBµV/m) 18.4 41.9 44.1 50.7 56.0 62.6 



116 Rep.  ITU-R  BS.2384-0 

 

TABLE 38 

HD Radio Mode MP3 Minimum Median Field Strength versus Reception Modes 

Reception mode FX MO PO PI PO–H PI–H 

MP3 

Required Cd/N0 (dB–Hz) 
56.3 58.7 62.8 56.3 62.8 56.3 

Antenna gain correction, ΔAG, (dB) 4.4 0.0 0.0 0.0 0.0 0.0 

Reception location losses, Lrl, (dB) 3.4 19.1 16.2 30.3 23.2 37.3 

Implementation loss, Lim, (dB) 3.0 3.0 3.0 3.0 5.0 5.0 

Receiver System NF, (dB) 7.0 7.0 8.0 8.0 25.0 25.0 

Man–made noise allowance, Pmmn, (dB) 14.1 14.1 14.1 14.1 0.0 0.0 

Minimum nedian field strength, (dBµV/m) 20.9 43.4 45.6 53.2 57.5 65.1 

TABLE 39 

HD Radio Mode MP11 Minimum Median Field Strength versus Reception Modes 

Reception mode FX MO PO PI PO–H PI–H 

MP11 

Required Cd/N0 (dB–Hz) 
56.3 58.7 62.8 56.3 62.8 56.3 

Antenna gain correction, ΔAG, (dB) 4.4 0.0 0.0 0.0 0.0 0.0 

Reception location losses, Lrl, (dB) 3.4 19.1 16.2 30.3 23.2 37.3 

Implementation loss, Lim, (dB) 3.0 3.0 3.0 3.0 5.0 5.0 

Receiver System NF, (dB) 7.0 7.0 8.0 8.0 25.0 25.0 

Man–made noise allowance, Pmmn, (dB) 14.1 14.1 14.1 14.1 0.0 0.0 

Minimum nedian field strength, (dBµV/m) 20.9 43.4 45.6 53.2 57.5 65.1 

TABLE 40 

HD Radio Mode MP12 Minimum Median Field Strength versus Reception Modes 

Reception mode FX MO PO PI PO–H PI–H 

MP12 

Required Cd/N0 (dB–Hz) 
54.4 58.5 62.5 54.4 62.5 54.4 

Antenna gain correction, ΔAG, (dB) 4.4 0.0 0.0 0.0 0.0 0.0 

Reception location losses, Lrl, (dB) 3.4 19.1 16.2 30.3 23.2 37.3 

Implementation loss, Lim, (dB) 3.0 3.0 3.0 3.0 5.0 5.0 

Receiver System NF, (dB) 7.0 7.0 8.0 8.0 25.0 25.0 

Man–made noise allowance, Pmmn, (dB) 14.1 14.1 14.1 14.1 0.0 0.0 

Minimum median field strength, (dBµV/m) 19.0 43.2 45.3 51.3 57.3 63.2 
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TABLE 41 

HD Radio Mode MP6 Minimum Median Field Strength versus Reception Modes 

Reception mode FX MO PO PI PO–H PI–H 

MP6 

Required Cd/N0 (dB–Hz) 
52.8 55.2 59.1 52.8 59.1 52.8 

Antenna gain correction, ΔAG, (dB) 4.4 0.0 0.0 0.0 0.0 0.0 

Reception location losses, Lrl, (dB) 3.4 19.1 16.2 30.3 23.2 37.3 

Implementation loss, Lim, (dB) 3.0 3.0 3.0 3.0 5.0 5.0 

Receiver System NF, (dB) 7.0 7.0 8.0 8.0 25.0 25.0 

Man–made noise allowance, Pmmn, (dB) 14.1 14.1 14.1 14.1 0.0 0.0 

Minimum median field strength, (dBµV/m) 17.4 39.9 41.9 49.7 53.8 61.6 

6 Other implementation considerations 

6.1 Asymmetric sideband operations 

Tests were conducted to determine the digital coverage of the HD Radio system using asymmetric 

digital sidebands. This method affords the broadcaster the ability to mitigate potential first–adjacent 

digital–to–analogue interference by allowing independent adjustment of upper and lower IBOC 

digital sideband levels. These tests, conducted in the Boston, Massachusetts market in the United 

States, verified the feasibility of independently adjusting the digital sideband power levels and the 

potential extension of digital coverage this approach can provide. 

In the initial commercial implementation of the HD Radio system, the upper and lower digital 

sidebands always operated at the same power level –20 dB below the analogue carrier. Subsequently, 

some stations modified their operations with digital sidebands 14 dB below the analogue carrier. 

Unequal or asymmetric sidebands allow stations to increase digital power above the –14 dBc level 

without increasing the risk of interference to first adjacent analogue operations. 

These tests were conducted using WKLB–FM, Waltham, MA (Boston) located at north latitude  

42 18’ 37” and west longitude 71 14’ 14”. WKLB operates with analogue ERP of 14.0 kW at a 

Height Above Average Terrain of 272.27 m. The station uses an ERI Model 1183–4CP–2 dual–input 

hybrid IBOC panel antenna.  

Figure 66 shows the two routes used for these tests. The routes were selected to assess performance 

in the direction of adjacent channel interferers. 
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FIGURE 66 

Station WKLB test routes 

 

 

  

 

-1 Interferer 
WWHK 

102.3 MHz 

Concord, NH 

+1 Interferer 
WRNI 

102.7 MHz 
Narragansett 

Pier, RI 

South Route 
I-95 through 

Pawtucket and 
Providence, RI 

North Route 
I-93 through 

Derry, Manchester 

and Hooksett, NH 

WKLB 
54 dBu 
F50,50 

WWHK 
60 dBu 
F50,50 

WRNI 
60 dBu 
F50,50 
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The maps in Fig. 67 display coverage when driving away from the WKLB transmitter. The map on 

the left has symmetric sidebands. The map on the right shows upper sideband power held constant at 

–17 dBc and the lower sideband power raised by 3.25 dB to –13.75 dBc, for a total power of  

–12.1 dBc. Note that the robustness of the lower sideband is compromised by a lower first–adjacent 

interferer: station WWHK Concord, New Hampshire. Here, the introduction of the higher digital 

power on one sideband resulted in a small extension of digital coverage. 

FIGURE 67 

North Route, driving away from transmitter – symmetric vs. asymmetric sidebands,  

different total digital power 

 

 –17 dBc/–17 dBc (–14 dBc total)  –13.75 dBc/–17 dBc (–12.1 dBc total) 
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Analog 
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The maps in Fig. 68 compare symmetric sidebands operating at –17 dBc/–17 dBc (–14 dBc total 

power) with 3.25 dB offset asymmetric sidebands with –14 dBc total power. For asymmetric 

operation shown on the right, the lower sideband power was set at –15.65 dB and the upper sideband 

power was set at –18.9 dB, for a total power of –14 dBc. Note that the robustness of the lower 

sideband is compromised by a lower first–adjacent interferer: WWHK Concord, New Hampshire. 

Here, the introduction of asymmetric sidebands did not diminish the digital coverage. 

FIGURE 68 

North Route, driving away from transmitter – symmetric vs. asymmetric sidebands,  

same total digital power 

 

 –17 dBc/–17 dBc (–14 dBc total)  –15.65 dBc/–18.9 dBc (–14 dBc total) 
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Analog 



 Rep.  ITU-R  BS.2384-0 121 

 

Figure 69 shows the same route comparing two asymmetric (by 3.25 dB) power levels. The left map 

has the lower sideband at the –13.75 dBc level and the upper sideband at the –17 dBc level, for a total 

power of –12.1 dBc. On the right map, the power in each digital sideband was reduced by the same 

amount (1.9 dB) so as to achieve the same total power level as the symmetric –17 dBc/–17 dBc (i.e. 

–14 dBc total power) case. As would be expected, the higher total power results in better coverage. 

FIGURE 69 

North Route, driving away from transmitter – different asymmetric cases,  

different total digital power 
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The maps in Fig. 70 compare coverage when driving toward the WKLB transmitter. The map on the 

left shows symmetric sidebands with power held constant at –17 dBc. The map on the right shows 

asymmetric sidebands with the lower sideband power raised by 3.25 dB to –13.75 dBc, for a total 

power of –12.1 dBc. Note that the robustness of the lower sideband is compromised by a lower first–

adjacent interferer: station WWHK Concord, New Hampshire. These results can be compared with 

those in Fig. 67. The situation is the same except for the fact that the driving direction is away from 

the WKLB transmitter in Fig. 67. 

FIGURE 70 

North Route, driving toward the transmitter – symmetric vs. asymmetric sidebands,  

different total digital power 
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The maps in Fig. 71 compare 3.25 dB offset asymmetric coverage to the same 655W total power of 

the symmetric –17 dBc/–17 dBc (or –14 dBc total power) runs. The lower sideband power is set at  

–15.65 dB and the upper sideband power is set at –18.9 dB. Note that the robustness of the lower 

sideband is compromised by a lower first–adjacent interferer: WWHK Concord, New Hampshire. 

These results can be compared with those in Fig. 68: the situation is the same except for the fact that 

the driving direction is away from the WKLB transmitter in Fig. 68. 

FIGURE 71 

North Route, driving toward the transmitter – symmetric vs. asymmetric,  

same total digital power 

 

 –17 dBc/–17 dBc (–14 dBc total)  –15.65 dBc/–18.9 dBc (–14 dBc total) 

 

Figure 72 shows the same route comparing two asymmetric (by 3.25 dB) power levels, driving toward 

the transmitter. The left map has the lower sideband at the –13.75 dBc level and the upper sideband 
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at the –17 dBc level, for a total power of –12.1 dBc. On the right map, the power in each digital 

sideband was reduced the same amount (1.9 dB) so as to achieve the same total power level as the 

symmetric –17 dBc/–17 dBc (i.e. –14 dBc total power) case. These results can be compared to those 

in Fig. 69. The situation is the same except for the fact that the driving direction is away from the 

WKLB transmitter in Fig. 69. 

FIGURE 72 

North Route, driving toward the transmitter – different asymmetric cases,  

different total digital power 
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Figure 73 shows the South route with symmetric sidebands operating for a total power of –14 dBc. 

Note that south of Providence, the receiver experiences interference from an upper first–adjacent 

interferer: station WRNI 102.7 MHz. 

FIGURE 73 

South Route, driving away from transmitter – symmetric sidebands 

 

–17 dBc/–17 dBc (–14 dBc total) 

The map in Fig. 74 can be compared with the previous symmetric run in Fig. 73. The additional power 

in the lower, unimpaired sideband improved overall robustness, especially at the edge of coverage. 

Receive Mode 

Digital 

Analogue 



126 Rep.  ITU-R  BS.2384-0 

 

FIGURE 74 

South Route, driving away from transmitter – asymmetric sidebands 

 

–13.75 dBc/–17 dBc (–12.1 dBc total) 

The map in Fig. 75 can be compared to the symmetric run in Fig. 74. Coverage is slightly diminished 

due to lower total power. Figure 75 also can be compared to Fig. 73. In both cases, total power 

equalled –14 dBc. The use of asymmetric sidebands in Fig. 75 did not lead to any significant decrease 

in digital coverage. 
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FIGURE 75 

South Route, driving away from transmitter – asymmetric sidebands,  

total power equivalent to symmetric 

 

–15.65 dBc/–18.9 dBc (–14 dBc total) 

Figure 76 shows symmetric sidebands at standard power levels. This can be compared with Fig. 73. 
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FIGURE 76 

South Route, driving toward the transmitter – symmetric sidebands 

 

–17 dBc/–17 dBc (–14 dBc total) 
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FIGURE 77 

South Route, driving toward – asymmetric sidebands 

 

–13.75 dBc/–17 dBc (–12.1 dBc total) 

The map in Fig. 77 can be compared with the previous symmetric run in Fig. 76. The additional power 

in the lower, unimpaired sideband improved overall robustness, especially at the edge of coverage. 
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FIGURE 78 

South Route, driving toward the transmitter – asymmetric sidebands,  

total power equivalent to symmetric 

 

–15.65 dBc/–18.9 dBc (–14 dBc total) 

The map in Fig. 78 can be compared to the symmetric run in Fig. 76. Coverage is not significantly 

diminished even with the use of asymmetric power levels. 

6.2 Single Sideband Operation 

Tests were conducted to assess the performance of the HD Radio system with only a single digital 

sideband. This method of operation addresses two issues. First, it conforms to regulatory requirements 
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in regions other than Region 2. Second, it would allow a broadcaster operating in Region 2 to avoid 

interference to a first adjacent analogue station by eliminating transmissions on the sideband causing 

interference. These tests, conducted in the Boston, Massachusetts market in the United States, verified 

the feasibility of implementing single sideband transmissions without compromising digital coverage. 

In the current commercial implementation of the HD Radio system in Region 2, there are upper and 

lower digital sidebands that usually operate at the same power level. These tests compare the system 

performance at similar total power levels with standard transmission (lower and upper sidebands) and 

the lower sideband only. Although the use of only the lower sideband decreases digital coverage by 

a small amount, the tests demonstrate the single sideband transmission offers good digital coverage. 

These tests were conducted using station WKLB–FM, Waltham, MA (Boston) located at north 

latitude 42 18’ 37” and west longitude 71 14’ 14”. Station WKLB operates with analogue ERP of 

14.0 kW at a Height Above Average Terrain of 272.27 m. The station uses an ERI Model 1183–4CP–

2 dual–input hybrid IBOC panel antenna.  

Two radial routes (I 95 North and I 90 West) were chosen to characterize the point of failure for the 

digital signal operating dual sideband and single sideband. A fifth “loop” was chosen to characterize 

any potential multipath induced performance degradation in the city of Boston, approximately 10 

miles from the WKLB transmitter site. 

The following pages show the test results. The first three sets of figures present digital coverage for 

the same route using dual sidebands and single sideband transmission (“LSB” refers to use of only 

the Lower Side Band). The power of each of the dual sidebands was reduced so that the total power 

for both configurations would be equal. The final figure presents single sideband coverage in 

downtown Boston. The test results show a small decrease in digital coverage for each of the three test 

routes. However, the tests confirm the single sideband transmission provides good digital coverage 

of the test area and confirms the single sideband configuration does not compromise the viability of 

digital operations. The test conducted in downtown Boston confirms the ability to provide good 

digital coverage using a single digital sideband. 
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FIGURE 79 

 

 Both sidebands @ –14.5 dBc power (North) LSB only @ –13 dBc total power (North) 
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FIGURE 80 

 Both sidebands @ –14.5 dBc power (South)  LSB only @ –13 dBc total power (South) 
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FIGURE 81 

Both sidebands @ –14.5 dBc total power (West) 
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FIGURE 82 

LSB only @ –13 dBc total power (West) 
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FIGURE 83 

LSB only @ –13 dBc total power (Boston Loop w/ Multipath) 
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6.3 Single frequency networks 

Field testing of single frequency network (SFN) operations using the HD Radio system were 

conducted in Baltimore, Maryland USA using stations WD2XAB and WD2XAB–FM1. The tests 

demonstrated the viability of implementing SFN networks for the HD Radio system to both extend 

the range of coverage and fill in areas of compromised signal.  

As is discussed in greater detail below, these tests focused on two areas. First, the tests assessed the 

ability of the SFN feature to effectively extend the coverage range of the system. The tests also 

examined the potential interfering effects of digital sidebands on the host analogue signal near the 

booster site. Of particular concern was HD Radio performance in the area of “overlap” where signals 

from the main and booster transmitter were of similar field intensity. Non–aligned waveforms in this 

area could cause the carriers from both transmitters to null in a period equal to the inverse of the time 

alignment differential. The results of these tests confirmed, however, that these concerns would not 

prevent implementation of SFNs. 

The map of the Baltimore, MD metropolitan area below shows the main transmitter site (WD2XAB) 

in the lower left and the booster site (WD2XAB–FM1) in the upper right.  
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FIGURE 84 

Test Sites 

 

ComStudy propagation prediction software was used to identify areas of potential overlap of the two 

signals. Areas in white were predicted to receive the digital signal. 
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FIGURE 85 

 Main transmitter only Booster transmitter only 

    

A test van was used to drive in the area of overlap to measure digital coverage from the main and 

booster transmitters. Actual digital reception is indicated with green dots. Yellow dots indicate 

analogue reception. 

FIGURE 86 

 Main & booster – Actual (Unaligned) Main & booster – Photoshop predicted  

   

The maps above compare the actual first test runs on the synchronized, but non–time aligned system 

with a composite map that predicts ideal performance from the individual runs. Certain areas fared 

much better in the prediction than in the actual test run. 

The test van was driven to an area located in the centre of signal overlap. The spectrum nulled out at 

intervals of 49 kHz. This corresponds to a delay spread of 20 μS. Since light travels 1 mile in 5.37 
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microseconds, this means that the overlap point is 3.7 miles closer to the booster site than the main 

transmitter. A delay offset of 20 μS was added to the booster’s exciter to cause the signals to align. 

Spectra were obtained at a number of locations showing alignment at the point of overlap. 

It should be noted that the HD Radio transmission system uses time and frequency diversity to 

improve signal robustness, and the receiver’s equalizer tracks carrier amplitude variations, the effect 

of the nulls on the digital signal has far less impact than the “multipath like” interference that results 

in analogue FM. 

Following the alignment procedure, test runs were repeated, showing improved performance in 

overlap areas. 
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FIGURE 87 

Main + Booster HD Radio coverage after time alignment 
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FIGURE 88 

 HD coverage before time alignment HD coverage after time alignment 

      

6.4 Datacasting 

VHF HD Radio digital broadcasts are integrated with vehicle telematics to provide infotainment and 

related content such as artist images, radio station logos, static traffic maps, real–time traffic incidents 

information, traffic flow, 3–day weather outlook, Doppler weather images, and fuel prices. 

6.4.1 Test program overview 

A test program was designed to measure Advanced Application Service (AAS) packet error rates 

(PER) under simulated lab conditions and real–world field conditions. Additional information about 

the AAS packet definitions can be found in the NRSC–5C standard (available at 

http://www.nrscstandards.org). 

The goals of the test program were: 

1) Characterize system performance in lab environment  

 Validate AWGN performance models 

 Validate fading performance models 

 Characterize performance for various packet sizes 

2) Characterize system performance in field conditions 

 Measure actual broadcast PER 

 Evaluate performance at varying distances to the broadcast location 

 Validate laboratory tests 

3) Predict quality of service for future services 
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6.4.2 Lab test plan 

Data throughput is determined by the packet size while robustness of the service is dependent on 

forward error correction and packet size. In the most robust system configuration (code rate = 2/5) 

one packet is broadcast per frame (1.4588 s).  

The lab tests were designed to measure packet error rates for various packet sizes in several reception 

conditions. Each data packet has a sequence number to identify missing or dropped packets at the 

receiver. Using the sequence header numbers, the number of missing sequences are calculated and 

collated to determine a number of dropped packets. If the packet is missing the required number of 

data bytes, the receiver will not log the sequence and will skip to the next sequence number with the 

complete data. PER is calculated using the calculation of dropped packets/number of broadcasted 

packets. 

Data packet sizes investigated were 64 bytes, 256 bytes, 1024 bytes, and 4096 bytes in length. PER 

data were collected using various Cd/No and multipath environments. AWGN tests evaluated 

generalized performance in the presence of noise. Urban Fast fading tests evaluated performance as 

experienced in mobile automotive applications. 

 56 dB–Hz, AWGN near blend point 

 56 dB–Hz, Urban Fast Fading below audio blend point 

 59 dB–Hz, Urban Fast Fading above audio blend point 

6.4.3 Lab test results 

The lab test results are documented in Table 42 (AWGN), Table 43 (Urban Fast Fading), and Table 44 

(Urban Fast Fading). The measure of audio availability is generally around system BER = 5E–05 

resulting in 1% audio packet rate. 

TABLE 42 

Packet Error Rates AWGN Cd/N0 = 56dB–Hz 

Test 1:   

AWGN Cd/No = 56 dB–Hz at the Audio Blend Point 

 

Packet 

Size PER 

# 

Packets 

Packets in 

error BER 

 

64 bytes 0% 4 753 0 

0 
256 bytes 0% 9 322 0 

1024 bytes 0% 9 321 0 

4096 bytes 0% 9 321 0 

The results for Test 1 (AWGN at Cd/N0 = 56dB–Hz) demonstrate that reception of data packets is 

unaffected by injected RF noise at 56dB–Hz.  
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TABLE 43 

Packet Error Rates Urban Fast Fading Cd/N0 = 56dB–Hz 

Test 2:   

Urban Fast Fading at Cd/N0 = 56dB–Hz 

 

Packet 

Size PER 

# 

Packets 

Packets in 

error BER 

 

64 bytes 2.6286% 36483 959 

2.01E–4 
256 bytes 6.8963% 36843 2516 

1024 Bytes 18.218% 36840 6646 

4096 Bytes 37.674% 36478 13743 

The results for Test 2 (Urban Fast Fading at Cd/N0 = 59 dB–Hz) evaluate performance in a mobile 

environment at noise levels below the digital audio threshold (BER = 5E–05). In this test the smaller 

packet sizes are more robust and enable data reception beyond the range of digital audio availability.  

TABLE 44 

Packet Error Rates Urban Fast Fading Cd/N0 = 59dB–Hz 

Test 3:   

Urban Fast Fading at Cd/N0 = 59dB–Hz 

 

Packet 

Size PER 

# 

Packets 

Packets in 

error BER 

 

64 bytes 0.00609% 32 831 2 

5.70E–07 
256 bytes 0.03134% 32 799 7 

1024 bytes 0.09149% 32 788 30 

4096 bytes 0.31428% 32 773 103 

The results for Test 3 (Urban Fast Fading at Cd/N0 = 56dB–Hz) evaluate performance in a mobile 

environment at noise levels above the digital audio threshold (BER = 5E–05). In this test all packet 

sizes are very robust.  

7 Field Test Plan 

Performance tests were conducted on commercial radio stations broadcasting data services in 

conjunction with live audio program content. Tests were conducted in Cincinnati, Ohio using station 

WVMX–FM at 94.1 MHz and in Philadelphia, Pennsylvania using WIOQ–FM at 102.1 MHz. Station 

WVMX was configured for audio and data broadcast with two audio programs and four data packet 

services simultaneously. The Station Information Guide (SIG) service is an information channel 

describing the programming content. This SIG service utilizes less than 1% of the transmission 

bandwidth. Table 45 details the service configuration 
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TABLE 45 

Station WVMX Service Configuration 

Service 
Bandwidth 

(bps) 

Packet Size 

(bytes) 

MPS (HD1) 48 000 N/A 

SPS (HD2) 29 692 N/A 

SIG 1 776 N/A 

Data 1 349 64 

Data 2 1 379 256 

Data 3 5 513 1 024 

Data 4 11 071 2 048 

 

7.1 Field Test Results 

Testing in Cincinnati evaluated data service coverage in comparison with audio service coverage. 

Table 46 summarizes the packet error rate information for various test routes in the market. The 

results were consistent with the lab testing and support the findings that smaller packet sizes have few 

effective errors in the mobile environment. The coverage maps provided in Fig. 89 through Fig. 100 

compare the service area of the data with the service area of the audio. The results for the Edge 

conditions highlight the extended coverage area for data applications. 

TABLE 46 

Station WVMX Mobile Data PER 

Data Packet Size Inner Loop Outer Loop Edge 

64 bytes 0.0 % 4.6 % 3.5 % 

256 bytes 0.0 % 6.4 % 5.5 % 

1024 bytes 0.0 % 6.6 % 7.1 % 

2048 bytes 0.0 % 9.9 % 8.5 % 
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FIGURE 89 

Station WVMX inner loop audio coverage 

 

FIGURE 90 

Station WVMX inner loop data coverage 64–byte packets 
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FIGURE 91 

Station WVMX outer loop audio coverage 

 

FIGURE 92 

Station WVMX outer loop data coverage 64–byte packets 
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FIGURE 93 

Station WVMX outer loop data coverage 256–byte packets 

 

FIGURE 94 

Station WVMX outer loop data coverage 1024–byte packets 
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FIGURE 95 

Station WVMX outer loop data coverage 2048–byte packets 

 

FIGURE 96 

Station WVMX edge audio coverage (Map area 72km x 42km) 
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FIGURE 97 

Station WVMX edge data coverage 64–byte packets 

 

FIGURE 98 

Station WVMX edge data coverage 256–byte packets 
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FIGURE 99 

Station WVMX Edge data coverage 1024–byte packets 

 

FIGURE 100 

Station WVMX Edge data coverage 2048–byte packets 
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FIGURE 101 

HD Radio MP1 data coverage – WIOQ 102.1 MHz Philadelphia (Map area 74km x 47km) 

 

Additional field testing was conducted in Philadelphia on station WIOQ, 102.1MHz. This coverage 

test demonstrated the extent of robust data coverage. In the map shown in Fig. 101, it is seen that 

data coverage from this station extends over four states from New Jersey in the northeast through 

Pennsylvania, Delaware, and Maryland in the southwest.  

Extensive lab and field testing demonstrate robust performance transmitting data service packets 

through HD Radio broadcasts in a mobile environment. Lab testing validated the following 

assumptions of data packet performance: Packet error rates (PER) increased with larger packet size. 

The optimum performance was verified at packet sizes of 64 bytes and 256 bytes. 

Field testing of the data service performance validated the lab testing. Real–time packet error 

calculations and mapping of data reception demonstrated the robustness of the service: 

− Reliable data reception extended beyond the coverage range for audio reception. 

− PER increased with farther distance to transmitter (Fringe/cut off area). 

− Data reception was lost in locations of extreme weak signal (Cd/N0 < 55 dB–Hz) at edge of 

coverage. 

− Market area coverage analysis highlighted the ability to receive data packets throughout the 

broadcast market. 

− Packet error rates (PER) increased with larger packet size. The optimum performance was 

verified at packet sizes of 64 bytes and 256 bytes. 

Further performance improvements are possible with enhancements to the system definitions. 

Repetition of data packets and enhanced receiver validation algorithms will improve the reliability of 

received data. Since many data services broadcast over HD Radio protocols consist of slowly varying 

data content (traffic information, weather, news), the same data content may be repeated several times 

over a period of a few minutes to enhance reception. Optional use of Reed Solomon coding and packet 
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interleaving can provide increased coverage area at the cost of lower throughput and increased 

latency.  

8 System testing programs 

8.1 Field tests of hybrid digital audio quality and coverage 

The field test results are summarized using maps illustrating the extent of IBOC coverage. The maps 

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: 

− Region 1 (black) indicates the portion of the radial where digital audio is uninterrupted. 

− Region 2 (yellow) indicates the portion of the radial where the audio is blending between 

analogue and digital. 

− Region 3 (red) indicates the portion of the radial where digital audio is no longer available, 

and the receiver has blended to analogue. 

IBOC field performance may be further illustrated by analyzing the full suite of test data recorded 

along each of the radials. 

The suite of test data is presented via strip–chart recording, comprised of data logged by the Field 

Test PC application. The strip chart displays the variation of select parameters with time over the 

entire length of the radial. The following parameters are included on the strip chart: 

− desired signal strength, in dBu (red); 

− upper (blue) and lower (yellow) first adjacent signal strength, in dBu; 

− upper (black) and lower (magenta) second–adjacent signal strength, in dBu; 

− distance from the transmitter, in km (orange); 

− receiver audio mode, digital or analogue (green). 

8.1.1 Washington/Baltimore tests 

Station 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 for one series of the digital 

coverage tests. The transmitter is located at 38o53'30" N latitude and 77o07'55" W longitude. The 

power in each of the digital sidebands was 25 dB below the total power in the analogue host; thus, 

the total digital power was 473W ERP. Figure 102 illustrates the extensive coverage of the IBOC 

system on the six test radials.  
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FIGURE 102 

Station WETA FM IBOC coverage map 

 

 (scale: 1" = 18.4 km) 

To provide context to the measured IBOC coverage shown in Fig. 102, the test radials have been 

superimposed on a map which predicts the analogue signal levels of station WETA. This map is 

shown in Fig. 103. 
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FIGURE 103 

Overlay of IBOC coverage radials onto analogue signal strength prediction map 

 

 (scale: 1" = 18.4 km) 

This map, generated using 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. 

Besides showing that the IBOC receiver begins to blend at a signal level of about 45 dBu, Fig. 103 

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. 103 that 

IBOC digital coverage is comparable to existing analogue coverage.  

8.1.2 Las Vegas performance tests 

These tests were conducted using station 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. 
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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 station 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 104 illustrates the coverage of the digital system in all test radials. The results are plotted 

against terrain to provide some context for the system's performance. 

 

FIGURE 104 

Station KWNR FM IBOC coverage map 

 

In order to facilitate a meaningful comparison of analogue and digital coverage, the test radials are 

superimposed in Fig. 105 on a map which predicts the analogue signal levels of KWNR.  

This map, generated using 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. 

Besides showing that the IBOC receiver begins to blend at a signal level of about 45 dBu, Fig. 105 

illustrates that the edge of digital coverage lies beyond the 40 dBu signal level, and that solid, 
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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. 

 

FIGURE 105 

Overlay of IBOC Coverage Radials on Analogue Signal Strength Prediction Map of Las Vegas 

 

 

The Las Vegas tests confirm the results observed in Washington/Baltimore. Performance in Region 1 

is characterized by uninterrupted, virtual CD–quality digital audio beyond signal strengths of 50 dBu. 

Performance in Region 2 is characterized by recurrent blending between analogue and digital near 

the 45 dBu signal level. Region 3, past the edge of digital coverage, falls between signal levels of 

30 dBu and 40 dBu. 

8.1.3 San Francisco tests 

The test station, KLLC, is a class C FM commercial radio station which broadcasts 82.0 kW Effective 

Radiated Power (“ERP”), with a transmitter power output of 20 kW at 97.3 MHz in the San Francisco, 

California metropolitan area. The transmitter is located at 37o 51’ 03” N latitude and 122o 29’ 51” W 

longitude. Due to its severe multipath and terrain shielding conditions, San Francisco presents one of 

the most challenging radio markets in the United States. The six test loops were selected to cover a 

variety of conditions that would challenge existing analogue and digital systems. The loops were 

designed specifically to encounter the following problems: 
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 Terrain “shadowing”, which occurs at numerous locations in the mountainous San Francisco 

Bay area.  

 Specular multipath, which is common in areas with tall buildings that produce strong 

singular reflections with deep nulls.  

 Diffuse multipath, which is common in areas bordered by mountains that produce an infinite 

number of reflectors and wideband nulls. 

The tests loops also provided a variety of geographic conditions including: 

 City streets (structure shadowing). 

 Pacific Coastline (extreme instantaneous terrain elevation changes). 

 High Desert (large plain areas bordered by mountains). 

 Rolling hills. 

The HD Radio system’s robust performance largely overcomes many of the terrain–related challenges 

that have always plagued traditional analogue systems. Although no transmission system can provide 

satisfactory performance in areas of little or no signal, the HD Radio system continues to supply high 

quality audio in areas of severe analogue impairment. The following describes digital system 

performance over the six San Francisco routes. 

Figure 106 summarizes the results. Figure 107 shows the results plotted against predicted analogue 

coverage. These maps colour code the audio mode of the digital receiver along each of the six KLLC 

field test loops. The audio mode colours signify two main regions of digital coverage: 

 Region 1 (green) indicates the portion of the radial where digital audio is uninterrupted. 

 Region 2 (red) indicates the portion of the radial where the audio has blended to analogue. 

Also, the transition from Region 1 (digital) to Region 2 (blend) occurs as a result of a significant drop 

in received signal strength. When cross–referenced to the corresponding terrain profile, it is clear 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. 

The digital receiver begins to blend at desired signal levels of about 45 dBu. Blends for most radials 

commence in the centre 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. 107 is 

indeed accurate. 

Besides showing that the digital receiver begins to blend at a signal level of about 45 dBu, Fig. 107 

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. 107 that 

digital coverage is comparable to existing analogue coverage. 
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FIGURE 106 

Station KLLC digital coverage 
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FIGURE 107 

Station KLLC digital coverage with predicted analogue coverage 

 
 

The results of the Digital Coverage field test have confirmed the findings of extensive simulations 

and laboratory performance tests: the audio quality of the IBOC signal is superior to analogue audio 

quality, and the digital coverage is comparable to that provided by existing analogue service. 

8.2 All digital coverage tests 

All digital VHF tests of the HD Radio system were conducted in Oslo, Norway. These field tests 

evaluated performance and characterized operational parameters for all digital VHF HD Radio 

broadcasts. The test program evaluated operations and in–vehicle and fixed indoor reception from an 

existing transmission facility of Radio Nero, located in Ekeberg, south of Oslo, Norway.  
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The radio station was equipped with a Nautel VX300 transmitter with an HD Radio upgrade and 

operated at 100 watt (TPO). The simple addition of two pieces of equipment (an importer and an 

exporter) to the existing analogue facility enabled digital transmission. 

The station transmitted the HD Radio waveform on 98.7 MHz. Service mode MP6 (all digital VHF 

signal) was configured for two digital channels. The first channel, known as the HD1 programming, 

transmitted audio program material of “ROX” at 48 kbit/s. The second channel, known as the HD2 

programming, transmitted audio program material for “The Beat” at 48 kbit/s. Both programs also 

carried Program Service Data (song title, artist information, station identification information) and 

the station’s logo graphics.  

Mobile reception was verified using a commercial model after–market automotive receiver  

(JVC KW–NT810HDT) outfitted with special data collection software by the manufacturer. This 

software recorded the status of the digital signal (audio / mute) correlated to GPS coordinates for later 

mapping in Google Earth. The receiver was connected to a ¼ wavelength (79 cm) magnetic mount 

whip antenna mounted on the roof of the test vehicle. Fixed, indoor reception was verified using a 

commercially available ITR–1 receiver. 

Field testing involved driving the test vehicle through numerous signal–compromised areas in Oslo 

city and its suburbs. Routes were driven past the point of digital failure to fully characterize the 

reception area. 

The map in Fig. 108 characterizes the area covered by the MP6 all digital transmission. The 100W 

HD Radio transmission blankets the entire city of Oslo and several surrounding cities. The radio 

station engineers determined the digital coverage exceeded the typical analogue coverage for the 

facility.  

Indoor reception also confirmed digital audio and image availability at various locations in Oslo. 
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FIGURE 108 

Service mode MP6 coverage in Oslo 

 

These tests demonstrated the performance and service capability of the HD Radio all digital VHF 

broadcast. The digital signal at 100W provided good coverage of the metropolitan area and met or 

exceeded analogue coverage. 

8.3 First adjacent compatibility test 

Station 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 39o17'14" N latitude and 76o45'17" W longitude. The power in each 

of the digital sidebands was 25 dB below the total power in the analogue host; thus, the total digital 

power was 101 watts ERP. 

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 39o57'09" N latitude and 75o10'05" 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 77o26'20" W longitude. 

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 
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analogue first adjacent channels. In these tests, audio was recorded from WFLS or WMMR while the 

digital 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 digital over a variety of 

programming content.  

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 109 identifies these test 

points. 

FIGURE 109 

Location of first adjacent and host compatibility test points 
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On both receivers, at both the 40 dBu and 54 dBu contours of station WMMR, there was no 

perceptible difference in the recorded audio upon addition or removal of digital sidebands from 

station WPOC. Therefore, the addition of digital sidebands to the first adjacent analogue signal did 

not introduce audible degradation at this point. On both receivers, at the 54 dBu contour of station 

WFLS, there was no perceptible difference in the recorded audio upon addition or removal of digital 

sidebands from WPOC. At the 40 dBu contour of WFLS, the car receiver did not exhibit audible 

degradation due to the addition of digital sidebands to WPOC. The home HiFi receiver did 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 digital sidebands to 

WPOC. 

This test indicates that the addition of digital 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 digital sidebands to a large first adjacent interferer should be inaudible. Since the 

introduction of IBOC digital to WPOC in August 1999, no listener complaints have been received. 

8.4 Host compatibility test 

This test demonstrates that the digital portion of the hybrid IBOC signal does not interfere with its 

analogue host. In this test, analogue audio was recorded from WPOC while the digital 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 digital over a variety of programming content.  

A point between one and two miles from the test transmit site was selected. This distance assures that 

the effects of the digital sidebands can be accurately evaluated, without being masked by noise and 

interference.  

On all three test receivers, there was no perceptible difference in the recorded audio upon addition or 

removal of digital sidebands from WPOC. Since the addition of digital 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 digital had no audible 

effect on the analogue host. 
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HD Radio VHF example implementation 

1 Introduction 

This section provides an assessment of the performance of a broadcasting station established in 

Mexico City using the HD Radio system (Digital System C in Recommendation ITU–R BS.1114).  
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2 Test site information 

These tests were conducted using the RF transmission facilities of ALFA FM in Mexico City 

(XHFAJ–FM 91.3 MHz) and OPUS FM in Mexico City (XHIMER–FM 94.5 MHz). The station 

configurations are provided below. At each facility, the analogue and digital signals were low–level 

combined. 

ALFA FM OPUS FM 

XHFAJ–FM / HD1 and HD2 

Grupo Radio Centro 

91.3 MHz, 99.45 kW ERP 

19°19'6.79"N,  99°18'0.57"W 

Site Elevation 3,295 M HASL (at ground) – 

1,100 M above city 

Tower height:  100 M 

Transmitter:  Harris, model HPX30 

XHIMER–FM / HD1, HD2 and HD3 

Instituto Mexicano de la Radio (IMER) 

94.5 MHz, 100 kW ERP 

19°31'59.34"N,  99° 7'49.40"W 

Site elevation 2,719 M HASL (at ground) – 

524 M above city 

Transmitter:  Harris, model Z16HD+ 

Digital Power Level: –14 dBc Digital Power Level: –20 dBc 

FIGURE 110 

Typical low–level combined transmitter site configuration 

 

3 Test vehicle configuration 

A Chevrolet Suburban was used for the field testing. The test data was collected through HD Radio 

field test unit provided by iBiquity Digital Corporation. The receiver (EZ–HD receiver) is a custom 

designed radio box suitable for automotive testing (12V input, audio and data output). The radio was 

designed around automotive grade HD Radio chipsets used in many OEM vehicles. The radio was 

controlled through a laptop computer running LabView–based collection software.  
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FIGURE 111 

Mobile test platform 
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FIGURE 112 

HD Radio data collector sample screen 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

4 Test routes 

XHFAJ ALFA FM (91.3 MHz) was characterized with three radial routes (Mexico 15 to the 

southwest, Mexico 150 to the southeast, and Mexico 95 to the south) to characterize the point of 

failure for the digital signal operating dual sideband in the hybrid mode (simulcast of analogue and 
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digital). Additionally, a “loop” was chosen to characterize any potential multipath induced 

performance degradation in the city. 

XHIMER OPUS FM (94.5 MHz) was characterized with four radial routes (Mexico 15 to the 

southwest, Mexico 150 to the southeast, Mexico 95 to the south, and Mexico 85 to the north) to 

characterize the point of failure for the digital signal operating dual sideband in the hybrid mode. 

Additionally, a “loop” was chosen to characterize any potential multipath induced performance 

degradation in the city. 

FIGURE 113 

Mexico City suggested test routes 

 

5 Test results 

The following pages show the test results. Figure 114 shows the digital coverage for XHFAJ 

91.3 MHz (ALFA FM) and Fig. 115 shows the digital coverage for XHIMER 94.5 MHz (OPUS FM). 

In these coverage plots, the smaller green/black points represent the locations where digital audio was 

received while the larger red points represent locations where the radio blended to analogue. Both 

coverage maps show loss of digital audio to the north and to the southeast. These outages are caused 

by terrain obstruction from local mountains. Aside from these outages, the majority of Mexico City 

is well covered with the digital broadcast.  



168 Rep.  ITU-R  BS.2384-0 

 

FIGURE 114 

HD Radio coverage Mexico City ALFA 91.3 MHz 
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FIGURE 115 

HD Radio coverage Mexico City OPUS 94.5 MHz 
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Annex 3 

 

Social, regulatory and technical factors involved when considering  

a transition to the DAB or DAB+ systems 

1 System overview 

The DAB digital sound broadcasting system was developed by the Eureka 147 (DAB) Consortium 

with the active support of the European Broadcasting Union (EBU) for digital sound broadcasting 

services in Europe. The Eureka 147 DAB system provides for delivering groups of multiplexed 

programming and is classified as Digital System A in Recommendation ITU–R 1114, which sets out 

the planning methods and parameters that have to be applied in relation to its co–existence with other 

broadcasting services. The full system specification is available as a European Telecommunications 

Standard ETS EN 300 401.  

The DAB system was primarily designed to provide a rugged, high–quality, multi–service digital 

sound broadcasting for reception by mobile, portable and fixed receivers. It is designed to operate at 

any frequency up to 3 GHz for terrestrial (T–DAB), satellite (S–DAB), hybrid (satellite and 

terrestrial) and cable broadcast delivery.  

The DAB system is also designed as a flexible, general–purpose digital broadcasting system which 

can support a wide range of source and channel coding options in conformity with Recommendation 

ITU–R BO.789 and Recommendation ITU–R BS.774. 

2 Key features of DAB and DAB+ technology* 

2.1 Technical characteristics 

There are two aspects of the DAB system which combine to form this rugged, high–quality 

transmission system:  

1) the mechanism by which the digital content is encoded; and  

2) the method by which these encoded data are transmitted. 

The system uses advanced digital source encoding techniques to remove perceptually irrelevant 

information from the source signals. Controlled redundancy is then applied to each of the digital 

source signals in the form of error correcting code that can be used by the receiver. Several such 

signals are combined into a single “multiplex”. Further robustness is obtained by employing time 

interleaving. 

The transmitted information is spread in the frequency domain using the Coded Orthogonal 

Frequency Division Multiplexing (CODFM) multi–carrier modulation scheme. This allows T–DAB 

networks to take advantage of multiple received signals by means of a “guard interval” which allows 

for reception in a multipath environment and the implementation of Single Frequency Networks 

(SFNs). By employing these techniques, high quality mobile, portable and fixed reception can be 

obtained even in conditions of severe multipath propagation. Moreover, SFNs can serve to promote 

efficient spectrum utilization.  

                                                 

 Some material in these sections has been extracted from EBU Technical Report 21, “Technical Bases for 

T-DAB Services Network Planning and Compatibility” (October, 2013), and from the EBU Technical 

Review 311 “Evolution of DAB” (July, 2007), by Frank Herrmann, Larissa Anna Erismann and Markus 

Prosch. 

https://tech.ebu.ch/publications/trev_311-dab_dmb
https://tech.ebu.ch/publications/trev_311-dab_dmb
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The key elements of the CODFM scheme that make the scheme well suited to terrestrial channels 

include: 

– The use of time and frequency interleaving and error correction codes; 

– Carrier orthogonality achieved by the mathematical linking of carrier separation f and useful 

symbol duration T, namely f = 1/T; 

– The addition of a guard interval to reduce inter–symbol interference. 

For terrestrial use, the DAB system is designed to provide rugged digital sound broadcasting using 

bit rates between 8 and 320 kbit/s. Under severe multipath conditions such as in the mobile and 

portable receiving environment, selective fading occurs; use of wideband systems such as DAB, serve 

to minimize the problems caused by this type of fading. In the case of terrestrial DAB, the required 

bandwidth is 1.536 MHz. The useful capacity is dependent on the protection level employed, of which 

there are five options ranging from UEP1 (strongest protection) to UEP5 (lowest protection). The 

useful capacity of a DAB multiplex is around 1.2 Mbits/s based on protection level UEP3, as normally 

used for planning purposes. 

2.2 Planning considerations 

Network planning of T–DAB services requires a quite different approach to that employed for FM 

radio and analogue television, for which planning has traditionally been done on the basis of Multi–

Frequency Networks (MFNs), where adjacent service areas (centred on a main transmitter) use 

different frequencies to broadcast the same programme. Because of its ability to make constructive 

use of delayed signals (provided the delay is within certain limits), DAB gives an extra dimension to 

MFN planning.  

In planning T–DAB networks, each service area can consist of either a single transmitter (the 

“traditional” case) or a network of transmitters operating on the same frequency – a Single Frequency 

Network (SFN). The combination of an MFN consisting of a number of SFNs (a Multi–SFN) allows 

planners and programme content providers to take advantage of the benefits that each type of network 

can provide.  

These are:  

– The MFN concept allows for regionalisation of programmes. This cannot be achieved within 

a single SFN, where all of the transmitters comprising the SFN have to carry precisely the 

same programme content and data. Regional or local programme variations cannot be 

accommodated on individual transmitters within an SFN. 

– Each SFN comprising the MFN benefits from the network gain, which is a feature of the 

SFN. 

2.3 Further development of the DAB platform 

When the original DAB system was first developed in the late 1980s, it was based on MPEG Audio 

Layer II coding, which was then state–of–the–art and is still a commonly used coding technology in 

digital radio broadcasting. Since then, MPEG Audio Layer III (commonly known as MP3) has 

conquered the market of digital music players and radio streams.  

Even though still the most successful technology on the market, MP3 has already been overtaken in 

efficiency and performance by MPEG–4 AAC (Advanced Audio Coding). This development has 

called for an additional audio coding system in DAB which would allow for more efficiency at lower 

bitrates – hence the birth of DAB+. Another important innovation has been the addition of 

video/multimedia capabilities to DAB, allowing it to become a digital mobile television platform – 

DMB (Digital Multimedia Broadcasting) – as well as a digital radio platform. Both for DMB and 

DAB+, the technical basis remains the same as the physical layer originated with DAB. 
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DAB was originally designed around MPEG–1 layer II structures – best reflected by the fact that the 

DAB logical frames were of identical length in time (24 ms) as the MPEG–1 layer II audio frames. 

A further step was made to MPEG–2 Layer II, with half the sampling rate – one audio frame per two 

logical frames. DAB+ uses the common denominator of all permitted lengths of AAC Access Units 

(of length 20, 30, 40 or 60 ms) with a 120 ms long superframe equivalent to five logical frames.  

Due to the high efficiency of the new coding algorithms, the impact of lost bits is more significant; 

in other words, better protection is needed. DAB Enhanced Stream and Packet Mode – already 

introduced for DMB – adds concatenation of the inner convolutional coding (Viterbi), being an 

element of the original DAB set–up, and an outer block code in the form of Reed–Solomon (R–S) 

coding. 

In DAB+, this leads to a total of eight possible combinations of DAB+ error protection – four variants 

based on EEP Option A (EEP1A – 4A), which has sub–channels in multiples of 8 kbit/s, and a further 

four variants as part of the rarely used EEP Option B (EEP1B – 4B) which has sub–channels in 

multiples of 32 kbit/s. As in the original system, EEP1A/1B represents the strongest protection and 

EEP4A/4B represents the lowest error protection in each variant. 

The full system specification for DAB+ is available as a European Telecommunications Standard 

ETSI TS 102 563. The MPEG–4 High Efficiency AAC v2 profile (HE–AAC v2) coding scheme was 

chosen for DAB+ as the most efficient audio compression scheme available worldwide. It combines 

three technologies:  

– The core audio codec AAC (Advanced Audio Coding). 

– A bandwidth extension tool, SBR (Spectral Band Replication), which enhances efficiency by 

using most of the available bitrate for the lower frequencies (low band) of the audio signal. 

The decoder generates the higher frequencies (high band) by analysing the low band and side 

information provided by the encoder. This side information needs considerably less bitrate 

than would be required to encode the high band with the core audio codec. 

– A Parametric Stereo (PS) signal is used in which a parametrically encoded mono down–mix 

and side information is broadcast rather than a conventional stereo signal. The decoder 

reconstructs the stereo signal from the mono signal using the side information. HE–AAC v2 

is a superset of the AAC core codec. This superset structure permits the use of:  

– plain AAC for high bitrates;  

– AAC and SBR (HE–AAC) for medium bitrates; or  

– AAC, SBR and PS (HE–AAC v2) for low bitrates.  

The HE–AAC v2 coding scheme provides the same perceived audio quality at about one third of the 

subchannel bitrate needed by MPEG Audio Layer II. The same audio coding is also used in DRM 

and DMB e.g. for television audio. Devices that also include DMB or DRM can benefit from the fact 

that the audio coding for this range of technologies is essentially the same. 

All the functionality available for MPEG Audio Layer II services is also available for DAB+: 

– service following (e.g. to FM or other DAB ensembles); 

– traffic announcements; 

– PAD multimedia (Dynamic Labels such as title, artist information or news headlines, still 

images such as weather charts, and other multimedia content); 

– service language and programme type information (e.g. Classical Music, Rock Music, Sport, 

etc). 

The multimedia information carried in the PAD of an HE–AAC v2 radio service is as well protected 

against data losses as the audio itself, both enjoying the cascaded error–control coding. In order to 
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ensure that the PAD data of a radio service using MPEG Audio Layer II also takes advantage of the 

new developments, a backwards–compatible and optional FEC layer will be added here as well. 

An important design criterion for DAB+ was a short “zapping” delay – both the time it takes to switch 

from one radio station to another station on the same DAB ensemble, as well as the time it takes to 

tune to a radio station on another DAB ensemble, was minimized. Currently all DAB radio stations 

are mono or stereo, while DAB+ also provides the means to broadcast surround sound in a backwards 

compatible way. Using MPEG Surround it is possible to broadcast a stereo signal together with 

surround side information (e.g. 5 kbit/s side information). Standard stereo radios will ignore this side 

information and decode just the stereo signal. MPEG Surround receivers will evaluate the side 

information and reproduce surround sound. So at a comparatively low additional bitrate, the 

broadcaster can increase the audio experience on surround sound receivers, and still provide high 

quality sound to all other radios. 

3 Status of DAB implementations 

The Eureka–147 DAB system has been deployed in over 40 countries around the world, so far mainly 

in Europe, and including many with significant market for broadcasting, such as the United Kingdom, 

Germany, Spain, Italy, France, Denmark, Norway, Switzerland, Australia and New Zealand. 

In the United Kingdom, the DAB deployment commenced in 1995 using Band III in the expectation 

was that there would eventually be a complete switchover to DAB as the country’s sole sound 

broadcasting standard, with DAB also being deployed in Band II once FM broadcasting had ceased. 

Further deployment of DAB, with the option of the introduction of DAB+, is set to continue in the 

United Kingdom as these are considered to be the most appropriate transmission standards to use as 

part of a potential radio switchover in the future. However, in respect of ceasing existing analogue 

services, it is also recognized that the switchover must be listener–led.  

Considerable investment in DAB has been made in the United Kingdom by the radio industry and by 

listeners themselves. Nearly 18 million DAB radios have been sold in the UK, with 45% of adults 

claiming to own a DAB set. The intention is to build–out the BBC National DAB network to 97% of 

the UK population by the end of 2015, bringing DAB to a further 2.5 million people and improving 

coverage for many millions more with a network comprising 390 transmitters in total. Broadcasters 

also plan to increase investment in the local DAB networks. Throughout 2015–16, the introduction 

of around 180 extra transmitters is planned along with modifications to around 45 others to improve 

coverage, bringing coverage of local services to 90% of the UK population. 

In Australia, digital radio services using DAB+ formally commenced in July 2009 in the five major 

cities; Adelaide, Brisbane, Melbourne, Perth and Sydney. As at June 2015 the only DAB+ 

transmissions implemented outside these five major cities are trials being conducted in Canberra and 

Darwin.  

The policy framework for digital radio in Australia remains essentially unchanged from that, 

announced in October 2005 which stated “… the Government’s framework has been built around 

digital radio being a supplement to existing services in Australia rather a replacement technology, 

as it is in television.” As such, there is no requirement for broadcasters to duplicate their existing 

coverage or content in digital, however, most broadcasters simulcast their analogue radio content with 

some additional content. The DAB+ services attempt to provide complete coverage in each licence 

area through the use of very high power levels (50 kW effective radiated power) augmented with low 

power repeater sites (300–500 W ERP). A total of 12 repeater sites have been implemented across 

the five capital cities. All services operate within the VHF band 174–230 MHz. 
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Commercial Radio Australia has estimated that the combined DAB+ coverage including Canberra 

and Darwin reaches 65% of the population and that receiver take up in the five cities had reached 

23% of households as at August 2014. 

Further examples of DAB implementation are presented in Attachments 2 and 3, in which Italy and 

Vatican City State have provided detailed information on their implementation of DAB networks. 

 

 

 

 

Attachment 1 

to Annex 3 

 

DAB network implementation in Italy 

Italian regulation 

In Italy the first DAB experimentations began in 1995 with the switching on of 3 transmitters on 

channel 12 in Aosta Valley. 

In 2009, Italian Administration issued new rules for the implementation of the digital network for the 

radio and few broadcasters started again new trials with DAB+, which was standardized in 2007 by 

ETSI (ETSI TS 102 563) with a new high performance audio coding and a better error correction 

algorithm. An additional incentive to DAB was given by the conclusion of the analogue TV switch 

off and the availability of frequencies in Band III.  

In 2010, the Italian Administration provided 4 blocks in channel 12 and 8 blocks in channels 6,7 and 

10 (AGCOM resolution 300/10/CONS) for digital radio and ruled to use DAB+ in SFN technique 

(AGCOM resolution 644/10/CONS). 

In 2012 with a new resolution, the Italian Administration disposed to start the implementation of the 

new digital radio network in Trentino Alto Adige region within a pilot project (AGCOM resolution 

180/12/CONS). 8 blocks were reserved for the project: 3 blocks (12A, 12B, 12C) for the national 

broadcasters, one of which for RAI, and 5 blocks (12D, 10A, 10B, 10C, 10D) for the regional 

broadcasters. The experimentation started with the switching on of a RAI multiplex and two local 

multiplexes. 

DAB consortium 

An Italian peculiarity is also the creation of many DAB consortiums: ARD, Club DAB, EuroDAB 

and C.R. DAB. The aim of the creations of these consortiums is the sharing of the costs of the new 

digital networks and the optimization of the spectrum utilization. 

ARD is the Italian association of the digital radio founded in March 2008 by Aeranti–Corallo, the 

major commercial radio association (605 local and national radio), Rai Way, the owner of RAI’s 

transmission and broadcasting network, and RNA “Radio Nazionali Associate”, the association of 

the ten major national radio editors. The primary purpose of ARD is the promotion and the 

achievement of the digital radio. In particular, this association expresses proposals for the technical 

standards of the receivers and it has already developed a certification method for the receivers for the 
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Italian market in order to guide manufacturers in the implementation and consumers in the choice of 

receivers. 

Club DAB Italia, established in 1996, gathers eight big national radios: Radio DeeJay, Radio Capital, 

m2o, RDS, Radio Maria, Radio Radicale, Radio 24 – Il Sole 24Ore, R101.  

EuroDAB was created in 1999 by RTL 102.5, Radio Italia and Radio Padania Libera.  

This consortium broadcasts Radio Vaticana Italian program, too. 

C.R. DAB was instituted in 2000 by four national radio and forty–nine regional broadcasters. 

 

RaiWay network 

The first network 

In 2008 RaiWay developed its first DAB network. 21 transmitters were switched on all over Italy.  

FIGURE 116 

DAB Transmitter 

 

 

The content of the multiplex was not the same all over Italy. In fact, in Alto Adige region (the first 

seven transmitters of the list above) the multiplex was shared with RAS, the local radio television 

broadcaster which guarantees the public service in German for the minority community of the area. 

Whereas the multiplex in Rome was shared with Club DAB. 

The service was mainly addressed to mobile consumers. 

A measurement campaign was set up in order to compare provisional and actual service area. 

The results were encouraging and confirmed the provisional method. Moreover in a case, between 

Trento and Bolzano, the provisional estimations predicted an area without service. Measurements 

demonstrated that in a portion of this area the service was better than predicted and a good service 

was probably provided by reflections of signals coming from Ravina transmitter and thanks to the 

absence of interferences. 
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FIGURE 117 

Provisional service area in Trentino Alto Adige region 

 

FIGURE 118 

Ravina transmitter service area – RF level and quality of service 

 

Measurements were also carried out in Venice to evaluate the service of Venezia Campalto 

transmitter. 
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This time, an equipped boat was utilized. The results are shown in Fig. 120. 

FIGURE 119 

Equipped boat for DAB measurement campaign in Venice 
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FIGURE 120 

DAB quality of service in Venice 

 

 

The new network 

In 2013 RaiWay implemented the new DAB+ network beginning from Trentino Alto Adige region 

which was chosen as pilot region. 

This new network will be an SNF operating on the same block all over Italy but, at this time, the 

frequencies assigned to DAB have not been yet released. 

At the moment, in addition to the Trentino SFN, there are 3 small SFNs: Monte Venda and Venezia 

Campalto on block 12D; Aosta Gerdaz and Saint Vincent on block 12B and Capo Milazzo, Capo 

D’Orlando and Palermo M.Pellegrino on block 12C. 

In the remaining part of Italy, RaiWay has also other 7 DAB+ transmitters on blocks 12 A, 12B and 

12D. 

In Alto Adige area, RaiWay is still sharing the network with RAS which owns an SFN made up by 

13 transmitters on block 10B. 
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FIGURE 121 

RaiWay and RAS DAB+ network 
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FIGURE 122 

Provisional coverage of RaiWay and RAS DAB+ network 

 

 

A measurement campaign was performed in Trentino area in order to verify the performances of the 

new SFN. 

This SFN is composed by four transmitters broadcasting on 12B block: Paganella (0.25 kW and 

TII 55.16); Ravina di Trento (0.15 kW and TII 4.2); Rovereto (0.50 kW and TII 4.1); Cima Penegal 

(0.60 kW and TII 55.11). 
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FIGURE 123 

Paganella and Rovereto transmitters 

                
 

FIGURE 124 

Provisional service area in Trentino area 

 

Measurements were achieved with an equipped vehicle with a DAB+ commercial radio and an “ad 

hoc” board developed in partnership with a world leader in providing electronic components and 

semiconductor solutions. This equipment allowed to evaluate the coverage, the quality of service and 

the performance of the SFN. 
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FIGURE 125 

Measurements setup 

 
Some results are shown in the Figures below. 

FIGURE 126 

New DAB+ SFN – RF level and TII parameter in Trentino area 
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FIGURE 127 

New DAB+ SFN – FIC parameter in Trentino area 

 

 

The service quality is estimated with FIC parameter in the following way: 

good service FIC < 5 * 10–3 

poor service 5 * 10–3 ≤ FIC <5 * 10–2 

no service FIC ≥ 5 * 10–2 

The DAB+ technology allows to broadcast both audio and data content. 

RaiWay with the help of RAI Research Centre made some trials during sportive events, i.e. the 

cycling Italian tour. 

During the contests some pictures were taken and sent by e–mail to RAI Research Centre who 

provided for the preparation of the slide shows and their broadcasting. 
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FIGURE 128 

Example of slide show 
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DAB network implementation in the Vatican City State 

1 Background 

Vatican Radio is the international broadcaster of the Vatican City State and produces more than 

40 hours of program per day in 36 different languages. Programs are delivered using different media 

such as Medium and Short waves, FM, satellite, IP streaming live and on demand. 

With the Geneva–06 Regional Agreement, two DAB blocks in VHF Band III, 7B and 12D, were 

assigned to the Vatican City State. The target area for both is the Rome urban area where many 

Vatican enclaves are present. Both blocks are supposed to use two SFNs having tree radiation points 

as following: 

 Santa Maria di Galeria SMG (12º E 19' 24"; 42º N 2' 40") 

 Vatican City   CVA (12º E 27' 0"; 41º N 54' 13") 

 Castelgandolfo  CAG (12º E 39' 2"; 41º N 44' 49") 

The DAB network deployment started in 2009 with two radiation points (SMG and CVA) operating 

on DAB block 7B (block 12D was not available at that time). After the completion of the Analogue 

Television switch–off in Italy, block 12D became available and the deployment of the DAB network 

started anew.  

At the present time the transmitters located in Castelgandolfo (CAG) and in Vatican City (CVA) 

operate in SFN on block 7B and the one in Santa Maria di Galeria operates on block 12D. 
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2 Sound broadcasting of Vatican Radio in Rome and  

DAB/DAB+ deployment 

The GE–75 Regional Administrative Conference assigned to the Vatican City State three frequencies 

in the MW band: one high power and two low power. MW played an important role in both local and 

international broadcasting for many years. At the present time MW is used for local coverage in order 

to complement the FM local network that suffers from interferences in some areas. 

The GE–84 Regional Administrative Conference assigned to the Vatican City State four frequencies 

in VHF band II for FM analogue audio broadcasting, and since the beginning FM broadcasting played 

a fundamental role in the local distribution scenario of Vatican Radio. 

In 2013 Vatican Radio decided to re–organize the distribution network in Rome order: 

– to reduce the broadcasting costs incurred by the use of high power FM transmitters; 

– to reorganize the MW usage; 

– to adapt and to upgrade the local distribution network to the use of new more attractive 

technologies; 

– to reorganize programs schedules introducing new contents in order to improve the program 

offer. 

In view of these objectives, it was decided: 

– to reduce the RF output power of one FM transmitter during night time; 

– to switch off two FM transmitters during night time; 

– to create three new program schedules to be broadcasted in parallel on FM and on the 

DAB/DAB+ network. The new scheduling is composed by the Italian program, the pan–

European languages program and the World service. All the three schedules are broadcasted 

around the clock on the DAB/DAB+ network and on FM during daytime. At nighttime only 

the Italian program is broadcasted on FM at reduced power. 

In the case of special events or periods (Christmas, Easter), programs with specific exclusive content 

targeting Rome are produced and broadcasted through the DAB/DAB+ network only. 

3 Description of the digital sound broadcasting network  

3.1 Digital Multiplexer configuration 

The DAB multiplex normally carries three audio programs encoded DAB/MPEG2 and, for 

compatibility reasons, DAB+/MPEG4 and one DMB channel. The three audio programs carry the 

same content as the three FM frequencies targeting Rome; they also carry PAD28 and MOT29 

slideshow. The DMB program carries a low definition video with a selection of “videonews” in 

different languages and live broadcasts of Pope’s ceremonies, when available. 

The following table details all the technical parameters of the Multiplex configuration:  

 

 

                                                 

28 Program associated data 

29 Multimedia object transfer 
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Service 

name 

RVaticana 

Italia 

RVaticana 

Europe 

RVaticana 

World 

RTV 

Vaticana 

RVaticana 

Ita + 

RVaticana 

Europ+ 

RVaticana 

World+ 

Service ID 4104 4100 4101 E2400005 410E 410A 410B 

SCIds 0 0 0 0 0 0 0 

CmpID 1 2 6 3 4 5 7 

SubChId 0 1 2 3 4 5 6 

Protection Unequal 3 Unequal 3 Unequal 3 Equal 4A Equal 1A Equal 1A Equal 1A 

Encoding Stereo Stereo Stereo  

Stereo 

SBR 

Stereo 

SBR 

Stereo 

SBR 

Bitrate 

kbits/s 160 128 128 384 72 72 72 

PAD 

kbits/s nd Nd Nd nd 4 4 4 

Size in 

MSC 

(kbits/s) 309 256 256 512 288 288 288 

Size in 

MSC 

(CU) 116 96 96 192 108 108 108 

 

3.2 Feeding the digital transmitters  

The Ensemble Multiplexer is located in the server farm in Santa Maria di Galeria near the digital 

network control room which feeds the multiplexer to the transmitters. 

The transmitter located in SMG (operating on block 12D) and the one in CVA are fed using the 

standard Ensemble transport (ETI) protocol. The ETI flux is carried up to the Vatican using an 

E1/G.703 connection on a private radio link. The CAG transmitter is fed via an IP–over–Ethernet 

10 Mbit/s virtual private network (VPN) connection on a private WAN carried by an optical link 

between SMG and CAG because a telecom serial connection would have been too expensive. The 

private WAN was already used for remote surveillance and transmitter control. For the new purpose, 

a couple of transport converters have been installed: one SMG and one in CAG.  

The feeding block diagram is detailed in the Figure below. 

FIGURE 129 
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For the transportation of the Multiplex on the IP network it was decided to implement the Factum 

Encapsulation Protocol30 (FEP) instead of the EDI31 in order to improve resilience to bit–errors and 

multiple packet losses on the WAN link. Indeed, the FEP protocol is based on RTP32 complemented 

with Forward Error Correction (FEC) and it can work properly also in the case of a unidirectional 

link or when the IP packets loss rate is relatively high, since the FEC scheme can recover from the 

loss of a single packet or of multiple consecutive packets. 

In this scenario FEP could require more bandwidth when compared to EDI but the amount of 

bandwidth is constant and predictable. Since the system uses different feeding links with different 

time delays (IP to CAG and telecom E1/G.703 to CVA), a particular care was needed in order to 

ensure proper synchronization of the SFN.  

The difference in network delays between an IP network and an E1 network is normally large.  

The time delay is quite fixed and predictable in a telecom serial connection and in principle 

unpredictable, with variable jitter, in an IP connection. The delay through the E1 network has been 

estimated smaller than 200ms, while the network delay over the IP link can be up to seconds. With 

this mixed environment a specific transport converter unit is necessary downstream from the 

ensemble multiplexer. The task of the transport converter is: 

– to set a timestamp in each frame; the timestamp is absolute in the IP/FEP output, but only 

relative to PPS in the E1/G.703 interface; 

– to delay the E1/G.703 E1 output before feeding the E1 transmission network; 

– to properly encapsulate the ETI frames in the IP packets using the FEP protocol. 

The following Figure describes the block diagram of the transport chain. 

FIGURE 130 

 

A proper synchronization of the transmitters has been achieved with this approach. 

3.3 Description of the installation  

The tables below document the details of the installation at each transmitting site: 

Vatican City (12º E 27' 0"; 41º N 54' 13") –CVA– 

                                                 
30 The Factum encapsulation protocol (FEP) is a proprietary protocol developed by Factum Electronics, 

defined in Factum doc F10 00 378. 

31 EDI, encapsulation  DAB interface, is an IP based protocol for carrying STI/ETI. Standardized in ETSI TS 

102 693. 

32 Real time transport protocol, defined in RFC3246. 



188 Rep.  ITU-R  BS.2384-0 

 

 

TX Power/ 

Block 

Antenna type ERP Antenna height 

above ground 

Site 

height 

above sea 

Azimuth Polarization 

1000W/ 

7B 

VHF panel 2 bays 4kW 38m 74m Quasi omni–

directional  

Vertical 

 

Castelgandolfo (12º E 39' 2"; 41º N 44' 49") –CAG– 

 

TX Power/ 

Block 

Antenna type ERP Antenna 

height above 

ground 

Site 

height 

above sea 

Azimuth Polarization 

1000W/ 

7B 

Vertical dipole 

curtain 4 bays 

5kW 25m 428m Directive 

330° 

Vertical 

 

Santa Maria di Galeria (12º E 19' 24"; 42º N 2' 40") –SMG– 

 

TX Power/ 

Block 

Antenna type ERP Antenna 

height above 

ground 

Site 

height 

above sea 

Azimuth Polarization 

1000W/ 

12D 

VHF Panel 2 bays 5kW 80m 149m Directive 

105° 

Vertical 

 

The predicted field strength at 10m height for the two transmitters (red and black icons) operating in 

SFN on block 7B is detailed in Fig. 131. Figure 129 predicted field strength @10m for CAG and 

CVA 
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FIGURE 131 

 

Legend for threshold colors: 

Preliminary measurements of field strength at 10m height in pre–determined fixed points were 

performed with the following equipment: 

– Rhode & Schwarz Test Receiver ESPI 3 with pre–selector, RMS detector, bandwidth 1 500 

kHz; 

– Calibrated ground plane antenna built by Vatican Radio; 

– 10 m pneumatic telescopic mast; 

    

Fs≥ 90dBV/m Fs≥ 78dBV/m Fs≥ 68dBV/m Fs≥58dBV/m 
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– Calibrated RG214 cable. 

The table below shows the results of the measurements, test points are also detailed in Fig. 131. 

 

Test 

Point 

Block LAT LON Voltage at the 

receiver input 

Eq. field 

strength 

    dBµV dBµV/m 

A 7B 41.96342 12.5691 60.6 68.4 

B 7B 41.8107 12.58194 71.4 79.2 

C 7B 41.78016 12.54241 72.6 80.4 

D 7B 41.89569 12.18185 57.51 65.31 

E 7B 41.69453 12.59892 74.75 82.55 

F 7B 41.59863 12.49099 65.5 73.3 

The minimum field strength required by ITU–R Rec. BS.1660–6 was reached in all considered points. 

The measured field strength values were quite close to the predicted ones. 

4 Mobile measurements, coverage verification 

In order to check the performances of the network operating on block 7B, mobile measurements were 

carried out with the following equipment: 

– SMCNS DAB Receiver model DABAir–II plus software revision 1.3.5.4; 

– Trimble GPS receiver connected to the software receiver; 

– Ground plane antenna on the roof top of a car. 

The receiver has been programmed to take one sample every five seconds which means 

approximately one point every 100m at 70km/h speed. 

Mobile measurements in the area around Rome with special attention to the coastal area are detailed.  

The map in Fig. 132 details the mobile reception on the GRA A90 motorway surrounding Rome, and 

in the coastal area. The two emission points are identified by two icons: red for Castelgandolfo and 

black for Vatican. The color of each point displays RSSI33, measured in dBV at the receiver input. 

 

                                                 

33 Radio signal strength information 
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FIGURE 132 

Mobile measurements 

 
 

Threshold colours: 

  

                                                 

34 Our experience with the measurement set-up allows to link, with good statistical confidence, the value of 

45dBV measured by the mobile receiver having the antenna on the roof top of the car to the field strength 

value of 58dBV/m at 10m height.  

     

RSSI>76dBV RSSI> 4534dBV RSSI> 35dBV RSSI> 16dBV RSSI<16dBV 
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5 Conclusions 

The nighttime partial replacement of FM with Digital broadcast offered an immediate economic 

benefit even if the DAB is simulcast around the clock for audience convenience. 

Digital technology, thanks to its flexibility offers the possibility to add low quality video content to 

the local distribution network of Vatican Radio and specific content in case of special events. 

From the end user point of view, digital technologies offer a better audio quality and immunity from 

the interferences suffered by the analogue FM when operated in an extremely congested band such 

as the case in Rome. This fact, combined with the possibility to complement audio programs with 

additional contents such as PAD and MOT slideshow, offers a better listening experience. 

The possibility to complement audio programs with other content such as pictures, text and traffic 

information is currently under development. The growing demand of information ancillary to audio 

could guide developers. An important role in this development will also be played by the availability 

of receivers capable to handle this kind of information.  

From the radio broadcaster point of view, DAB/DAB+ could be a useful digital technology when 

multiple contents have to be broadcasted to a common target area. Moreover, if sufficient unused 

transport capability is left available in the MUX, the DAB Multiplex flexibility allows to add contents 

only when needed, without setting up a complete new broadcasting chain. Thanks to the high capacity 

of the DAB Multiplex, this condition could be achieved with a lower investment that would be 

necessary if other digital broadcasting technologies were used. 

Due to the fact that the same target area is shared by all the programs in the MUX, DAB could be a 

system more suitable for a national or regional broadcaster rather than for a local one. Different digital 

technologies with lower transport capability might be more attractive to a local broadcaster, typically 

targeting very specific areas. 

At the time of the network development, DAB/DAB+ was not widespread and considering the wide 

penetration of FM it was not possible to plan a complete FM switch off. Moreover in order to achieve 

backward compatibility with older digital receivers it was felt necessary to include both DAB/MPEG 

II and DAB+/MEPG4 coding in the DAB MUX. 

6 Future developments 

The results of this investigation shows that digital mobile outdoor coverage per program has been 

achieved with less RF power per program, however, to make a more realistic comparison between 

the overall efficiencies of the two systems, indoor portable reception need further investigation. 

At the present time analogue FM still represents the main core of local audio distribution for Vatican 

Radio, and it would be unrealistic to plan a complete FM switch off. However Vatican Radio feels 

necessary to start plans to move from analogue FM to digital technology in order to solve the 

numerous interference problems suffered by analogue FM and in order also to maintain the current 

capability of radio broadcasting to attract audience, in particular younger people. At the same time it 

is felt unreasonable to replace radio broadcasting with mobile broadband applications due to the 

expected costs for both the sending and the receiving end of the communication chain. 
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Annex 4 

 

Consideration of social, regulatory and technical factors on a transition 

to the ISDB–T multimedia broadcasting systems 

1 System overview 

ISDB–Tmm (The Integrated Services Digital Broadcasting for Terrestrial Multimedia) is an Mobile 

Multimedia Broadcasting (MMB) based on ISDB–T. The physical layer transmission system of 

ISDB–Tmm is compatible with ISDB–T, and it has excellent performance even under severe wireless 

channel conditions of mobile environments. ISDB–Tmm provides audio visual streaming services, 

file–based multimedia broadcasting services, and integrated communications and broadcasting 

services to mobile terminals. This section gives an overview of the services and technologies of 

ISDB–Tmm. 

1.1 Transmission scheme 

ISDB–Tmm is based on ISDB–T, and it offers robust reception performance in mobile environments 

and is resilient against multipath propagation. It has enhanced multimedia capabilities for, for 

example, large media file delivery. 

1.1.1 Radio transmission 

The ISDB–Tmm transmission system can utilize any combination of the 13–segment format, which 

has a 6/7/8 MHz bandwidth and is compatible with ISDB–T, and 1–segment format, which has 1/13th 

the bandwidth of the 13–segment format and is compatible with One–Seg and digital radio (Table 47). 

The remaining parameters are shared with ISDB–T and ISDB–TSB. 

1.1.2 Multiplex 

FIGURE 3 shows the ISDB–Tmm protocol stack. The protocol stack for realtime service is designed 

to be compatible with ISDB–T, considering the implementation to the One–Seg capable terminals. 

Moreover, since long–duration interleaving is good for large file transmissions, the storage–based 

service uses the Application Layer—Forward Error Correction (AL–FEC) on File Delivery over 

Unidirectional Transport (FLUTE), in addition to the radio physical layer error correction. Real–time 

services and storage–based services are packetized and multiplexed into an MPEG–2 TS. The 

transmission bit rate can be instantaneously optimized without having to allocate a fixed transmission 

rate for each service. 
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TABLE 47 

ISDB–Tmm transmission system 

 Mode1 Mode2 Mode3 

Spectrum Usage Any Combination of 13–Seg/1–Seg Format 

Bandwidth/segment 

(Bws) 

428.57 kHz (6 MHz), 500 kHz (7 MHz), 571.428 kHz (8 MHz) 

Number of radiated 

carriers/segment 

108 216 432 

Modulation OFDM (DQPSK, QPSK, 16QAM, 64QAM) 

FEC Outer Code: Reed–Solomon (204, 188) 

Inner code: Convolutional code (7/8, 5/6, 3/4, 2/3, 1/2) 

Hierarchical 

transmission 

Possible 

SFN operation Possible 

Active symbol 

duration 

252 μs (6 MHz), 

216 μs (7 MHz), 

189 μs (8 MHz) 

504 μs (6 MHz), 

432 μs (7 MHz), 

378 μs (8 MHz) 

1008 μs (6 MHz), 

864 μs (7 MHz), 

756 μs (8 MHz) 

Carrier spacing (Cs) 3.968 kHz (6 MHz), 

4.629 kHz (7 MHz), 

5.271 kHz (8MHz) 

1.984kHz (6 MHz), 

2.361kHz (7 MHz), 

2.645kHz (8 MHz) 

0.992 kHz (6 MHz),  

1.157 kHz (7 MHz),  

1.322 kHz (8 MHz) 

Guard interval 

duration 

(Ratio to active 

symbol duration, Bws) 

63μs (1/4, 6MHz), 

31.5μs (1/8, 6MHz), 

15.75μs (1/16, 6MHz), 

7.875 μs (1/32, 6MHz) 

126μs (1/4, 6MHz), 

63μs (1/8, 6MHz), 

31.5μs (1/16, 6MHz), 

15.75μs (1/32, 6 MHz) 

252μs (1/4, 6MHz), 

126μs (1/8, 6MHz), 

63μs (1/16, 6MHz), 

31.5μs (1/32, 6 MHz) 

Transmission frame 

duration 

204 OFDM symbols 

Inner interleaving Intra and inter segments interleaving (frequency interleaving). 

Symbol–wise convolutional interleaving 0, 380, 760, 1520 symbols (time 

interleaving) 

Outer interleaving Byte–wise convolutional interleaving, I = 12 
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FIGURE 133 

ISDB–Tmm protocol stack 

 

2 Key features of ISDB–T multimedia broadcasting for mobile reception 

The ISDB–T multimedia broadcasting system has flexibility in the usage of ISDB–T segments. The 

flexibility leads to the following features for the service. 

 ISDB–T multimedia broadcasting for mobile reception uses the common technical 

components of ISDB–T and ISDB–TSB so that it is easy to make compatible receivers. 

 User–friendly Electronic Content Guide (ECG) and optimized delivery schedules are 

used. 

 Minimum channel bandwidth is 1/14 of 6, 7, or 8 MHz, which yields a highly efficient 

utilization of the spectrum. ISDB–T multimedia broadcasting for mobile reception can 

provide flexibility to the required bandwidth for a programme. 

 Real–time broadcasting of video and file casting dynamically adapts to the features of the 

programme. 

 ISDB–T multimedia broadcasting for mobile reception can provide nationwide and 

regional service. 

 Modulation can be dynamically adapted to the reception environment. 

 Programme content is dynamically assigned to the delivery segment.  

 Flexibility of payload bandwidth. 

3 Status of ISDB–Tmm implementations 

In Japan after analogue terrestrial TV broadcasting switching off, utilizing the vacated VHF 

frequency, new wireless systems have been introduced. One of them is the V–High Mobile 

Multimedia Broadcasting service, launched in April 2012, using the V–High frequency band of 

207.5–222 MHz. The ISDB–Tmm is adopted in this service as its standard. 

ISDB–Tmm implementation in Japan is reported in detail in Attachment to Annex 4. 
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Attachment 

to Annex 4 

 

ISDB–Tmm implementation in Japan 

1 Regulation in Japan 

The digital terrestrial TV broadcasting, based on Integrated Services Digital Broadcasting – 

Terrestrial (ISDB–T), started in Japan on December 1st, 2003. In May 2006, Ministry of Internal 

Affairs and Communications (MIC) issued Call for Proposals for efficient use of vacated VHF/UHF 

frequencies after analogue terrestrial TV broadcasting switching off completed in March 2012. 

In June 2007, MIC Committee Report indicated directions to allocate 90–108 MHz (VHF–LOW) and 

207.5–222 MHz (VHF–HIGH) for multimedia broadcasting for mobile terminals. In September 2008, 

MIC issued Call for System Proposals, and had evaluated received proposals based on the technical 

requirement. Finally MIC granted a VHF–HIGH license of ISDB–Tmm introduction to mmbi, Inc. 

in September 2010. 

2 ISDB–T multimedia forum 

ISDB–T Multimedia Forum is an organization dedicated to researching new broadcasting services 

that utilize the ISDB–T format, in order to contribute to the advancement of digital broadcasting in 

Japan. The forum also promotes the benefits of mobile multimedia broadcasting, which will continue 

to use the available VHF frequency band after analogue broadcasting has ended. 

3 Licensed frequency allocation for ISDB–Tmm 

In Japan, 207.5 to 222 MHz in the VHF band (14.5 MHz bandwidth) has been reallocated to the 

ISDB–Tmm system and became available after analogue terrestrial TV broadcasting switching off 

completed in March 2012. The band has been divided into 33 segments, which consist of two slots of 

13–segment formats and 7 slots of 1–segment formats (FIGURE 134). 
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FIGURE 134 

Frequency allocation for ISDB–Tmm in Japan 

 

4 ISDB–Tmm broadcasting network 

ISDB–Tmm Broadcasting Network is a Single Frequency Network (SFN) all over Japan. Contents 

broadcasters including mmbi, Inc. utilize the nationwide broadcasting network provided by Japan 

Mobilecasting, Inc. FIGURE 135 shows service area example of Tokyo. All 47 prefectures in Japan 

are covered with 80 transmitters as of May 2015. 
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FIGURE 135 

ISDB–Tmm broadcasting network 

 

FIGURE 136 

ISDB–Tmm service in Tokyo area 
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FIGURE 137 

ISDB–Tmm transmitters 

 

5 Transmitters and antennas 

Existing towers and buildings used for analogue TV broadcasting are located quite suitable for 

effective area coverage. ISDB–Tmm system reuses these towers and buildings effectively in terms of 

construction cost, avoiding interference to TV boosters and CATVs. 

 

FIGURE 139 shows 4 stack, 16 surface, twin loop antennas installed on 535 m height of Tokyo Sky 

Tree, which can transmit 25 kW at 14.5 MHz bandwidth (33 segments). 
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FIGURE 138 

Examples of ISDB–Tmm transmitters 

 

 

FIGURE 139 

Example of ISDB–Tmm antennas 

 
 

6 Multimedia broadcasting service capabilities 

Multimedia broadcasting enables access to contents and services without the users having to care 

about broadcast schedules or place of use. It expands the capabilities of DTTB with communication 

technology for mobile receivers.  

As shown in FIGURE , there are three types of services: (1) real–time broadcasting, (2) file–based 

broadcasting, and (3) integration between communications and broadcasting channels. 
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Real–time broadcasting service can provide live and recorded programs, such as Live news, Live 

sports, Live concert, Live show, licensed drama/movie, etc. 

For file–based broadcasting service, music clips, electronic magazines, etc. could be delivered every 

day, and can be stored in mobile terminals temporarily. Subscribers are able to watch these contents 

at their convenient timing. 

ISDB–Tmm can make an efficient use of communications and broadcasting channels. Broadcasting 

channels transmit a large amount of content, and communication channels can be used for purchasing 

licenses, content recommendation, content complementation, and interaction with Social Networking 

service (SNS). For content complementation, when a receiver cannot reassemble whole file–based 

content over the broadcasting channel, the remaining portion of the content can be obtained from the 

bidirectional communication channels. 

FIGURE 140 

ISDB–Tmm service capabilities 

 

7 Commercial service 

In April 2012, mmbi, Inc. commercially launched “NOTTV” service using one 13–segment slot. 

“NOTTV” is a paid subscription–based, nationwide mobile multimedia broadcasting service, 

providing both real time broadcasting and file based broadcasting, mainly targeted for smartphone 

and tablet device users. The number of NOTTV subscribers reached around 1.75 million at the end 

of March 2015. 

In April 2015, five new contents broadcasters, SKY Perfect Entertainment Corporation, Animax 

Broadcast Japan Inc., AXN Japan Inc., Fuji Television Network, Inc., Nihon Eiga Satellite 

Broadcasting Corp., commercially launched their pay channels using 12 segments of the other 13–

segment slot. All 8 real-time broadcasting channels and storage type contents are packaged into 

“NOTTV Pack” subscription plan. 
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All 47 prefectures in Japan have been covered with only one SFN (Single Frequency Network), 

consists of 80 transmitters as of May 2015. 

 

 

 

______________ 


	Report ITU-R BS.2384-0(07/2015)Implementation considerations for the introduction and transition to digital terrestrial sound and multimedia broadcasting
	Foreword
	TABLE OF CONTENTS
	1 Introduction
	2 Why replace analogue sound broadcasting?
	3 Observations and reactions on current and planned DSB and multimedia broadcasting implementations
	3.1 The DAB system
	3.2 The DRM system
	3.3 The HD radio system
	3.4 Integrated services digital broadcasting - Terrestrial multimedia broadcasting for mobile reception system

	4 Completing the transition to digital terrestrial sound and multimedia broadcasting
	Annex 1 Social, regulatory and technical factors involved when considering a transition to the DRM system
	1 System overview
	2 Key features of DRM technology
	3 Status of DRM implementations
	4 Conclusions
	Attachment 1 to Annex 1 Spectrum management and service planning considerations for implementing the DRM30 system in the broadcasting bands below 30 MHz
	1 DRM30 system characteristics
	2 Spectrum management considerations
	3 Planning considerations
	4 Coverage and coding considerations in the LF and MF bands
	4.1 Day-time coverage
	4.2 Night-time coverage
	4.3 Fading zone coverage

	5 Conclusions
	Attachment 2 to Annex 1 Spectrum management and service planning considerations for implementing the DRM+ system in the VHF broadcasting bands
	1 DRM+ system characteristics
	2 Spectrum management considerations
	2.1 Bands I and III
	2.2 Band II
	2.2.1 Band II planning considerations
	2.2.2 Band II coverage considerations


	3 Conclusions
	Attachment 2.1 to Annex 1 Measurements of DRM30 coverage area in the medium–frequency band in the day–time, night–time and in the fading zone
	1 Introduction
	2 Test conditions
	3 Configuration and technical characteristics of the transmitting equipment
	4 Configuration of the receiving equipment
	5 Methodology of field strength measurement
	6 Measurement of coverage areas for DRM30 and AM broadcasting
	6.1 Measurements in the day–time
	6.2 Measurements in the night–time and in the fading zone

	7 Fixed reception in rural, urban and megalopolis areas
	8 Assessment
	Attachment 2.1 bis to Annex 1 Single Frequency DRM30 Radio networks in the HF bands
	1 Introduction
	2 Description of test terms and conditions
	3 The composition and characteristics of transmitting equipment
	4 Receiving equipment
	5 Testing
	6 Preliminary measurement of field strength essential noise and interference from other stations
	6.1 7.4 MHz frequency range
	6.2 9.7 MHz frequency range

	7 Percentage of decoded audio
	8 Modulation error ratio (MER)
	9 Network gain evaluation
	Attachment 2.2 to Annex 1 Field trials in Rome on the possible use of the DRM+ system in VHF Band II to migrate from FM sound broadcasting to digital technology
	1 Introduction
	2 Description of the installation
	3 The existing FM service
	4 The tests and the results
	5 Conclusions
	Annex 2 The HD Radio System
	1 System overview
	2 Key features of HD Radio technology
	3 Status of HD Radio implementations
	Attachment 1 to Annex 2 Spectrum management and service planning considerations for implementing the HD Radio system in the MF broadcasting band
	1 HD Radio system characteristics
	1.1 Hybrid or MA1 mode
	1.2 Core only hybrid mode
	1.3 All digital mode

	2 Spectrum management considerations
	3 Planning considerations
	4 Laboratory and field testing
	4.1 Test program
	4.2 Subjective component of NRSC test program
	4.3 Audio quality assessment
	4.4 Service area
	4.4.1 Hybrid Mode

	4.4.2 All Digital MF
	4.4.2.1 Field test plan
	4.4.2.2 Field Test Results
	4.4.2.3 Conclusions

	4.3 Durability
	4.4 Stereo Separation
	4.5 Host compatibility

	4.6 Conclusion
	Attachment 2 to Annex 2 Spectrum management and service planning considerations for implementing the HD Radio system in the VHF broadcasting bands
	1 HD Radio System Characteristics
	2 Modes of Operation
	2.1 Hybrid Mode
	2.2 All Digital Mode
	2.3 Unequal Sidebands
	2.4 Single Sideband

	3 Broadcast Antenna Considerations
	4 Spectrum Management Considerations
	4.1 Emission Limitations
	4.1.1 Emission limits for IBOC operation with region II practiced analogue mask
	4.1.1.1 Emission limits for hybrid mode operation
	4.1.1.2 Emission limits for all–digital mode operation
	4.1.2 Emission limits for IBOC operation with region I practiced analogue mask


	5 Planning considerations
	6 Other implementation considerations
	6.1 Asymmetric sideband operations
	6.2 Single Sideband Operation
	6.3 Single frequency networks
	6.4 Datacasting
	6.4.1 Test program overview
	6.4.2 Lab test plan
	6.4.3 Lab test results

	7 Field Test Plan
	7.1 Field Test Results

	8 System testing programs
	8.1 Field tests of hybrid digital audio quality and coverage
	8.1.1 Washington/Baltimore tests
	8.1.2 Las Vegas performance tests
	8.1.3 San Francisco tests
	8.2 All digital coverage tests
	8.3 First adjacent compatibility test

	8.4 Host compatibility test
	Attachment 2.1 to Annex 2 HD Radio VHF example implementation
	1 Introduction
	2 Test site information
	3 Test vehicle configuration
	4 Test routes
	5 Test results
	Annex 3 Social, regulatory and technical factors involved when considering a transition to the DAB or DAB+ systems
	1 System overview(
	2 Key features of DAB and DAB+ technology*
	2.1 Technical characteristics
	2.2 Planning considerations
	2.3 Further development of the DAB platform

	3 Status of DAB implementations
	Attachment 2 to Annex 3 DAB network implementation in the Vatican City State
	1 Background
	2 Sound broadcasting of Vatican Radio in Rome and  DAB/DAB+ deployment
	3 Description of the digital sound broadcasting network
	3.1 Digital Multiplexer configuration
	3.2 Feeding the digital transmitters
	3.3 Description of the installation

	4 Mobile measurements, coverage verification
	5 Conclusions
	6 Future developments
	Annex 4 Consideration of social, regulatory and technical factors on a transition to the ISDB–T multimedia broadcasting systems
	1 System overview
	1.1 Transmission scheme
	1.1.1 Radio transmission
	1.1.2 Multiplex


	2 Key features of ISDB–T multimedia broadcasting for mobile reception
	3 Status of ISDB–Tmm implementations
	Attachment to Annex 4 ISDB–Tmm implementation in Japan
	1 Regulation in Japan
	2 ISDB–T multimedia forum
	3 Licensed frequency allocation for ISDB–Tmm
	4 ISDB–Tmm broadcasting network
	5 Transmitters and antennas
	6 Multimedia broadcasting service capabilities
	7 Commercial service

