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The final meetings (for the 1985-1988 study period) of our higher bodies.
Working Party XV/1 and Study Group XV, were held during April 11-22, 1988 in
Geneva. This document reports major results on the topics of our direct
concern, which were dealt with under Questions 4/XV and 5/XV. Main bodies of
Part B.4 (for Question 4/XV) and Part B.5 (for Question 5/XV) of the Working
Party XV/1 meeting report are in Attachment 1.

1. Specialists Group Activities

1) The sixth progress report was approved with some addition in the text.
Approved progress report is in Attachment 2. In response to our request,
advice of Study Group XVIII is sought on the network availability for 384
kbit/s channels by means of a liaison statement contained in p. 6 of
Attachment 1.

2) Korean participation in the Specialists Group was approved.

3) Continuation of the Specialists Group activities in the interregnum and
the next study period was approved with the following terms of reference;

a) To determine what rates should be considered for future study of
codecs for audiovisual services, taking into account the state of the
art of low bit rate coding, and transmission bit rates likely to be
available in the future ISDN.

b) To obtain future agreement on (a) common algorithm(s) and coding
parameters for video codecs operating at rates lower than the primary
rate.

c) To consider intercommunication between codecs capable of operation
with different rates, picture formats or algorithms.

2. New Recommendations - Recommendation numbers are based on Draft H.200.

1) H.140 A MULTIPOINT INTERNATIONAL VIDEOCONFERENCE SYSTEM (using Part
1/H.I20, 130 codecs)

2) H.200 FRAMEWORK FOR RECOMMENDATIONS FOR AUDIOVISUAL SERVICES (list of
harmonized set of recommendations, see Attachment 3)

3) H.221 FRAME STRUCTURE FOR A 64 KBIT/S CHANNEL IN AUDIOVISUAL
TELESERVICES (formerly called as AV221 or Y221, see Attachment 4)

4) H.222 FRAME STRUCTURE FOR 384-1920 KBIT/S CHANNELS IN AUDIOVISUAL
TELESERVICES (proposed by the Specialists Group, formerly H.13x,
see Attachment 5; bit rate digits in the title changed from 2048
to 1920)
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5) H.261 CODEC FOR AUDIOVISUAL SERVICES AT NX384 KBIT/S (proposed by the
Specialists Group, formerly H.12x, see Attachment 6; Note 3 in
the preamble modified)

3. Revised Existing Recommendations

1) H.100 VISUAL TELEPHONE SYSTEMS (split-screen specification elaborated)

2) H.120 CODECS FOR VIDEOCONFERENCING USING PRIMARY DIGITAL GROUP
TRANSMISSION (Parts 1 and 2a amended, Part 3 filled in)

3) H.I30 FRAME STRUCTURES FOR USE IN THE INTERNATIONAL INTERCONNECTION OF
DIGITAL CODECS FOR VIDEOCONFERENCE OR VISUAL TELEPHONY (Parts 1
and 2a amended. Part 3 filled in)

4. New Questions

Current Questions 4/XV and 5/XV will be extended as follows (see Attachment
7);

Question C/XV Visual telephone systems including videoconferencing and
videophone

Question D/XV Harmonisation of audiovisual systems

Draft outline Recommendation H.200/AV262 (*H.12y) is annexed to Question C/XV.

Attachments

Attachment 1: Main bodies for Question 4/XV and 5/XV of WP XV/1 Meeting Report
Attachment 2: Sixth progress report of the Specialists Group
Attachment 3: Draft Recommendation H.200
Attachment 4: Draft Recommendation H.221
Attachment 5: Draft Recommendation H.222
Attachment 6: Draft Recommendation H.261
Attachment 7: New Questions C/XV and D/XV
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Attachment 1 to Doc. #347

PARTS B.4 (QUESTION 4/XV) AND B.5 (QUESTION 5/XV)
OF WORKING PARTY XV/1 MEETING REPORT
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CCITT Temporary Document No. 30 (XV/1)
STUDY GROUP XV

Geneva, 11-22 April 1988

Question : 4/XV

SOURCE: SPECIAL RAPPORTEUR FOR QUESTION 4/XV
TITLE : DRAFT MEETING REPORT (PART B.4)

1. Documentation

1.1 COM XV-185* (BT) proposes a draft Recommendation for a multipoint
videoconferencing system using H.120 codecs.

1.2 COM XV-210* (Specialists Group) proposes draft recommendations for
nx384kbit/s codec and frame structure applied to this codec.

1.3 D.336/XV (FRG) discusses the three modes of narrowband videophone from
terminal/codec, network/service and tariff points of view; 64 kbit/s, 64
kbit/s -f 64 kbit/s, and 128 kbit/s. It is concluded that the three modes
should be considered for standardization'due to different customer demands
which are foreseeable even at present.

1.4 D.346/XV (BT) proposes that the mandated objective of the Specialists
Group in 1989-1992 should be a single sub-primary rate video codec
Recommendation which covers operation at video-channel rates of 40 kbit/s to
1856 kbit/s. The consideration is that SG XV should avoid any future
circumstances in which two video codecs, capable of operation at a common bit
rate but covered by different Recommendations, will not decode each other's
pictures. How to handle future algorithm improvements are also discussed.

1.5 D.339/XV (Finland) proposes items to be studied under the new question
on 64 kbit/s videophone, stressing the importance of finding an optimum
solution for the IB videophone.

1.6 WD2-XV/1 (France) proposes a draft new question about synchronization of
independent switched circuits in order to provide N x 64 kbit/s channels.

1.7 TD1/XV (Special Rapporteur for New Questions) provides a revised text
for Question C/XV, continuation of current Question 4/XV.

1.8 TD5-XV/1 (WP XI1/3) gives advice on the need for echo control device
when the processing delay is significant, pointing out that a delay of 25 ms
or more may require use of a echo control equipment and warning that embedding
of echo suppression schemes in the coding algorithm may significantly impairs
quality and intelligibility of speech in multipoint communications.

1.9 TD10-XV/1 (Special Rapporteur for Q.4/XV) provides a draft reply to
Question 4/XV by reviewing the progress during this study period.

1.10 TD11-XV/1 (Specialists Group) proposes an updated version of Draft
Recommendation H.13x based on the most recent work.

1.11 TD12-XV/1 (Specialists Group) presents the sixth progress report of the
group activities with major conclusions and the present status of the study.

1.12 TD13-XV/1 (Specialists Group) proposes an outline draft Recommendation
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for the mx64 kbit/s codec, describing the list of items and some agreed
contents.

1.13 JD25-XV/1 (Special Rapporteur for Q.4/XV) provides editorial amendments
to the latest texts for Recommendations H/120 and H.I30.

2 . Discussion and Agreements

2.1 Report of the Activities of Specialists Group on Coding for Visual
Telephony (JD12-XV/1) ————————

Chairman of the Specialists Group (Mr. Okubo - Japan) reported on their
activities covering the two meetings held in January 1988 and March 1988. The
group has drafted Recommendations H.12x and H.13x for the nx384 kbit/s codec,
and agreed on picture formats and frame structure for the mx64 kbit/s codec.
Mr. Schiano (USA) requested to include the two notes concerning the mx64
kbit/s picture format discussion which appears in the original meeting report
of the Specialists Group.

The meeting approved this progress report with those two notes added. The
revised text is contained in Annex 1 to this Working Party XV/1 meeting
report.

As to the availability of networks for 384 kbit/s, the meeting decided to ask
advice of Study Group XVIII by sending a correspondence drafted by
Mr. Robin-Champigneul (France) which is contained in Annex 2 to this Working
Party XV/1 meeting report.

2.2 Continuation of the Specialists Group (TD12-XV/1, D.346/XV)

The meeting agreed on the continuation of the Specialists Group activities
during the next study period as well as during the interregnum according to
the request of the Specialists Group (see Section 2.1 of COM XV-R26(B)). This
will be put forward to the final Study Group XV meeting for an official
approval.

At the same time, the meeting considered the terms of reference for the
activities of this group during the next study period, taking into account the
comments provided in D.346/XV(BT). After some discussion, Mr. Schiano
undertook to coordinate a small group meeting for finalizing the terms of
reference. The outcome which Working Party XV/1 subsequently approved is as
follows;

a) To determine what rates should be considered for future study of
codecs for audiovisual services, taking into account the state of the
art of low bit rate coding, and transmission bit rates likely to be
available in the future ISDN.

b) To obtain future agreement on (a) common algorithm(s) and coding
parameters for video codecs operating at rates lower than the primary
rate.

c) To consider intercommunication between codecs capable of operation
with different rates, picture formats or algorithms.

2.3 New Recommendations

2.3.1 H.14x for multipoint videoconferencing (COM XV-185*)



The meeting agreed on to include this Recommendation in the Blue Book with
reflection of the following comments obtained during the presentation and
discussion;

- "Scope" should be added to clarify the objective and codecs to be
applied.

- Codec to codec signalling bits should be aligned with the current text
of Recommendation H.I30.

- Relation between 2 Mbit/s interface for MCU and Part 2a codec should
be clarified.

- Revision of "Bit 3.15: Loop Detection".
- Deletion of the parts referring to non-CCITT standards.

The finalized text is contained in Part C.5 of this meeting report of Working
Party XV/1.

2.3.2 H.12x and H.13x for nx384 kbit/s codec (COM XV-210*. TD11-XV/1)

The meeting agreed on to include these two Recommendations in the Blue Book
with the following modifications;

- Note 3 on p. 3 of TD11-XV/1: Considering a comment that this note may
give prejudge to Recommendation H.12y yet to be worked out and a
comment that the objective should be a single sub-primary rate codec
Recommendation covering operation at video channel rates of 40 to 1856
kbit/s (D.346/XV), the meeting decided to modify it as follows;

"It is recognised that the objective is to provide interworking
between nx384 kbit/s codecs and mx64 kbit/s codecs as defined in the H
series Recommendations. Interworking will be on the basis of mx64
kbit/s, where the values of m are under study."

- Title of H.13x: The channel rate for n=5 should be 1920 kbit/s, not
2048 kbit/s.

The finalized texts for H.12x and H.13x are contained in Part C.3 and Part C.4
of this meeting report of Working Party XV/1, respectively.

2.3.3 Outline draft Recommendation H.12y (TD13-XV/1)

It was agreed to annex this material to the new Question C/XV as a starting
point of the study during the next study period. The text is contained in
Annex 3 of this meeting report of Working Party XV/1.

2.4 Revision of H.120 and H.130 (TD25-XV/1)

Text revisions to the version in COM XV-R16 was approved, almost of which are
editorial, but some are due to the change of reference to frame structure
Recommendations, from G.732/733 to G.704. Parts requiring modifications are
indicated in Annex 4 of this meeting report of Working Party XV/1.

It was also pointed out that there is some discrepancy (Table 2 of H.130)
between current French texts and English texts.

2.5 Modes of narrowband videophone service (D.336/XV. TD5-XV/1)

The three different modes (64 kbit/s, 64 kbit/s + 64 kbit/s, 128 kbit/s) are
compared in D.336/XV from terminal/codec, network/services and tariff points
of view. After some questions and answers, the meeting recognized that it



shares a common view that all presented modes have to be regarded and
interconnection has to be achieved by means of a fall back function and
decided to include this point in the text of the new Question C/XV.

Delegate of FRG stated that this contribution would be resubmitted as a white
contribution for the first meeting of the next study period in order to make
further discussion.

2.6 Reply to Question 4/XV (TD10-XV/1)

Special Rapporteur's draft reply was approved, which is attached as Annex 5 of
this meeting report of Working Party XV/1.

2.7 Text of the new Question C/XV (T01/XV, TD5-XV/1, D.339/XV, WD2-XV/1)

After reviewing D.339/XV which proposes some study items for 64 kbit/s
videophone, the meeting decided to draw attention of the Specialists Group to
this contribution.

As to the correspondence from SG XII in response to our request of advice
(Annex 4 to Part B.4 of COM XV-R26(B)) on the need for echo control in the
environment with significant speech processing delay, the meeting took note of
this correspondence and reflected the contents in the text of new Question
C/XV.

Synchronization of N x 64 kbit/s circuits are discussed in WD2-XV/1. It was
decided that study items 2 and 4 be incorporated in the new Question. For the
audiovisual service call establish aspects of N x 64 kbit/s. it was decided
to raise problems and seek advice of SGXVIII by sending a correspondence,
which was drafted by Mr. Robin-Champigneul and contained in Annex 2 of this
meeting report of Working Party XV/1.

Taking into account these comments and other considerations, the final text of
new Question C/XV was drafted as in Annex 6 of this meeting report of Working
Party XV/1.

Annexes

Annex 1:

Annex 2:

Annex 3:
Annex 4:
Annex 5:
Annex 6:

Sixth progress report on the activities of the Specialists Group
(TD12-XV/1 revised)
Correspondence to SGXVIII on network aspects of N x 64 kbit/s
circuits
Outline draft Recommendation H.12y (TD13-XV/1)
Revision of H.120 and H.130 (TD25-XV/1 revised)
Reply to Question 4/XV (TD10-XV/1 revised)
New Question C/XV (corresponding part of TD1/XV revised)



Annex 2 CORRESPONDENCE TO STUDY GROUP XVIII

CHANNELS FOR THE TRANSMISSION OF AUDIOVISUAL SERVICES

Audiovisual services will require bit rates of nx384 kbit/s or mx64 kbit/s.
Some of the first ISDN networks, however, will deal with only 64 kbit/s B
channels. Several of these B channels will then have to be used jointly to
obtain the desired bit rate, which raises the question how to switch them and
when necessary how to synchronize them.

Three cases can be considered;

1) The network is capable of connecting and disconnecting several synchronized
B channels without changing their order (time slot sequence integrity).

2) The network is capable of connecting and disconnecting jointly several B
channels, but without any synchronization among them. The terminal then
will have to use H.221 framing in each channel in order to synchronize and
to reorder them.

3) The network can only deal with individual B channels. The terminal will
then have to set up and disconnect the required number of separate B
channels, and then to use H.221 framing to synchronize and reorder them.

The complexity of the terminal increases from case 1 to case 3 (while it
decreases conversely for the network). In case 3, the risk arises that only
part of the calls will get through, which means that the user would have to
cancel the call because of an insufficient total bit rate, but would still be
charged for part of it. It is then highly desirable that the network be able
to deal with at least case 2.

Another useful feature would be that some of the B channels might be dropped
or conversely one or more B channels added during the course of communication.
This could happen for instance if a 2B channel is used for speech and image,
and the image is needed only at the beginning of the call or at some later
time during the communication.

A similar case will arise for interworking or fallback. When a call is made,
it will not always be known what type of terminal will answer (for instance, a
2B videophone might call and a telephone answer). Either the call will be at
the highest bit rate, and the unused channels dropped in case of fallback, or
the call will be made on one B channel only, and the remaining B channels
connected if and when it is recognized that the called terminal is able to use
them.

The presently considered values for the number of B channels is m=2 and m=6,
but other values may come up during further studies.

The last point is concerned with interworking between a network providing the
case 1 service and another network providing only case 3 service. For
instance, 384 kbit/s videoconferencing may be provided by a HO channel in some
country and by 6x64 kbit/s channels in another country. The question is how
these two networks interwork for 384 kbit/s international videoconferencing.

This annex will be submitted to SG XVIII and its advice requested as to the
projected facilities offered by the network in this respect.
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Attachment 2 to Doc. #347

SIXTH PROGRESS REPORT OF THE SPECIALISTS GROUP



£ TO 2? I (^^h )
TITLE : SIXTH PROGRESS REPORT ON THE ACTIVITIES OF THE SPECIALISTS GROUP

CONTENTS

1. General
2. nx384 kbit/s codec
3. mx64 kbit/s codec
4. Liaison with ISO
5. Items to be considered by WPXV/1

1. General

The Specialists Group on Coding for Visual Telephony started its activities in
December 1984 and presented the following five progress reports to the Working
Party XV/1;

1) July 1985, see Annex 1 to COM XV-R4,
2) February 1986, see Annex 1 to Q.4/XV of COM XV-R9,
3) October 1986, see Annex 1 to Q.4/XV of COM XV-R16,
4) April 1987, see Annex 1 to Part V of COM XV-R22.
5) November 1987, see Annex 1 to Part 8.4 of COM XV-R26(B).

The group is charged to make draft Recommendations on the sub-primary rate
video codecs which have the following two categories;

- nx384 kbit/s (n=1-5),
- mx64 kbit/s (m=1,2).

Since November 1987, we met twice, from 26 to 29 January 1987 in Tokyo (Japan,
hosted by NEC and FUJITSU) and from 22 to 25 March 1988 in The Hague (The
Netherlands, hosted by The Netherlands PTT), and reviewed 71 documents
including two meeting reports. The list of participants at the two meetings
appears in Appendix 1.

This document reports major conclusions and the present status of the study.

2. nx384 kbit/s Codec

2.1 Flexible Hardware development

Flexible Hardware, which is a programmable equipment enabling to carry out
parameter optimization and improvements, is being developed by five projects
in several countries (FRG/Netherlands, France, Japan, UK). OIS test signal
which provides a 4.6 second synthetic moving pattern in accordance with the
Flexible Hardware specification was correctly decoded by four Flexible
Hardwares. Four connections between independently designed hardwares were
made between the following projects;

- UK and Japan (back to back in UK),
- Two projects in Japan (back to back),
- France and UK (via satellite),
- France and Japan (via satellite, Japanese hardware placed in UK),

and basic compatibility was confirmed.

2.2 Source and video multiplex coding
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Experimental results obtained by using the Flexible Hardware as well as
computer simulation were presented at the two meetings toward defining the
details of the final Recommendation (see Figures 1 and 3 in TO H for
configuration of the codec);

1) Quantizer

- Number of quantizers
- Unit quantizer characteristics, in particular methods to overcome the

clipping effect
- Adaptive quantization for luminance and chrominance

2) Loop filter

- On/off control method
- Range of blocks to be filtered
- Filtering area, processing at the block boundary

3) Transform coefficient coding

- One-dimensional vs two-dimensional coding

4) Motion vector coding

- Tracking range of motion compensation
- Encoding method
- VLCs

5) Block address coding

- Use of a combination of absolute and relative addressing

6) Block attribute coding

- Signalling of loop filter, classification index and quantizer

7) Picture headers of dropped pictures

- Transmitted or not
- Extension of Temporal Reference

8) Macro block approach

- Reducing the overhead bits for extending the operation down to 64
kbit/s

9) Transmission buffer

- Buffer size
- Control to cope with the mixture of pre-coding and post-coding buffers

The items receiving a unified view were incorporated in the Draft
Recommendation H.12x. Other items are left for further study.

2.3 Transmission coding

2.3.1 Available networks for 384 kbit/s

It was pointed out that there is no immediate plan to provide HO channel in
some countries, thus we need some schemes to obtain TSSI for 6 x B channels at
the terminal if a 384 kbit/s channel is required (the original contribution is
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attached as Appendix 2 of this report). Two solutions are conceivable; use of
H.221 framing in each 64 kbit/s channel or use of training at the start of the
call. A problem was also raised on what would happen in interworking if a
network provides 6xB channels for 384 kbit/s transmission and the other
network provides a HO channel.

The group decided to raise the problem to related CCITT Groups and seek their
advice through Study Group XV.

2.3.2 Forward error correction

Information on two error correcting codes, BCH and Reed-Solomon, was given for
possible inclusion in Draft Recommendation H.12x. The group recognized that
experimental results on whether error resilience approach be practical with
the current motion compensated hybrid coding at 384 kbit/s were awaited. A
suggestion was also made that we need careful consideration from system
aspects point of view. Further study is required.

2.3.3 Transmission clock frequency

A technique was presented to theoretically overcome the problems which arise
from mixed synchronous and asynchronous environments when X.21 64 kbit/s
interface is involved, with the intention that the codec need not distinguish
whether the network is synchronous or asynchronous. Experimental results are
awaited to establish if the idea is practical.

2.3.4 One's density restriction in North American networks

A zero byte replacement method had been proposed. Further considerations on
the possibility of network gateway solution and the relation with other
transmission coding aspects such as-FEC and encryption are required before
reaching a conclusion.

2.3.5 Value of n

A question was discussed for clarification on whether the codec conforming to
Recommendation H.12x should operate for all values of n. The group has the
following common understanding;

- Recommendation covers the whole range of n.
- The values- of n which each codec implements is not the matter of
Recommendation.

r A specific operational value of n for a session is determined by the
communication procedure, e.g., AV.242.

- It is expected that the codec having the maximum value of nl can
operate for all the values from 1 to nl.

2.4 Draft Recommendation H.12x

2.4.1 Transform part specification

In response to the solicitation for the DCT chip design, 10 organizations
provided the group with information on their chips. Based on these
information and the study results concerning the relation between the inverse
DCT mismatch error and required refresh rate, the group agreed to-seek the
approach of defining a baseline transform together with allowable mismatch
error (see Table 1 for comparison of various approaches).



Table 1

N. APPROACH
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A provisional specification for the mismatch error was formulated for further
consideration by the group as well as by chip manufacturers. It is expected
that several existing chip designs may meet this specification.

Since it is more desirable that a unified design is adopted in all the chips
to avoid the mismatch error problem, the group takes actions to stimulate the
development of industry standard; a meeting is planned in May 1988 among DCT
chip manufacturers and contact has already been got with the IEEE Circuit and
System Society.

2.4.2 Scope of Recommendation H.12x

A proposal was made at the Tokyo meeting (January 1988) that the Specialists
Group should regard operation down to 64 kbit/s as an essential requirement
when drafting Recommendation H.12x for the Blue Book so that it would cover
px64 kbit/s (p=1-30). Considerations for this proposal were customer's need,
service and equipment provider's concern and network availability. After an
extensive discussion on the pros & cons for this proposal, the group reached
the following agreements;

I)nx384 Recommendation H.12x is put into Blue Book as much as possible at the
final Study Group meeting in April. Remaining part awaiting hardware
experiments should be put into the accelerated procedure in Spring 1989.

2)Full specification of H.12y for mx64 should be sought toward summer 1990,
through steps of "divergence",
optimization".

"convergence" and "verification and

3) Considering the concerns expressed in the above proposal that
Recommendation H.12x should not prevent its expandability to bit rates
lower than 384 kbit/s, some specification of current draft H.12x may be
modified during 1988, provided that the Recommendation H.12x is completed
in spring of 1989 through the accelerated procedure. For the time being
the scope of H.12x will remain as'nx384 kbit/s but it is the opinion of 5
European countries that the scope should be extended to include lower bit
rates than 384 kbit/s at point X in Fig. 1.
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4) Specific items which have been identified to be requiring such
considerations are as follows at the moment;

- Macro block approach in video multiplex,
- Transform specification if mismatch error is allowed.

If there are any other items, they should be identified at the meeting in
March 1988.

Agreed time table for nx384 and mx64 is shown in Fig. 1.

ITEM

Study

Recommendation

mx64
(K. I2y)

nx384
(H. 12x)

Specialists
Group

«PxV/l.SG5
CC1TT

Plenary

1988

divergence CQ|

|

:V 4

(^Blue 8oplT/~

1939

ivergence ve r i f i ca t io

ac

••

/ftw
Recoa

:elerated
procedure

X

nendation)

1990

i /optioization

- '• accelerated1 —— procedur

/mTvisionalN.
(Recommendation )

Fig. 1

This issue was further dealt with at the Hague meeting (March 1988).

Extensively discussed point was whether the concept of *px64 kbit/s (p=1-30)'
could be judged as practical at this stage. European members thought yes,
while American and Japanese members thought no. After discussion, the group
decided to accelerate the study for mx64 kbit/s, recognizing that we lack
supporting study results for coding performance. One round of 'divergence'
phase activities (cf Fig. 1) are requested before the next meeting in
September 1988 so that we will be able to share a common view on this issue at
that time.

2.4.3 Updating Draft Recommendation H.12x

In addition to those items which were confirmed through hardware experiments
or other studies, the group considered inclusion of some items which allow
operation at bit rates lower than 384 kbit/s (see §2.4.3 above) when updating
the draft (COM XV-210-E*).

The outcome is submitted as a separate document (TO 11 ).

2.4.4 Some items-under study but with only a limited number of alternatives

Such items are shown in Appendix 3 of this report.

5
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2.5 Intellectual property

Statements from participating organizations were collected concerning the time
of patent information disclosure. Based on these statements, the group
reached an agreement that participating organizations advise the Group of
information concerning their patents relevant to nx384 kbit/s and mx64 kbit/s
codec standardization as soon as those patents are applied. In case that new
members join the group, they are requested to follow the same policy and
provide statements.

3. mx64 kbit/s Codec

3.1 Frame structure

The meeting confirmed that the frame structure to be used in mx64 kbit/s codec
conforms to recommendation H.221, based on the discussion results at the
Working Party XV/1 meeting in November 1987.

3.2 Picture format

After discussing the need of multiple formats, the group reached.the following
conclusion at the Tokyo meeting (January 1988);

Considering that;

1) Realization of full GIF at mx64 kbit/s is the long term performance target,
2) Nevertheless full GIF operation is not envisaged easy to achieve at the

nearest future with reasonable cost,
3) We are charged to provide timely standards to meet the short/middle term

demand of ISDN users,

the group agreed;

1) To specify the following two formats (Note 1) in Recommendation H.12y.

a. Full CIF : 2881ines x 360pels x 29.97Hz*
b. Format smaller than full CIF: 1/4 CIF,

1441ines x ISOpels x 29.97Hz* (Note 2),

and
* This temporal aspect is for further consideration.

2) To provide a mechanism to allow simple best interworking arrangement
between the two formats in order* to promote evolution toward the long term
target. Interconnection between different formats is on the basis of
format b.

Notes; 1. The United States expressed the view that they would like to
consider the use of three formats for Recommendation H.12y.

2. Japan stated the need to confirm this point at the next national
committee.
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At the Hague meeting (March 1988), Japan and USA proposed that a medium
resolution (4/9CIF) picture format should be added to the above two formats
based on the reservation made in Tokyo (see Notes 1 and 2 above). The
consideration was that it provides the minimum acceptable spatial resolution
for three persons seated side by side and a good spatio-temporal trade-off.
Europe expressed the opinion that this addition of the third format is not
necessary.

After discussion, it was recognized that the crucial question is which of full
GIF or medium resolution format provides more acceptable coding performance
for mx64 kbit/s in the coming few years. This point should be clarified by
carrying out the study.

Consequently the group decided to defer concluding until more simulation works
would be obtained. Members are requested to include this study item in
speeding up the mx64 kbit/s study described in §2.4.2 of this report.

3.3 Coding algorithm study

3.3.1 Test sequences

Inclusion of "Swing" sequence for interactive graphics was agreed in addition
to "Claire", "Salesman" and "Blue Jacket".

3.3.2 Latest achievements

The following achievements were presented as information for the Specialists
Group;

- Eyes, nose and mouth identification,
- Motion compensated prediction with fractional-pel-accuracy,
- Transmission of low pass image in pel domain, estimation of motion
vector, transmission of motion field by transform coding, etc.,

- Macro block,
- Adaptive zonal scanning,
- Reference Model 5 (see §3.3.3).

3.3.3 Study plan

As a study result in Europe, Reference Model 5 was presented in a complete
document. The group recognized this model forms a good yardstick for the
coming six months study.

The group accepted the Chairman's proposal that coding schemes to be presented
at the next meeting be accompanied by detailed description of the algorithm so
that other parties can verify them.
In order to make the achievements directly comparable at the next meeting and

- 7 -
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to make "convergence" in Fig. 1 easier, rules and action points for the
simulation work were set up.

3.3.4 Outline Draft Recommendation H.12y

The text is submitted as a separate document (TD (3 ).

4. Liaison with ISO

The group recognized the necessity of close liaison with ISO/TC97/SC2/WG8 in
-the following two respects;

- Still picture coding to obtain commonality with the motion video
coding for which CCITT SGXV is responsible, since the ISDN users will
wish to communicate both motion imagery and still pictures and
hardware costs can be reduced if as many components as possible are
shared by the various functions of the imaging terminal.

- Motion picture coding to avoid the situation that these two video
coding related groups will deal with the same field and produce
different Recommendations.

5. Items to be considered by WPXV/1
•

1) Approval of Draft Recommendations H.12x and H.lSx

- H.12x as in TD II .
- H.I3x as in Annex 2 to COM XV-210-E*.

2) Outline Draft Recommendation H.12y as in TD 13.

3) Advice for the network availability for the 384 kbit/s channel

- As described in §2.3.1 and Appendix 2.

END
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Appendix 1

LIST OF PARTICIPANTS
(Tokyo; January 26-29, 1988)

Chairman S. Okubo - NTT, Japan

Core Members

F. R. of Germany

Canada
USA

France

Italy
Japan

Korea
Norway
Netherlands
United Kingdom

Sweden

J. Speidel
G. Zedler
D. Lemay
M. L. Liou
B. G. Haskell
R. A. Schaphorst
G. Eude
J. Guichard
L. Masera
Y. Hatori
N. Mukawa
J.S. Lee
G. Bjoentegaard
R. Plompen
R. Nicol
N. Shilston
H. Brusewitz

PKI
FTZ
BNR
BELLCORE (acting for H. Gharavi)
AT&T Bell Laboratories
DIS
CNET
CNET
CSELT (acting for L. Chariglione)
KOO
NTT
ETRI
Norwegian Telecom
DNL
BTRL
GEC Video Systems
Swedish Telecom Admin.
(acting for P. Weiss)

Assisting Experts

F. R. of Germany
USA

France
Japan

Korea
United Kingdom

W. Geuen
S. Ericsson
D. Hein
A. Ligtenberg
L. Rennick
J. David
Y. Kato
T. Koga
K. Matsuda
T. Mochizuki
T. Murakami
M. Ohta
M. Takizawa
M. Vlada
M. Yamashita
M.H. Lee
D. G, Morrison

- FTZ-FI
- PictureTel
- CLI
- AT&T Bell Laboratories
- CLI
- Alcatel CIT
- NTT
- NEC
- FUJITSU
- NEC
- Mitsubishi Electric
- NEC
- Hitachi
- KDO
- NTT
- ETRI
- BTRL
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LIST OF PARTICIPANTS
(The Hague; March 22-25, 1988)

Chairman S. Okubo - NTT, Japan

Core Members

F. R. of Germany

Canada
USA

France

Italy
Japan

Korea
Norway
The Netherlands
United Kingdom

Sweden

J. Speidel
G. Zedler
0. Lemay
A. Tabatabai
B.G. Haskell
R.A. Schaphorst
G. Eude
J. Guichard
M. Guglielmo
Y. Hatori
Y. Kato
J-H. Jeong
G. Bjoentegaard
R.H.J.M. Plompen
R.C. Nicol
N.L. Shilston
H. Brusewitz

PKI
FTZ
BNR
BELLCORE (acting for H. Gharavi)
AT&T Bell Laboratories
DIS
CNET
CNET
CSELT (acting for L. Chariglione)
KDD
NTT (acting for N. Mukawa)
ETRI (acting for J-S. Lee)
Norwegian Telecom
DNL
BTRL
GEC Video Systems
Swedish Telecom Admin.
(acting for P. Weiss)

Assisting Experts
. »•

F. R. of Germany
USA

France
Japan

The Netherlands

United Kingdom

W. Geuen
S. Ericsson
O.N. Hein
M.L. Liou
L.V. Rennick
0. Oevimeux
K. Matsuda
T. Murakami
M. Ohta
P.J.M. Nooij
B.F. Shuurink
M.D. Carr
T.S. Duffy
R. Forsyth
D. G. Morrison
H. Yassaie

FTZ-FI
PictureTel
CLI
Bellcore
CLI
SAT
FUJITSU
Mitsubishi Electric
NEC
ONL
DNL
BTRL
GEC Video Systems
INMOS
BTRL
INMOS
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Appendix 2

CCITT ' Ooc. No.^
Specialists Group on Coding for Tokyo, Jan.1988
Visual Telephony

Title: Transmission of 384 kbit/s audio-visual signals in the ISDN

Source: FRG, Nl, UK

In this paper, the problem of transmission of 384 kbit/s signals
in the ISDN is raised and principal solutions are discussed.

The ISDN ia designed for switching of signals with 64 kbit/s bit
rate. To operate at 6 x 64 = 384 kbit/s, special means are required.

1. The switching unit itself is capable of handling a sequence of
six 64 kbit/s channels in a predetermined order without changing
the order from call to call or during a call (time slot sequence
'integrity) . At present most switches in ISDN do not obey this
requirement. But new switching units with this capability are
available and announced,

2. The right order of the time slot sequence is managed by the .
terminals. This solution puts no requirements onto the network.
Two variants can be distinguished:

2.1 Every 64 kbit/a signal is equipped with a framing structure,
e.g. according to rec. Y221, where special indication bits
allow for arranging the proper order of time slots at the
.receiving terminals.

2.2 After call set up, a training sequence is sent to the receiver,
and the order, of time slots ia adjusted during this time. After-
wards transmission of audio-visual information starts. With the
assumption that the switching unit does not rearrange the
sequence during the call, this scheme can operate properly. It
has to be checked whether this is true or not for all switching
units from various manufacturers.

Conclusions

Three methods, their advantages and drawbacks have been presented to
transmit and switch 3B4 kbit/s signals in the ISDN. Further con-
sideration of this subject is encouraged and proposed.



Appendix 3

SECTIONS OF H.12x WHERE A COMMON VIEW HAS NOT BEEN REACHED

3.2.2 Motion compensation

On the'subject of the range of the notion vectors:

European countries proposed that the range of horizontal
and vertical vectors should be +/- 16.

Japan proposed +/- 15 for horizontal components and +/- ̂
for vertical.

On the subject of applicability of motion vectors:

Japan proposed that motion compensation be applied only to
luminance blocks.

The European countries proposed that the possibility of
using vectors, on the colour signals in addition to the
luminance be kept under study.
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CCITT

STUDY GRQUF.

11-22 April 1988

Question 5/XV

Source:

Title: DRAFT RECOMMENDATION H.200: FRAMEWORK FOR RECOMMENDATIONS FOR
AUDIOVISUAL SERVICES . -p Wf *V/I

1. AUDIOVISUAL SERVICES

A number of services are, or will be, defined in CCITT having as their common
characteristic the transmission of speech together with other information
reaching the eventual user in visual form. This Recommendation concerns a set
of such services which should be treated in a harmonised way; it is convenient
to refer to the members of this set as "audiovisual services" (abbreviated to
* • • _ . _ _ - _ . » _ _ _ \ 1 ~m *~_ V 7V̂ TT̂ ^̂ "3̂ ^̂ !?̂  ̂BMM̂ ŷ*̂ *"̂ ^̂ ^̂  " _ .j^~ -% ^—— - • , i * M . * « ^ -•—

2. HARMONISATION OF AUDIOVISUAL SERVICES

While the various audiovisual services may easily be distinguished in terms of
their user-application, common methods are used for the transport of signals
representing speech, moving or still pictures, and associated
controls/indications, and also telematic auxiliary facilities. The
standardisation process seeks the greatest possible harmonisation of these
common features, confining the distinction to the application layers wherever
possible, in order to:

(a) Maximise the possibilities for intercommunication between terminals
intended for different applications;

(b) Maximise the commonality of hardware and software in the interests of
economies of scale.' The scope for commonality includes: audio and video
input/output parameters, audio and video codecs, the control/indication
set, frame structures and multiplexing, call control procedures (including
multipoint).

The embodiment of this harmonisation policy will be a consistent set of
Recoanendations, consistent in the sense that all members of the set take into
account all other members.
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3. PURPOSE OF THIS RECOMMENDATION

The purpose of this Recommendation H.200 is to define the set that shall be
consistent. In fulfilling this function it is important to distinguish, at a
given time, between Recommendations and draft Recommendations.

Recommendations are members of the set by virtue of their consistency with
other adopted members of the set: these are listed in Annex 1 to this
Recommendation. It is of course necessary to ensure continued consistency
when amendments are introduced.

Draft Recommendations range from mere titles or outline contents through
varying stages of maturity to a stable final draft. As many different
intended members of. the H.200 set are developed in parallel to ensure
consistency they should be treated as "provisional" members of the set. (ft)

A. FRAMEWORK

Recommendations in the H.200 set are arranged in three main sections:

Service Definitions - these specify the service as seen by the user, including
basic service, optional enhancements, quality, and intercommunication
requirements , together with operational aspects; technical implementation
methods are taken into account but not defined herein.

Infrastructure - this section includes all the Recommendations which are
applicable to two or more distinct services: these encompass network
configuration, frame structures, control/indications,
communication/intercommunication, and audio/video coding. The
"infrastructure" includes this generality of signals which flow on
unrestricted digital bearers on established network connections - it does not
include the methods of call establishment and control, orchestrated by signals
outside these bearers.

Systems and Terminal Equipment - this section deals with the technical
implementation of specific services: it therefore includes service-specific
equipment for the application layer, and draws upon the infrastructure
recommendations to identify the detailed processes required for the particular
service.

A network aspects section is also proposed, to cover those matters which are
particular to AV services but, involving out-of-band signals, do not come
within the scope of the infrastructure section above.

Tie fat rf fffpmrrt «rf- tnc.n\k*n tncJUtc&na o
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.5. LIST OF AUDIOVISUAL SERVICES COVERED

The following audiovisual services shall be included in the harmonised set:

- Narrowband videophone (1 and 2 x 64 kbit/s under study)
- Broadband videophone (a teleservice for broadband ISDN)
- Narrowband videoconferencing (n x 384 kbit/s and m x 64 kbit/s under
study)

- Broadband videoconferencing (a teleservice for broadband ISDN)
- Audiographic teleconferencing
- Telephony (a degenerate case of an AV service, included for
intercommunication purposes)

- Telesurveillance

The following audiovisual services are in the process of being defined, and
consideration should be given to their inclusion in the set for either of the
reasons given in section 2 above.

- Video mail
- Videotex (including pictures and sound)
- Video retrieval
- High resolution image retrieval
- Distribution services.
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PART C.4 - DRAFT RECOMMENDATION H.221

FRAME STRUCTURE FOR A 64 KBIT/S CHANNEL IN AUDIOVISUAL TELESERVICES

Introduction

The purpose of this Recommendation Is to define a frame structure for
audiovisual teleservices in a single 64 kbit/s channel which makes the best use
of the characteristics and properties of the audio/video encoding algorithms, of
the transmission framing- structure and of the existing CCITT Recommendations. It
offers several advantages:

It takes into account CCITT Recommendations such as G.704,
X. 30/1. 461, etc. It may allow the use of existing hardware or
software . -

It is simple, economic and flexible. It may be implemented on a
simple microprocessor, using well known hardware principles.

It is a synchronous procedure. The exact time -of a configuration
change is the same in the transmitter and the receiver.
Configurations can be changed at 20 ms intervals.

It needs no return link, since a configuration Is signalled by a
repeatedly transmitted codeword.

It is very secure in case o.f transmission errors, since the BAS
is protected by a double error correcting code. , . /3 *,-(.*.£(*&
It allows the control of a "higher multiplex configuration, into
which the basic 64 kbit/s channel is inserted (case of
n x 64 kbit/s multimedia services as videoconference) .

It can be used to derive octet synchronization in networks where
this is not provided by other means.

It can be used in multipoint configurations, where no dialogue is
needed to negotiate the use of a data channel.

It provides a variety of data bit-rates (from 6.25 bit/s up to
64 kbit/s) to the user.

1. Basle principle

The 64 kbit/s channel is structured into octets transmitted at 8 kHz.
The eighth bit of each octet conveys a sub-channel of 8 kbit/s. This sub-
channel, called Service Channel (SC) , provides end-to-end signalling and
consists of three parts (see Figure 1) :

Frame Alignment Signal (FAS) . This signal structures the
64 kbit/s channel into frames of 80 octets each and multl frames
(HF) of 16 frames each. Each multiframe is divided into eight
2-frame submultiframes (SMF) . In addition to framing and
multif raining information, control and alarm information may be
inserted, as well as error check information to control end-to-
end error performance and to check frame alignment validity.

(2767)
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The FAS can be used to derive octet timing when it is not
provided by the network.

Bit-rate allocation signal (BAS).

This signal allows the transmission of codewords to describe the capability
of a terminal to structure the residual 62.4 kbit/s capacity in various ways,
and to command a receiver to de*n-u.Lttp(eA Q-»x<J »\<a.k<a ccse of

structures; if other 64 kbit/s channels are associated, as in the case of n x
64 kbit/s services (eg, videoconference, videophone), this association may
also be defined."

Note - For some countries having 56 kbit/s channels, the net
available bit rates will be 8 kbit/s less.

Application channel (AC). This channel" allows transmission of
binary information or the insertion of message type data
channel(s) (e.g. for Telematic information) at up to 6400 bit/s.
A minimum required Command and Indication (C&l) channel should be
provided and defined as part of the application channel (for
further study). The remaining bit rate for the application
channel may be added to the sound data or video channel. In this
context, compatibility problems among audio/visual services
should be considered.

The remaining 56 kbit/s capacity (with! fully reserved application
channel), carried in bits' 1-7 of each octet, may convey a variety of signals
within the framework of a multimedia service, 'under the control of the BAS and
possibly the AC. Some examples follow:

voice, encoded at 56 kbit/s using 'a truncated form of the PCM of
CCITT Recommendation G.711 (A-law or mu-law);

voice, encoded at 32 kbit/s and data at 24 kbit/s or less;

voice, encoded at 56 kbit/s with a bandwidth 50-7 000 Hz (sub-
band ADPCK according to CCITT draft Recommendation G.722). The
coding algorithm is also able to work at 48 kbit/s. Data can then
be dynamically inserted at up to 14.4 kbit/s;

still pictures coded at 56 kbit/s;

data at 56 kbit/s inside an audiovisual session (e.g. file
transfer for communicating between personal computers);

sound and video sharing the 56 kbit/s capacity.

2. frame alignment

2.1 General,

An 80-octet frame length produces an 80-bit word in the Service
Channel. These 80 bits are numbered 1-80. Bits 2-8 of the Service Channel in
every even frame contain the frame alignment word (FAW) 0011011. These bits are
completed by bit 2 in the succeeding odd frame to form the complete Frame
Alignment Signal (FAS).

(2767)
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So a pattern similar to the one in CC1TT Recommendation G.704 Is used
(see Figure 2).

2.2 Multlframe structure

Each multiframe contains 16 consecutive frames numbered 0 to 15 divided
into eight submultlframes of 2 frames each, (Figure 3). The multiframe alignment
signal is located in bit 1 of frames 1-3-5-7-9-11 and has the form 001011. Bits
1 of frames 8-10-12-13-14-15 are reserved for future use. Their value is
provisionally fixed at 0.

Bits 1 of frames 0-2-4-6 may be used for a modulo 16 counter to number
multiframes in descending order. The least significant bit is transmitted in
frame 0, and the most significant bit in frame 6. The receiver may use the
multiframe numbering to determine the differential delay of separate 64 kbit/s
connections, and to synchronize the received signals. The use of an additional
reserved bit.to turn on and off the counting procedure is for further study.

* — in -froLne 8
2.3 Loss and recovery of frame alignment

Frame alignment is defined to have been lost when three consecutive
frame alignment signals have been received with an error.

Frame alignment is defined to have been recovered when the following
sequence is detected:

for the first time, the presence of the correct frame alignment
word; ' *

the absence of the frame alignment signal in the following frame
detected by verifying that bit 2 is a 1;

for the second time, the presence of the correct frame alignment
word .in the next frame. •

When the frame alignment is lost, bit 3 (A) of the next odd frame is
set to 1 in the transmit direction.

2.4 Loss and recovery of multiframe alignment

Multiframe alignment isA«*ed- to validate the Bit-rate Allocation Signal
(see S 3) . The criteria for loss and recovery of multiframe alignment described
below are provisional.

Multiframe alignment is defined to have been lost when three
consecutive multiframe alignment signals have been received with an error. It is
defined to have been recovered when the multiframe alignment signal has been
received with no error in the next multiframe. When multiframe alignment is
lost, even when an unframed mode is received, bit 3 (A) of the next odd frame is
set to 1 in the transmit direction. It is reset to 0 when multiframe alignment
is regained again.

2.5 Procedure to recover octet timing from frame alignment

when the network does not provide octet timing, the terminal may
recover octet timing in the receive direction from bit timing and from the frame
alignment. The octet timing in the transmit direction may be derived from the
network bit timing and an internal octet timing.

(2767) ~
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2.5.1 General rule

The receive octet timing is normally determined from the FAS position.
But at the start of the call and before the frame alignment is gained, the
receive octet timing may be taken to be the same as the internal transmit octet
timing. As soon as a first frame alignment is gained, the receive octet timing
is intitialized at the new bit position, but it is not yet validated. It will be
validated only when frame alignment is not lost during the next 16 frames.

2.5.2 Particular cases

a) When, at the initiation of a call, the terminal is in a forced
reception mode, or when the frame alignment has not yet been
gained, the terminal may temporarily use the transmit octet
timing.

b) When frame alignment is lost after being gained, the receive
octet timing should not change until frame alignment is
recovered.

c) As soon as frame and multiframe alignment have been gained once,
the octet timing is considered as valid for the rest of the call,
unless frame alignment is lost and a new frame alignment is
gained at another bit position,.

d) When the terminal switches from a framed mode to an unframed mode
(by means of the BAS), the octet timing, previously gained, must
be kept.

e) When a. new frame alignment is gained on a new position, different
from that previously validated, the receive octet timing is
reinitialized to the new position but not yet validated and the
previous bit position is stored. If no loss of frame alignment
occurs in the next 16 frames, the new position is validated;
otherwise the stored old bit position is reutilized.

2.5.3 Search for frame alignment signal (FASV

Two methods may be used: sequential or parallel. In the sequential
method, each of the eight possible bit positions for the FAS is tried. When FAS
is lost after being validated, the search must resume starting from the
previously validated bit position. In the parallel method, a sliding window,
shifting one bit for each bit period, may be used. In that case', when frame
alignment is lost, the search must resume starting from the bit position next to
the previously validated one.

2.6 Description of the CRC4 procedure

In order to provide an end-to-end quality monitoring of the 64 kbit/s
connection, a CRC4 procedure may be used and the four bits Cl, C2, C3 and C4
computed at the source location are inserted in bit positions 5 to 8 of the odd
frames. In addition, bit 4 of the odd frames, noted E, is used to transmit an
indication about the received signal in the opposite direction whether the most
recent CRC block has been received with errors or not.

When the CRC4 procedure is not used, bit E shall be set to 0, and bits
Cl, C2, C3 and C4 shall be set to 1 by the transmitter. Provisionally, the
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receiver may disable reporting of CRC errors after receiving eight consecutive
CRCs set to all Is, and it may enable reporting of CRC errors after receiving
two consecutive CRCs each containing a 0 bit. (This method of enabling and
disabling CRC error reporting must be verified and is for further study.)

2.6.1 Computation of the CRC4 bits

The CRC4 bits Cl, C2, C3 and C4 are computed from the whole 64 kbit/s
channel, for a block made of two frames: one even frame (containing the FAW)
followed by one odd frame (not containing the FAW). The CRC4 block size is then
160 octets, i.e. 1280 bits, and the computation is performed 50 times per
second.

2.6.1.1 Multiplication-division process

A given C1-C4 word located in block N is the remainder after
multiplication by x* and then division (modulo 2) by the generator polynominal
x* + x - 1 of the polynominal representation of block (N-l).

When representing contents of a. block as a polynominal the first bit in
the block should be taken as being the most significant bit. Similarly Cl is
defined to be the most significant bit of the remainder and C4 the least
significant bit of the remainder.

This process can be realized with a four stage register and two
exclus ive-ors.

2.6.1.2 Encoding procedure ••

i) The CRC bit positions in the odd frame are initially set at zero,
i.e. Cl - C2 - C3 - C4 - 0.

*

11) The block is then acted upon by the multiplication-division
. process referred to above in 2.6.1.1.

ill) The remainder resulting from the multiplication-division process
is stored ready for insertion into the respective CRC locations
of the next odd frame.

Note - These CRC bits do not affect the computation of the CRC bits of the next
block, since the corresponding locations are set at zero before the
computation.'

f

2.6.1.3 Decoding procedure

i) A received block is acted upon by the multiplication division
process, referred to above in 2.6.1.1, after having its CRC bits
extracted and replaced by zeros.

ii) The remainder resulting from this multiplication-division process
is then stored and subsequently compared on a bit-by-bit basis
with the CRC bits received in the next block.

iii) If the decoded calculated remainder exactly corresponds to the
CRC bits sent from the encoder, it is assumed that the checked
block is error-free.

(2767)



2.6.2 Consequent actions

2.6.2.1 Action on bit E

Bit E of block N is set to 1 in the transmitting direction if bits
C1-C4 detected in the most recent block in the opposite direction have been
found in error (at least one bit in error). In the opposite case, it is at
zero.

2.6.2.2 Monitoring for incorrecc frane alignment

In case of a long simulation of the FAW, the CRC4 information can be
used to re-invite a search for frame alignment. For such a purpose, it is
possible to count the number of blocks CRC in error within 2 s (100 blocks) and
to compare this number with 89. If the number of CRC blocks in error is greater
than or equal to 89, a search for frame alignment should be re-initiated.

These values of 100 and 89 have been chosen in order that:

for a random transmission error rate of 10"3, the probability of
incorrectly re-initiating a search for frame alignment because of
89 or more blocks in error, should be less that 10"*.

In case of simulation of frame alignment, the probability of not
re-initiating a search of frame alignment after a two second
period should be less than 2.5%.

2.6.2.3 Monitoring for error performance

The quality of the 64 kbit/s connection can be monitored by counting
the number of CRC blocks in error within a period of one second (SO blocks). For
instance, a good evaluation of the proportion of seconds without errors as
defined in CCITT Recommendation C.821 can be provided.

For information purposes, the following propositions of CRC block in
error can be computed for randomly distributed errors of error rate Pe:

Pe

Proportion of CRC
blocks in error

1C-'

70%

10-*

12%

10- *

1.2%

10- •

0.12%

10- »

0.012%

By counting the received E bits, it is possible to monitor the quality
of the connection in the opposite direction.

3. Eit̂ rate allocation sienal (BAS) and switching between confieurations

The bit-rate allocation signal (BAS) occupies bits 9-16 of the Service
Channel in every frame. An eight bit BAS code (b0 , b1, b2, ba , b4 , bs, bs . b7)
is .npprmipnMM by eight .p**±*y bits (p0 , p, , p2 , P3 . p», P3 , ps , P7 ).

T j—————————'
'—error corrc.c.-tioK I , . / t ^(2767) "—to (rtipfew^nT <ft_
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) double error correcting code, fee f̂V-Iigd. This error correcting code is
obtained by shortening the (17,9) cyclic code with generator polynominal:

g(x) - x* + x7 + x6 + x* + x2 + x + 1.

The *p<M«A-fey bits are calculated as coefficients of the remainder
polynominal in the following equation:

+ p3:t* + p<x3 + psx2 + p6x * p7

- RESg(je)[b0x13 + bjX1* + b2x13 + b3x12 + b4x11 + b3x10 +

b6x8 + b7x8]

where RES, ( x } [ f (x) ) represents the residue obtained by dividing f(x) by g(x).

Oi\ i —

> BAS code is ̂ allocated In/the even numbered frame, while the as-
p &Hty bits are aneefltej'*1n the subsequent odd numbered frame. Each

bit of BAS code or thê pwtity 1s transmitted in the following order to avoid
emulation of the frame/alignment signal;

*- —— r-r coj-j'ci Jan.

Bit position

9
10
11
12
13
14
15
16

Even frame

b1
b5-

' ' t« -DC
Q

DT

Odd frame

P2
PiPO
P4
P3PS
P6 '
P?

The decoded BAS value is valid if ;

- the receiver is in frame and multiframe alignment, and
- the FAS in the same submultiframe was received vith. 2
or fewer bits in error.

Otherwise, the decoded BAS value is ignored. When the receiver actually looses
frame alignment, it should undo any changes caused by the three previously
decoded BAS values and revert back to the state determined by the fourth
previously decoded BAS value.



- 9 -
TD 26/1

The encoding of BAS is made in accordance with the attribute method.

The first three bits (bo, b^, b2) represent the attribute number,
which describes the general command or capability, and the next five bits
(b3> bjj, bj, bg, by) identify the specific command or capability. The
following attributes are defined :

000 Audio Coding Command : values defined in Annex 1.
001 Transfer Rate Command : values defined in Annex 2.
010 Video and Other Command : values defined in Annex U.
011 Data Command : values defined in Annex 5.
100 Terminal Capability : values defined in Annex 3.

Annex 1 defines a number of Modes, according to the audio coding type and bit
rate. Since a validated value of BAS command code applies to the next
submultifrarae, a change in configuration can occur »fc i*bffioltiiVarrii~y*tn.
7 every 20ms. This applies equally to the use of video and data command

BAS, controlling sub-modes of various configurations of the remaining .
c'apacity.

When the incoming bit A (see section 2.3) is set to 1,
the distant receiver is not in multiframe alignment and will not
immediately validate a new BAS value.

Capability BAS require a response from the distant terminal
and should not be sent unnecessarily when the incoming signal is unframed.

See draft Recommendations n 7°Y nnfl 'flY.̂ ''" for further
information on signalling procedures.



4. Apollcation channel

It occupies bits 17-80 of the Service Channel in each frame, providing
a user available bit rate of 6.4 kbit/s. According to the application, different
kinds of information may be inserted herein. In particular, information
concerning forward error correction or end-to-end encryption which both depend
on the application, could take place in the Application Channel.

The AC may be used to convey a message channel conforming to the OSI
protocols where appropriate. With this message channel, a transport and a
session protocol may be used to control the use of audio and data channels. For

example, once the command/response procedure has agreed to open a connection, if
necessary the BAS is used to adjust the capability available for data.

Examples for the use of AC are given in Appendix 1.

Section 5; "Access to Non-Audio Information Within Bits 1-7"

Use of attribute (000) according to Annex 1 provides for the static or
dynamic allocation of "data channels" of up to 56 kbit/s capacity; in some
applications, it may be desirable to combine the Application Channel with the
data channel in order to have a single user-data path, of capacity up to 62.&
kbit/s.

Unless BAS codes (010), (Oil) are used to direct otherwise, the "data channel
is treated as a single stream of non-video information; in this case access
may be realised according to standardised procedures (eg, 1*61, 1462, Î eŝ et
gO'u'i 7As*=̂ =̂£: Data is transmitted in the order received from the Data
Terminal Equipment or Data Terminal Adapator.

In the presence of a non-zero video command BAS (010) the data channel is
assigned to moving picture information, except that some part may be
subtracted for other data purposes by application of a non-zero data coir..7.a.-.d
BAS (Oil).

Bit number
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1 Octet number
8 / £•»'
9 IIBAS lS IL

17

AC

80

Ij

FIGURE 1

Frame structure

FAS: Frame Alignment Signal (Note 1)
BAS: Bit-rate Allocation Signal
AC: Application Channel

The block termed as FAS also contains information other than that used
for frame alignment.
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SUCCESSIVE
FRAMES

Bit #

Even frames. (those
containing FAW)

Odd frames

1

Note 1

Note 1

2

0

1
Note 2

3

0
Frar

A
Hots 3

4

1

5

1

6

0

7

1
le Alignment Word

E _ _ C2 C3

8

1

C4
Note 4

FIGURE 2

Assignment of bits 1-8 of the Service Channel in each frame

Note 1 - See section 2.2 and Figure 3

Note 2 - Bit used to avoid simulation of FAW by a frame-repetitive pattern

Note 3 - A - Loss of either frame or multiframe alignment indication
(0 - alignment 1 - loss)

Note 4 - The use of bits E and C1-C4 is described in section 2.6.

Multiframe

Sub-
Multi-
Frame

SKF 1
SMF 2
SMF 3

SMF 4

SMF 5

SMF 6
SMF 7

SMF 8

Frame

0
1
2
3
4
5
6
7
8
9

10
11
12
13
14
15

Bits 1 to 8 or the Service Channel
In every frame

1 2 3 4 5 6 7 8

H I 0 0 1 1 0 1 1
0 1 A £ ' Cl C2 C3 C4

NZ 0 0 1 1 0 1 1
0 1 A E Cl C2 C3 C4

H 3 0 0 1 1 - 0 1 1
1 1 A E Cl C2 C3 C4

N1/ 0. 0 1 1 0 1 1
0 1 A E Cl C2 C3 C4

N ? 0 0 1 1 0 1 1
1 1 A E Cl C2 C3 C4

R l 0 0 1 1 0 1 1
1 1 A E Cl C2 C3 C4

fU 0 0 1 1 0 1 1
R3 1 A E Cl C2 C3 C4

TEA 0 0 1 1 0 1 1
R M 1 A E Cl C2 C3 C4

FIGURE 3

Assignment of bits 1-8 of the Service Channel
In each frame in a multiframe

Reserved for future use - Provisionally, set to 0
A, E, C1-C4: As in Figure 2.

fill - M Y ; Used far mK.^i/Wtbjff nu.»*beri»i fts
. I Sec^i»n i. 2, .£«.•£ Ta 0 wAi/eAnnexes: 3 | . . . . f t

I* Active or

*-iiea! «"»t

/ -fra v-
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ANNEX 1

(co draft Recommendation H.221)

:tribute OOP used for BAS encoding for iuJU-

Attribute /
Bits *=3*i

COO Audio
coding
Cotnmai Awi

Attrib. vslua''
Hits 15=5=5= V

00000

•frQ̂ j-

SO010
SOOll
S0001

nn^ _
00100
OOlOl0di 10
00 111
^ ̂  ^

SI 000

SI 001

SI 010

si no
SI 111

10000
lOlxx

Meaning

"Neutralised chsnnel"(the 62.4 kbit/s
user data are unused)
PCM G.711 (truncated to 7 bits)

A law; data at 0 or 6.4 kbit/s
u law; data at 0 or 6.4 kbit/s
32 kbit/s AOPCM au 30.M

data at-e^or *F*Akbit/s
64 kbit/s unframed mode

PCM Alaw
PCM u law
SB-AQPCH G.722.

0 kbit/s; data at £4 kbit/s
Variable bitrate audio coding

G. 721 56 kbit/s; data at 0
or 6.4 kbit/s
G.722 48kbit/s; data at 8 or
. 14.4 kbit/s
.

\ Reserved for audio coding at
* bit rates less than 48 kbit/s

0 kbit/s 5 data at 56 or
62.4 kbit/s

Free
Free

(Note 1)
(Note 2)
Mode OF
Mode OF
(Note 3)

(Note 4)
Mode 0
Mode 0
Mode 1
(Note 5)
Mode 10

Mode 2

Mode 3

(Note 6)

Mode 9
(Note 7)

Note 1 - The 8th bit is fixed to 0 in the audio PCM decoder.

Note 2 - The S bit set to 1 indicates that the Application Channel is merged
with the data channel to form a single user-data path. The method for merging
the two channels is shown in Figure Al for the 14.4 kbit/s case.

Note 3 - The coding law and respective place of data and audio in each byte of
the 64 kbit/s channel is under study.

Note 4 - Attribute values OOlxx imply the switching to an unframed mode. In the
receive direction, reverting to a framed mode can only be achieved by recovering
frame and multiframe alignment, which might take up to 2 multiframes
(i.e. 320 ms).

(2757)
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Note 5 - The allocation of bits in each byte of the 64 kbit/s channel is as
follows:

Audio bit-rate

64 kbit/s

56 kbit/s

43 kbit/s

1

n

H

2

H

3 4 5 6 7 8

L L L L D S

S - Service channel
H - High band audio
L - Low band audio
D - Data channel

Bit-rates of 56 and 48 kbit/s are respectively modes 2 and 3 of
Recommendation G.722. m> 16
Note 6 - Audio coding bit-rates of J»-32-24-i6-8 kbit/s require further study.

A
flote 7 -The whole of the 56 (or 62.4) kbit/s is used for data and the audio
channel is not available.

• Bit Number Octet
• 7 8 Nunber

•

1
2

• •

8
9
*

16
17
19
*

143

FAS

BAS

13
20

144

1
2

8
9

16
17
18

80

FIGURE Al

Bit number for a merged 14.4 kbtt/s data

(2767)
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ANNEX 2

(to draft Recommendation H.221)

Attribute 001 used for BAS encoding

The following list gives a pocci
•-attribute 001 and requires further ctudy>.

assignment of codes fo II

Attribute
Bits 9=*l

001 Transfer
Rate

iCommand

Attribute value
Bits 12 10

00000
00001

.

' — ?•
01010
01011

01100
01101

OHIO
01111

10000
10001

10010
10011

Meaning

64 kbit/s
64 kbit/s (audio) + 64 kbit/s
(data/video)

384 kbit/s: 64 (audio) + 320 (video)
64 (audio) + 256 (video)
+ 64 (data)

768 kbit/s: 64 (audio) + 704 (video)
64 (audio) + 640 (video)
+ 64 (data)

1152 kbit/s: 64 (audio) + 1088 (video)
6*4 (audio) + 1024 (video)
+ 64 (data)

1536 kbit/s: 64 (audio) + 1472 (video)
64 (audio) + 1408 (video)

•+• 64 (data)
1920 kbit/s: 64 (audio) + 1856 (video)

64 (audio) + 1792 (video)
+ 64 (data)

60010 1>H kUi/i, (auu.Jio) + £V <kki/S (Jtd&/t/icJ

•kr&ed-ed Q.& CL SJ»1</e 128 kbityi
X* /d A M *• ̂  1

N

(2767)
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Attribute
Bits .3=3=**

100
Terminal
Capability

— •— ••

^— -^

Attribute /
value /

Bits. 12 Id-

00000
00001
00010
00011
00100
00101

00110
00111
01060

OIOOl
• to

o i / 10
61 I I I
/a <*>o
joool
\00 10

\oo\\
\o\oto
i&lo\
101 to

_ toll 1
1 \ OO&
1 1 Oto 1

H 6 \e>
l i D M
I I 100
/ I 1 0 I
/ 1 1 I 0

l i t 1 1

Meaning

Neutral frJo't« |)
G.72y Type 0 - A law (Md-tc i)
G.72y Type 0 - ou law
G.72y Type 1 - G.72jt2
G.72y Type(^ - G.722 + data

) Z • -
) Reserved 4or O,ud»o oxpa.bi I'-iTci,

Reserved for national use
Non-i^fin<y<arx/ V,Jet> <*.**& (.fa (No+C.3)

1 £ '"(•'

Reserved £ar KcAlono-i tcse.
Men - S io.nda.rJ Sy&-fewi caj> a, hi Iffy ( Na^s 3}
2.6 -traws-f*r ra-fc c«.pab>/«^H(A/»-fe. ̂
3 G " " " n
H B " " '' i*
5-/3 " " " "

^6 " " " '1

/?Ci*Ki/*c/ -A?r •fi'A-s-kr M^« c*f>*.\>'i(#<j
f t e s e f f f d 4o<r no.4»on&.( U5C.
30O jbi-f/S c/a.Vft. CAPO &•' ^'^y ̂ ^ '
/Zoo " " '• ^ ''

tt

It ^H^QQ 1' il

Moo « " " "
^^)OO ' * ^*

T t 0& / I

/ M V ^ o " " " "
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'Note 1 - The neutral value indicates no change in the current capabilities of
•.the terminal.

Note 2 - Types 0, 1 and 2 are defined according to Recommendation G.72y
section 2.

Type 0 terminal can work in mode 0 (PCM) only.

Type 1 terminal preferably works in mode 1 (G.722) but Is able to work
in mode 0.

Type 2 terminal preferably works in mode 2 (G.722 + H.221) but is able
to work in modes 1 and 0.

Note 3 - If sent (additional), an improved video algorithm decoding
or whole system capability is indicated; it is specified
elsewhere.

Note k - A capability to use several B channels implies the
capability to vise fewer channels.

Note 5 - A data capability specified only one rate; if multiple rates
are possible the capabilities are sent individually.
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Meo.^ 'H^

No Data; Data switched OFF
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1200b/s in AC assigned

4800b/s in AC assigned
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14.4kb/s assigned to Data
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APPENDIX 1

(to draft H.221)

Examples for the use of the application channel

1. Binary information

Each bit of the application channel may be used to convey the
information of a. 100 bit/s channel, repeated 100 times per second. If odd and
even frataes ara identified, each bit nay carry the 150 Hz bit/s channels. If
multiframing is used, each bit may carry the information of 16 channels, each at
6.25 bit/s.

An example of this kind of information is, in teleconference, the use
of a bit to synchronize the encoder clock on the receive clock, or to indicate
the microphone number, or to signal the use of the graphics mode, etc...

2. Synchronous message-type channel

As each bit of the application channel represents a bit-rate of
100 bit/s, any synchronous channel working at n x 100 bit/s may be inserted in
the application channel. An example is, in videoconference, the message channel
at 4 kbit/s which is used for multipoint management.

Another possibility is the insertion of data channels at one of the
bit rates defined in CCITT Recommendation X.I, according to CCITT Recommendation
X.30/1.461: "Support of X.21 and X.21bis based DTEs by an ISDN". The present
frame structure is consistent with the X.30/1.461 frame structure in a double
way:

it has the same length (80 bits by bearer channel at 8 kbit/s);

it needs 63 bits per frame (17 bits are used for framing
information not to be transmitted), which fits into the 64 bits
available in this frame structure.

3. Asynchronous message-type channel

In case of asynchronous terminals, X.I bit-rates are relevant, too. The
applicable standard is the ECMA standard ECHA-TAxx "Bit-rate adaption for the "\ /
support of synchronous and asynchronous terminal equipment using the V-Series / *
interfaces on a PSTN". This standard also uses the same 80-bit* frame structure
as X.30/1.461 mentioned above. The application channel will therefore allow
adoption of this ECMA standard if needed.

4. Error correction and encryption

When needed, forward error correction and encryption information may be
transmitted in the application channel. The bit-rate and the protocol to be used
will depend on the application.

(2757)
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222

Draft Recommendation

Frame Structure for 384- 1 ̂20 kbit/s Channels in Audiovisual Teleservices

1 . Scope

This recommendation provides a mechanism to multiplex multimedia signals such
as audio, video, data, Control & Indication etc. for audiovisual teleservices
using an nx384 kbit/s (n=l-5) channel.

2. Basic Structure

The multiplex structure is based upon multiple octets transmitted at 8 kHz as
in Recommendation 1.431.

An nx384 kbit/s channel consists of 6xn timeslots of 64 kbit/s (see Fig. 1).
The first 64 kbit/s timeslot has a frame structure conforming to
Recommendation H.221, containing Frame Alignment signal (FAS), Bit rate
Allocation Signal (BAS) and Application Channel (AC).

3. BAS Codes

Particular codes for allocating audio, video and data signals in an nx384
kbit/s channel are given in Table /Aiiim.';=3 to Recommendation H.221 for
Attribute 'DOT. /\Mex 2

4. Data Transmission

A 64 kbit/s data channel can be allocated to the fourth timeslot in the nx384
kbit/s channel if controlled by the corresponding BAS code.

Provision of more than one 64 kbit/s data channels is for further study.

5. Bit Assignment in Application Channel

Application Channel conveys Control & Indication Signals, message channel,
etc. for audiovisual teleservices using nx384 kbit/s transmission. Bit
assignment is under study.

END



61 kbil/s LimesloL

nx384 l<bi l/s channel
— 125 microseconds —

1 2 i 3 i 4 i 5

( Optional ^
, _ 1 IVi 1 o nmimnl '

j G i 7 i tt i Gn-3 i Gn-2 i Gn-1 i Gn |

^-—— ̂

10 ms

muiiu T O G I V I I . C v*iraiuici — •

I 2 3 4 5 u 7 0
S
u
b
-
C
h
a
u
n
e
1

JJ
1

S
u
b
—
C
h
a
n
n
e
1

S
2

S
u
b
-
C
h
a
u
u
c
1

B •
3

S
u
b
—
C
h
a
u
u
e
I

ff
4

S
u
b
—
C
h
a
u
u
c
.1

0
5

S
u
b
—
C
h
a
u
n
e
L

17
b

S.
u
b
—
C
h
a
n
n
c
I

Q
7

FAS

HAS

AC

1
•

9

Hi.
17
*

•

•

•

*

•

00
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UAS: nitrate Allocation Signal
AC: Applicaion Channel

Note; The block termed as FAS also contains information other than for
frame alignment purposes.

Figure
2Z2.

Frame structure for nx384 kbit/s audiovisual teleservices
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Part C. 3

26 f
DRAFT RECOMMENDATION

CODEC FOR AUDIOVISUAL SERVICES AT nx384 kbit/s

Contents

1 . Scope
2. Brief Specification
3. Source Coder
4. Video Multiplex Coder
5. Video Data Buffering
6. Transmission Coder

The CCITT,

considering

that there is significant customer demand for videoconference service;

that circuits to meet this demand can be provided by digital transmission
using the HO rate or its multiples up to the primary rate;

that ISDNs are likely to be available in some countries that provide a
switched transmission service at the HO rate;

that the existence of different digital hierarchies and different television
standards in different parts of the world complicates the problems of
specifying coding and transmission standards for international connections;

that videophone services are likely to appear using basic ISDN access and that
some means of interconnection of videophone and videoconference terminals
should be possible;

that Recommendation H.120 for videoconferencing using primary digital group
transmission was the first in an evolving series of recommendations;

appreciating

that advances are being made in research and development of video coding and
bit rate reduction techniques which will lead to further recommendations for
videophone and videoconferencing at multiples of 64kbit/s during subsequent
study periods, so that this may be considered as the second in the evolving
series of recommendations;

and noting

that it is the basic objective of CCITT to recommend unique solutions for
international connections;

recommends

that in addition to those codecs complying to Recommendation H.120, codecs
having signal processing and interface characteristics described below should
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be used for international videoconference connections.

Note 1: Codecs of this type are also suitable for some television services
where full broadcast quality is not required.

Note 2: Equipment for transcoding from and to codecs according to
Recommendation H.120 is under study, /-fac o\>Ste,\'i*e vs

Note 3; It is recognised that J*.'-I^i^AMB^tafeto provide interworking between
nx384 kbit/s codecs and mx64 kbit/s codecs as defined in the H series
Recommendations. Interworking will be on the basis of mx64 kbit/s,
where the values of m are under study.

1. Scope

This Recommendation describes the coding and decoding methods for audiovisual
services at the rates of nx384 kbit/s, where n is 1 to 5. Possible extension
of this scope to meet the objective in Note 3 above is under study.

2. Brief Specification

An outline block diagram of the codec is given in Figure 1.

2.1 Video input and output

To permit a single recommendation to cover use in and between 625 and 525 line
regions, pictures are coded in one common intermediate format. The standards
of the input and output television signals, which may, for example, be
composite or component, analogue or digital and the methods of performing any
necessary conversion to and from the intermediate coding format are not
subject to recommendation.'

2.2 Digital output and input

Digital access at the primary rate of 1544 or 2048 kbit/s is with vacated
times!ots in accordance with Recommendation 1.431.

Interfaces using ISDN basic accesses are under study. (Recommendation 1.420)

2.3 Sampling frequency

Pictures are sampled at an integer multiple of the video line rate. This
sampling clock and the digital network clock are asynchronous.

2.4 Source coding algorithm

A hybrid of inter-picture prediction to utilize temporal redundancy and
transform coding of the remaining signal to reduce spatial redundancy is
adopted. The decoder has motion compensation capability, allowing optional
incorporation of this technique in the coder.

2.5 Audio channel

Audio is coded according to mode 2 of Recommendation G.722. This is combined
with control and indication information and conveyed in one 64 kbit/s timeslot
which conforms to Recommendation H.221.
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2.6 Data channels

Recommendation H.221 permits part of the 64 kbit/s timeslot carrying the audio
to be used for auxiliary data transmission.

Additionally, one of the timeslots normally used for video may be reassigned
as a 64 kbit/s data channel. The possibility of further such channels is
under study.

2.7 Symmetry of transmission

The codec may be used for bidirectional or unidirectional audiovisual
communication.

2.8 Error handling

Under study.

2.9 Propagation delay

Under study.

2.10 Additional facilities

Under study.

3. Source Coder

3.1 Source format
t

The source coder operates on non-interlaced pictures occurring 30000/1001
(approximately 29.97) times per second. The tolerance on picture frequency is
+Y-50ppm.

Pictures are coded as luminance and two colour difference components (Y, C^
and Co). These components and the codes representing their sampled values are
as defined in CCIR Recommendation 601.

Black = 16
White = 235
Zero colour difference =128
Peak colour difference =16 and 240

These values are nominal ones and the coding algorithm functions with input
values of 0 through to 255.

For coding, the luminance sampling structure is 288 lines per picture, 352
pels per line in an orthogonal arrangement. Sampling of each of the two
colour difference components is at 144 lines, 176 pels per line, orthogonal.
Colour difference samples are sited such that their block boundaries coincide
with luminance block boundaries as shown in Figure 2. The picture area
covered by these numbers of pels and lines has an aspect ratio of 4:3 and
corresponds to the active portion of the local standard video input.

Note; The number of pels per line is compatible with sampling the active
portions of the luminance and colour difference signals from 525 or 625
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line sources at 6.75 and 3.375 MHz, respectively. These frequencies
have a simple relationship to those in CCIR Recommendation 601.

3.2 Video source coding algorithm

The video coding algorithm is shown in generalised form in Figure 3. The main
elements are prediction, block transformation, quantisation and
classification.

The prediction error (INTER mode) or the input picture (INTRA mode) is
subdivided into 8 pel by 8 line blocks which are segmented as transmitted or
non-transmitted. The criteria for choice of mode and transmitting a block are
not subject to recommendation and may be varied dynamically as part of the
data rate control strategy. Transmitted blocks are transformed and resulting
coefficients are quantised and variable length coded.

3.2.1 Prediction

The prediction is inter-picture and may be augmented by motion compensation
(§3.2.2) and a spatial filter (§3.2.3).

3.2.2 Motion compensation

Motion compensation is optional in the encoder. The decoder will accept one
vector for each block of 8 pels by 8 lines. The range of permitted vectors is
under study.

A positive value of the horizontal or vertical component of the motion vector
signifies that the prediction is formed from pels in the previous picture
which are spatially to the" right or below the pels being predicted.

Motion vectors are restricted such that all pels referenced by them are within
the coded picture area.

3.2.3 Loop filter

The prediction process may be modified by a two-dimensional spatial filter
which operates on pels within a predicted block.

The filter is separable into one dimensional horizontal and vertical
functions. Both are non-recursive with coefficients of 1/4, 1/2, 1/4. At
block edges, where one of the taps would fall outside the block, the
peripheral pel is used for two taps. Full arithmetic precision is retained
with rounding to 8 bit integer values at the 2-D filter output. Values whose
fractional part is one half are rounded up.

The filter may be switched on or off on a block by block basis. The method of
signalling this is under study.

3.2.4 Transformer

Transmitted blocks are coded with a separable 2-dimensional Discrete Cosine
Transform of size 8 by 8. The input to the forward transform and output from
the inverse transform have 9 bits. The arithmetic procedures for computing
the transforms are under study.
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Note: The output from the forward and input to the inverse are likely to be 12
bits.

3.2.5 Quantisation

The number of quantisers, their characteristics and their assignment are under
study.

3.2.6 Clipping

To prevent quantisation distortion of transform coefficient amplitudes causing
arithmetic overflow in the encoder and decoder loops, clipping functions are
inserted. In addition to those in the inverse transform, a clipping function
is applied at both encoder and decoder to the reconstructed picture which is
formed by summing the prediction and the prediction error as modified by the
coding process. This clipper operates on resulting pel values less than 0 or
greater than 255, changing them to 0 and 255 respectively.

3.3 Data rate control

Sections where parameters which may be varied to control the rate of
generation of coded video data include processing prior to the source coder,
the quantiser, block significance criterion and temporal subsampling. The
proportions of such measures in the overall control strategy are not subject
to recommendation.

When invoked, temporal subsampling is performed by discarding complete
pictures. Interpolated pictures are not placed in the picture memory.

3.4 Forced updating

This function is achieved by forcing the use of the INTRA mode of the coding
algorithm. The update interval and pattern are under study.

4. Video Multiplex Coder

4.1 Data Structure

Note 1: Unless specified otherwise the most significant bit is transmitted
first.

Note 2: Unless specified otherwise Bit 1 is transmitted first.
Note 3: Unless specified otherwise all unused or spare bits are set to 'I1.

4.2 Video Multiplex arrangement

4.2.1 Picture Header

The structure of the Picture Header is shown in Figure 4. Picture Headers for
dropped pictures are not transmitted.

PSC TR TYPE! PEI PARITY PSPARE

Figure 4/H.12x Structure of Picture Header
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Picture Start Code (PSC)

A unique word of 21 bits which cannot be emulated by error free data. Its
value is under study.

Temporal Reference (TR)

A five bit number derived using modulo-32 counting of pictures at 29.97 Hz.

Type Information (TYPE!)

Information about the complete picture;

Bit 1 Split screen indicator. 'O1 off, V on.
Bit 2 Document camera. 'O1 off, V on.
Bit 3 Freeze Picture Release. Under study.
Bit 4 Under study. Possible uses include signalling of the use of

motion compensation and the method of switching the loop filter.
Bit 5 Number of classes. 'O1 one, 'I1 four.
Bits 6 to 12 Under study.

Extra Insertion Information (PEI)

Two bits which signal the presence of the following two optional data fields.

Parity Information (PARITY)

For optional use and present only if the first PEI bit is set to 'V. Eight
parity bits each representing odd parity of the aggregate of the corresponding
bit planes of the locally'decoded PCM values of Y, CR and Cg in the previous
picture period.

Spare Information (PSPARE)

Sixteen bits are present when the second PEI bit is set to 'I1. The use of
these bits is under study.

4.2.2 Group of Blocks Header

A group of blocks consists of 2k lines of 44 luminance blocks each, k lines of
22 CR blocks and k lines of 22 Cg blocks. The value of k is under study.

The structure of the Group of Blocks Header is shown in'Figure 5. All GOB
Headers are transmitted except those in dropped pictures.

GBSC GN TYPE2 QUANT1 GEI GGMV GSPARE

Figure 5/H.12x Structure of Group of Blocks Header

Group of Blocks Start Code (GBSC)

A word of 16 bits, 0000 0000 0000 0001.
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Group Number (GN)

A m bit number indicating the vertical position of the group of blocks. The
value of m is the smallest integer greater than or equal to Iog2(18/k). GN is
1 at the top of the picture.

Note; GBSC plus the following GN is not emulated by error-free video data.

Type Information (TYPE2)

TYPE2 is p bits which give information about all the transmitted blocks in a"
group of blocks. The value of p is under study.

Bit 1 When set to 'V indicates that all the transmitted blocks in the
GOB are coded in INTRA mode and without block addressing data.

Bits 2 to p Spare, under study.

Quantiser Information (QUANT!)

A j bit codeword which indicates the blocks in the group of blocks where
QUANT2 codewords are present. These blocks, their codewords and the value of
j are under study.

Whether QUANT! is in the GOB Header or the Picture Header is under study.
«

Extra Insertion Information (GEI)

Under study.

Group of Blocks Global Mot'ion Vector (GGMV)

Under study.

Spare Information (GSPARE)

Under study.

4.2.3 Block data alignment

The structure of the data for n transmitted blocks is shown in Figure 6. The
values of n and the order are under study. -Elements are omitted when not
required. - .

BA TYPE3 QUANT2 CLASS MVD TCOEFF1 EOB — TCOEFFn EOB

Figure 6/H.12x Data structure of transmitted block

Block Address (BA)

A Variable Length Code-word indicating the position of n blocks within a group
of blocks. VLC codewords using a combination of relative and absolute
addressing are under study.

The transmission order and addressing of blocks are under study.
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When bit 1 of TYPE2 is '!' BA is not included and up to 132k blocks beginning
with and continuing in the above transmission order are transmitted before the
next GOB Header.

Block Type Information (TYPE3)

Variable length codewords indicating the types of blocks and which data
elements are present. Block types and VLC codewords are under study.

Quantiser (QUANT2)

A codeword of up to q bits signifying the table(s) used to quantise transform
coefficients. The value of q and the codewords are under study. QUANT2 is
present in the first transmitted block after the position indicated by QUANT1.

Classification Index (CLASS)

CLASS is present if bit 5 of TYPE1 is set to 'V and indicates which of the
four available transmission sequence orders is used for luminance block
coefficients. If bit 5 of TYPE! is set to '0' then luminance block
coefficients are transmitted in the default sequence order.

Chrominance block- coefficients are transmitted in one sequence order.

The CLASS codewords and sequence orders are under study.

Motion Vector Data (MVD)

Calculation of the vector data is under study.

When the vector data is zero, this is signalled by TYPE3 and MVD is not
present.

When the vector data is non-zero, MVD is present consisting of a variable
length codeword for the horizontal component followed by a variable length
codeword for the vertical component.

Variable length coding of the vector components is under study.

Transform Coefficients (TCOEFF)

The quantised transform coefficients are sequentially transmitted according to
the sequence defined by CLASS. The DC component is always first.
Coefficients after the last non-zero one are not transmitted.

The coding method and tables are under study.

End of Block Marker (EOB)

Use of and codeword for EOB are under study. An EOB without any transform
coefficients for a block is allowed.

4.3 Multipoint considerations

4.3.1 Freeze picture request

Causes the decoder to freeze its received picture until a picture freeze
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release signal is received. The transmission method for this control signal
is under study.

4.3.2 Fast update request

Causes the encoder to empty its transmission buffer and encode its next
picture in INTRA mode with coding parameters such as to avoid buffer overflow.
The transmission method for this control signal is under study.

4.3.3 Data continuity

The protocol adopted for ensuring continuity of data channels in a switched
multipoint connection is handled by the message channel. Under study.

5. Video Data Buffering

The size of the transmission buffer at the encoder and its relationship to the
transmission rate are under study.

Transmission buffer overflow and underflow are not permitted. Measures to
prevent underflow are under study.

6. Transmission coder

6.1 Bit rate

The net bit rate including audio and optional data channels is an integer
multiple of 384 kbit/s up to and including 1920 kfait/s.

s

The source and stability of the encoder output clock are under study.

6.2 Video clock justification

Video clock justification is not provided.

6.3 Frame structure

6.3.1 Frame structure for 384-|?20 kbit/s channels

The frame structure is defined in Recommendation H.222.

6.3.2 Bit assignment in application channel

Under study.

6.3.3 Timeslot positioning

According to Recommendation 1.431.

6.4 Audio coding

Recommendation G.722 56/48 kbit/s audio, 0/8 kbit/s data and 8 kbit/s service
channel in the first timeslot.

The delay of the encoded audio relative to the encoded video at the channel
output is under study.
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6.5 Data transmission

One or more timeslots may be allocated as data channels of 64 kbit/s each.
The first channel uses the fourth timeslot.

Positioning of the other channels, and possible restrictions on availability
at lower overall bit rates are under study. The BAS codes used to signal that
these data channels are in use are specified in Recommendation H.221.

6.6 Error handling

Under study.

6.7 Encryption

Under study.

6.8 Bit Sequence Independence Restrictions

Under study.

6.9 Network interface

Access at the primary rate is with vacated timeslots as per Recommendation
1.431.

For 1544 kbit/s interfaces the default HO channel is timeslots 1 to 6.

For 2048 kbit/s interfaces the default HO channel is timeslots
1-2-3-17-18-19.

Interfaces using ISDN basic accesses are under study. (Recommendation 1.420)

END
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Figure 3/H.*€w Video coding algorithm
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QUESTION C/XV - Visual telephone systems including videoconferencing and
videophone. ' (continuation of Question 4/XV 1=85-88)

Ponsiderino
1. that recommendation H. 100 provides a generic def/nition of services

involving the transmission of visual inf ormationion networks used for
telephony and other telecommunications applications.

2. that such services include videoconferencing and videophone as defined
in H.200/AV100 series Recommendations occ=Q̂ in.O

5.
6.

1

-io

that a number of videoconferencing systems ars- si reedy in operation and
interuorleing of these systems is required.
that a number of Administrations are examining the introduction of a
video phone service through ISDN and that experiments and trials of such
services are in progress in a number of countries,

that the scale of the demand has not yet been established,
that differing facilities may be required by different classes of
subscriber but these have not yet been clearly identified and defined.
that the problems of international uorking uill be easier to resolve if
they are studied uhile national plans ere still in a preliminary end
formative stage.
that sines digital transmission Is economical end suitable for long-
distance visual communications it uill, therefore, be used for long-
distance transmission in the visual telephone service? moreover,
Narrouband ISDN end fuiure Broadband ISDN uill also be used for providing
the visual telepr.cne service, *
that K tines 64 kbit/s bit rates are requested for videoconferencing •
and videophone services, and that such services could be provided on
a switched node basis if synchronization from end to end is available,
that in addition to videoconferencing end videchone it is expected that
other .various services (eg. video lecturing. video transmission,
surveillance' end video information^retrieva!) uill be required and that
intercommunication between audiovisual terminals for those cervices is-
essential, -'. . . •'..'-'..•."

• • • • - • * * f •
11 J-Cf. that, for videoconferencing, a reservation system for booking calls is

required to ensure connection at the time of actual usage,
12, H". that both moving end still picture systems ere necessary.

Question •
part 1. for the moving picture system:-

1.1 what system architecture should be recommended, particularly
respecting the use of different modes applying one or two
B-channels ofjfchelSDN-basic access?
uhat system parameters and transmission standards should be
recommended 7 , . .
uhat should be recommended for equipment characteristics 7
uhat characteristics should be recommended for the subscriber
terminals and their environments 7
uhat should be recommended for multipoint visual telephony ?

1.6 what recommendations should be made concerning picture quality
and assessment, particularly respecting the use of different
nodes applying one or two B-channels of the ISDN-basic access?

1.7 'what recommendations should be made specifically for .
• ' -'' videoconferencing 7

t.8 uhat revision of the existing H.tOO series Recommendations •
is necessary 7

part 2. uhat system parameters should be recommended for the transmission ot
still pictures or sequences of still pictures 7

1.2

.3

.4

I.S
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Points for Study
1. System architecture for moving picture systen;

1.1 Structure of system using ISDN or other netuorks for different
services.

I.Z Hypothetical reference connections and circuits.
1.3 National extensions.
1.4 User interfaces uith netuork.
1.5 Synchronisation and timing aspects.
1.E Requirements for signalling and suitching.
1.7 Definitions of setup and disconnect procedures for N x 64

kbit/s channels.
2. System parameters and transmission standards for the moving picture

syten;
2.1 Performance objectives for the HRC's.
2'.2 Bit rates to be used on the connection.
2.3 Frame structure for different bit rates.
2.4 Communication procedures and channels for system control

signals. * x
2.5 Characteristics of interfaces with the local netuork and with )

subscriber terminals.

2.6 Methods for the separate and combined transmission of sound and
picture.

2.7 Characteristics of audio channels.
3. Specifications for equipment in the moving picture system ;

"|M 3.1 Specification of worldwide video coding algorithn(s),
parameters and equipment in various bit rates such as nx3B4
kbit/s and mxS4 kbit/s for Narrouband ISDN. (.See Annex /)

3.2 Video coding algorithm, parameters and equipment for
/̂ asynchronous Transfer Mode (ATM) In Broadband ZSONf
in particular:-
3.2.1 use of-static banduidth flexibility offered by flTM. '*
3.2.2 variable bit rate video coding techniques.
3.Z.3 influence of cell loss on image quality.
3.2.4 coder/decoder sychronisation in presence of cell delay

Jitter.
3.Z.5 harnonisation of ditributive and communicative video

services,
3.3 Transmission equipment specially designed for visual telephony j

such as remultiplexers. television standards converters,
transcoders etc.,

4. Characteristics for subscriber terminals and their environments in the
moving picture system C««e /\n«ex 2) . ' . " . -

4.T Terminal functions desired for various services.'
4.2 Requirements for the lighting and acoustic environment uhere

terminal equipments are placed. _. A.;.-. .•**"•
4.3 Interfaces betueen users and termials. eg for Video/ speech,,

data, etc.. j {tncnetr.»t.'.t/slcreophtr.'.c )
4.4 Functional specifications for interuorking - particularly

Control and Indication (Cil) signals.
5. Specification of multipoint videoconferencing and videophone systems

using standardised video codecs, particularly for:-
5.1 system architecture,
5.2 communication control protocol,
5.3 picture processing method.
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5.4 speech processing method, taking into account of speech
quality impairments due to embedded echo suppression schemes
in coders,

5.5 data signs! handling.
6. Quality aspects for the moving picture systems

B.I Methods of subjective testing including the development of
test tapes containing standardised sequences of moving
pictures uith different degrees of motion.

6.2 Evaluation of pictures containing distortion in both spatial
end temporal domains.

B.3 Effects of isr;s signal delay.
6.4 Quality aspects of ths tendon connection of codecs.
6.5 Quality of service for the applications concerned.

7. Video conferencing specifications for the moving picture syste.-i;
7.1 Specification of control and data signals for the split screen

system end their transmission me.thod.
7.2 Specification of communication reservation system -

particularly on:-
7.2.1 necessary information.
7.2.2 parameter definition and*values,
7.2.3 service capabilities,
7.2.4 protocol for international uorking.

Notos
1. The study of this Question should be"coordinated uith:-

1.1 Study Group I for service definition,
1.2 Study 6roup II for netuork operation issues.
1.3 Study Group XVIII for ISDN issues.

2. A moving picture system always includes associated speech.
The study of this question should be coordinated ulth the study of

Question U/XV (IS Itbit/s and ?? ItMtA rnrnfllng).

I : H.!oo/flV2.t2.£*e.~Tb 33 -̂0
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*•QUESTION D/XV - Harnonisation of audiovisual systems. _^_

Considering
1. that audiovisual services are to be offered in uhich different

combinations of facilities (speech, pictures, telematics, etc.) may b«
used during a connection,

Z. that such services include videoconferencing, audiographic and telematic
teleconferencing and Videophone as studied in Mother questions,

3. that other related sevices may be defined in the future for special
applications.

4. that such services should be offered for the simultaneous
interconnection of two, three or more terminals in different locations
as necessary

5. that frequently interconnection may be between terminals uhich are not
identical in the facilities uhich they have available and that in ;
general intending callers uill not be auare of the capabilities of the '
distant terminal, !

6. that, in the case of three or more terminals"; one or more multipoint j
control units (HCU) uill be required within the network to distribute j
appropriately the signals representing the various facilities.

7. that, under come circumstances, connections uill be required betueen
terminals on networks operating at different bit rates? in particular,
services such as videophone and videoconferencing may be offered both on
broadband and narrowband networks requiring gateways between these for
interconnection.

8. that in addition to the facilities perceived by the user other signals •
uill be required for the proper organisation and control of the system,
especially in a multipoint environment.

9. that Recommendation H.200 sets out a framework for recommendations
covering the defined services and the necessary technical conditions for
implementing them in a harmonised and interuorkable uayJ/j

Question
part 1. what basic signal structure should be recommended for utilisation on

interconnections of various bit rates corresponding to the bearer
services defined-in Recommendation.... ?

part3. how should recommended coding methods for audio and still or moving
television images and telematics facilities be incorporated into
the basic signal structures such that optimal interuorking
conditions are secured ?

part 4. what eeBw.ll>*nehiseihd procedures should be recommended to establish correct
interuorking between similar and dissimilar terminals taking into
account the facilities available at each ?

part 5. what harmonised set of control and indication should be recommended
to be available uithin the technical implementation to facilitate
correct operation and provide information required by user-friendly
terminals ?

part B- what should be recommended for the specification of multipoint
control units for the various types of interconnection and for the
procedures required for establishing multipoint calls on digital
networks ?

part T . uhat should be recommended for the specification that should be :

applied to equipment required at gateways between different networks
and/or interconnection bit rates ?
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Notes
1. The study of this question should be coordinated uith:-

1.1 Study Group I for service definition,
t.Z Study Group II for netuork operation issues,
1.3 Study <qrcop VlH for -telemdtic issues,
1.4- Study Group XVIII for ISDN issues.

2. The study of this Question should be coordinated with the study of
Question U/XV /ic tm*/^ ̂ ff.̂  .-Vjhrtt• n • r- o.j .. | , , n̂, .'...T.I « ir \—.J.-

: H.T.OO....
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AV310 (Rcqulrencnte for Teleconferencing) 
AVlll Audlogrophlc Sfetea and Twnlnml Requlrerrcnte 
AV312 Vldeoconference System end Termlnel 

Rcqulremmte . 
AV3I3 tcl~conference~Protocol 

AV3M Requlremente for Vldeophone Services 

IV. NKWORK ASPECTS 

AV600 

AV410 Rcsrrvetkm i%yaters 
AV420 HLC for Use ln Audlovlrual Celle 
AV430 Call Control CA1 
AV440 MultIpoInt Csll Set-up 

. 
NDTB l: 1 tem>,.ln2Sv~~lon% n~~wo&&e the rcope of, Infrastructure 
rr~,tlxldrr~~tlhnr b.tt.-‘ncver,theless requlrc hsrmon[smtlon for setirf~cLor~ 
pmv$xInn M,AV serflcea. 4; 

NDTK 1: It. Ie Intended to mvrgn the xubstance of existing Rte IlloO. 110 lntu 
thlo rrnmeunrk In the next etudy period. 

l I .  ‘ 
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FmsmTsTATusAND- or PnoPosKD nlIca6atND ATICNS !N H.2(00 

f. SCRVICC DCffMlt~ONS * 

AVlOO Dcncral Rccommendmtlon for Audlovlruol Servlcee (SO I, NN, 19SS) 

Llot of epcclflc oervlccm Included In the Senrrol ect 
Llmt of ~ocllltler (or “aedla”) Included ln the pencrnl act 
Cmll-control requlrcmenta, lncludlng multlpolnt 
lntervorklng betveen various AV aervlcer 

AVllO teleconference Servlceo (SO X, Ml@, 1988) 

Draft Ret f700 (Cow l-1123 Port X11.7) 

AVlll Audlogrmphlc Conference Sarvlce (SO l/I!, MM, 19921 

Deacrlptlm OC l ervlce: barlc racllltlco 
Optional rmcllitiea 
lermlnal conrlSurat1on and l ceonnodatlon 
Control end lndicotlone 
Perceived pcrrornonce on intemotlonal callr 
Netuork l eceroeo l ppllcable to the l trvlce 
Avallablllty and condltlone of lntematlonnl l ervlce 
Supplementary l ervleem (call forwmtdln6/trona~er, lnterconncctlon to other 

type. or l udlovlounl l crvlce temlnal). 
we 0r telcrmtlc rocllltlelr 
Quality deacrlption for audio, taklnS lnto l xmunt tranrducer and room 

perrommnce, optlono mm ta the partlculmr coding ured from the 
lnfraetruoture l et, and the effect of trmmnlsrlon errors. 

AVllZ Vldeoconference Service (SO I/tl, m, 1989) 

Aa for AVlll above 4th the rollowlng l ddltlonar 
Video oyster (mee a100 AVlOO, AVllO and AV313) 
Teralnml comllpntton l nd l ceommodmtlon include6 vldeo l apect; 
Quality deeerlptlon Car vldeo lncludlnl etfect-or tcmlnal trmducerr 

and mom condltlono. video codIn optlono from the lnfremtructure net, 
end the l frect or tranamlmmlon errora (the demcrlptlon must teke lnto 
account the roct that video codInK nay be changed rlthln the notvork, 
for eremple rron high blt rate to low blt rmte codIngI. 

AVl20 Videophone Service (SO l/11* M, 1992) 

Aa for tha vldeoconrerencs newlee AVll2 above. though of course the 
detalle 411 dlrrw ln nsny respccte. 000 alao AVWO. 

AVlfl Eiarlc Nnrrovbsnd Vldcophone Servlcc In the ISON ISO 1. MM, 1968) 

DrmTt Ret y... (CO!4 1422 Part lV.3) 

IV130 Other Audlovlsusl Servicer 

Such recommmdstlone should cover wdlovlrual servicer 
by tcleconferrnclng or videophone. Knom sppllcstions 
and remote 1ccturlnK. 

If. INFRASTRUCTURE. RtCOmtNDATlONS 

i’ 
not already covered 
ure l.etemcdlelne 

AVZOO Centrnl Recommendation for Audlovleusl Servlca Infrastructure (SG XV, 
NDK. 1992) 

Outllne proposed In COH XV RG(Anntr 1 ti Part 6.5) 

AV210 RcCtrenct Network ConTlgurntlon ror AV Servlccs (SC XV, NDK. 1992) 

OescrIptlon/txplanatlon 
Oerlnltlonn 
Reference C~Tlgurstlon 
lnttrrnecs 
Functlonsl epeclClcatlon ror multlpolnt vorklng (refer to Av23Ool 
Intrrconnrc?tlnnn between “broadband” and lover blt-rote netvorks 
Inter-rc~lonel lntsrconncctlons 

AV??O Central Aecommendstlone for Wma Structure (SC XV, NDK, 1992) 

Short umbrella rccommendstlon for the AV220 nerles 

AViZl frncne Structure ror 64 kblt/r Chsnnel in Audiovisual Tdltaervlcer \ 

s- c-7 - Jv;c( /qse. 
(SC XV, NW.. 1960) 

ndt Rcc It?21 (CON xv R-2ZZrt cdl 

A%?22 Frame Structures for 384-2048 kblt/e Channels in AV tclertrvkte 
(‘3 XV, NDK, 1980) 

UtLllaatlon oC Rcc HZ21 rlth eddltlonal 64 kblth channtls tar vldro, ete 
Utlllsatlon or rreme rtructurer for 1544 and 2048 kblt/e to Rcc 0704 

AV230 General Recannendstlon ror AV’Symten Control rind lndlcatlons ISG XV, 
NDK, 1991) 

Outline proposed ln CON Xv @(Annex + to Pbrt 6.7~) 

AVZJl Hultlpolnt control or 64 kblt/r AV Scrvlces (SC VIII, LD, 1991) 

Implementation or AV230 In the cnee of calls using slnglr 64 kblt/a paths 
only 

Dlttn, uelnK two 64 kblt/s petho 
Dltto, unlnR ISnN to Ret I-series 

AV23? MultIpoInt Control or 364-2048 kblt/m AV Servlcee (SC XV, NDK, 19921 

tnplramtntlon or AV23O ln the cssc of 384 kblt/s paths 
hittn, usIn* 1544 and 2OW kblt/a pnthn 



AV240 klnelplom for Connunlcmtlon Brtveon AV Tomlnmlm (SC XV, NDK. 1989) 

Text propomed In Cow XV Rg(Annex 2 to Pmrt B-5) 

2 
Aviv141 SjOtr Aopectm for the Ume of the 7kHz Audio Codec Ylthln 64 kblt/e 

(SC XVlll, XM. 1988) 

DreTt Rea G72T 

A%?42 grtem f'or tetebllehln~ Conmnlcetlon Between AV Termlnelm Uelng one 
or Tro 64 hblt/e Chennelm (SG XV, NDK, 1969) 

Prellmlnory text propomed In CON XV ~4 (Annex & to Pert 8.3) 

AV250 Audio Codlnq 

AV251 Nerrwbmd Audio CodInK et 64 kbIt/m 0711 

AV252 Vldebend Audio Codlnp in 64 kblt/m G722 

AV253 Audlo Coding l t 40132 kblt/s (SC XV, XX, 19l39) 

(Uoln6 G721/726 or extending 0722 down, or extending AV254 up) 

AV254 Nmrrovbxnd Speech Codlnp l t 16 kblt/e (SC XV, XX. 1969) 

AV260 Vldeo Codinq 

AV261 

AV262 n x 364 kblt/e Vldeo Codec (SG XV, SD, 19B9) Hl?X 

AV263 m x 64 kbltls Video Codac (SG XV, SO, 1989) Hl2Y 

Itt..SVSTCNS AND TKW~NAL KGUfPMKNT 

AV3OD Generel Reeonmendmtlon for AV Systene and temlnele 

AV3Dl Generml Recommendmtlonm on AV tarmine Equipment 

AV3l3 Teleconference Protocol (SC Vlff, LD, 1992) 

AVJIO Requirement6 for Teleconferencing (30 Vttl, LD, 1992) 

AV3lf Audlo&ephlc System and Termlnel KcquirementB (SC VIII, UI, 1992) 

treneducers 
R- dlopoaltbft (ulnly left to curtoner cholce) 
proceutng (mixing, echo amcelletion, volee avikhlng, ctc) 
Nolme l pealflcotlon 
had10 l ll~rusnt tlnvml-•ettlng) 
Subjactlve qtimllty (In l nmoalntlon vlth lnfrmstructure coding apI.ionm 

w elvcn In AV2M nerten) 

, 
‘d / 

AV312 Vldeoconference Syeter end Temlnel.Requlrsrcntm (SC XV, SO, 19?2l 

trrnsdvcerr 
Room dlmposltlon and llghtlng 
Nolor mpeciflcetlon 
ProceasIng (nIrlng/apllt-rcrcen, ovltchlng, etch 
Vldco mllgnment 
SubJectlve quellty (lncludlng vldeo coding optlone l ccordlng to 

AV260 narier) 

AVJZI) Nequlremente for Vldrophone Srrvlce (SG Xv, SO. 1992) 

Gmerelly 08 for vldaoeonference, AV312 l bove (dlfferenccs or datell) 

IV. NCWGRK~.ASPKCTS 

AV4GG MultIpoInt Call Set-up (SO XVI,II. XX. 1992) 

Purely rrnn the netvork polnt of vie*, end nothing epecItlenlly to do 4th 
nudlovlruel eervlcen, there 411 be a need to ensure that mulllpolnt ~~11s 
can be act up In a rultoble vey rrom the human fmctor point or vlev. 
Clrerly thin munt be closely co-ordlnatcd v1t.h the requlrcrenta nt 
telcconrcrcncing, rind of conference cmllm .O l supplementary servlce to 
vltlcnphonr snd other audfovlwal ecrvlces leer AV230). 

Chnrglng (rnpRct(l must also be taken Into account. 
. 

AVllO Rencrvetlon Systems (SC XVIII, XX. 1992) 

Rnpportaure (at April 1988) 

NW HATRWKJTO RI teuJl ’ 
NDK I KKNYON Nomen 
l.D% I~IJKSTRA Lnkkr 
XNr WAlTRg Xnvtrr 
Sftr OWN0 Seknr 
xx: to be nppolnted 

. . . . 


