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1 Introduction

This document contains a proposed draft specification “Codecs for PS Conversational Multimedia Applications.” As much as possible, the same codecs as specified in 3G-324M are utilized. 3G-324M has steadily gained industry acceptance. Thus, utilizing the same codecs for PS conversation multimedia applications will create a wider market for these codecs. In doing so, better and lower cost solutions will be manufactured. Additionally, interworking between PS and CS networks will be simplified and not suffer delay and reduced quality implicit with transcoding.

Error characteristics differ greatly for CS and PS services. However, the 3G-324M MUX, ITU-T H.223, requires the encoded video bitstream to be segmented into AL-PDUs. Each AL-PDU is error protected. The packet may be discarded if an error is detected. This is not dissimilar to what occurs in PS networks. AL-PDU length is implementation dependent. Since AL-PDU overhead is low, data partitioning schemes can be used to isolate critical data. In doing so, a bit error, may potentially not seriously affect decoding and the resulting video quality. Error correction schemes at the MUX level can also be employed.

For PS switched services, error patterns are described in terms of packet loss, which in turn are the result of bit errors incurred during transmission (usually occurring on the radio bearer) or network congestion (router FIFO overflow, collision on isochronous networks, etc.). By varying the size of transmitted packets, a video bitstream can be segmented the same as would be done for 3G-324M. For network protocols with a large header (such as IP), header compression should be used. Network congestion is something than can be controlled, or at least planned for, and should be addressed using QoS measures. Bit errors are less predictable, and must be tolerated with the use of error protection, correction and concealment measures. With sufficiently small header overhead, transport layer packets (or PDUs) can be equivalent in size as 3G-324M AL-PDUs. Despite being a CS application, 3G-324M appears to suffer packet loss when bit errors occur. Therefore, the error resilience schemes utilized by the mandatory and optional codecs specified in 3G TS 26.111 will also be effective codecs for PS services.
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Foreword

 This Technical Specification has been produced by the 3rd Generation Partnership Project, Technical Specification Group Services and System Aspects, Working Group 4 (Codec).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Scope

The present document specifies the default codecs for multimedia, packet-switched, conversational applications. Visual and sound communication are specifically addressed. The intended applications are assumed to require low-delay, real-time functionality.

The present document is applicable, but not limited, to PS video telephony.

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, subsequent revisions do apply.

[1]
3G TR 21.905 : "Vocabulary for 3GPP Specifications"

[2]
3G TS 26.071 : "AMR Speech Codec; General Description"

[3]
ITU-T Recommendation H.263 : "Video coding for low bitrate communication"

[4]
Tdoc S4/SMG11 (00)0340 : "Permanent project document WB-4: Design Constraints, v.1.3"

3 Definitions and abbreviations

3.1 Definitions

For the purposes of the present document, the terms and definitions given in 3G TR 21.905 [3] and the following apply:

xxx: yyy

3.2 Symbols and Abbreviations

For the purposes of the present document, the abbreviations given in 3G TR 21.905 [3] and the following apply:

XXX
yyy

General

No codecs are defined in the present document. Rather, existing codecs are indicated as mandatory or optional. To achieve interoperability, one codec is mandatory for each major media group. However, no more than one codec is mandatory, thus avoiding overly complex equipment. No restrictions are made on what optional features of mandated codecs or optional codecs can be used. However, encoding shall always be made within the capabilities of a receiving decoder.

4 Speech

To serve different applications, both a narrow-band (8,000 samples/s) and wide-band speech (16,000 samples/s) codecs are specified. Narrow-band codecs use radio spectrum efficiently. Wide-band speech codecs give improved speech quality and are particularly useful in conferencing applications.

Speech frames are of a considerably shorter interval compared to video frames. Additionally, transmission of speech frames adds far less delay than video frames transmitted at an equal bitrate. To synchronize video and speech, buffering of speech frames will likely be necessary. However, this may not always be desired. PS, conversational, multimedia applications often rely on protocols that allow speech-only only communication. (In fact, some of these protocols are used for speech-only transmission over wire-line, PS networks.) Therefore, speech codecs specified in the present document may suffice for both MM and speech-only conversational applications. In such dual-purpose scenarios, the speech codec implementation should work well in both a MM application (where synchronization of speech and video is important) and a speech-only application (where minimum delay is important).

4.1 Narrow-band

The AMR Speech Codec shall be supported. This is the mandatory speech codec.

4.2 Wide-band

The AMR Wideband Speech Codec may be supported. This is an optional speech codec.

5 Visual Codec

In order to provide the greatest flexibility, only a baseline video codec is specified. A means of  significant spatial and temporal compression will be included in the specification. Additional features, such as advanced coding techniques or error resilience, may be utilised based on network and video characteristics combined with terminal equipment capabilities. Other visual elements, such as still images and animation, may also be encoded.

Implementations based on the present document should be made with the real-time nature of conversational services in mind. End-to-end delay should not exceed 250 ms. Since packet loss, do to network congestion and transmission errors, is likely to occur, video codecs should be error resilient. In particular, as allowed by the transport layer, video frames should be partitioned into PDUs such that information of differing criticality will be sent in different PDUs. In doing so, it may be possible to decode a frame (albeit with some distortion), even though one or more PDUs for that frame have been lost.

Signalling codec capabilities and configuration of communication channels (from the perspective of which codec mode(s) are used) shall be made out-of-band. See 3G TS 26.xxx, “Protocols for PS Conversational Multimedia Applications.”

5.1 Baseline Codec

ITU-T recommendation H.263 baseline shall be supported. This is the mandatory video codec. Optional H.263 annexes may be used with regard to the far-end terminal and/or network equipment capabilities.

5.2 Optional Error-resilient Codec

ISO/IEC 14496-2 (MPEG-4 Visual) Simple Profile at Level 1 should be used for improved error resilience. MPEG-4 visual provides error concealment as part of the Simple Profile through Data Partitioning (DP), Reversible Variable Length Coding (RVLC), Resynchronization Marker (RM) and header extension code. MPEG-4 is baseline compatible with H.263.
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