SA WG2 Temporary Document

Page 2
-


3GPP TSG SA WG2 Architecture — S2#47
S2-051698
27 June - 1 July 2005

Montreal, Canada

Source:
Nortel
Title:
Baseline for VoIMS enhancement
Document for:
Approval
Agenda Item:
7.9
Work Item / Release:
7
Introduction

In order to study Voice over IMS optimisation, it is necessary to clarify on which data stream it should apply.

Discussion

For 3GPP IMS voice service, user data stream is basically made of:

· IMS signalling stream
· RTCP stream
· RTP speech stream
All these streams can be transported over the same UMTS bearer (the same PDP Context/RAB) or over different ones. The TR study should consider the different possibilities.
RTP payload carries the speech data coded with AMR or AMR-WB codecs right now. Other codec may be supported in the future but only these two ones have been retained for 3GPP IMS services as described in 3GPP TS 26.236. The TR should consider these two possible codec. Future codec can not be known currently and cannot be considered in the study right now. However the solution developed must allow new codecs to be introduced in the standard in a backwards compatible way.
RTP payload format offers different options (bandwidth efficient mode of operation, octet aligned, many speech frames can be concatenated in the RTP packet, multi-channel session…). Nevertheless, some simplifications have been done in 3GPP IMS services described in 3GPP TS 26.236. The following characteristics of the RTP flow are described for real time voice service:
· the bandwidth efficient operation shall be used,

· only one speech frame shall be encapsulated in each RTP packet,

· the multi-channel session shall not be used,

· interleaving shall not be used,

· internal CRC shall not be used.
Conclusion

It is proposed to clarify in the current TR which bearer data will have to be considered. The following is suggested for addition in the TR:
X
Architecture Baseline

For 3GPP IMS voice service, user data stream can consists of:

· IMS signalling stream

· RTCP stream

· RTP speech stream

All these streams can be transported over the same UMTS bearer (the same PDP Context/RAB) or over different ones. The TR study should consider the different possibilities.

As described in 3GPP TS 23.26.236, for 3GPP IMS voice service, the RTP payload carries the speech data coded with AMR or AMR-WB codec with following RTP limitations:
· the bandwidth efficient operation shall be used,

· only one speech frame shall be encapsulated in each RTP packet,

· the multi-channel session shall not be used,

· interleaving shall not be used,

· internal CRC shall not be used.
3GPP may introduce codecs other than AMR and WB-AMR in the future.
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