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1. Overall Description:

TSG SA4 has reviewed the two Liaison Statements on “Vocoder rate adaptation for LTE” from TSG RAN and TSG SA (Tdocs RP-090664/S4-090417 and SP-090461/S4-090418). 

We would like to inform SA2 and RAN2 of existing speech codec rate adaptation mechanisms for Multimedia Telephony Service for IMS (MTSI) as already specified in 3GPP TS 26.114 “IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction”.

Following are the existing speech codec rate adaptation mechanisms for end-to-end adaptation between UEs:

1. At call setup: Codec and Codec Mode Negotiation via SIP/SDP as specified in subclause 6.2.2 (and exemplified in Annex A)
This allows the UEs to select AMR or AMR-WB and which modes of these codecs can be used for the session
. When speech is offered, an MTSI client in terminal shall include AMR-NB in its offer. If wideband speech is supported by the UE, the SDP offer shall include both AMR-WB and AMR-NB in that preference order. All codec modes shall be offered but the far end may restrict the allowed set of modes for e.g. interworking with CS GERAN and CS UTRAN.  However, the codec and codec mode selection at call setup can be adapted due to network and terminal resource limitations made known to the MTSI client at call set-up, or due to terminal configurations such as those configured with OMA-DM.
2. Immediately after call setup: Initial Codec Mode selection as specified in subclause 7.5.2.1.6

This specifies the rules to determine the initial codec mode for a call with the goal to avoid congestion. UE shall limit the initial codec mode for a call to a lower mode until at least one frame-block or an RTCP message is received with rate control information. 

3. During on-going call: Codec Mode adaptation mechanism via RTCP as specified in subclause 10.2 (and exemplified in Annex C)
This specifies the signalling that can be used by the UEs to adapt the codec mode, frame aggregation, and application-level redundancy. The signalling allows independent adaptation for both directions between the UEs. Although the algorithm that triggers codec adaptation is not specified, example algorithms based on measuring packet loss rate are given in Annex C. 
SA4 is awaiting SA2 and RAN2 input to consider any necessary enhancements to the above mechanisms to support the new “Vocoder rate adaptation for LTE” work item.

Furthermore, SA4 is currently working on the Managing MTSI Media Adaptation (M3A) feature (WID in Tdoc SP-090021/S4-090157). The outcome of this work will not impact the rate adaptation mechanisms listed above. However, this work may impact the configuration of rate adaptation algorithms implemented in Release 9 UEs. 
2. Actions:

To SA2 and RAN2 groups:

ACTION: 
SA WG4 kindly asks SA WG2 and RAN WG2 to take the above information into consideration and inform SA WG4 of further developments in the “Vocoder rate adaptation for LTE” work item.
3. Date of Next SA WG4 Meetings:

SA WG4 Meeting #55 
17-21 August 2009
Kista, Sweden
SA WG4 Meeting #56 
9-13 November 2009
Sophia Antipolis, France
� The codec negotiation does not prevent the use of other codecs not explicitly specified in TS 26.114.





