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CN1 thanks TSG GERAN and SA WG2 for their LS on SIP Signalling and Codec Issues (N1-011076) from their joint meeting on IMS and Optimised Voice, which identified a number of issues and working assumptions for Rel 5, which CN1 has considered.
CN1 has the following responses to the issues identified in the incoming LS:
· In the Optimised Voice service within GERAN, only one codec (and if applicable the AMR Active Codec Set (ACS)) will be the consequence of the SIP negotiation.


The meeting asks if the resulting single codec decision, is an IMS restriction. 

It is the view of CN1 that the SIP/SDP codec negotiation takes place between the two endpoints involved in the call, (either two IMS UEs or an IMS UE and a Media Gateway Control Function or other network SIP entity). As a consequence of the SDP codec negotiation the IMS UE using the Optimised Voice Mode must indicate and select the single codec (such as AMR) and if applicable the Active Codec Set in the SDP information. This is a requirement on the IMS UE if optimised voice mode is being used. The P-CSCF has the capability to “Groom” codecs but this is based on a static profile based on operator policy including RAN capabilities. 

· In the Optimised Voice service using AMR, an indication of the ACS has to be made at the SIP negotiation level. In GERAN a set of four or less rates has to be selected within the AMR codec. The current solution being discussed within GERAN is that the negotiation of ACS on a SIP level is done using MIME encoding of format parameters.

In order for this mechanisms to work would require that all entities understand the request. This raises the issue that the MIME encoding would need to be included in the standards as a mandatory requirement. The group requests confirmation that this ability is currently defined in the standards. 
It is the understanding of CN1 that SA4 has already specified the MIME encoding for the ACS parameters in the SDP information in TS 26.235 (CR # 001) and also that an Internet draft draft-ietf-avt-rtp-amr-10.txt also specifies these parameters. CN1 has already included these parameters in the SDP information in the example SIP call flows in TS 24.228. CN1 will also add this Internet draft to the list of Internet draft dependencies it is monitoring in TS 24.229.

·  If AMR is used is there a mechanisms that can enforce the use of an AMR mode that can be carried on a physical HR channel (i.e. AMR 795 or lower) within the RTP for carrying Optimised Voice in GERAN ?
It is the understanding of CN1 that RTP currently contains the Payload Type header field for indicating use of the AMR codec and that SA4 have specified in TS 26.235 (CR # 001) how RTP can carry an indication of the AMR mode. However RTP is within the domain of CN3 and CN1 requests CN3 and SA4 to respond with a definitive answer to this question.

· GERAN is currently looking into the analysis of the different mechanisms it can use for carrying mid call  SIP messages over the GERAN.  

The meeting asks if CN1 can inform GERAN of the mid call SIP signalling scenarios that they have considered in their exampled call flows.

CN1 has not yet considered the handover or RAN limitation based types of mid call signalling codec renegotiation scenarios that GERAN and SA2 are considering in 3GPP OVS-01042 in their example call flows in TS 24.228 however they plan to consider such example scenarios in these flows in the future.

CN1 looks forward to working closely with TSG GERAN in resolving the issues associated with Optimised Voice mode for IMS sessions in the future.
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