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During the joint meeting between TSG GERAN and TSG SA2 a number of issues and working assumptions were discussed.  The following includes a number of these comments. 

· In the Optimised Voice service within GERAN, it is assumed that only one codec (and if applicable ACS) will be the consequence of the SIP negotiation.

· In the Optimised Voice service using AMR, an indication of the Active Codec Set (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 this 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. 
· Within the codec negotiation using SIP for the optimised voice service in GERAN a minimum requirement must be the support of at least one mode that can be used on a physical half rate channel.  

The meeting raised the question, is there a way of enforcing this requirement currently in the specifications ? 
· Consequently how can GERAN 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 ?
· 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.

For background information the latest copy of the associated draft TR currently being developed on Support for voice optimisation for the IM CN Subsystem is attached with this contribution.

