3GPP TSG GERAN








TSGG#08(02)0024

Meeting no 8
Agenda Item: 4.1

Rome, Italy

4 – 8 February 2002

TSG-SA WG4#19 meeting
Tdoc S4 (01)0644

December 3 – 7, 2001, Tokyo, Japan


Title:
Reply Liaison Statement on SIP Signalling and Codec Issues

Source:
TSG SA WG4

To:
TSG GERAN, TSG SA WG2, TSG CN WG1, TSG CN  WG3

Cc:


Response to:
LS N1-011334 on SIP Signalling and Codec Issues from Joint TSG- GERAN/SA2 meeting

Contact Person:


Name:
Pasi Ojala
E-mail Address:
pasi.s.ojala@nokia.com

TSG SA4 thanks TSG CN1 for their LS on SIP Signalling and Codec Issues (N1-011334) replying the TSG GERAN and SA WG2 joint meeting liaison (OSV-01046) on IMS and Optimised Voice identifying a number of issues and working assumptions for Release 5.

TSG SA4 has the following responses to the issues identified in the incoming LS:
· 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.

TSG SA4:

TSG SA4 confirms that the MIME encoding for AMR ACS parameters in the SDP information is included in TS 26.235 normative annex. The same information is also in Internet draft draft-ietf-avt-rtp-amr-10.txt. It should be noted that the latest IETF draft contains the authentic information. The intention is to change the normative annex in TS 26.235 into a reference pointing to IETF RFC number when the RFC number is available. Before that, it is recommended to always check the latest version from IETF.

·  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 ?

TSG SA4:

It is the understanding of TSG SA4 that there does not exist any special mechanism to enforce the AMR mode. The AMR RTP payload contains in-band codec mode request signalling which can be used for requesting a specific mode within the active codec set.  If the AMR modes within the active codec set need to be changed, the only method is the parameter re-negotiation using SIP signalling.

TSG SA4 looks forward to working closely with TSG GERAN, SA2, CN1 and CN3 in resolving the issues associated with Optimised Voice mode for IMS sessions in the future.
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