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There are overall requirements on supporting general Internet Multimedia (MuM) control signaling procedures for 3G packet-based operation and 3GPP has agreed that SIP/SDP shall be the basis, but MuM applications may also use several other protocols. TSG GERAN has started investigations of how to provide suitable GERAN Radio Access Bearers for this purpose and has identified that some requirements have to be clarified in order to allow a proper design. This is necessary since different estimations on for instance bandwidth might result in different design solutions.

Therefore TSG GERAN would like to ask S2 on advice regarding the following questions:

1. For a MuM speech application, what are the estimated normal signaling volumes (before and after compression, assuming a compression algorithm with feasible complexity for Mobile Stations) and delay over the Iu-ps interface per phase: from Power-on until registered in the SIP Server, until feedback of “Call in Progress”, until “Ringback”, until “through-connect”, during call/session, until call disconnected?

2. Is there a need for payload compression of MuM messages? It is noted that there is no payload compression in UMTS R99 and the Core Network shall be common for UTRAN and GERAN. In the case compression of MuM signaling is needed, what are the working assumptions regarding compression algorithm and location on the network side: in GERAN or in CN? 

3. Could S2 provide current call setup procedure models to TSG GERAN for it’s reference. 

4. Could S2 provide working assumptions on RAB’s needed to support SIP-based MuM calls. The number of RAB’s, QoS parameters per RAB and RAB simultaneity/sequence are desired input data for TSG GERAN work.

TSG GERAN also wants to inform S2 about the particular limitations, which apply to GERAN, so that they can be considered in the ongoing work on MuM control and QoS. 

It has been required by operators, that GERAN in case of optimized speech has a similar spectrum efficiency as GSM circuit switched speech. Therefore a voice over IP call should be possible with a single slot mobile. For call set-up purposes, the GERAN provides a signaling channel with a user peak bit rate  in the order of 9.6kbit/s, which is shared amongst users. Thus a single user throughput is typically 1.2 kbps. It may be possible to introduce a feature where the user is provided with a full bandwidth signaling channel, however, analysis of the impact on spectral efficiency and   capacity have to be understood fully. A similar situation exists during calls with signaling channels of peak bit rates of 9.6 kbps, however, the actual throughput is even more limited due to impacts on speech quality, caused by the loss of speech frames during active signaling. 

The next TSG GERAN ad hoc meeting will take place October 9-13. It would be beneficial if S2 could give advice before this meeting.
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