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Proposal

This contribution is proposing to send a Liaison Statement regarding section 7.1.2.1 of the TR entitled “Support for voice optimisation for the IM CN Subsystem in the GERAN (Rel5)”. An excerpt of this section is enclosed at the end of this document. Also the annex presenting recommended network deployments should be added, when there is an agreed version of the TR including that section. An LS is felt required in order to have feedback from the relevant Working Groups as far as the following is concerned:

· to SA2:

· Is this solution compliant with the SIP call set-up procedures as currently defined in IM CN Subsystem specifications ?

· If it is confirmed that this is the case, then this solution will not require any SIP level renegotiation in cells where a consistent set of channel codings is supported by all transceivers. Is this deployment scenario a reasonable assumption ? Note that this does not require all cells of a particular network to support the same set of channel codings on all their transceivers.

· To RAN3:

· Is it possible to allow, in the RAB parameters IE included in the RAB ASSIGNMENT REQUEST, including the “Source Statistics Descriptor” in case an interactive RAB is being established ?

· Is it possible to define a new choice for the “Source Statistics Descriptor”, this choice being SIP signalling (seen as an interactive RAB) ?

· Is it possible to unambiguously identify a PDP context being established for SIP signalling with the Information Elements provided in the ACTIVATE PDP CONTEXT REQUEST message ?

Answers to those questions are required in order to conclude on whether the proposed solution as it is presented in the TR solves the problem in an acceptable manner.

Excerpt from the TR

7.1.1
Description of problem

The IM CN Subsystem SIP negotiation currently does not take into account any access specific information concerning the codec negotiation.  This is particularly the case when the access network modifies the codec packets in some way as in header removal. The BTS may lack support for some of the channel coding schemes that corresponds to the speech codecs supported by the MS. 

7.1.2 
Proposed solutions

7.1.2.1
MS knowledge of GERAN channel coding capabilities before SIP negotiation

7.1.2.1.1
Description of the solution

A solution could consist in letting the peer involved in a SIP call set-up know about the capabilities of the GSM/EDGE Radio Access Network (e.g. supported channel codings in the cell). Such knowledge has to be provided prior to the SIP-based call set-up.

It is proposed that this knowledge be provided as a new Information Element appended to the RADIO BEARER SETUP message, setting up the Radio Bearer for SIP signalling. Deterministic rules for the BSS to work out that the RAB being established carries SIP signalling are FFS. This may be achieved for example by defining a new Source Descriptor choice for SIP signalling.

When the user moves to another cell after SIP negotiation has started but before it is completed:

· either the BSS hand-overs the resources used for the SIP Radio Bearer and the HANDOVER COMMAND or RB RE-CONFIGURATION message, whichever is used, can include such information for the new cell (see 44.018);

· or the MS re-selects the new cell and sends a CELL UPDATE to the BSS. The response from the network can include such information for the new cell (CELL UPDATE CONFIRM or RB RE-CONFIGURATION).

If the channel coding capabilities supported by the old cell are not the same as those supported in the new cell, this may trigger codec re-negotiation at SIP level.

The impact on SIP level codec negotiation is then the following:

· In case of Mobile Originated call the selection of QoS attributes, codec, etc for each media flow described in the SDP contained in the SIP INVITE shall then take into account not only the SIP client own capabilities but also the capabilities of the GERAN. Each media flow will be associated to a list of all the codecs that are supported by both the originating SIP client and the controlling GERAN (as far as the necessary channel codings are concerned) and which fulfill the QoS required for the media flow. The SIP negotiation then takes place according to 3GPP TS 23.228.

· In case of Mobile Terminated call, when the addressed SIP client receives the SDP contained in the SIP INVITE, it shall then take into account the codecs that it accepts itself and that are supported by its controlling GERAN (as far as the necessary channel codings are concerned) before accepting the SDP and send the reply to the originating SIP client.

Such a solution will not require any SIP level codec renegotiation in cells where the same set of channel codings is supported by all transceivers. In case transceivers of a cell do not all support the same channel codings (e.g. some support TCH/FS and TCH/AFS codings, others support only TCH/FS), it may happen that a codec is negotiated at SIP level for which there is no transceiver availability at the time the Radio Bearer is set-up (e.g. AMR NB is chosen). This would imply SIP level codec renegotiation. This solution is therefore particularly suited for network deployments where a consistent set of channel codings is supported by all transceivers of a given cell. However, this does not require all cells of the network to support the same set of channel codings.

