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1. Overall Description:

TSG-SA WG2 thank GERAN for their LS in Tdoc GAHW-01 0244 and the associated proposed TR GAHW-010235.  SA2 has analysed sections 4, 6.1 and 6.2 and has the comments outlined in point 2 below.  Unfortunately SA2 has not had sufficient time to analyse all the different solutions proposed in section 7 and would like to have the opportunity to express their comments in this document at a later joint session.   

Therefore SA2 agrees that a joint meeting is required between GERAN and SA2 and suggests that RAN2 and RAN3 are included in the invitation. 

The following dates have been identified by SA2:



25/06/2001  


2. Actions:

The following highlighted SA2 comments have been raised for section 4 of the proposed TR:

4
Overall description of voice over IP in the IMS domain when connected to GERAN

GERAN is considering the solution to provide an optimized voice bearer as well as generic bearers to support speech originating from the Iu-ps. The optimization is achieved by reusing the channel coding of CS speech channels in GSM, and by employing header removal to increase the spectrum efficiency. The consideration regarding header removal was made with the understanding, that header removal is a non-transparant header adaptation scheme and that therefore optimized voice can’t be used together with synchronized medias.

Optimized voice will be used in conjunction with SIP. Agreed schemes in GERAN to transport SIP are DTM (Dual transfer mode: going over to 2 half rate slots during the transmission of SIP data) or FACCH,  stealing speech frames during the SIP transmission periods. Both schemes are already provided by GSM R99 or earlier.
The following providesa brief discussion by SA2, if the FACCH mechanism is to be used.  

Currently the IM CN SS has the concept of a signalling PDP context. These are established as (secondary) PDP contexts and hence use a separate GTP tunnel into the GERAN BSC. Provided that the BSC is informed that this PDP context is for signallng, then this would  enable the BSC to identify the (SIP) signalling messages and map all of the signalling messages to/from the FACCH (or SDCCH). The SA WG2 QOS ad hoc group is currently discussing on how to provide such an indication. Compression of SIP messages is being considered in order to reduce their transmission delay across narrow band channels.


The following highlighted SA2 comments have been raised for section 6 of the proposed TR:

6 
Header removal

6.1 
Assumptions for header removal 

1. In initial implementation it is assumed that mid path transcoders are only used for PSTN interconnection via the Media Gateways. It is unclear when/whether mid path transcoders for the IM CN Subsystem will be available between two SIP end users.

SA2’s current working assumption is that there is no mid path transcoders between two SIP end users in the Release 5 timeframe.  This is on the assumption that SA4 has not mandated any mid path transcoding
2. TSG GERAN is responsible to develop the header removal solution for an Optimized Voice bearer, and must take into consideration the UTRAN developments. UTRAN has no plan to deploy header removal in release 5.

SA2 concurs with this
3. According to IM CN Subsystem principles the MS identifies which codec it wishes to use in the communication session.   The mobile then requests resources from the network.  GERAN is responsible for the allocation of radio and transport resources and  the relevant channel coding schemes.

SA2 concurs with this
4. It will not be possible to use header removal for bearers that are part of a multimedia session requiring synchronised media streams.

SA2 concurs with this
6.2 
Principles for optimized voice support within the GERAN

The following principles is assumed for the optimised voice service in GERAN:

1. It shall be possible to use a SIP based optimised voice service with a mobile terminal supporting multi slot class 1 (1 TS in DL, 1 TS in UL).

SA2 agrees that SIP based optimised voice service must be able to fit into one TS (UL and DL). 
2. There must be no performance degradation in coding and modulation compared to traditional circuit switched GSM voice services. 

3. Interruptions in speech due to SIP signalling, mid call, shall be kept to a minimum. SIP compression is required.

This is still under discussion within SA2 

4. One channel coding scheme shall be defined as mandatory in the standard, required to be supported in all GERAN based IM CN Subsystem SIP based calls.
Editors note: This point will have to be developed further, initially not agreed within the group and should also cover the legacy transceiver issues.
SA2 agrees on their being a mandatory set of codecs (including NB-AMR) however SA2 believes that further candidates for the mandatory set (i.e. including legacy transceivers) is a decision driven by GERAN.  Note if GERAN identifies that legacy transceivers should be supported for optimised voice then it is suggested that GERAN push this requirement to SA1, SA2 and SA4.
5. It shall be possible for the operator to prioritise other channel coding schemes than the default channel coding schemes to be used in the SIP negotiation.
Editors note: This point will have to be developed further, not agreed within the group
It is SA2s current understanding that the SIP end points are able to prioritise the list of codecs.  However operator defined prioritisation is for further study.  Note the mandatory codec shall be included in the list of candidate codecs.   

6. The MS is in charge of identifying a single codec (FFS). The mobile requests resources from the network. GERAN will make the final decision whether or not header removal is possible to apply, or if a generic radio bearer will have to be used.

It is SA2’s current working assumption that the SIP end points select the codec to be used, the radio access, SGSN and GGSN are not involved in this negotiation.
SA2 agrees with GERAN having the decision on applying header removal to the session
The following highlighted SA2 comments have been raised for section 7 of the proposed TR, note SA2 did not have sufficient time to study all solutions proposed in this section:

7.1  
BSS limitations on SIP negotiation within the IM CN Subsystem
7.1.2 
Proposed solutions
7.1.2.2 
SDP message delayed

7.1.2.2.1 
Description of the solution

In this solution the proposal as described in 7.1.3.1 is enhanced. By delaying the final SDP message sent by the calling party until the resources have been allocated within the GERAN, there is no risk that a codec is selected that requires a channel coding scheme that is not supported in the BSS.

The current SA2  architecture (as defined in 23.228) also used as the basis of the IM CN SS development in CN1 (24.228 and 24.229) states that resource allocation occurs after the SIP negotiation stage.  The SDP message delayed solution violates this working assumption and would likely cause additional delays for the end users.  SA2 believes that this solution should be removed from consideration.
3. Attachments:
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