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1. Introduction

The following is a summary of the issues regarding optimized voice over the packet switched domain, which were discussed within the GERAN #4 meeting in Biarritz, plus some additional comments by AWS. The purpose of this contribution is to provide a list of topics that have to be addressed in the process of putting optimized voice into operation in GERAN. The contribution is intentionally kept short, and concise. A justification of why AWS consider header removal as a necessary part of an optimized voice concept in GERAN is described in [3].

It is the view of AT&T that the issues discussed in this paper should result in decisions on how to move forward and standardize header removal/optimized support for GERAN. 

2. Assumptions

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

· It is the GERAN group’s current working assumption that a general procedure
, applicable to both GERAN and UTRAN, will have to be developed, in order to support ‘header removal’/’optimized voice’. 

3. Identified tasks

There are currently a number issues that have been identified that must be addressed if GERAN is to support header removal.  

3.1 BSS limitations on SIP negotaion within the IM CN Subsystem 

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 and compression.  This information must be recognized before the final SDP message has taken place and the codec has been chosen.   

It is understood that the MS must be aware of this information, as the BSS is not part of the SIP information exchange.

There are two solutions (3.1.1 and 3.1.2) currently being discussed.

3.1.1 BSS and MS codec capabilities

In order for the MS/end points to decide upon a set of CODEC(s) during SIP negotiation that are supported by the BSS, the MS must be able to understand the speech coding capabilities within the MS in accordance with the channel coding capabilities in the GERAN. One proposal for this as described in [1], suggests that GERAN notifies the MS about existing capabilities before the SIP negotiation starts.  This information could also be transferred when allocating radio resources for the initial “signaling” PDP Context for the IM CN subsystem.

In this solution 23.228v5.0.0 methodology applies where the SIP negotiation will result in one codec (or AMR codec set) being selected before resources are allocated in GERAN.

3.1.2 SDP message is delayed

In this case the final SDP message sent by the calling party is delayed until the resources have been allocated within the GERAN.

It is AWS’s understanding that this solution will not work in  in the case where no mid path transcoding is carried out, such as in the case of IM CN Subsystem MS to IM CN Subsystem MS call where both mobiles are accessing the network via GERAN. The reason for this is that two different GERAN entities are involved in the SIP negotiation phase, and it has to be assumed that those GERANs may come up with different codec selections.

Additionally this proposal changes the current working model for the IM CN Subsystem as defined in 23.228v5.0.0.  This would cause substantial changes to the currently agreed information flows and would have to be agreed both in S2 and CN1.  Therefore this proposal should not be progressed further.  

3.2 Radio Bearer Identification for GERAN

When GERAN is about to apply header removal, it is necessary for GERAN to identify which codec is used, as the corresponding channel coding algorithm has to be applied. Three solutions to accomplish this are described in reference [2]. These are briefly described below:

(A1) Direct communication between the UE and the BSC is carried out in order to identify the appropriate channel coding required in the GERAN.

(A2) Detailed QoS information is provided in the ‘Activate PDP context request’ message by using the ‘SDU format information’ attribute. This information uniquely identifies the appropriate channel coding in the GERAN. However, ‘SDU format information’ would have to be introduced in R5. 

(A3) A field containing the specific speech codec used can be introduced in the ‘Activate PDP context request message’ to the SGSN. This information is then passed to the GERAN at the ‘Radio Access Bearer Request’.

3.3 Header removal

For header removal over the air interface the header must be regenerated within the BSC in the uplink.

It is currently unclear if the regenerated RTP sequence numbers and RTP timestamps in the BSS/MS are aligned with the ones in the MS/BSS where the headers were removed by PDCP. The following possibilities exist.

(B1) The timestamps and sequence numbers of multiple synchronized flows to/from the same MS are not aligned.

In this case, header removal must not be used in multimedia applications where several parallel flows will exist. This will require some procedure in GERAN to identify whether or not header removal will be possible to apply. Some applications may fail if negative slips occur during handover. The probability of negative slips occurring is FFS. The consequence of negative slips is impossible to estimate, as it is application dependent.

(B2) The timestamps and sequence numbers of multiple synchronized flows to/from the same MS are aligned with the possibility of some acceptable skipping (+/-)

In this case, header removal may be used in multimedia applications where several parallel flows will exist. Some applications may fail if negative slips occur during handover. The probability of negative slips occurring is FFS. The consequence of negative slips is impossible to estimate, as it is application dependent. 

(B3) The timestamps and sequence numbers of multiple synchronized flows to/from the same MS are aligned
In this case, header removal may be used in multimedia applications where several parallel flows will exist.

If this is possible to accomplish, or not, is FFS. If it is assumed that (B3) is a possible solution it is still obvious that very hard requirements on call setup and handover procedures will be the consequence.

3.4 Header removal allowed

Depending on which header regeneration method adopted (B1, B2 or B3) will introduce different limitations to when it will be possible to use header removal.  This is applicable for example in the case where synchronized flows occur when using B1. 

Below three solutions are highlighted to indicate to GERAN when header removal is possible in the case of using B1:

(C1) GERAN identifies whether or not header removal may be used. No solution to this has been presented.

(C2) The application indicates whether header removal may be used. This is indicated in the PDP context request message to the SGSN as described in [2].

(C3) The application indicates whether header removal may be used. This is indicated in dedicated RRC communication as described in [2].

It is currently taken that (C2) is adopted as the working assumption (in case B1 proves to be the actual situation with respect to RTP alignment) 

3.5 IP and port number information transfer from MS to GERAN

In order to carry out header regeneration in the uplink the relevant information must be communicated with the PDCP entity in the GERAN.

Two possibilities have been discussed in GERAN (see [2]) in order to transfer IP and port numbers from the MS to PDCP in BSS.

(D1) The information is provided by RRC signaling and RB setup.

(D2) The information is sent in a TFT from the MS to SGSN, which in turn provides the information to the BSC.

Those solutions are described more in detail in [4] and [5].

3.6 Handover issues in optimized voice

From a GERAN perspective the challenge is to transfer the PDCP state during handover between GERAN-GERAN, GERAN-UTRAN, UTRAN-GERAN. This is further described in [6].

It is assumed that GERAN uses header removal and UTRAN applies header compression. In this case GERAN-UTRAN would imply a change from header removal to reader compression.

If/when UTRAN introduces header removal, GERAN-UTRAN handover will be possible without changing PDCP mode.

3.7 Mid call SIP communication 

It is foreseen that there may be additional mid call IM CN subsystem SIP communication using header removal. The current working assumption is that this communication shall be performed using FACCH and/or by downgrading to HR channel, using the AMR codec (via in band AMR signaling). Although this still requires further analysis.

4. Proposal 

This paper has identified a number of issues that must be overcome in order for header removal to be supported in the GERAN.  Furthermore it is currently identified that the support of voice for the IM CS Subsystem is release 5 functionality.  

TSG GERAN sees the need for a long-term solution and thus requests that these issues are discussed with the evolving future codecs in mind.

There is currently a large question over which group is responsible for the support of header removal in the GERAN.  While S2 have identified it as a purely GERAN issue GERAN see more architecture issues that must be resolved (awareness of capabilities of GERAN within the SIP messages etc).  

It is essential that this meeting resolve the issue of the responsibility of the work on header removal for the IM CN Subsystem, so that the work regarding optimized voice can be started. 

This joint group must therefore make the following decision:

Either 

· GERAN takes the responsibility for header removal for voice optimization for the IM CN subsystem.

Or

· Header removal for voice optimization is dealt with by SA2

In line with the outcome of the previous point It is proposed that the issues highlighted in this proposal are studied and discussed at the relevant meetings.
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� At GERAN #4 in Biarritz contribution [2] was presented. The assumption in this document was that a GERAN internal solution to optimized voice with header removal should be developed. This approach was rejected.








