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Editors note 

Table of contents to be added here

Foreword
This Technical Report (TR) has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

The present document provides an overview of the architecture and issues related to the provision of voice optimisation within the GERAN

Editors note:
This scope may need to be revised

This is a first draft proposal. The content in this version is under review by GERAN and does not necessarily reflect accepted positions. 

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

Editors note: to be completed
3
Definitions and abbreviations

3.1
Definitions

Editors note: to be completed 
3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

Editors note: to be completed 

4
Overall description of optimised voice

Editors note:  The content below is included in order to illustrate the scope of this section.
It has been decided that GERAN will 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 decision 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, which will use header compression and provides end to end IP connectivity. 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 periode. Both schemes are already provided by GSM R99 or earlier.

Editors note:

To be revised and completed.

The contents of this has been taken from contribution GAHW 010129.  The intention of this section is to be generic, describing issues relevant to both GERAN and UTRAN, regarding optimised voice.

5 Definition of optimal voice schemes

5.1 Header Removal

Editors note:   To be completed
5.2 Header Compression

Editors note:  To be completed
6 Header removal

6.1 Assumptions for header removal 

Editors note: to be revised and completed

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 mid path transcoders for the IM CN Subsystem will be available between two SIP end users..
(Editors note: The case of IMS to CS interworking needs further study)
2. A solution aligned between both GERAN and UTRAN will have to be developed. 

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 GERAN.  GERAN is responsible for the allocation of its own resources and its channel coding schemes.

4. It will not be possible to use header compression, supporting multiple synchronized flows.

6.2 Principles for optimal voice support within the GERAN

Editors note: The following was discussed in the meting however this needs to be revised and completed
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).

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.
Editors note: This requirement requires further study.
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)
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, initially not agreed within the group)
6. The MS is in charge of identifying a single codec. The mobile allocates resources from GERAN. 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.
Editors note: to be reviewed
7. It will not be possible to use header compression, supporting multiple synchronized flows.
Editors note: to be reviewed
Editors note: Further principles may be defined

Editors note: The following limitations are applicable to optimal voice and needs to be analysed:

If the operator decides to allow the use of a codec that is not supported in all cells in a specified area (non default codec), it is reasonable to allow SIP, in call renegotiation of codec, if necessary. This will imply a speech interruption at handover to a cell not supporting the codec used at call set-up, due to the change of codec and/or PDCP mode.

7 Issues for the support of header removal within GERAN

7.1  BSS limitations on SIP negotiation within the IM CN Subsystem

Editors note:

There is a conflict in the principles of the IM CN Subsystem and GERAN. Proposals of how these are to be solved are presented in this section.

The content below is included in order to illustrate the scope of this section.

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.

Editors note: to be revised and completed
7.1.1 BSS and MS codec capabilities

Editors note: The content below is included in order to illustrate the scope of this section.
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.

Editors note: to be revised and completed
7.1.2 SDP message is delayed

Editors note: The content below is included in order to illustrate the scope of this section.
In this case the final SDP message sent by the calling party is delayed until the resources have been allocated within the GERAN.

Concerns has been raised that this solution will not work 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.  

Editors note: to be revised and completed
7.2 Radio Bearer Identification for GERAN

Editors note: to be revised and completed
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 has been identified:

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

2. 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. 

3. 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’.

7.3  Conditions for header removal 

7.3.1 Limitations due to RTP handling

Editors note:

The purpose of this section is to describe that RTP sequence numbers and timestamps will be regenerated, and the consequences of this.

7.3.2 Identification of header removal allowed

Editors note:

Even though GERAN (as described in 7.2) identifies that a channel codec is suitable to be used, it is essential to make sure that multiple flows requiring synchronised will occur. How this can be done is described in this section.

The content below is included in order to illustrate the scope of this section.

Below three solutions are highlighted to indicate to GERAN when header removal is possible in the case of using B1:
1. GERAN identifies whether or not header removal may be used. No solution to this has been presented.

2. The application indicates whether header removal may be used. This is indicated in the PDP context request message to the SGSN.

3. The application indicates whether header removal may be used. This is indicated in dedicated RRC communication
Editors note: to be revised and completed 
7.4 IP and port number information transfer from MS to GERAN

Editors note:The content below is included in order to illustrate the scope of this section.

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 identified, so far, in order to transfer IP and port numbers from the MS to PDCP in BSS.

1. The information is provided by RRC signalling and RB set-up. 

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

Editors note: to be revised and completed
7.5 Handover issues in optimized voice

Editors note:

The purpose of this section is to highlight the challenges of making handovers between GERAN-GERAN, GERAN-UTRAN, UTRAN-GERAN, when header removal is used.
7.6 Mid call SIP communication

Editors note:The purpose of this section is to describe the issues and possibilities regarding mid call SIP signalling.

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 could be performed using:

1. FACCH 

2. Downgrade to HR channel. This requires further analysis of:

a. TBF allocations for signalling

b. The codec selected at the SIP negotiation must be able to be reconfigured to support a HR channel, without SIP level renegotiation.

3. Allocation of additional timeslot

Editors note: to be revised and completed
8 Header compression in GERAN

Editors note:  To be completed
9 Other optimal voice schemes within the GERAN 

Editors note:  The purpose of this section is to show the scope of this document. No other optimal voice schemes are currently identified to be used within GERAN.

10 Recommended work for GERAN voice optimization schemes 

Editors note:  To be completed.
6.1 Recommended work for particular groups

Editors note:  To be completed.
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