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1 Introduction

Currently only assumptions for header removal (section 6.1) and principles for optimised voice support within the GERAN are included within the TR on "Support for voice optimisation for the IM CN Subsystem in the GERAN" ([1], section 6.2). A section listing the requirements is missing. 

The intention of this contribution is 

-
to clearly separate ‘assumptions’ and ‘principles’, which are rather kinds of working assumptions  from requirements and 

- 
to collect requirements, which have to be fulfilled when deploying voice optimisation to the network. Those requirements will have to be, of course, agreed and completed.

-
to provide a base for evaluating different solutions based on agreed requirements.

2 Proposal

It is proposed 

· to replace section 6 with a new section 6 containing requirements (including requirements already within the previous section 6) and 

· to create a new section (section X within this document) for Working Assumptions with the remaining content of the old section 6. 

The changes shown in chapter X are against the content of the previous section 6. The proper place of section X within the TR should be up to the rapporteur’s opinion.

6 
Requirements for Support for voice optimisation for the IMS in the GERAN

This section lists requirements for the optimised voice service in GERAN.

1.
GERAN shall support the optimised transport of speech originating from the ps-domain by reusing the channel coding of CS speech channels in GSM.

1.1
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.

1.2
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
2.
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).

3.
There shall be no performance degradation in coding and modulation compared to traditional circuit switched voice services.

4.
The GERAN solution shall have minimum impact to 3G core network nodes. The principle that the 3G ps CN just provides the means to establish generic transport bearers and does not deal with service specific information shall be maintained (“service unawareness” of xGSN).

5.
The QoS (RAB) parameters, so far defined for RANAP shall be utilised to distinguish RABs for SIP signalling from RABs for the actual speech transport.

6.
GERAN shall not interpret SIP signalling.

7
The GERAN solution shall utilise as far as possible already existing protocol means on the Iu interface for UTRAN.

Note: This requirement aims to avoid interworking problems between UTRAN and GERAN in handover situations.

7.1
Although UTRAN has no plans to deploy header removal in Rel 5, a solution has to be as close as possible to UTRAN and must take into consideration the UTRAN developments.

8.
The change between header compression and header removal shall be possible during handover to be able to perform intra system and inter system handovers (e.g.: GERAN - GERAN, GERAN - UTRAN).

9.
Interruptions in speech due to SIP signalling, mid call, shall be kept to a minimum.

10.
The GERAN solution shall be future proof and shall not exclude the support of multiple codecs.

X
Working Assumptions for Support for voice optimisation for the IMS in the GERAN


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.

2. TSG GERAN is responsible to develop the header removal solution for an Optimized Voice bearer.

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.

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

5. As RTP time stamps and sequence numbers are regenerated in the BSS, thus there might be an offset in the regenerated headers across a handover event. Positive or negative slips in sequence numbers may occur in such a situation.

6. In initial implementation it is assumed that the application that generates and receives the flow for which header removal is applied, is integrated in the terminal. Refer to 3.1.1 for the definition of an application that is integrated in the terminal.



7. 
8. 
9. 
10. 
11. 
12. 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.

13. 
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