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Clarifications and editorial changes to “TR Support for voice optimisation for the IM CN Subsystem in the GERAN”, not including chapter 7

Background

At the joint meeting between GERAN, SA2 and RAN3 in Helsinki 10-11 April 2001, it was decided to create a TR describing the issues related to optimised voice in GERAN, submitted as GAHW-XXXXXX 
to this meeting. The purpose of the current contribution is to make some clarification and editorial changes to the TR. 

Change marks in this document are relative to GAHW-XXXXXX
. Editorial changes to chapter 7 of the TR is presented in a separate contribution GAHW-XXXXXX

3.3
Abbreviations

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

Abbreviation format

<ACRONYM>
<Explanation>
SIP
Session initiated Protocol 

DTM
Dual Transfer Mode

CS
Circuit Switched 

GERAN
GSM/EDGE Radio Access Network
FACCH
Fast Associated Control Channel

RTP
Real Time Protocol

UDP
Universal Datagram Protocol 
IP
Internet Protocol 
UL
Uplink

DL
Down link 

TS
Time Slot
CN
Core Network

SS
Subsystem 
Editors note: to be completed
4
Overall description of optimised voice


GERAN is considering the solutions 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.



5 Definition of optimal voice schemes

5.1 Header Removal

 Transport and network level headers (e.g. RTP/UDP/IP) are completely removed. Based on information submitted at call setup and based on information derived from lower layer (link & physical), the receiving entity can regenerate the headers. The primary application of header removal is the optimized speech bearer, and the regenerated header may not always be semantically identical to the original header.


5.2 Header Compression

Transport and network level headers (e.g. RTP/UDP/IP) are compressed in such a way that the decompressed headers are semantically identical to the original uncompressed headers. The IETF ROHC WG is responsible for standardising header compression schemes. Header compression is suited for standard internet applications that are not designed to work only with GERAN and especially for multimedia applications therefore the scheme will be used with generic real time multimedia bearers.


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 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. GERAN is responsible to develop the header removal solution for an Optimized Voice bearer, and must take into consideration the UTRAN developments. It is not expected that UTRAN will mandate header removal; however, the solution for header removal must not exclude it being used in UTRAN. Further, any solution developed by GERAN should not cause additional standardization work for UTRAN. 

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 removal, supporting multiple synchronized flows.

6.2 Principles for optimal 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).

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. It should be possible to apply compression algorithms to SIP signalling. 
.
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 removal, supporting multiple synchronized flows.
Editors note: To be reviewed
Editors note: Further principles may be defined



CHANGES TO CHAPTER 7 IS PRESENTED IN A SEPARATE CONTRIBUTION

8 Header compression in GERAN

Editors note:  To be completed


10 Recommended work for GERAN voice optimization schemes 

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

Editors note:  To be completed.
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