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Proposal on general and editorial changes to the Technical Report on support for voice optimisation in GERAN

1. Introduction

This document proposes general and editroial changes to section 3, 6 and 7 in [1]. The general changes aim to clarify issues, which has been discussed or partly discussed earlier in TSG GERAN but are currently not reflected in [1].

2. Proposal

It is proposed to include the proposed changes in this document in corresponding sections in [1].

3. References 

[1]
G2-010205, “Support for voice optimisation for the IM CN Subsystem in the GERAN”, Draft Technical Report

3.3
Abbreviations

SIP
Session InitiationProtocol 

DTM
Dual Transfer Mode

CS
Circuit Switched 

GERAN
GSM/EDGE Radio Access Network

FACCH
Fast Associated Control Channel

RTP
Real time Transport Protocol

UDP
User 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 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-transparent 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 or full 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 optimized 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 set-up 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. 
2. It is unclear when/whether mid path transcoders for the IM CN Subsystem will be available between two SIP end users.

3. 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.

4. 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.

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

6. 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.

7. 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.

8. Header removal cannot be used where end-to-end encryption or integrity protection is used as it does not guarantee bit-exact transfer of traffic. 
6.2 
Principles for optimized voice support within the GERAN

The following principles are 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. SIP compression is required.

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.
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
6. GERAN informs the MS which codecs are currently supported and the MS is in charge of identifying a single codec which is supported by the GERAN and the other SIP endpoint(FFS). The mobile requests resources from the network.
7. The 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.

8. The solutions that are adopted as working assumptions in this TR shall be future proof and shall not exclude support of multiple codecs. 

7 
Issues for the support of header removal within GERAN

The purpose with the following subchapters is to capture all issues related to the support of header removal within GERAN. Each subchapter is in turn divided into subchapters describing the characteristics of the problem, possible solutions and the working assumptions that have been agreed.

When a working assumption has been adopted, the solutions that has not been chosen is not removed. The reason for this approach is to avoid that discussions around matters that already have been concluded, shall pop up again at a later stage. 
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Figure 1. The figure illustrates the process when an Iu-PS voice call is set-up in GERAN. The overall principles are, where nothing else stated, basically the same in all solutions described in chapter 7.

The bullet points below are a summary of the issues addressed in chapter 7:

· How shall the SIP negotiation between the endpoints be performed, and how to make sure that the endpoints have all necessary information in order to complete the negotiation.

· The principle of how GERAN figures out which speech codec that has been selected in order to apply the appropriate channel coding schemes.

· The principle of how to signal/negotiate a change in codec during an ongoing call.

· The principle of how to select active codec set (ACS) when AMR is used.

· How and when header regeneration shall be applied.

· The principle of how GERAN figures out whether or not header removal may be applied.

· How the IP and port numbers are communicated between the UE and the PDCP entity in the BSS.

· How GERAN-GERAN, UTRAN-GERAN, GERAN-UTRAN handovers shall be performed with regard to header removal.

· How mid call SIP communication shall be performed.
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