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Optimized Voice Issues

1 Introduction

There has been a lot of discussion on different issues related to optimized speech in TSG GERAN and most of them are still unsolved. The joint meeting is a good opportunity to discuss these issues and it is essential to get answers to them in order for TSG GERAN to progress the work on optimized speech.

This document outlines a few issues, which we believe are necessary to answer, so that TSG GERAN can proceed with the work on optimized speech.

2 Status in TSG GERAN

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.

3 Issues to be discussed

Several contributions related to optimized speech were presented at the last TSG GERAN meeting [1][2]. They all addressed different issues with optimized speech. However no conclusion was reached on any of the issues. Still following main issues are not yet resolved:

1. What kind of codecs to support to support in conjunction with legacy transceivers? At the joint meeting between SMG2 and SA2 in Uppsala last year it was decided that it shall be possible, when connecting to Iu-ps, to support the conversational class for the speech codecs FR, HR, EFR and AMR on legacy transceivers (provided that the legacy transceiver allready supports corresponging circuit switched channels) [3]. The working assumption has been questioned several times since only AMR is supported in UMTS today and it is not clear how to handle codec negotiation between GERAN and MS. The negotiation of speech codec takes place between the two endpoints using SIP, which does not involve the RAN. It could be so that the codec chosen by the two endpoints is not supported by GERAN, i.e. the channel coding is not supported. This could lead to immediate codec renegotiation and reconfiguration of radio access bearers and no solutions so far has been presented.

2. How to inform GERAN about when to use header removal? It is not clear how GERAN would get the information of when to use header removal.

3. How to perform handover in case of using header removal? It is not clear how the handover should work. It is slightly different from the case when using header compression since it is non-transparent. Reconstructing RTP/UDP/IP headers will be more difficult if one want to avoid to large jumps in for example RTP sequence numbers and time stamps.  

4. How to transit from optimized speech to IP multimedia and back within GERAN? A very similar issue is the handover from GERAN (header removal) to UTRAN (header compression).

5. What is the amount of SIP signalling that can be expected before, after and especially during a call? This is important from a GERAN perspective in order to design the radio bearers in the right way. 
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