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1. Introduction

Spectrum is a scarce resource in mobile data and telecommunication networks. Therefore speech coding is used and schemes for header compression and header removal are defined. In UTRAN header compression is the default scheme to be used, and whether or not header removal will be implemented as well is not yet fully settled. In GERAN the prerequisites of the bearer technologies are very different from UTRAN. This document gives a basic background of why header removal is needed in GERAN.

2. Background

The GSM system is based on a time slot structure. Each carrier of 200 kHz is divided into eight timeslots. Much engineering effort has been put into optimising the coding, interleaving etc. for voice services to fit into exactly one timeslot. That means that the speech and channel coding of the FR and EFR has been heavily optimised for the GSM system. Regarding the narrowband AMR codec, the channel coding has also been optimised for this particular information content. Not only the number of bits and differentiated protection among those are optimised, but also the interleaving in order to minimize the delay.

If header compression is applied in GERAN, instead of header removal, a generic GPRS/EGPRS data bearer has to be used, due to the varying size of the compressed headers. It is therefore not possible to squeeze in the same amount of speech information on one timeslot without using less channel coding and/or higher order modulation schemes, which would imply serious impact on the link budget, and thus on the number of base stations needed by the operator to cover a service area. Unequal error protection in a TDMA system, as provided in the header removal proposal in GERAN, is an advantage for the voice quality.

When header removal is used in GERAN, a channel coding scheme optimised for plain voice is applied, allowing the same performance as for circuit switched voice over the air interface. As a consequence of this, no extra bits are available in the bursts and blocks sent on one timeslot over the air interface, and thus no compressed header information or other types of SIP related signalling whatsoever can be transmitted, in parallel.

SIP and other forms of signalling such as handover signalling, will be performed by stealing speech frames or switching codec rate, which will imply a temporary degradation of speech. This is the reason for the importance of SIP compression schemes. It also explains why mid call codec negotiations must be kept at a minimum.

3. Requirements on optimised speech

AT&T put the following requirements on 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. That means that no link budget performance degradation is acceptable.

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

4. One codec shall be defined as mandatory in the standard, required to be supported in all GERAN based IM CN Subsystem SIP based calls.

5. It shall be possible for the operator to prioritise other codecs than the default codec to be used in the SIP negotiation.

However AT&T can accept the following limitations:

1. 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.

4. Proposal

This document is intended for discussion and decision. This contribution has presented a brief explanation of the main issues for groups not familiar with the details of radio bearers in GERAN. 

A decision on the following points must be reached in order to progress the work within GERAN:

· It is accepted within the group that support for optimised speech is a requirement for the efficient support of IP multimedia voice in a wireless environment (UTRAN, GERAN …).  

· Furthermore the requirements cited above should be adopted/reflected in the relevant standards/technical reports. 

· Header removal is the agreed mechanism to support optimised speech in GERAN.







