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Introduction

The optimised speech bearers are being designed for GERAN to support IP based speech only streams. The issues that are under development in TSG GERAN include support for header removal as well as support for multiplexing of speech and SIP signalling. However, there are issues that need to be resolved. Some of these are also of concern to other 3GPP TSGs. This contribution is an attempt to list those issues in order to progress the work with respect to this item.

Choice of Header adaptation mechanism

There are different header adaptation mechanisms that may be used by the GERAN. Header adaptation mechanisms are part of PDCP functionality and they are defined as follows:

· 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.

· 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 optimised speech bearer, and the regenerated header may not always be semantically identical to the original header. 

· No header adaptation. Transport and network-level headers (e.g. RTP/UDP/IP) are forwarded.

The choice of header adaptation mechanism will depend on the type of application that is used. Header removal will only be used if the application is IP based speech. An unambiguous indication that would help GERAN RRC in deciding the header adaptation mechanism is required. This indication is expected to be part of the RAB assignment procedure over the Iu interface.

Header regeneration in the MS

In case of header removal there is a choice to regenerate or not RTP/UDP/IP headers. In case of regeneration end to end transparency of network and transport headers can not be guaranteed. Some of the varying fields in RTP header have to be regenerated without explicitly sending information over the radio interface.  Also, current assumption in TSG GERAN is that RTCP packets need not to be transmitted over the air interface.

Speech coding and VoIP

Key reasons for designing optimised speech bearer in GERAN is to achieve the same or better spectral efficiency compared to GSM speech as well as reuse existing channel and speech codings. In order for GERAN to assign appropriate radio bearer (codec information is required to select the right channel coding scheme for voice traffic) it is required to have an unambiguous indication of the speech codec type during the RAB assignment.

SIP and optimised speech

The GERAN radio access bearers support only one codec type at a time and it must be the same in uplink and downlink directions. In SIP (Session Initiation Protocol), the caller may send a set of supported codecs to the recipient, and vice versa. After the call setup, when sending VoIP packets, the caller uses one of the codecs supported by the called part and the called part uses one of the codecs supported by the caller. The sender may dynamically select the codec from the set of supported codecs and the codec may differ in different directions. In order to support optimised speech in GERAN, the same codec should be used in both directions. 

Legacy TRX and handovers

GERAN is required to support legacy TRXs which in case of optimised speech mean that it is required from the CN to support in addition to AMR (and WB-AMR) all other GSM speech codecs, GSM FR, GSM HR and GSM EFR. In addition, in case of optimised speech there could be cases during handover that would require changing the speech codec or in case of AMR modifying the active set. In this case, SIP would need to involve the codec re-negotiation procedure, which would not be desirable. 

Conclusion

Most of the issues above are required to be solved in order to proceed with the work in GERAN efficiently. Several issues are related to overall architecture and multimedia applications, which are discussed in TSG SA WG2. Therefore it is proposed that the issues above are sen in a liason to TSG SA WG2.

