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GERAN A/Gb Mode Enhancements for VoIP

1. Introduction

Selected enhancements described in the Feasibility Study on Future GERAN Evolution as well as other previously identified enhancements for A/Gb mode are considered in an attempt to identify a subset of specific A/Gb mode enhancements that would be most useful towards supporting VoIP over the A/Gb interface. The specific subset of these enhancements is seen as including the following:

· Reduced Transmission Time Interval – this involves the introduction of new functionality to reduce the amount of time required to send the 4 TDMA bursts that comprise a single radio block. With this functionality, it will be possible to use non-persistent RLC mode (see below) for VoIP with acceptable mouth-to-ear delay. Also see TTI related discussion in GP-052546 submitted to TSG GERAN #27.

Work Item:
See section 10.3 of Feasibility study for evolved GSM/EDGE Radio Access Network (see 3GPP TR 45.912 V0.2.0)

Status:
Currently under discussion within GERAN.

· Improved ACK/NACK Reporting – this involves the introduction of new functionality to reduce the amount of time required for an RLC Ack/Nack to be reported to the sending RLC entity. This is especially of interest for downlink transfers. This functionality can be introduced in conjunction with non-persistent RLC mode (see below).
Work Item:
See section 10.2 of Feasibility study for evolved GSM/EDGE Radio Access Network (see 3GPP TR 45.912 V0.2.0)

Status:
Currently under discussion within GERAN.

· Early TBF Allocation – this deals with the subject of how procedures used for allocating TBFs supporting low latency PS services can be enhanced to minimize TBF setup time. The preferred approach of introducing this feature would be to avoid making the introduction of multiple TBF operation a requirement for low latency services such as VoIP. Note that it is expected that support for low latency services will commonly involve the use of SIP signalling and the possibility of a low latency PS service running in parallel with SIP needs to be considered.
Work Item:
TEI7

Status:
Currently under discussion within GERAN.
· Optimizations of SNDCP/LLC/RLC – this involves considering the existing functionality of LLC and SNDCP and considering what subset of these functions would strictly be needed for a low latency PS service and specifically for the case of VoIP where a very limited size of IP packets can be expected. It is anticipated that significantly reduced protocol headers and a corresponding reduction in processing latency could be achieved if these protocols were optimized for VoIP. When a conversational service involving ROHC is first established or the ROHC entity needs to be reset at any point during the service an increased amount of bandwidth will be required across the air interface. New functionality for RLC may be required for the case where the MS needs to inform the BSS of a sudden (but temporary) increase in the amount of uplink bandwidth required.

Work Item:
SCSAGB (Support of Conversational Services in A/Gb Mode via the PS Domain)

Status:
Discussion needs to be initiated for VoIP
· Non-persistent RLC Mode – this involves a modification to RLC to that allows MS and BSS based RLC entities to determine when to retransmit an RLC data block sent for a TBF supporting a low latency PS service. The use of such an RLC mode may be logically associated with a new flavour of TBF (i.e. a TBF allocated using the Early TBF Allocation feature described above). This will increase the spectral efficiency of a VoIP bearer compared to unacknowledged RLC mode. The Non-persistent RLC Mode currently defined for MBMS may be applicable to a conversational service supporting VoIP. 

Work Item:
SCSAGB (Support of Conversational Services in A/Gb Mode via the PS Domain)

Status:
Discussion needs to be initiated for VoIP (feature already available for MBMS downlink)

· Mobile Station Receive Diversity – this involves the introduction of new functionality to improve the performance of the mobile station by means of an additional antenna. With this functionality it will be possible to increase the coverage for VoIP. 

Work Item:
See section 6 of Feasibility study for evolved GSM/EDGE Radio Access Network (see 3GPP TR 45.912 V0.2.0)

Status:
Currently under discussion within GERAN. 

2. Way Forward

Verify that the targeted enhancements described above are indeed considered as desirable for supporting a low latency PS service such as VoIP and determine if any other enhancements should also be considered. Initiate discussion papers and CRs as necessary to support these enhancements as part of Rel-7.

