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Introduction

This documents discusses the GERAN response on ‘Transmission Aspects for Speech Enabled Services (SES)’. It is found that for SES based on conversational QoS full service guarantees are not possible in GERAN. A way forward with the definition of the design constraints for a codec for SES is proposed considering this fact.

Discussion of GERAN response

Based on the liaison response from GERAN on ‘Transmission Aspects for Speech Enabled Services (SES)’ [1], the following conclusions can be drawn for PS conversational QoS:

· The source bit rate supported ranges from 5.6 to 8.4 kbps depending on the used coding method.

· PS conversational services are presently NOT supported in all RAN configurations (no support in GERAN A/Gb mode)
· A BLER of 10% is reported to be achievable in typical conditions at the edge of coverage. This assumes a cell planning with EFR speech service guarantee. For a cell planning with AMR 5.9 speech service guarantee, the typical BLER at the edge of coverage will be even higher. With potentially such high BLER, it is questionable if SES service can be guaranteed throughout the system, irrespectively of the codec used. 

· Conversational QoS is a challenge to achieve in practice. By not allowing for retransmissions on RLC, a lot of problems arise with high error rate and small possibilities for segmentation. A particular problem is how IP packets are delivered in the initial state when ROHC is sending more or less full headers. This will impact the worst-case available source data rate or increase delay.

· Maximum RTP payload size equals 20 ms (MAC/RLC block size) in order not to make transmission even more sensitive to transmission errors. 

In conclusion, it is doubtful if SES services can be guaranteed considering that PS conversational services are not supported in all configurations and particularly considering the BLERs to deal with.

GERAN therefore proposes as a possible way out to base the SES on streaming/interactive QoS. The LS response points out for this case that acknowledged transmission mode would allow basically error-free transmission. Streaming/interactive QoS is or will be available in all GERAN configurations (GERAN Iu, GERAN A/Gb being standardized now). The price to be paid is however increased latency which is reported to be in the range of 500-700 ms. Supported source bit rates would be in the range from 2 to 8 kbps, depending on the packetization. In order to keep the service latency as low as possible and in order to allow for reasonable payload packetization, strict constraints would be required for the algorithmic delay of the SES codec. 

UTRAN

For UTRAN, it seems to be possible that conversational QoS can be assumed. For that case a typical BLER of 1% can be used in SES codec selection testing. The SES source codec bit rates are assumed to be limited to a maximum of 24 kbps. Ideally, these assumptions should be confirmed by a LS communication with RAN2.

Conclusion

It is proposed to liaise to SA1 that service guarantees for SES cannot be given for GERAN, assuming conversational QoS according to the assumptions of the SES stage 1 specification [2]. The LS should suggest changing the specification such that the service may also be based on streaming/interactive QoS.

In order not to jeopardize the time plan for SES codec selection it is further proposed to continue with SES codec selection testing, however, assuming that SA1 will change their specification to allow for streaming/interactive QoS. 

For SES implemented in UTRAN a maximum bit rate of 24 kbps and a QoS of 1% BLER is assumed. These assumptions should be endorsed by a LS communication with RAN2. 
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