TSG-SA4#47 meeting
Tdoc S4 (08)0126
21 - 25 January 2008, Monte Carlo, Monaco 


Title:
Reply LS on CS Voice over HSPA

Release:
Rel-8

Work Item:
CS Voice Service over HSPA

Response to:
R2-080619/S4-080071
Source:
SA WG4
To:
RAN WG2
Contact Person:

Name:


Pasi Ojala
Tel. Number:

+358 50 483 5682
E-mail Address:
pasi.s.ojala@nokia.com
Attachment:
1. Overall Description

SA4 thanks RAN2 for their LS reply on CS voice over HSPA in R2-080619 (S4-080071).

The LS was discussed in SA4 #47 meeting (21 – 25 January, 2008). SA4 appreciates the information and clarifications on architecture, call scenarios and RAN performance aspects.

The QoS requirements in TS 22.105 for real time conversational voice are as set as follows: The preferred end-to-end one delay is < 150 ms and the maximum is 400 ms and voice frame erasure rate below 1%. Considering the 196ms figure available in the RAN2 liaison the end-to-end delay when including also the encoding/decoding delays as well as proper de-jitter buffering set for these conditions seems to be acceptable.  The document attached to the LS (R2-080292) indicates that the 50-80ms could be used.  SA4 requires that these figures are used for ensuring acceptable end-to-end delay. In addition, document (R2-080292) identifies that 150ms scheduling delay could be used for some scenarios.  SA4 discourages the use of such long scheduling delays because this would impact the quality.
If a fixed delay de-jitter buffer is used in a UE and RNC it needs to be initialized based on the maximum HARQ and scheduling delay for the session and needs to be signalled to the UE.  An adaptive solution could also use the maximum HARQ and scheduling delay for initialization and apply the knowledge of the perceived delay conditions and optimise the buffering delay. 
Furthermore, SA4 is interested to know how RAN2 perceives the de-jitter buffer in the UE will operate to meet the delay and frame erasure rate requirements we have communicated above.

2. Conclusion
SA4 notes that based on the information from RAN2 the additional E2E delay in CS voice over HSPA compared DCH is acceptable. However, overall speech quality is not only affected by delay but also by frame erasures. To be able to judge the overall speech quality further information would be needed on frame erasures caused by the radio link and de-jitter buffer (late losses). As long as the frame erasure rate is maintained below 1%, the speech quality can be considered acceptable.
3. Actions

SA4 would like to get clarification on following issues:
· Is RAN2 defining a signaling for initialing the jitter buffer in UE?

· Is RAN2 going to define an upper limit for downlink scheduling time?

· Is RAN2 going to define UL and DL de-jitter buffers and/or minimum performance requirements for them?

· Is RAN2 going to reserve a margin for late losses to maintain the frame erasure rate below 1%?
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