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1. Overall Description:
In RAN2 #61 meeting, SA4 asked RAN2 asked the following questions:

· 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%?

RAN2’s reply to each of these questions is below:
· Is RAN2 defining a signaling for initialing the jitter buffer in UE?

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

Reply: RAN2 has decided to add “Max CS delay” to RAB setup information. The RNC can signal the maximum downlink delay (which may consist of maximum scheduling delay, backhaul delay etc) to the UE through this parameter. In addition, the RNC will set the CS counter field, carried in each PDCP header for CS voice over HSPA, to the Connection Frame Number (CFN). Using these two pieces of information, the UE’s de-jitter buffer can have knowledge of how long a packet has been delayed, and what is the maximum amount to delay it before playing out. This will help both initialize the UE’s de-jitter buffer as well as allow the UE to know the maximum downlink delay.
· Is RAN2 going to define UL and DL de-jitter buffers and/or minimum performance requirements for them?

Reply: The UL de-jitter buffer implementation is quite straightforward. The depth of this de-jitter buffer can be set to the maximum H-ARQ jitter (which is known to the RNC), which will lead to ~0% underflow rate on the uplink. 

For the DL de-jitter buffer, it is expected that it will need to handle less jitter than in the case of VoIP, since the DL de-jitter buffer for VoIP needs to handle jitter from both uplink and downlink, while the DL de-jitter buffer for CS voice over HSPA needs to handle jitter only from downlink. RAN2 expects that similar DL de-jitter buffer solutions as for VoIP will also apply for CS voice over HSPA. As the minimum performance requirements for VoIP de-jitter buffer are already well known, RAN2 doesn’t think that an additional performance requirement is needed.

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

Reply: On HS-DSCH and E-DCH channels, it is possible to achieve low error rates through the use of H-ARQ. This is a configuration issue for UL and DL. Also, as mentioned above, the maximum downlink delay for CS voice over HSPA will be indicated to the UE, which will allow late losses to be controlled to a small value.

2. Actions:

To SA4:
ACTION: RAN2 kindly asks SA4 to take into account RAN2’s response.
3. Date of Next TSG-RAN-WG2 Meetings:

TSG-RAN WG2 Meeting #62bis
5 May – 9 May 2008
Kansas City, USA
TSG-RAN WG2 Meeting #63
30 June – 4 July 2008  Warsaw, Poland
