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1. Overall Description:

SA4 has analysed extensively the streaming client buffering capabilities needed in PSS services. The latest understanding is described in TR 26.937 v1.3.0 (attached) section 6.2.5 "Clarification of using PSS Video Buffering Verifier in a rate adaptive service environment". The main ideas are summarised in this LS before answering the specific GERAN2 questions.

The streaming client receiver buffering serves double purposes. One function is packet transfer delay variation compensation (i.e. network jitter buffer), the other function is to compensate for the accumulated video encoding rate and transmission rate difference (i.e. pre-decoder buffer - TS26.234 Rel-5 Annex G).

It is the streaming client's decision how much receiver buffering to allocate to compensate for network jitter. The total initial receiver buffering delay that the client employs (i.e. the delay before starting playback after the reception of the first RTP packet) is the sum of the initial pre-decoder buffering period and the additional delay added to the first RTP packet transfer delay that the client is willing to wait for arrival of any single packet. So the “maximum acceptable transfer delay” = "transfer delay of first RTP packet" + ("total initial receiver buffering delay" - "initial pre-decoder buffering period"). 

If in the equation "maximum acceptable transfer delay” is set as the granted "transfer delay" QoS attribute by the network (at PDP-context setup) and the client systematically underestimates the "transfer delay of first RTP packet" (e.g. assumes to be zero) then it can determine a safe minimal value for "total initial receiver buffering delay".

Answers to GERAN2 questions:

What is the expected meaning of the ‘transfer delay’ attribute when the bearer belongs to the streaming class?

SA4 understand that the meaning of the "transfer delay" QoS parameter is the maximum transfer delay that any RTP packet will suffer on a QoS guaranteed streaming bearer. Assuming that the streaming server is located in close proximity of the entry point of the mobile network (i.e. GGSN) the transfer delay can be measured between the time when an RTP packet is transmitted by the streaming server and when that packet is received by the streaming client.

How the client of a PSS session using 3GPP access technologies will set the transfer delay attribute?

The server has no knowledge of the actual value what the client requests as "transfer delay" attribute from the network. It could be advisable for the client to use equal or larger value than the recommended 2 second in Annex J of TS 26.234, but there is no requirement to do so. The server or other QoS unaware network elements could possibly assume, but not rely on the default value. It is up to the client how much transfer delay it is willing to tolerate given its buffering capabilities.

2. Actions:

None
3. Date of Next TSG-SA WG4 Meetings:

SA4#25bis
24th – 28th February 2003
Berlin, Germany

SA4#26
5th – 9th May 2003
TBD

