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1. Overall Description:

As part of the on-going studies which TSG GERAN (WG2) are conducting in order to “analyse and provide the necessary changes and additions required for the efficient support of Streaming services in the GERAN specifications” (excerpt from the SSStrea WID), some enhancements have been proposed in the BSS and the SGSN that require in both nodes the knowledge of the client’s streaming application buffer size.

For PSS services, TSG GERAN WG2 assume that the “application layer” at the client side is characterised among other parameters by a de-jittering buffer. The application starts reading (i.e. extracting packets from the buffer) after a “start-up delay” (or “Buffering Time”) of a few seconds following the reception of the first RTP packet. Note that in principle this assumption does not put any constraint on the overall “transfer delay”, but only on the maximum “transfer delay variation”, that cannot be higher than the Buffering Time.

In practice, since the transfer delay of the first RTP packet is low (compared to the Buffering Time), setting some Buffering Time value also puts a threshold on the acceptable transfer delay. In fact, it turns out that the “maximum acceptable transfer delay” = transfer delay of first RTP packet + Buffering Time.

It has been highlighted that 3GPP TS 23.107 already states the following about streaming bearers: "But as the stream normally is time aligned at the receiving end (in the user equipment), the highest acceptable delay variation over the transmission media is given by the capability of the time alignment function of the application. (...) It is assumed that the application's requirement on delay variation is expressed through the transfer delay attribute, which implies that there is no need for an explicit delay variation attribute." Therefore, it could be understood that the transfer delay attribute for streaming class PS bearers corresponds to the capability of the time alignment function of the application, i.e. the application buffer size.

However 3GPP TS 26.234 annex J, which suggests some mapping of SDP parameters to UMTS QoS parameters for packet-switched streaming bearers, proposes a fixed value for the ‘transfer delay’ (2 sec) although section 5.3.3.2 describes the ‘initial pre-decoder buffering period’ as one possible additional SDP field for PSS. Given the description in 3GPP TS 23.107, one could have rather thought that the ‘transfer delay’ attribute should be valued as the ‘initial pre-decoder buffering period’ + the acceptable transfer delay of the first RTP packet (see above).

Therefore it is not clear how the client of a PSS session using 3GPP access technologies will set the transfer delay attribute.

2. Actions:

ACTION to [SA4, SA2] groups: 
TSG GERAN WG2 would appreciate feedback from TSG SA WG2 and TSG SA WG4 regarding the above considerations and in particular whether they could clarify what is the expected meaning of the ‘transfer delay’ attribute when the bearer belongs to the streaming class.
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