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1. Overall Description:

TSG GERAN2 thanks SA2 and SA4 for their LS (S2-031025 and S4-030097) regarding <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>.

GERAN2 have had some further discussion regarding this issue (see attached document) on the Transfer Delay QoS parameter and the de-jittering buffer used in the MS and would like to inform TSG SA WG2 and WG4 about the discussion:

In packet-switched networks it is a common practice that the play-out buffer at the receiving end compensates the induced delay variation. Of particular importance is the maximum delay variation, which is the value used for play-out buffers sizing.

The same practice is used also in TS SA4 (see [TR26.937]) where it is said (see Section 6.2.5.1):

“Jitter buffering

The extra pre-decoder buffering required in an actual client, which is to tolerate for packet transfer delay variation (i.e. the maximum expected difference between transmission curve-reception curve). PSS client implementations may not include a separate jitter buffer, but jitter buffering is only a function performed by the pre-decoder buffer. “

In addition Section 6.2.5.4 of TR 26.937 states:

“6. Client analyses the granted QoS parameters by the network and decides how much jitter buffering there needs to be. In case of strict QoS scheduling on the network, the maximum expected time difference between transmission curve and reception curve is in fact the granted "transfer delay" QoS parameter.”
During the discussion in GERAN2 comments were raised that the way the Transfer Delay QoS parameter currently is defined in 23.107 it is not considered a very useful parameter for the MS or BSS in order to support an interruption free Streaming session. The following reason was mentioned:

1. The transfer delay is defined as the maximum delay for 95% of the packets of the bearer during the Streaming session. This make it hard for the MS to assess how big the de-jittering buffer should be. The reason for this is that a MS in GERAN normally experiences a fairly low transfer delay during stationary conditions, however when a cell change or a routing area change occurs the transfer delay will temporarily become relatively high. This may cause the MS de-jittering buffer, which may be designed to be slightly higher than the Maximum Transfer Delay to be emptied. 

2. One problem related to the definition of transfer delay is the relatively low number of packets (95%) that needs to be received within the given time. It is not foreseen that the streaming application will produce good quality streaming with only 95% of the packets, which mean that the buffer have to also take into account parts of the remaining 5%. The delay of these 5% is unknown and may - due to the characteristics of GERAN - be significantly higher than the first 95%.

3. In addition it will be hard for GERAN to know how to realize the service in an efficient way if there is no obvious relation between the Maximum Transfer Delay parameter and the de-jittering buffer in the MS.

2. Actions to SA2

Both SA2 [S2-031025] and SA4 [TR 26.937] indicate that the de-jittering buffer size should depend on the transfer delay value. However according to the strict definition of the transfer delay, TSG GERAN2 believes that this will not be possible. What is the correct way of setting the de-jitter buffer in the MS in order to have an interruption-free streaming application?
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