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1. Overall Description:

SA2 thanks GERAN2 and SA4 for the previous LS(s) on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers> and for the clarification about the two distinct functionalities (network de-jittering buffer and pre-decoder buffer) that characterize the streaming client buffer.

2. Comments 
SA2 has discussed this issue and has come to the conclusion that guidelines should be given to UE implementations of streaming services on the Transfer delay attribute being requested by the UE to the network together with a PDP context of the streaming class. 

It has been agreed that “ For the streaming class, transfer delay should be determined by the UE using the guaranteed bandwidth and the size of the network de-jittering buffer in the UE. The (potentially virtual) network de-jittering buffer in the UE is used to absorb network transfer jitter (induced e.g. by transmission gaps at radio cell mobility or by repetition due to bad radio conditions)”

As such it has been felt that 23.107 being independent of any given application is not the proper specification to put such a clarification and that SA4 26.234 appendix J would be a better place to put such a clarification as highlighted by word revision in the text below. 

Table J.1: Mapping of SDP parameters to UMTS QoS parameters for PSS

QoS parameter
Parameter value
comment

Delivery of erroneous SDUs
”No”


Delivery order
”No”


Traffic class
"Streaming class"


Maximum SDU size
1400 bytes
According to RFC 2460 the SDU size must not exceed 1500 octets. A packet size of 1400 guarantees efficient transportation.

Guaranteed bit rate for downlink
1.025 * session bandwidth
This session bandwidth is calculated from the SDP media level bandwidth values.

Maximum bit rate for downlink
Equal or higher to guaranteed bit rate in downlink


Guaranteed bit rate for uplink
0.025 * session bandwidth


Maximum bit rate for uplink
Equal or higher to guaranteed bit rate in uplink


Residual BER
1*10-5
16 bit CRC should be enough

SDU error ratio
1*10-4 or better


Traffic handling priority
Subscribed traffic handling priority
Ignored

Transfer delay
Should be determined by the UE using the guaranteed bit rate for downlink and the (potentially virtual) size of the network de-jittering buffer in the UE. 

Default 2 sec.
The network de-jittering buffer in the UE is used to absorb network transfer jitter (induced e.g. by transmission gaps at radio cell mobility or by repetition due to bad radio conditions)”

3. Actions:

SA WG2 kindly asks:

· TSG SA WG4, to consider implementing the modification described in section 2 of this LS.

· TSG GERAN WG2 to note this LS

4. Date of Next TSG-SA WG2 Meeting:

Meeting
Date
Location
Host

SA2#31
7 -11 April 2003
Seoul, Korea
Samsung

SA2#32 
12 -16 May 2003
USA
NAF3

