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1. Overall Description:

SA4 wants to update the answer to RAN2 given in document S4-(02)0333 “Response to LS (N3-020119, S4-020198) on Procedure for specifying UMTS QoS Parameters per Application (R2-020793)”. Some new and updated information is available for streaming and is included below.

Q1. What are the Guaranteed Bit Rate which is recommended to be used in the tests for both type of application (streaming and conversational)?

It is not possible to give a firm answer on the question on guaranteed bitrate for streaming applications but an indication is that, given the QoS table included below, up to 50-56 kbit/s user data on a 64 kbit /s bearer (as described in TS 34.108, Rel99) seems reasonable. However the exact number is depending on the implementation strategy in UTRAN and radio environment.  The “up to 50-56 kbit/s” user data can be used for a single media (video or audio) or for joint transport of more then one media type.  Higher bitrates as well as combinations of more then one streaming bearer are also under consideration in SA4 (but then new streaming bearers, and combinations of them, needs to be introduced in TS 34.108). Use cases with detailed bearer requirements will be described in the technical report TR 26.937. The aim is to distribute a draft version of TR 26.937 after SA4#23 (30.9-4.10 2002).

SA4 is not ready to give an answer about guaranteed bitrate for Conversational applications yet.

Q2. Is it envisaged that IPsec will be used? (If the answer is yes, Header Compression in PDCP has limited value)

The following answer was already given in S4-(02)0333 regarding IP-sec:

The decision on the usage of IPsec is not in scope of SA4 and there is no intention of SA4 to promote its usage currently.

Q3. When does SA4 intend to remove the remaining TBC?
The table in Annex J of TS 26.234 is modified and all TBCs are removed. Please, check the included table below..  More work is needed for the conversational application and an updated response could be expected after SA4#23.  

Q4. Is there a need to test these applications with and/or without simultaneous interactive bearer to transport associated SIP signaling?

The combination of a streaming bearer and an interactive bearer is a very important test case. Streaming does not use SIP signaling, but the interactive bearer will be used for RTSP signaling as well as transport of some media types like SVG and MIDI. However it is also possible to use a single streaming bearer to transport all parts of a presentation. Both possibilities should thus be seen as important and tested. 

The signaling part of the conversational application is handled by SA2. However SA4 assumes that the use of SIP signaling, over a suitable bearer, in combination with the conversational bearer is an important use case. SA2 should be able to inform if the architecture allows SIP signaling, and other non-conversational data, over the conversational bearer.

2. Annex J (informative) from TS 26.234, Mapping of SDP parameters to UMTS QoS parameters
This Annex gives recommendation for the mapping rules needed by the PSS applications to request the appropriate QoS from the UMTS network (see Table J.1).

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
	2 sec.
	


3. Required Action:

None
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