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1. Overall Description:

SA4 would like to thank RAN2 for their LS. SA4 have been studying the questions of RAN2 regarding the optimisation of the radio bearer to support voice services over IMS. SA4 likes to give answers on some of the questions taking into account that some answers have already been given by SA 2.
The answers are based on TS 26.236 that gives recommendations for mapping of SDP parameters in UMTS QoS parameters for conversational multimedia applications. Please note that the indicated values are not the exactly calculated values but the next higher ones according to the encoding rules.

· QoS Attributes 
· Can the RNC rely on the SSD field (indicating ‘Speech’) within the RAB parameter provided over RANAP for getting an indication from the SGSN that the requested RAB is intended to carry speech packets?

SA4 answer: One should expect that for most applications using voice the SSD field indicates “speech”. Currently the setting of this parameter is optional, but it could be made mandatory in TS 26.236, but the impact of this change is outside the scope of SA4.

· What will be the maximum bit rate and the guaranteed bit rate requested by the UE for a voice call with AMR 12.2 Kbps over IMS, both for RTP and RTCP multiplexed on one RAB and on separate RABs?

SA4 answer: The guaranteed bit rate according to TS 26.236 including uncompressed RTP/UDP/IPv4 headers would be 29 kbps without RTCP and 31 kbps with RTCP  The guaranteed bit rate including uncompressed RTP/UDP/IPv6 headers would be 37 kbps without RTCP and 39 kbps with RTCP. The maximum bitrate would be identical to the guaranteed bitrate. RTCP on a separate RAB has not been considered yet in TS 26.236. However, according to the figures reported above, the bandwidth for RTCP (on a separate or multiplexed bearer) would amount to a guaranteed and maximum bitrate of 2 kbps for both IPv4 and IPv6. All the examples consider to use an RTCP bandwidth equal to the default 2.5% of the RTP session bandwidth. However, it must be noted that the RTCP bandwidth can be arbitrarily set to a value, which is not in function of the RTP bandwidth.

· In case that RTP and RTCP are multiplexed on one RAB, are the maximum bit rate and the guaranteed bit rate in the RAB parameter applied to both RTP and RTCP? If they are only applied to RTP, then what’s the maximum and guaranteed bit rate the UE will request for RTCP?
SA4 answer: The maximum and the guaranteed bitrate are applied to both RTP and RTCP, see answer above.

· How much can the UTRAN rely on the “signalling flag” over Iu to really indicate signalling traffic only?
SA4 answer: SA2 had already answered.
· IPSec

· Is IPSec applied on the IP packets carrying RTP/RTCP for voice over IMS?

SA4 answer: SA2 had already answered.
· Differentiation of RTP and RTCP Packets

· Is it possible to differentiate RTP and RTCP packets by their size over the Iu interface?

SA4 answer: For conversational voice using 12.2 AMR codec, RTCP packets are larger than RTP packets. However, this is restricted to this particular 12.2 AMR payload and not a general rule. For other payloads, you may have less frequent RTP packets of similar or larger size than the RTCP packets. 

· Is there any mechanism other than UDP port number that can be used to identify RTP and RTCP packets?
SA4 answer: No other mechanism is known. Furthermore, RTP and RTCP do not use well-known ports. However, if one assumes that RTP and RTCP are used, the odd-even rule for ports from the SDP RFC 2327 is a suitable criterion to keep apart RTP and RTCP. Potential limitations: IETF now approved RFC 3605, which allows the usage of arbitrary port numbers for RTP and RTCP, which breaks this rule.

· If IPSec is applied, can there be any means in CN or UTRAN to separate RTP and RTCP traffic ?

SA4 answer: SA2 had already answered.
· Multiplexing

RAN2 investigates also the possibility to transmit RTP and RTCP separately in the UTRAN and sees the two possibilities to already separate the two flows in the CN (on two PDP contexts) or in the UTRAN

· What are the benefits/drawbacks to have RTP and RTCP packets on the same RAB and do the split in the UTRAN compared to having them on different RABs?
SA4 answer: SA2 should provide an answer. 

2. Actions:

To RAN2:

SA4 kindly asks RAN2 to further study the advantages and drawbacks of having the RTP and RTCP on the same RAB and to do the split in the UTRAN.

To SA2:

SA 4 kindly asks SA2 to provide further answer as requested above.

3. Date of Next TSG-SA4 Meetings:

TSG SA4 Meeting #31 

17 – 21 May 2004, 

TSG SA4 Meeting #32 

16 – 20 August 2004.

