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1 Purpose
The purpose of this paper is to select the best suited protocol on Iu-CS for IP UTRAN based on a decision matrix including eight criteria. 

2 Protocol Evaluation
2.1 Harmonization iu-cs/iu-ps : implementation effort

The selection of RTP on Iu-CS requires RTP to be in both RNC and MG. However, RTP is already in MG because it is the stack chosen for Nb interface and it is also in RNC in release 5 since the PS domain AMR payload is based on RTP  and must be terminated in the RNC for three reasons :

· rate control can only be done in RNC,

· header removal on radio needs termination in the RNC,

· SDU flows must be individually extracted to perform unequal error protection and in particular to send the class A bits with redundancy.

So there is no extra job to do in release 5 by selecting RTP whereas GTP would need to be a new stack implemented in addition in the MG. 

2.2 Termination in the Media Gateway

Both GTP or RTP include termination in the MG. However, even if RTP is terminated in the MG, the MG will simply do some routing function but does not need to convert the RTP Nb protocol stack into GTP used on Iu-CS. The difficulty will therefore be far less by selecting RTP.

2.3 Rate control and time alignment

Selecting RTP on Iu-CS will allow RTP to be used as an end-to-end protocol between the RNC and the transcoder. Therefore, it will allow a secure and performant rate control and time alignment:

· the frame numbers can be mapped without ambiguity where there are two hops (between RNC & TC) and RTP is used on these two hops : RTP-RTP.

· the mapping between sequence numbers will lead to more difficult implementation if the two stacks are different : mapping RTP-GTP. For example, sequence number checking can lead to two problems highlighted in TS29.060 : the drifting between sequence number values expected and received, and the duplication of T-PDUs frames within a given number of last received frames. This can only be solved by consistence between the recorded sets and dialogue between entities. 

2.4 Quality of service

RTP provides basically a timestamp that can help to control the jitter and delay variation. 

Also, the Iu-CS may also requires time based frame numbering. This requires something else than simple sequence numbers because all frames are not necessarily sent with consecutive numbers. When TrFO is being used, there is no support mode to provide this. RTP can provide this functionality  because it provides timestamps in addition to sequence numbers. The timestamp field is also 32 bits compared to 16 bits of sequence numbers and provides double reliability on time intervals for frame gaps.

2.5 Implementation difficulty 

The selection of RTP requires less efforts because :

· it is already in RNC and MG,

· it has been used for voice over IP for many years,

· it is developed for the handsets (UE).

2.6 Bandwidth efficiency

RTP can be compressed together with UDP/IP resulting in an overall 2 bytes header. GTP cannot be compressed with udp/ip which leads to 14 bytes in comparison.

2.7 Performance monitoring

RTP provides some quality feedback feature of the data distribution with RTCP. RTP receivers provide reception quality feedback using RTCP packets containing one or more reception report block(s). Each block provides statistics about the data received.

RTCP will allow adaptative mechanisms in case of load in the network such as congestion control and control of adaptive encoding.

Performance could also be monitored by a network service superviser not otherwise involved in the sessions but receiving the feedback information and acting as third-party monitor to diagnose network problems.

2.8 Protocol evolution

RFC 1889 says “RTCP only mandatory for multicast” which only means that RTCP can be considered as an option that might not be implemented in a first stage.

Even if it is not implemented in a first stage, it provides a potential for evolution that could reveal to be a differentiator of quality. This key asset will be much appreciated by operators at the time of evaluation of quality of service of their network.

As an example of differentiation feature in the network, RTCP will bring additional feature for multimedia calls. For example, two RTP sessions can be associated with RTCP. Therefore, synchronized playback of source’s audio and video can be achieved using the timing information carried in the RTCP packets.

3 Decision matrix
The following decision matrix can be used :

	Features
	RTP
	GTP
	rationale

	
	
	
	

	Harmonization iu-cs/iu-ps
	++
	+
	Gtp to be implemented in MG

	Termination in MG
	-
	- -
	Routing vs stack convesion

	Rate control & time alignment
	++
	+
	Seq numbers + timestamps

	Quality of service
	++
	+
	Seq numbers + timestamps

	Implementation difficulty
	+
	-
	Gtp to be implmented in MG 

	Bandwidth efficiency
	+
	-
	Joined rtp/udp/ip compression

	Performance monitoring
	++
	-
	RTCP for quality feedback report

	Protocol evolution
	++
	-
	RTCP for multimedia

	
	
	
	


4 Summary

It has been shown that the selection of RTP brings more features and does not require the implementation of GTP in the Media Gateway. 

5 Proposal

It is therefore proposed to capture the following statement in the agreement section 7.14 of the TR25.933:

”RTP protocol shall be used on Iu-CS interface resulting in the following stack: 
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