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1 Introduction

At last meeting, an LS was sent  by SA2 [5] “LS on optimisation of Voice over IMS”, asking RAN2, RAN3 and SA4 for their view on the different solutions and impacts on UTRAN, leaving the floor to any solutions, mentioning “it should be noted that SA2 are still evaluating this subject, and are still open to other proposals”.

THREE has proposed several solutions to SA2 and to RAN2.

This paper discusses the solutions proposed by THREE and show that other solutions are possible.

It also gives some pros and cons to these solutions in order to give an answer to SA2. 

2 Discussion

2.1 Use of separate PDP contexts for RTP and RTCP flows
In TS 23.228 Release 5 specification, clause 4.2.5.1 ”Relation of IMS media components and PDP contexts carrying IMS media” mandate the use of a single PDP context for RTP and RTCP flows of a given multimedia component:

“All associated IP flows (such as e.g. RTP / RTCP flows) used by the UE to support a single media component are assumed to be carried within the same PDP context.”.

Using two separate PDP contexts for RTP flow and RTCP flow would lead to several issues:

· A R6 node (SGSN, GGSN, RNC) would not be backward compatible with a R5 node.

· The number of PDP Contexts in the GGSN and SGSN would increase dramatically (up to the double if considering multimedia sessions containing one single multimedia component).

· It introduces a new splitting function in the CN. 

Furthermore, using one single PDP Context for RTP and RTCP flows does not prevent the RNC to give the same result by splitting the RAB into a RTP flow and a RTCP flow thanks to the UDP port number information, and to treat them separately. That would lead to small modifications of PDCP specification TS 25.323 to authorize this.

2.2 Use of a single PDP context for both RTP and RTCP flows
This is the way it is specified in TS 23.228 Release 5 specification, and as said above, does not necessarily mandate the way the flow is handled due to radio constraints.

Several solutions could be foreseen: 

· either RTP and RTCP flows are sent over the radio without any frame stealing,

· or RTCP removal, 

· or RTP and RTCP flows are sent over the radio, but with some frame stealing, giving a highest priority to either RTP or RTCP. Two possible locations: in CN or in UTRAN.

These different solutions are studied below:

2.2.1 RTP and RTCP sent over Uu without frame stealing

Two possibilities were describe in contribution [2] from THREE . 

Either using RRC signalling to change the physical channel configuration when RTCP frames are sent, but the exisiting RRC procedures will take too much time with regards to the real-time aspect of the user plane data.

Or using over-provisioning to cope with the burstiness of the RTP + RTCP combined traffic, but this may be not so efficient in terms of radio resources usage in particular in downlink direction if transmitting RTCP frames in all the cases, i.e. even when SIP and RRC signalling are transmitting, where there could be a need for reserving a lower Spreading Factor. 

2.2.2 RTCP removal

RTCP removal, where the DL RTCP flow is removed in the RNC, and the UL RTCP flow is removed in the UE, may be considered. It is the best solution with regards to radio resources usage.

However, it has following drawbacks:

· RTCP cannot be removed in all the cases, such as conference calls and video calls. Indeed, in conference calls, RTCP conveys the CNAME which indicates the name of a new participant; RTCP APP (application dependent) proprietary fields are often sent in video for e.g. scalable codecs; moreover, IETF is currently working on new applications for RTCP. 

· When the TE (a personal computer) is a separate equipment from the MT (Mobile Termination), RTP and RTCP are part of the TE and RTCP removal should be either specific to the TE, which is not a very safe approach, or a new layer in the MT to be defined, but how would react the TE since it would not get any answer?
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· IETF defines RTCP as a end-to-end protocol.

2.2.3 RTP and RTCP sent over Uu with frame stealing

As no satisfactory solution can be found when both RTP and RTCP frames are sent over Uu, and as RTCP removal solution is not working in all configurations, an intermediate solution consisting in giving higher priority to RTP over RTCP is proposed. 

· either the DL/UL RTCP flows are sent together with RTP flow in the same Radio Bearer,

· Frame stealing can be performed either in CN or on UTRAN

· or the DL/UL RTCP flows are sent on a different Radio Bearers.

· Frame stealing is performed in UTRAN

2.2.3.1 Frame Stealing overview

THREE considers a mechanisms where:

· RTCP frames are queued (one place) when an RTP frame has to be sent: RTP is of higher priority

· RTCP frames are sent during the RTP silences; but when a RTCP frame transmission is on-going while new RTP frames suddenly arrive, then up to 4 RTP frames are discarded in order to give better probability that RTCP frames are sent successfully.

Alcatel agrees that a high loss of RTCP packets can be supported for VoIP, even in conference calls. Indeed, for conference calls, the CNAME is repeated in several RTCP packets. 

Moreover, discarding RTP frames could lead to:

· loss of the first syllables of a sentence,

· de-synchronisation of RoHC compressor and decompressor.

2.2.3.2 Frame Stealing function location

As mentioned above, DL frame stealing could be performed either in the CN or in the UTRAN. UL frame stealing is performed in the terminal in all the cases.

Performing Frame Stealing in the CN & in terminals has the following drawbacks:

· Frame Stealing must be implemented in many Nodes in the network:

· In conference calls, Frame Stealing should be performed in the conference bridge;

· When the mobile calls a server which delivers VoIP (announcement machine, answering machine, etc.), that server has to perform frame stealing; 

· In a call between a fix IP user and a mobile, it is necessary to introduce a media Gateway to perform Frame Stealing function: there is no media gateway (IPv4/IPv6 translation has nothing to do with a MGW).

· There are issues when the mobile user equipment is made of a TE (personal computer) connected a MT (the handset): Frame Stealing should be specified at NAS level since it is not in PDCP layer, and this leads 

· either to implement this function in the TE and not in the MT

· or to define a new NAS layer in the MT. 

· Frame Stealing is a way to solve a radio problem. Indeed, the main problem of RTCP transmission over the air relates with the possible shortage of spreading factors (SF) in the downlink direction. In the uplink direction, there is no SF resource shortage, and there is no issue for changing a SF without delay, since the mobile can decide it on its own every 10 ms. 
For another type of Radio Access Network, the problem may not even exist, because e.g. the radio resources are sufficient. Moreover, the solution should depend on the type of RAN. 

Performing Frame Stealing in the UTRAN and the UE has the correlated advantages:

· Frame Stealing is implemented only in two places (UTRAN and UE), and not everywhere;

· No impact to the TE when TE and MT are separated;

· It avoids the CN nodes to implement different behaviours according to the type of Radio Access Network;

· It gives more flexibility for further adaptations when new UTRAN features are introduced e.g. a new modulation.

2.2.3.3 RTP and RTCP on different RBs versus on one single RB

Another possibility would be to authorize in PS domain to split a RAB into several RBs on the radio. This is already authorized in the CS domain and used for Unequal Error Protection.

It is easy, and anyway required for RoHC, to split RTP and RTCP flows thanks to their UDP port numbers (RTP has always a even UPD port number (n), while RTCP has the subsequent UDP port number (n+1).

Then, RTP and RTCP flows could experience different RoHC compression schemes, different RLC modes, different MAC-d priorities (making frame stealing easy at MAC-d layer), and possibly different Channel Coding schemes if required.

Moreover, with different Transport Channels - or even on the same Transport Channel, which may lead to better results -, and thanks to Transport Format Combinations, it would be possible to use the full available bitrate for a given TTI allowing RTCP to be transmitted when e.g. there is no RRC and/or no SIP frames for that TTI.

3 Proposal

It is proposed to answer to SA2 with the following agreements:

· Having separate PDP contexts has drawbacks and the same (or even better) results can be achieved with small modifications in UTRAN,

· RTCP removal is not realistic,

· Frame stealing should be done in UTRAN because it is intended to solve a radio problem and mechanisms exist in the UTRAN.
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