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1. Introduction

In the RAN3 meeting #29 Nokia presented (R3-021283) that indication whether a certain RAB in PS domain is used to carry signalling connection (e.g. SIP) is needed in RAN to optimise the usage of radio resources (via optimal multiplexing schemes) and to guarantee the proper QoS for IMS signalling connections. Another issue that came up during discussion was the coupling between the RAB that is used for signalling and related RABs, which carries the actual multimedia traffic (e.g. VoIP and video stream). During the discussion it was clarified that the multiplexing (whether it happens in layer 2 or layer 1) is not the issue that should be studied in RAN WG3, instead the QoS and coupling issues could be studied in WG3. 
2. Discussions

2.1 QoS for SIP signalling connection  

SIP (Session Initiation Protocol) is an application-layer control (signalling) protocol for establishing, modifying and terminating multimedia sessions or calls, e.g. IP telephony, with one or more participants. It is designed to be independent of the lower layer transport protocol and it can be extended with additional capabilities. These services are very delay-sensitive requiring high quality of service from the network. Therefore, network should be able to guarantee higher grade of service than Interactive class service for SIP signalling transmission.

Signalling PDP contexts will benefit from specific QoS handling in the RAN. The handling of the SIP signalling cannot be fully optimised in the Radio Access Network unless the identification is possible and reliable. This could also lead to the inadequate QoS support for the other services, which utilise SIP signalling, e.g. VoIP call.

The following degradations of QoS could occur if SIP signalling connection can not be identified by RAN:

· Additional delay due congestion 

Currently in Rel-5 SIP signalling is treated as Interactive PS domain NRT data. NRT packet data with Interactive traffic class does not have any guaranteed bit rate and thus capacity is offered on the best effort basis only. This will cause delays to the Interactive class PS domain NRT data traffic when degree of capacity utilization is high, which is not acceptable in terms of QoS required by VoIP applications.

· Additional delay due RAB release 

RAN could also request for release of RABs using Interactive traffic class after certain inactive period. Even that in this cases the PDP context is not necessarily released, it generates additional delay when SIP message needs to be send and no RAB exists, and it has to be established before the SIP messages can be passed between the UE and P-CSCF. 

2.2 Coupling of RABs

The RAB to carry SIP signalling session is established before the RABs for the first actual media stream e.g. VoIP, and the RAB for SIP signalling connection must remain during the whole VoIP session, even if inactivity were detected. The RAB for SIP signalling can be released after the last RAB for media stream established via SIP has been released. To be sure that RAB carrying the SIP signalling is not released e.g. during SRNS relocation while the other related RABs are relocated information to indicate which RABs are related to the same service is needed.. 

Currently in Rel-5 such information is not available, which would allow the network to combine the SIP signalling and the corresponding RTP/RTCP connections under the same logical control (e.g. upon SRNS relocation). This problem is evitable, because RTP/RTCP and SIP have different traffic classes, QoS, different RABs, RBs and especially because SIP radio bearer is not established simultaneously with RTP/RTCP related bearers. The lack of the common logical control between RTP/RTCP/SIP leads to the situation in which the controlling of the VoIP call as a whole in RAN is not possible.

3. conclusion

Our proposal is that the based on the arguments presented in this paper RAN WG3 sends a LS to SA WG2 to inform that RAN WG3 thinks that it is necessary to provide simple indication (e.g. a flag) to RAN so that RAB used to carry signalling (e.g. SIP) can be identified and proper QoS can be guaranteed. Also coupling mechanism should be introduced at the Iu, in order to allow common logical control for RABs associated to the same service. 

