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1. Introduction

IMS is considered to be crucial to future development of multimedia-enabled networks. 3GPP is now near to freezing defining the technical standards for IMS based services. Radio Access Bearers have yet to be defined. Whilst the standardisation process cannot be rushed, it is critical that Radio Access Bearers begin to be defined begins now, in order that experience and knowledge can be gained from IMS services. 

IMS will require support for Conversational RT RABs and Interactive/Background NRT RABs apart from RABs for streaming applications, over the PS domain. Whilst RABs for Streaming, Interactive and Background classes that have already been defined, can be made use of for supporting some of the IMS services, no conversational RT RAB has been defined yet. One of the major applications of these Conversational RT RABs will be for the support of voice calls over the IMS domain.

The purpose of the document is to provide a proposal for realisation of basic RABs required for IMS voice call. Whilst we are only considering voice in this paper, IMS services will also consist of parallel media sessions, which can be started and stopped during a multimedia session.

2. Requirements for support of Voice Calls over IMS

Some of the requirements for support of voice calls over IMS are the following

· Voice quality should be comparable to existing voice-based services using circuit switching, 

· Set up time should be comparable to existing circuit switched calls

· Media delay should be comparable to existing circuit switched calls

3. Support Required from the UTRAN

To support IMS based services, the UTRAN needs to provide:

· Transport for the voice payload (media) carried over RTP/UDP/IP between terminals.

The media (12.2kbps AMR) is carried alongside the payload descriptor in the RTP payload. Unequal Error Protection (UEP) is not considered for this proposal. SID and DTX packets are also carried alongside the speech packets.

· Transport of RTCP over UDP/IP for Media Control between the terminals.

 RTCP is used to feedback quality information to the source.

· Transport for the SIP/SDP over UDP/IP for application control between the terminals.

SIP signalling is used for multimedia session control.

The different flows are shown in the figure below.






4. RAB Realisation

For communication using IMS, the SIP / SDP has a PDP context and hence a radio bearer. Similarly AMR (RTP) and associated RTCP signalling each have a PDP context and use separate radio bearers. The SIP / SDP signalling PDP context is ‘always on’ during the course of the session, enabling the UE to receive IMS sessions. However the RAB may be deactivated during idle sessions.

In order to define the basic RABs for IMS voice for Rel5, the following assumptions have been made:

· AMR 12.2 Kbps will be the voice codec

· IP version will be Ipv6

· The source rate for the media will be 36.8 Kbps with uncompressed RTP/UDP/IP Header

· The radio bearer for the media will be provisioned to carry the media with uncompressed IP Header. However, the RB configuration will include Transport Format defined to handle RTP/UDP/IP header compressed to 4 Bytes (ROHC). The 4 Bytes includes 1 byte RTP Payload descriptor and 3 byte RTP/UDP/IP compressed header.

· 1 Byte of PDCP Header will be considered for defining the RB for the media

· SIP/SDP will be transported over 8 Kbps NRT interactive PS RAB

· RTCP will be transported over another 8 Kbps NRT interactive PS RAB

· RABs for SIP/SDP and RTCP will be multiplexed at the MAC level.

· UEP, multiplexing of RTCP&RTP, Frame Stealing, UDP lite, MAC multiplexing of SIP/SDP with SRBs, Additional Header Compression Profiles are left for future optimisation and are not considered in this proposal.

The following RABs and need to be defined for supporting basic IMS voice calls:

1. Interactive PS RAB for SIP/SDP signalling @ 8/8 kbps 

2. Interactive PS RAB for RTCP @ 8/8 kbps 

3. Conversational PS RAB for AMR 12.2 kbps @36.8 kbps/36.8 kbps

4. Signalling Radio Bearer (SRB) @3.4/3.4 kbps

5. Further Work on Optimisation of  RABs for IMS voice call

It is proposed that RAN2 look into addressing the following aspects for future optimisation of RABs for IMS voice:

- UEP 

- Multiplexing of RTCP&RTP

- Frame Stealing 

- UDP lite & additional HC Profiles 

- MAC multiplexing of SIP/SDP with SRBs 

6.  Conclusion

It is proposed that an agreement be reached within RAN2 on the principle described in this document. It is also proposed that the attached CR providing RAB configuration parameters defined based on this principle be agreed within RAN2 for inclusion in TS 34.108 and LS be sent to RAN1 for approving the L1 parameters.
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