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1. Introduction

IMS is considered to be crucial for the development of multimedia-based 3G networks. In order to make the deployment of IP based multimedia services economically viable in a 3G environment, it is necessary to ensure that the Radio Access Bearers used to support these services are highly optimised. Non-optimised Bearers are already defined in 3GPP Rel5. These Bearers need to be optimised, in order to ensure a commercially viable deployment of IMS services. 

In general, IMS offers one of or combinations of, Real Time and Non Real Time Services e.g. Gaming, Voice, Video streaming, Audio Streaming, Instant Messaging, Chat, Web browsing etc. 

In order to support these services IMS requires one or combinations of the following Bearers towards the PS domain:

· Conversational PS Bearer for Voice & Video Services

· Streaming PS Bearers for PS Streaming Services

· Interactive/Background PS Bearers for Data Services

· Signalling Bearer for SIP

While, it can be argued that IMS can make use of most of the Interactive/Background PS Bearers and Streaming PS Bearers, which have already been optimised and defined for R99/Rel4/Rel5, it is clear that the Conversational PS Bearers and the Signalling Bearers for SIP already defined for IMS needs to be optimised. 

The intent of this contribution is to identify the issues that need to be addressed in 3GPP Rel6, in order to optimise the Bearers to support Voice services over IMS.

2. Application Flows for support of Voice Calls over IMS

There are three distinctively different application flows needed to support voice calls over IMS as shown in the figure below:








· SIP/SDP over UDP/IP for application control between the terminals. SIP signalling is used for multimedia session control.

·   Voice payload (media) carried over RTP/UDP/IP between terminals. The coded speech is carried alongside the payload descriptor in the RTP payload. DTMF, SID and DTX packets are also carried alongside the speech packets.

·   RTCP over UDP/IP for media control between the terminals. RTCP is used to feedback quality 

               Information to the source.

2.1. Characteristics of the Application Flows 

· SIP/SDP
SIP/SDP signaling is used for multimedia session control. Some characteristics of SIP/SDP signaling are:

-         It is a request - response type of communication.

·         Low volume traffic with a low demand for average bandwidth. 

Some aspects of the service behavior depend on the QoS given to the SIP/SDP signaling. Hence, SIP/SDP signaling should get high priority and experience low delay. 

· Media(RTP)
The Media/RTP flow carries application data such as the coded speech. It also carries DTMF, SID and DTX packets. The overall packets for the media flow carrying speech are AMR/RTP/UDP/IPv6. The RTP payload size for AMR 12.2 Kbps coded speech is 32 Bytes. The characteristics of the flow are:

· Real Time/Conversational

· Consists of a fixed packet size of 92 Bytes including uncompressed RTP/UDP/IP header (60 Bytes) every 20 ms, for AMR 12.2 Kbps coded speech 

A dedicated Bearer with Conversational QoS class should be established for Media/RTP flow.

· RTCP
RTCP is carried over UDP/IP. It carries media control information between the terminals. The characteristics of the flow are:

 - Variable Packet Size and can be longer than the RTP payload. 

 - Messages are transferred rather infrequently. 

RTCP, as specified in RFC 1889, defines different packet types – Sender Report, Receiver Report, Source Description, BYE and APP. RFC 1889 suggests that the fraction of the session bandwidth allocated to RTCP be 5% of the total bandwidth for the combined RTP/RTCP flow.

3. Bearer Requirements for Voice Call over IMS

The Radio Access Network needs to provide Bearers to transport the application flows defined in section above. From the NAS point of view, there is always a separate PDP Context and an associated Bearer for SIP/SDP signalling. There is also a PDP Context and an associated Bearer for RTP flow. 

For handling RTCP flow, a number of options exist:

· RTCP flow multiplexed on the same PDP context (hence the Bearer) as that of RTP flow. 

· RTCP flow on a separate PDP context (hence the Bearer) to that of RTP flow

· The RTCP flow could be removed entirely

Note: The PDP context for SIP/SDP will be the primary and that for RTP/RTCP will be secondary.

The current version of TS 23.228 specifies multiplexing of RTCP and RTP on the same PDP context and hence the same Conversational PS Bearer. 

4. Issues to be addressed

It is identified that the following issues need to be addressed, in order to be able to optimise the parameters for Conversational PS Bearers to support Voice services over IMS:

4.1. RTCP Handling

As stated above, RTP and RTCP can be either 

· Multiplexed over a Single bearer, as currently defined in TS 23.228

· Separated over different bearers

· The RTCP flow could be removed entirely
RTP consists of fixed size small packets, while RTCP consists of variable size packets. The size of the RTCP packet can be many times the size of the RTP packet. The RTP packets for IMS voice services are sensitive to delay variations, while RTCP packets are not. In order to make deployment of IMS voice service commercially viable it is, necessary to identify a mechanism to efficiently handle these large and variable size RTCP packets, when used. Please refer to contributions S2-03xxxx, S2-03xxxx, S2-03xxxx for further details on the possible mechanisms for handling RTCP packets.

4.2. RTP(RTCP)/UDP/IP6 Header Handling 

In order to optimise the Bearer, ROHC will be used to perform compression of RTP (RTCP)/UDP/IP6 headers. ROHC is a function, which is confined to the Access Stratum and is transparent to NAS layer. However, ROHC requires transmission of full headers during initial transition phase. The initial header size is large and hence the bandwidth required for such headers can be large(as already defined for Rel5). One way to minimize the bandwidth requirement is for NAS layer to send Void AMR frames during the initialization phase(about 350 millisecond).

        ROHC will be discussed, in detail within RAN2, however, this contribution emphasize the need for NAS

        layer to send Void AMR frames for 350 ms during the start of the RTP session for minimizing the 

        bandwidth requirement. 

4.3. Signaling Bearer for SIP

SIP signaling indication is provided  in Rel5. However, as discussed in the last SA2 meeting, we see the need for further optimizing the signaling Bearer for SIP. Refer to S2-03xxxx for further details.
4.4. Other Issues

The following issues are also identified:

· UEP

· Rate Control

        We believe that UEP and Rate Control for Conversational services over IMS is likely to have some major impact on network elements/architecture and therefore proposed to be left as FFS.       

5.    Conclusion

It is proposed that SA2 discuss the issues brought out in this contribution and agree on a solution for handling RTCP and optimising SIP signalling RAB.  It is also proposed to agree on the need for sending Void AMR frames during the start of the RTP session.

Based on the outcome of the discussion within SA2, it is proposed to liaise with other groups of the decision, including groups inside 3GPP and IETF organisation.
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