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Introduction

It has been proposed that one single protocol is to be selected for multimedia control in the IM CN subsystem. This contribution proposes that this protocol should be based on SIP.

A single protocol for multimedia control between the UE and the CSCF is important in order to make conversational multimedia possible in mass market terminals. This does not preclude interworking with other protocols via interworking functions at the boundary of the IM CN subsystem.

Reasons for selecting SIP as the UMTS multimedia control protocol base are outlined below. It should be noted that SIP on its own cannot provide the required services, other companion protocols are also needed. These protocols, such as SDP, are not addressed in this contribution and are left for further study.

Benefits of SIP

SIP is considered to be well suited as the base for the R00 multimedia  control protocol due to the following reasons :

· The 3GPP multimedia service should be developed as an “internet service”. IETF is therefor the natural forum for standardisation. SIP is the current IETF way of establishing multimedia sessions and should therefor be chosen as the basis for the 3GPP multimedia control protocol. 

· A SIP based protocol is well suited for the integration into “internet enabled” end-user equipment due to it’s syntax being derived from HTTP. Due to it’s simplicity and flexibility (see below) it is also suitable for implementation into memory and processor capacity limited end-user equipment.

· SIP is a reasonably simple and new protocol that is not burdened with obsolete functionality. It is not considered necessary to demand direct service compatibility between the new multimedia services and existing PSTN/ISDN telephony services. SIP is designed to run directly on UDP thus avoiding the need for additional underlaying signaling protocols.

· SIP is a flexible protocol that can be easily extended with new functionality. This can be done without changing the base protocol and thus allows for easy extensions without impacting old equipment where the extensions are not relevant. Due to it’s flexibility SIP also allows different levels of implementations.

SIP has some disadvantages, the most notable one being a relatively  large amount of signalling data volume due mainly to the text encoding. This is however not considered to outweigh the advantages mentioned  above.

Proposal
It is proposed to include the following text in section 8.1 of TR 23.821 :

The multimedia control protocol between the UE and the CSCF is based on SIP as defined in relevant IETF standards.

