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1. Introduction

The purpose of this contribution is to initiate discussion and clarify the role of SIP protocol in IP multimedia service control, especially when compared with CAP or OSA. Furthermore, some guidelines are presented for discussion on what should be standardised in IM Subsystem to allow SIP based service control.

2. Basic role and tasks of SIP

The Session Initiation Protocol (SIP) has been designed by IETF to allow establishment, modification and termination of multimedia sessions or calls, i.e. SIP is a call/session control protocol. IETF SIP specification specifies the roles (from the session establishment point of view) of the network servers and SIP end points taking part in the session establishment. Furthermore, the basic mechanisms deployed in session establishment are explained. As such, SIP can be compared e.g. to ISUP protocol used for call control in legacy networks.

3. CAP and OSA compared with SIP

CAMEL and OSA architectures specify a service control interface between the Service Switching Function SSF (e.g. CSCF) and Service Control Function SCF (an application server). SCF uses an abstraction of the call/session, the Basic Call State Model BCSM, in order to follow the progress in call/session establishment. SSF builds the BCSM for the SCF and thus SSF hides the underlying basic call control mechanisms from SCF. When SSF receives instructions from SCF, it interprets them according to the BCSM in question, and commands the call control function to issue correct signalling messages towards the network. Since CAMEL and OSA base their service control solely upon the BCSM, the functionality and capabilities of the BCSM need to be carefully specified. In practise, the specification of the BCSM and the service capabilities provided by it for the SCF, are the main issues specified e.g. in the CAMEL standards.

As SIP is a call/session control protocol, IETF has specified numerous mechanisms, which provide a possibility to make the IP Telephony services upon SIP sessions. These service mechanisms include e.g. Call Processing Language (CPL), SIP Servlet API and SIP CGI. The basic concept in these service mechanisms is that the service mechanisms get direct access to SIP signalling message data and directly change that data and instruct the SIP server functions. SIP based services do not use Basic Call State Model abstraction to instruct the SIP server with a higher level commands – the basic SIP functions are deployed.

4. Standardization of SIP service mechanisms in CSCF

As shown above, CAMEL and OSA need to strictly standardise the BCSM functionality and the instructions in the control interface. The basic concept in the service plane is a client – server based relationship, in which client (SSF) requests for instruction and server (SCF) gives commands. 

SIP based service mechanisms access the SIP signalling and SIP server functions directly. Thus SIP service mechanisms more or less integrate with the SIP control plane functionality managing the call/session. Example SIP service implementations may integrate SIP services in a separate node providing also SIP server function or integrate the SIP based service mechanisms e.g. inside the Serving CSCF. Anyway, basic idea is to combine SIP based service mechanisms with the SIP signalling and SIP server.

For SIP based services, there is no need to standardise a BCSM or the instructions controlling the BCSM (since there is no BCSM). Instead, the IMS should provide the basic capabilities & mechanisms, which allow the CSCF to make use of SIP based service mechanisms. 

5. Conclusion

As SIP based services closely relate to call/session handling, SIP based services or their capabilities should not be treated as equals or alternatives to CAMEL or OSA. Instead, SIP services should more be seen as a part of the basic functionality provided by a SIP server or a CSCF and thus the main focus for standardization should be to provide the basic mechanisms needed to make use of SIP based services.

