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1
Introduction

The design of the Session Initiation Protocol (SIP) recognizes the trend towards use of packet networks as the underlying framework for communications.  These networks will provide a broad range of services, including traditional best-effort data service, as well as enhanced value-added services such as telephony.  Packet based networks may also offer additional real-time multimedia services to endpoints that are IP capable. Improvements in silicon will reinforce the trend towards increased functionality in endpoints.  These intelligent endpoints will take advantage of the widespread availability of packet networks to enable a rich set of applications and services for users. 

One of the simplest features that may be implemented in the intelligent endpoint it the capability to simultaneously manage multiple sessions.  In current telephony systems, this feature is often known as “call-waiting,” where the subscriber can be simultaneously engaged in two conversations and switch between them with a hookflash.  One session is active; the other is on hold.

In the context of the Hybrid Service Control Architecture, it is possible that one of the active calls will be controlled by the CSCF in the home network, and the other call will be controlled by the CSCF in the visited network.  This contribution shows how an intelligent endpoint can manage two simultaneous sessions, provide the standard “call waiting” service, without any support from the CSCF.  This addresses issue #1 of [1].

2
Multi-Session Call Flow Example

Following is an example of an UE that is managing multiple simultaneous sessions, providing the subscriber with the standard interface for “call waiting.”
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The above figure shows a call in progress at an UE, established under the control of a CSCF in the visiting network, to a MGW located in the visiting network.

While call#1 is active, a new call attempt is made to the UE, controlled by the CSCF in the home network.  Call control for this new session is performed by the CSCF in the home network; the CSCF in the visited network provides only the media authorization and final translation service.  The CSCF in the visited network therefore does not correlate this new session establishment with the existing active session; rather considers the new call as if it were the only active call to the UE.

The figure shows the normal call handling at the UE: negotiating session descriptions with the call originator, reserving the resources needed for the call, and coordinating those resource requests with the signaling exchanges.  This resource coordination procedure is described in [2], and the overall procedure is described more fully in [3].   When an initial session would initiating alerting (e.g. ringing the phone, after step (9)), the UE inserts the call-waiting alerting tone into the media stream to alert the subscriber to the new call attempt.  

Upon detecting a hookflash, the UE places the initial session on hold (with SIP messages #14-#16), and completes the new session (with SIP messages #17-#20).  On subsequent hookfhashes, the UE switches between active sessions (with SIP message #21-#26).  Sample contents of each of these messages are given in [3].

In a similar manner, other multi-session control functions may be performed by the UE.  For example, three-way-calling can be performed either by the UE locally performing the mixing operation, or by allocation of a bridging server in either the home or visiting network and transfer of both active calls to the bridge.

In practice, it is only in very limited cases that multiple sessions at the UE are controlled by different CSCFs.  If call control is being provided by the Home CSCF, then only calls for emergency services will be handled without the Home CSCF’s involvement; it is likely in such cases that the UE (or subscriber) will reject any incoming call attempt.  If call control is being provided by the Visiting CSCF, it is only by roaming between networks of different CSCFs (or of different service providers), while sessions at the UE are active, that lead to the UE managing interactions between CSCFs.

3
Conclusion

The processing capabilities and endpoint intelligence inherent in a SIP endpoint can be used to effectively manage multiple simultaneous sessions at the UE, and to manage interactions between the services.

4
Proposal

This contribution proposes that the following text be added to 23.821.

Release 2000 architecture shall be based on the principles that the control for multiple sessions be performed by the User Equipment (UE), and interactions between multiple session be managed by the UE.  Note that there may be distinct CSCFs controlling each individual session, which may be located in the home network or in the visited network. 

Further, this contribution suggests that the examples and call flows in the previous section be used as a starting point by a drafting team for inclusion into an appropriate section or appendix of 23.821.
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