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1
Introduction

Currently, 3GPP's IMS specifies the use of SIP signalling to establish sessions using packet-switched bearers to carry the media. There are quality of service and radio efficiency issues associated with trying to use GPRS bearers for real-time IP sessions, which may delay the rollout of IMS for real-time services. 

2
Proposed Outline of solution

Figures 1 and 2 below show a potential mechanism for using SIP signalling to set up a session that will use a circuit-switched bearer to carry the media. Figures 3 and 4 show some of the architectural components.  

The key part of this solution and/or changes to current IMS procedures are:

1. adding a flag and an E.164 telephone number to the SDP carried inside the SIP messages; and 

2. using a SIP Application Server (AS) that acts in a Back-to-back User Agent (B2BUA) mode and which can control a media gateway. 

The need to use a CS bearer could be indicated in a number of ways including:

· Introduction of an internal interface in the UE between the SIP Application and the Call Control entity.

· Introduction of the MSISDN into the REJECT message. This would allow the INVITE to be rejected and the call to continue on the CS domain.
· Introduction of the MSISDN into the REFER message

3
Proposal

It is proposed that this concept and the call flows are discussed. Ideally, some of the text should be updated and included into the TR.


Figure 1: Mobile Originating Case:
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Figure 2: Mobile TERMINATING Case:
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Figure 3
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Figure 4
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