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1. Introduction

In Alternative D, there considered three issues: the end-to-end capability exchange, the end-to-end CS/CSB, and the Multimedia call interworking. To deal with Multimedia call interworking between CSI UE and non-CSI（pure VoIP） UE, there provide a network control end-to-gateway mechnism. In this paper, a client control end-to-gateway mechanism is introduced. 
We think the Multimedia call interworking between CSI UE and pure VoIP UE is very important to make CSI be usable for much more scenarios since in the initial stage of CSI, the UE with CSI capability will be not so many. The client control end-to-gateway solution provides the interworking solution without extra network capability requirement. 
2. proposal
It is proposed to add a new subclause to TR 23.899 Alternative D as below to provide an analysis for Client Control Multimedia call interworking (changes based on version 0.4.0). 

*** Proposed change ***
6.8.x
Client control Multimedia call interworking
1） Multimedia call from pure VoIP end point
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This flow show how multimedia (including voice) IMS sessions originated from a pure VoIP A-party can be delivered to a B-party that uses CS bearers for the voice component.
· Since the UE A is a pure VoIP UE and does not support CSI function, so the INVITE message sent by UE A is a normal one without CSI indication. 
· CSI UE B knows that UE A doesn’t use CSI capability, so decides to trigger embedded CSI service logic in end-to-gateway mode. It then originates a CS call while the calling party number is its MSISDN and the called party number is the E.164 number used for its IMS part (may be configured by adding a prefix to its MSISDN).
Note:  the E.164 number included in the SETUP message is constructed by adding a prefix to its MSISDN, the prefix is to be predefined for CSI services by the operator B (i.e. it is network B specific). The UE needs to modify the MSISDN to include this prefix when it initiates a CS call with a VoIP peer. Alternatively, prefix could be added to the MSISDN by the user. 

· The CS domain routes the CS call to an CS/IMS interworking gateway based on its configured routing data, the special prefix for CSI can be used by CS domain to choose the nearest interworking point or/and to avoid the impact of CS originating side supplementary service (just use the same method having been adopted in the CS domain to avoid the impact of originating side supplementary service to the emergency service and special number service).
· The interworking gateway (MGCF/MGW) performs the CS/IMS interworking and routes the IMS session via IMS network to UE B’s IMS part, bring the parameters of the port reserved for IMS side in MGW (SDP of GW for VoIP).
· UE B receives the INVITE message and distinguishs that it is a CSI call-back by founding it is from the MSISDN of itself, then control in B2BUA mode to perform exchange of SDP for VoIP component between UE A and MGCF/MGW, and so controls UE A exchange the media of VoIP component with MGW via IP bearer, then this VoIP component can exchange between MGW and UE B via CS bearer. 
· To avoid UE A send media of VoIP component before the CS bearer establish, the attribute of SDP in 183 sent to UE A should be inactive, and when finished the establishment of CS bearer, UE B will send a UPDATE to change the attribute to active.
2）Multimultimedia call to pure VoIP end point
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This flow show how multimedia (including voice) IMS sessions originated from an A-party that uses CS bearers for the voice component can be delivered to a pure VoIP B-party.
The procedure is similar to  “Multimedia call from pure VoIP end point (Client-to-network, client control)” excepting that, UE A may decide to trigger embedded CSI service logic in end-to-gateway mode based on capability exchange and can originate CS call back to itself to get the parameters of GW before it initial the IMS session.
Note:  By some means, UE A is aware that UE-B is an IMS terminal. The E.164 number included in the SETUP message is constructed by adding a prefix to its own MSISDN, the prefix is to be predefined for CSI services by the operator A (i.e. it is network A specific). The UE needs to modify the MSISDN to include this prefix when it initiates a CS call towards its IMS part to establish the CS bearer to the GW and get the SDP of GW, which are then used in the subsequent IMS session it originates toward the VoIP peer. Alternatively, prefix could be added to the MSISDN by the user.
3）Fallback to CS when access in non-DTM and non-3G area 
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This flow show how multimedia (including voice) IMS sessions originated from a pure VoIP A-party be delivered to a B-party that uses CS bearers for the voice component, and then B-party decide to fallback to CS since it currently access in a non-DTM and non-3G area.
· When CSI UE B receives the INVITE message and triggers embedded CSI service logic in end-to-gateway mode, It then checks the current Radio access capability. Finding that the RAN it currently access doesn’t support DTM/multiRAB, it then decides to fallback to CS and responds a 3xx to UE A including it’s MSISDN. 
· UE A responds ACK to confirm the 3xx and completes the release of the session being established, then originates a new INVITE to the MSISDN according to the 3xx.
· The IMS network A determines to transfer the newly originated session to CS domain based on the analysis of the destination address, and selects the interworking gateway. The interworking gateway (MGCF/MGW) performs the CS/IMS interworking including the media negotiation, and routes the CS call via CS network to UE B’s CS part. 
· UE B accepts the incoming CS call and then establishs a CSI fallback CS call with pure VoIP UE A. Being restricted by the capability of CS bearer, there may be a reduction in the exchanged media components if the session initially  originated by UE A is a multimedia session, it is done by a standard media negotiation procedure between interworking gateway and UE A during the session establishment.
· Farther more, the E.164 number sent to UE A in 3xx may be configured by adding a prefix to UE B’s MSISDN to force the re-originated session to be transfer to the CS domain, and interworking gateway is responsible to resume the MSISDN in this case.  
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