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1 Introduction

This paper proposes the call flow for closing the voice call, IMS session, or both of them. 
2 Discussion
The following figure describes the signalling flow for terminating the voice call and the IMS session orderly.
The assumption is that UE 1 and UE 2 have a voice call and an IMS (MSRP) session established between them.
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Figure 1. Signalling flow for terminating a voice call and an IMS session in case of CSI Interworking
1. UE 2 initiates the procedures for terminating the voice call by sending a DISCONNECT message. 

2. CS domain 1 of the terminating network sends the REL message to the MGCF/MGW of the terminating network. 
3. CF/MGW of terminating network sends the BYE message to CSI AS via S-CSCF 1 for terminating the existing IMS voice session. 
5-7
The CSI AS sends an INVITE message to UE 2 for removing the voice from the existing multimedia IMS session. The SDP of this INVITE message is modified and does not include any voice component. 

8-13
UE 2 accepts the above INVITE message and responds with a 200 OK message back to CSI AS. It also stops receiving the voice stream. It turn the CSI AS responds back to MGCF/MGW with another 200 OK message and finally the MGCF/MGW sends a RLC message to CS domain 1 to indicate that the voice bearers have been released.

14-18
Later, the UE1 sends a BYE message to CSI AS via S-CSCF 1 for terminating the MSRP session. In response, the CSI AS sends a corresponding BYE message to UE 2 via S-CSCF 1 and S-CSCF 2.

19-23

Finally, the UE 2 accepts the BYE request and responds with a 200 OK message back to CSI AS. The CSI AS further responds with another 200 OK message back to UE 1.

Note that the above voice call termination procedure (steps 1-13) and the MSRP session termination procedure (steps 14-23) can occur independently to each other and in any order.

3 Conclusion
Thus, this contribution proposes to insert the above text to the TR23.819.
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908. Voice call을 위한 INVITE message를 CS domain을 통해 CSI 단말로 전송. 
MSRP를 위한 INVITE message는 IMS domain을 통해 CSI 단말로 전송.


916.  INVITE message를 CS domain을 통해 CSI 단말로 전송. 


910. 두 INVITE에�

918. 응답 메시지를 상대편 단말에게 전달함.
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