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1 Introduction

This paper proposes the call flow for the interworking Scenario 1, i.e. voice call with IMS origination and CSI termination.
2 Discussion
The figure below shows the call flow for the voice call of IMS origination and CSI termination, which corresponds to the interworking Scenario 1 (see clause 4).

Note that the procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure X. Call flow for scenario 1: voice call with IMS origination and CSI termination.

The procedure is as follows:
1. The UE 2 initiates a voice call by sending the INVITE message towards the UE 1.

2. With normal IMS routing (e.g. based on the request URI) the S-CSCF 2 of the originating network routes the INVITE message for the voice session to S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 routes the INVITE message to the CSI AS, which is the CSI control entity in the terminating network. 
4. The CSI AS invokes a Termination Logic (see clause 6.1) that decides to terminate the voice session via the CS domain 1 of the terminating network. 
5. The CSI AS, acting as a 3rd party call control function, sends an INVITE message for a new voice session to the S-CSCF 1, which contains a Tel URI corresponding to UE 1.
6-12   The normal information flow takes place, as in case of the IMS/CS interworking, for establishing a voice call toward UE 2 via CS domain 1.

13-15 The CSI AS accepts the original voice session request from UE 1 by sending a 200 OK message to UE 1 via S-CSCF 1 and S-CSCF 2.

16. 
Finally, the CS voice bearer and the VoIP bearer are created.
3 Conclusion
We propose to insert the above text to the TR 23.819.
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 CSI 단말이 등록됨
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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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