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1
Introduction

This paper proposes the following changes to the TR 23.819.
**** FIRST CHANGE ****
4
Scenarios for CSI interworking
The followings are the scenarios which are being considered in this TR. Note that other scenarios may be added if identified.

Assumption

· The CSI capable UE is registered to IMS.

· The CS MSISDN of the UE is equal to its IMS MSISDN (i.e. the number used for the Tel URI).

· Non IMS registered UE with CSI capability acts like already defined mechanism. (e.g. voice mail, routing towards CS domain)

Scenario 1: voice call of IMS origination and CSI termination 

- A UE initiates an IMS session for a voice call and the voice call is terminated in the CS domain of a CSI capable UE. 

Scenario 2: Multimedia session of IMS origination and CSI termination

- In a case a UE initiates an IMS session containing a voice call and other media toward a CSI capable UE. The voice call to the CSI capable UE is terminated in its CS domain, while an IMS session with other media than that for the voice call is terminated in the IMS/PS domain. Otherwise, multimedia sessions not containing a voice component are terminated in the IMS domain of the CSI capable UE.

Scenario 3: adding IMS session to existing voice call of IMS origination and CSI termination
- Two UEs are in a voice call established using IMS origination and CSI termination and want to add the IMS session to the existing voice call. Either direction for adding the IMS session is possible.

 Scenario 3.1: The IMS session is added by the UE of the IMS origination.

 Scenario 3.2: The IMS session is added by the UE of the CSI termination.

Scenario 4: adding voice call to existing IMS session

- An IMS session has been established between two UEs and one of them wants to add the voice call to the existing IMS session. 

Scenario 4.1: The Voice call is added using IMS origination.

Scenario 4.2: The Voice call is added using CS origination.
Scenario 5: voice call of IMS origination and CSI termination; voice call cannot be established in CS domain
- As in Scenario 1, a UE initiates an IMS session for a voice call towards a CSI-capable UE and the voice call is terminated in the CS domain of the CSI capable UE. However, the voice call cannot be established over the CS domain (e.g. because the CSI-capable UE is currently outside CS coverage). In this case, the voice may be terminated in the PS domain.
**** SECOND CHANGE ****
X.X
Call flow for Scenario 5

The figure below shows the call flow for a voice call of IMS origination and CSI termination, which corresponds to the interworking Scenario 5 (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 5: voice call with IMS origination and CSI termination; voice call cannot be established in CS domain.
The procedure is as follows:

1-7
Same steps as in Scenario 1 (see sub-clause xx).
8. The voice call in the CS domain cannot be established (e.g. UE-1 is currently outside the coverage of CS domain 1).
9. An appropriate ISUP error message is returned from the CS domain 1 to MGCF indicating that the CS call could not be established.
10-11
The MGCF returns a 4xx SIP error response to CSI-AS via S-CSCF 1. 
12-13
The CSI AS may at this point try to terminate the original voice call over the PS domain. For this purpose, it sends an appropriate INVITE message to UE-1 via S-CSCF 1. 
14   
The normal IMS session setup procedures take place (see TS 23.228). In this call flow, it is assumed that UE-1 accepts the received INVITE message. 
15. 
Finally, the VoIP bearer is created.
**** END OF PROPOSED CHANGES ****
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 CSI 단말이 등록됨


902. CSI 단말로 향하는 INVITE message를 수신함. 


904. 세션이 Combined session (Voice + MSRP) 인가? Voice 세션 (Voice) 인가? 


906. Voice 부분과 MSRP 부분을 분리, 두개의 INVITE message를 생성. Voice call을 위한 INVITE massgae는 CS domain으로 routing이�

914.  INVITE message를 CS domain으로 routing이�

음성 서비스


결합된 서비스
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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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