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1.
Introduction
VCC enables the Network to deliver CS originated calls to the VCC-UE via the PS domain. The VCC-UE may receive therefore CS calls even when it is not CS attached but IMS registered. If the VCC-UE is also CSI capable in general, it is capable of supporting the termination of a CS originated call and a parallel IMS session when it is IMS registered. 
It is therefore proposed to signal at session setup, that a UE is CSI capable, i.e. to indicate that the radio environment currently supports parallel CS calls and IMS sessions, when the following conditions are met for an UE A:

1. It is VCC capable 

2. It supports parallel CS and IMS sessions in general

3. It is IMS registered

 When these conditions are fulfilled, the UE should signal the CSI capability during a session setup. This should apply in the following cases:
1. UE A initiates a voice call 
2. UE A answers to the initiation of a voice call

2.
Proposal

We propose to add the following text to TR 23.819:
********************************************** start of change ********************************************************
5
Architectural requirements

The following general requirements are applicable to CSI interworking:

· It shall be possible to interwork between IMS origination and CSI termination for sessions that include a realtime (e.g. voice) component.

Note: This implies the capability to perform the termination of the voice component of the session in the CS domain as a CS call.
· Impacts to IMS origination by the nature and capabilities of the terminating side of the session (i.e. whether IMS or CSI termination is applied) shall be minimized.
· Impacts to IMS termination by the nature of the originating call (i.e. whether IMS or CSI origination is applied) shall be minimized. I.e. standard IMS termination procedures should apply irrespective of the nature of the origination possibly taking into account the capabilities of the terminating UE.
· There shall be no requirement to maintain time synchronization between media transferred over different domains.
· The terminating CS domain and the originating IMS domain shall not to be impacted.

· The impact on UE behaviour relating to the origination and termination of IMS sessions shall be minimized.
· The impact on UE behaviour relating to the origination and termination of CS calls shall be minimized.
· The behaviour of CSI termination/origination shall be backward compatible to the behaviour specified in TS 23.279.

· It shall be possible to apply CSI termination and VCC (that is specified in TS 23.206[4]) in the same network.
· The capability to terminate a CS originated session in the IMS shall be used when determine the CSI capability of the UE. E.g. a VCC-capable UE is CSI capable when it is IMS registered. To be CS attached is not needed.
· When an IMS session with voice call component arrives in the terminating IMS core for the CSI termination. the voice part of the session should be terminated in its CS domain, even if  the UE for the CSI termination is not IMS registered.
********************************************** end of change ********************************************************

********************************************** start of change ********************************************************
6.4
Call flows for scenario 1: Voice call of IMS origination and CSI termination
The figure 6.1 describes the call flow for the voice call of IMS origination and CSI termination, which corresponds to the interworking Scenario 1 (see clause 4). The UE 1 is CS attached.

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 6.1. Call flow for the voice call of IMS origination and CSI termination.

The procedure is as follows:

1. The UE 2 initiates the voice call by sending the INVITE message towards the UE 1.

2. The S-CSCF 2 of the originating network sends the INVITE message for the voice to the 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 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 VoIP bearer are created.
Note: In case UE 2 is VCC capable, it shall be possible to inform UE 1 within the SETUP message that the radio environment of UE 2 currently supports parallel CS calls and IMS sessions.
********************************************** end of change ********************************************************
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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. 
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