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Annex A (normative):

Termination of IMS multimedia sessions to CSI capable UEs

A.1
Scope

This annex describes the architecture and procedures for enabling termination of IMS multimedia sessions (e.g. sessions originated from VoIP capable UEs) to CSI capable UEs, which are UEs that prefer receiving real-time media components over the CS domain. 

Editor’s note: Although only multimedia sessions originated from IMS and terminated to CSI capable UEs is currently considered, multimedia sessions originated from CSI capable UEs and terminated to IMS might also be considered in the future.

A.2
Definitions

For the purposes of the present annex the following definitions apply. 

CSI origination: the case when a UE initiates a CS call and subsequently adds an IMS session(s), or vice versa, addressed towards the same user. 

CSI termination: the case when a call to a UE is terminated in the CS domain (i.e. for real-time component), while an IMS session(s) from the same originating user and towards the same UE is terminated in the IMS/PS domain. 
IMS origination: the case when a UE initiates an IMS session(s) and the CS domain is not involved in the originating part of the session(s)
IMS termination: the case when an IMS session(s) is terminated in the IMS/PS domain and the CS domain is not involved in the terminating part of the session(s).
CSI AS:  an application server functionality in IMS, that serves as a control entity for CSI interworking. This functionality can be co-hosted within a standalone or any existing application servers. 

A.3 
Scenarios for CSI interworking
The scenarios considered in the context of termination of IMS multimedia session to CSI capable UEs are described below. The assumptions applicable through these scenarios are:

· The CSI capable UE is registered to IMS domain.

· 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: Establishing a voice call with 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.
A.4 

Architecture

A CSI application server (CSI AS) is introduced in IMS to meet the requirement of the CSI interworking. 

The figure A.1 describes the general architecture for CSI interworking when IMS origination and CSI termination is used.
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Figure A.1. General architecture and signalling flow in case of IMS origination and CSI termination
The thick coloured solid lines represent the signalling flow between UE 1 and UE 2. The multimedia IMS session (blue line) which is initiated by UE 2 is routed to the CSI AS in IMS domain 1 and then spited by the CSI AS into two sessions: one represents the voice call (orange line) that is routed through the and the other is for other services. The control entity forwards the voice call (yellow line) to CS domain 1, while the other (green line) represents rest media components which are routed through PS domain 1.
A.5
CSI Application Server (CSI AS)
CSI AS is a functional entity that control CSI interworking. When CSI AS receives the session from the S-CSCF, it performs termination logic. 

The main functionality of the CSI AS is: 

· to register the UE which has CSI capability via 3rd party registration when the UE registers to IMS;

· to control the CSI termination by implementing a 3rd party call control logic (as per TS 23.228, clause 4.2.4); and

· to perform termination logic, i.e. examine the media components of an IMS session targeted toward a CSI capable UE and make a decision how to terminate them;

· to decide whether to keep in the session path or not;

· to handle session separation/forwarding/combining;

Below are some of the factors which could influence the terminating session handling.

· SIP Feature tags or Service IDs or lack thereof;

· SDP Media components;

· UE capabilities

Editor’s note: It is FFS whether the additional information are needed to be considered.
A.6
Registration of CSI capable UE

A.6.1
Third-party registration

The CSI capable UE indicates its CSI capability during the IMS registration procedure. S-CSCF may use this information to trigger a 3rd party registration, through which The CSI UE is registered to the CSI AS.

The CSI AS may use the CSI capability of the UE in order to perform termination logic when a terminating session is forwarded to the CSI AS.
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Figure A.2. Third-party registration for CSI AS
A.6.2 
Initial Filter Criteria

An initial filter criteria is installed on relevant user’s service profile regardless of their subscription so that the incoming call request related to CSI interworking will be forwarded to the CSI AS.

The initial filter criteria for CSI interworking should be defined properly in order for S-CSCF to identify the incoming call request and forward it to the CSI AS.

Trigger Point in the initial filter criteria may use the following criteria

· IMS Communication Service ID, or lack of IMS Communication Service ID. 
Editor’s note: It is FFS if other trigger points may be considered.

For the services which only use the PS domain (e.g. PoC, messaging), the initial fitter criteria should be configured not to forward the INVITE messages to the CSI AS.
A.7
Information Flows

A.7.1
Voice call of IMS origination and CSI termination
The figure A.3 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 A.3. 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.

A.7.2
Multimedia session of 
IMS origination and CSI termination
The figure A.4 describes the call flow for a multimedia session (e.g. with both voice and messaging components of IMS origination and CSI termination, which corresponds to the interworking Scenario 2 (see clause 4).

The assumption is that UE 1 is both CS attached and IMS domain registered. Also, the MSRP protocol is used for transporting the messaging component.

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 A.4. Call flow for the multimedia session of IMS origination and CSI termination.

The procedure is as follows:

1. UE 2 initiates the multimedia session for voice and MSRP by sending an INVITE message towards UE 1. 

2. The S-CSCF 2 of the originating network sends the INVITE message for the voice and MSRP to the S-CSCF1 of the terminating network. 

3. Triggered by the applicable iFC, the S-CSCF1 of terminating network sends the INVITE message for the voice and MSRP to the CSI AS. 

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to split the original IMS session into two sessions: One with the voice media component that will be terminated via the CS domain 1 of the terminating network and another with the messaging component that will be terminated via the PS domain of the terminating network (or any other IP-CAN used by UE 1). The CSI AS acts as a 3rd party call control entity for initiating and controlling these two sessions. 

5. The CSI AS initiates the first session with the voice component by sending an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.


6-8 & 11-14 Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.


9. 
The CSI AS initiates the second session with the messaging component by sending an INVITE message to S-CSCF 1 containing a SIP URI corresponding to UE 1. CSI AS uses any information available to ensure to send the second session to the same terminating UE as the destination of the voice call.


10 & 15-16 UE 1 accepts the messaging session by sending a 200 OK message to CSI AS.


17-19 The CSI AS accepts the original INVITE message from UE 2 by sending to UE 2 a 200 OK response.

 20.
Finally, the CS voice bearer, the PS VoIP bearer, and the PS MSRP bearer are created. Note that the MSRP media could go through the CSI AS.
A.7.3
Adding an IMS session to an existing voice call
The figure A.5 depicts the case when the INVITE message for a new IMS session is sent outside of the existing dialog for the voice call, which was established though IMS origination and CSI termination. This flow is for the case when the CSI AS is not interrogated during the session setup.

This also corresponds to the interworking Scenario 3-1 (see clause 4).
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Figure A.5: Call flow for adding IMS session to existing voice call using a new dialog
1. The UE 2 initiates a request for adding the MSRP by sending the INVITE message towards the UE 1. Note that the new session is initiated as a separate dialog from the existing session for the voice call.

2. The S-CSCF 2 of the originating network sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3. The S-CSCF 1 sends the INVITE message for the MSRP to the UE 1

4. The UE 1 responds to the INVITE message with the 200OK message.

5. The S-CSCF1 sends the 200OK message to the S-CSCF 2 of the originating network.

6. The S-CSCF 2 of the originating network sends the 200OK message to the UE 2.

7. Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

Note that the IMS session addition from UE 1 (CSI termination) is done in the same way as depicted in Figure A.5.
The figure A.6 below shows an alternative call flow for adding an IMS session (e.g. an MSRP session) to an existing voice call with IMS origination and CSI termination, which corresponds to the interworking Scenario 3 (see clause 4). (Note: the voice call setup in case of IMS origination and CSI termination is described in section 6.4). The call flow assumes that the INVITE message is linked to the existing dialog which necessitates the flow through the CSI AS. 

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 A.6. Call flow for the scenario 3: adding an IMS session to an existing voice call.
The procedure is as follows:

1. The UE 2 initiates a request for adding the MSRP to the existing 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 sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS. 

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the MSRP session to UE 1 over the PS domain (or any other IP-CAN currently used by UE 1). The CSI AS can notice that the received INVITE message is a request for adding an MSRP session to the existing voice session of UE 1.

5-11 The CSI AS sends to UE 1 an INVITE message requesting an MSRP session. UE 1 accepts this request by sending a 200 OK response, and in turn the CSI AS sends a 200 OK response back to UE 2.

12.
Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

A.7.4
Adding a voice call to an existing IMS session
The figure A.7 describes the call flow for adding a voice call to an existing IMS session of CSI origination and IMS termination, which corresponds to the interworking scenario 4 (see clause 4). The assumption is that UE 2 and UE 1 are already registered to IMS and have established a messaging session that uses the MSRP protocol. 
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Figure A.7. Call flow for adding voice call to existing IMS session (CSI to IMS)
The procedure is as follows:

1. The UE 1 initiates a request for adding the voice call to the existing IMS session by sending a SETUP message that contains an E.164 number (in called party) which corresponds to UE 2.

2. As per normal CS/IMS interworking procedures, the CS domain 1 of the originating network sends an IAM message to the MGCF/MGW of the IMS terminating network.

3. The MGCF/MGW of the terminating network sends an INVITE message for a voice session to the S-CSCF 2 of the terminating network.

4. The S-CSCF 2 sends the INVITE message for the voice session to UE 2.

5. The UE 2 responds to the INVITE message with the 200OK message.

6. The S-CSCF 2 sends the 200OK message to the MGCF/MGW.

7. The MGCF/MGW sends the ANM message to the CS domain 1.

8. The CS domain 1 sends the CONNECT message to the UE 1.

9. Finally the CS voice bearer and VoIP voice bearer is created.

The figure A.8 describes the call flow for adding a voice session to an existing messaging session of IMS origination and CSI termination, which also corresponds to the interworking scenario 4 (see clause 4). Note that the session for the voice call is set up as a new session from the existing messaging session, i.e. outside of the existing messaging session dialog.
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Figure A.8: Call flow for adding voice call to existing IMS session (IMS to CSI)
The procedure is as follows:

1. The UE 2 initiates a request for adding a voice session to the existing IMS session by sending the INVITE message towards the UE 1.

2. The S-CSCF 2 of the originating network sends the INVITE message including the voice to the S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS.

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the voice session to UE 1 over the CS domain 1 of the terminating network. The CSI AS can notice that the received INVITE message is a request for adding a voice to the existing IMS session (MSRP in this example).

5. The CSI AS sends an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.


6-12
Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.


13-15
The CSI AS accepts the INVITE request of UE 2 (received in step 3) by sending a 200 OK response to UE 2 via S-CSCF 1 and S-CSCF 2.


16
Finally the CS voice bearer and the VoIP bearer are created.
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