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1.
Introduction
The TR 23.819 “”Study on handling the termination of real-time sessions and calls” captures the results of the study into the interworking between e.g. a pure IMS voice/video session and a combination of a CS call and an IMS session.  The current document describes scenarios for calls from multimedia telephony origination towards a CSI termination with interworking, and calls with a CSI origination towards an IMS termination without performing interworking, though the means to realise the latter have not been captured.
This contribution includes the flows to realise the CSI originating towards IMS terminating calls.
2.
Discussion

When document S2-061400, which described the architecture for the support of CSI origination towards IMS termination, was discussed, concerns were raised about the impact of such calls that might require bringing the CS component of the calls through IMS.  Such aspects are considered outside the scope of the TR, and that the TR should contain the mechanisms to support and solve the problem.  Subsequent business decisions (outside the scope of standardisation) will decide which mechanisms will be deployed.  As such, the TR should describe the means to interwork CSI origination calls towards IMS termination.
The current architecture for the case of CSI origination and IMS termination is captured in figure 6.2 of TR 23.819, and is shown below for convenience.
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TR 23.816/Figure 6.2 General architecture and signalling flow in the case of CSI origination and IMS termination.

The above figure illustrates the architecture for when interworking between the CSI origination and the Multimedia telephony session does not occur (the only interworking in the above figure is performed at the MGCF for interworking between the IMS and the circuit switched network).

The support of interworking implies that the terminal performing the IMS origination/termination of the multimedia telephony session is unaware that it is communication to a terminal performing CSI termination/origination and visa-versa.  In contradiction to this, the lack of interworking in the above figure imposes requirements on the terminal performing the IMS termination – and that it to support two IMS sessions, that can be combined in a single representation towards the user – that is that the terminal is “CSI aware”.  Given that a number of terminals that support multimedia telephony exist outside the influence of 3GPP, it is unlikely that all terminals supporting multimedia telephony are “CSI aware” (e.g. the terminals based upon the TISPAN specifications).

The behaviour of the terminals that perform IMS origination/termination and that are “CSI unaware” is un predicable when the receive the second IMS session as described above e.g. will the additional call appear as a call waiting call?  Will the additional call be rejected?

In order to provide transparent communication towards terminals performing IMS termination that are CSI unaware, interworking is also required for this case, though further consideration is required as to whether the interworking function is in the originating network, terminating network or both.
Scenario 7 from the TR (repeated below for the readers ease) supports the need to solve the interworking between a CSI origination towards an IMS termination.
Scenario 7: CSI origination and IMS termination scenarios

Scenario 7.1: 
A voice call has been established between two UEs, session establish request is initiated in CSI origination and IMS termination direction to add a combined IMS session to this call. 

Scenario 7.2: 
An IMS session has been established between two UEs, call establish request is initiated in CSI origination and IMS termination direction to add combined voice call to this IMS session.

As a note when considering the proposed interworking below, it is work giving consideration to the ability of the originating network to be apply policy based mechanisms for when to perform originating network interworking, and when to continue with two parallel calls/sessions.  This policy could take into account the destination network in order to avoid interworking towards mobile networks etc.

3.
Proposal
This contribution proposes that the following changes are accepted into TR 23.819.
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6
Proposed Solutions

6.1
General architecture
A CSI application server (CSI AS) is introduced in IMS to meet the requirement of the CSI interworking. 

The figure 6.1 describes the general architecture for CSI interworking when IMS origination and CSI termination is used.
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Figure 6.1. General architecture and signalling flow in case of IMS origination and CSI termination
The thick solid lines with colors present 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 control entity in IMS domain 1, and then spited by the the CSI AS into two sessions: one is for the voice call and the other is for other services. The control entity forwards the voice call (yellow line) to CS domain 1, while it forwards the IMS session (green line) for other services to PS domain 1. 
The figure 6.2a describes the general architecture for CSI interworking when CSI origination and IMS termination is used for the CSI interworking without the support of CSI interworking in the network. Note that this is for the case when the UE in CSI origination is not subscribing to the VCC service.
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Figure 6.2a. General architecture and signalling flow in case of CSI origination and IMS termination, without CSI interworking
The thick solid lines with colors present the signalling flow between UE 1 and UE 2. The voice call (yellow line) which is initiated by UE 1 is routed to the UE 2 via the IMS domain 2 with normal CS/IMS interworking procedure, while the IMS session for other services is routed to UE 2 with normal IMS routing procedure. 

Note that this is for the case when the UE in CSI origination is not subscribing the VCC service.
When an IMS session with voice component arrives in the S-CSCF of CSI termination (UE is IMS registered), the S-CSCF forwards the session to the CSI AS based on the initial Filter Criteria (iFC) downloaded from the HSS. 

It is FFS whether the IMS session with non-voice component shall also be forwarded to the CSI AS.

The CSI AS decides how to process the incoming session. Detailed behaviours for the CSI AS are described in section 6.2
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6.6
Call flows for scenario 3: adding IMS session to existing voice call
The figure 6.3 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 6.3: 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.

Editors Note:  FFS - In this case, the originating terminal requires knowledge that the terminating terminal would like to receive the new media as a separation session.
Note that the IMS session addition from UE 1 (CSI termination), which corresponds to the scenario 3-2 (see clause 4), is done in the same way as depicted in Figure 6.3.
The figure 6.4 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 6.4: 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.
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7
Support of CSI origination towards IMS termination with CSI interworking.
7.1
General

This clause shows the flows and architecture for CSI originations towards an IMS termination with CSI interworking.
7.2
General Architecture

In addition to the architecture described in clause 6.1, Figures 7.1 and 7.2 below show an architecture for the general architecture for CSI interworking when CSI origination and IMS termination is used for the CSI interworking with the support of interworking in the network.  Figure 7.1 shows the case where the CSI interworking is performed in the originating network, and Figure 7.2 shows the case where the CSI interworking is performed in the terminating network.
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 Figure 7.1. General architecture and signalling flow in case of CSI origination and IMS termination with CSI interworking in originating network
Note:  When to support interworking in the originating network is a matter of policy in the originating network.  Such policy could take into account the destination network.
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Figure 7.2. General architecture and signalling flow in case of CSI origination and IMS termination with CSI level interworking in terminating network

The solid lines present the signalling flow between UE 1 and UE 2. The voice call (yellow line) which is initiated by UE 1 is routed to the CSI-AS, while the IMS session for other services is also routed to the CSI-AS.  The CSI-AS continues the communication towards UE 2 with a single session using normal IMS routing procedure.  The above examples illustrate the interworking in both originating and the terminating networks and further consideration is required in order to determine whether the CSI-AS is in the originating network, terminating network or both.

Note that this is for the case when the UE in CSI origination is not subscribing the VCC service.

Editors note:  Whether either the approach in figure 7.1 or figure 7.2 or both is to be progressed is FFS
7.3 
Call flows for setting up the voice session for CSI origination and IMS termination with CSI interworking

Figure 7.3 below shows the flows for establishing the voice session for CSI origination and IMS termination with the interworking performed in the originating network.  The flow is simplified and omits elements such as I-CSCF and HSS.
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Figure 7.3: CSI interworking on originating side for CSI origination.
1 UE1 initiates a voice call on the CS side by sending a SETUP message to the CS domain (MSC).

2 The originating network detects that interworking is required and requests that the call is directed into the CS side.  This could be achieved though the use of e.g. CAP as per the voice call continuity (VCC) call flows for CS originating.  This may take into account policy decisions based upon the terminating network.
Note: While the subsequent steps show the INVITE in steps 4 and 5 going directly to the CSI-AS, they would very likely go via a “CS adaptation function” as described in the VCC specifications TS 23.206 in order to re-establish the original called party number..
3 The CS domain forwards the call to the MGCF for interworking

4 The MGCF generates an INVITE and forwards the INVITE to the CSI-AS.  In reality, this could be via another AS, which in-turn forwards the INVITE to S-CSCF1, and onto the CSI-AS (as per CS call origination in voice call continuity).

5 CSI-AS1 re-targets the INVITE towards UE2 and sends the INVITE to S-CSCF1

6 S-CSCF1 routes the INVITE towards the terminating network.  The INVITE arrives at S-CSCF2

7 S-CSCF2 forwards the INVITE to UE2

8 UE2 accepts the session by responding to S-CSCF2 with a 200OK.

9 S-CSCF2 forwards the 200OK to S-CSCF1

10 S-CSCF1 forwards the 200OK to CSI-AS1

11 CSI-AS1 forwards the 200OK to the MGCF (via the other functional entities described in step 4 above)

12 The MGCF sends a CON message to the MSC in the CS domain.

13 The MSC in the CS domain accepts the call by sending a CONNECT to UE1.

The voice bearer is considered to be established.

Figure 7.4 below shows the flows for establishing the voice session for CSI origination and IMS termination with the interworking performed in the terminating network.  The flow is simplified and omits elements such as I-CSCF and HSS.
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Figure 7.4: CSI interworking on terminating side for CSI origination.
1 UE1 initiates a voice call on the CS side by sending a SETUP message to the CS domain (MSC).

2 The originating network generates an IAM which is forward to the visiting network.  The IAM is routed to a MGCF.

3 The MGCF generates an INVITE and forwards the INVITE the call to S-CSCF2.

4 S-CSCF2, based upon iFC, forwards the INVITE to CSI-AS2.

5 CSI-AS2 forwards the INVITE back towards S-CSCF2.

6 S-CSCF2 forwards the INVITE to UE2

7 UE2 accepts the session by responding to S-CSCF2 with a 200OK.

8 S-CSCF2 forwards the 200 OK to CSI-AS2

9 CSI-AS2 forwards the 200OK back to S-CSCF2

10 S-CSCF2 forwards the200OK to the MGCF

11 The MGCF generates a CON messages which is sent to the originating CS domain.

12 The MSC in the CS domain accepts the call by sending a CONNECT to UE1.

The voice bearer is considered to be established.

7.4 
Call flows for scenario 3, adding IMS sessions to existing voice calls for CSI origination with CSI interworking
In addition to the call flows described in clause 6.6 “call flows for scenario 3: adding IMS session to existing voice calls” above, the following call flows describe some of the cases where CSI interworking can occur within the network.
Figure 7.5 below shows an call flow for adding an IMS session (e.g. MSRP session) to an existing voice call.  In this case the voice call was established with IMS origination, and the interworking is performed in the network.  The addition of the IMS session is from the terminal that performed the IMS origination. 

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.


Figure 7.5: Call flow for adding IMS session to existing voice call using a the existing dialog
1. The UE 2 initiates a request for adding the MSRP by sending the RE-INVITE message within the existing dialogue. 
2. The S-CSCF 2 of the originating network sends the RE-INVITE message for the MSRP to the S-CSCF 1 of the terminating network, in accordance with the already established sessions.

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

4. The CSI-AS generates an INVITE that is targeted towards the user of UE1 and sends this to S-CSCF1

5. The S-CSCF1 sends the INVITE towards UE1
6. The UE 1 responds to the INVITE message with the 200OK message.

7. The S-CSCF1 sends the 200OK message to the CSI-AS1.

8. The CSI-AS1 generates a 200OK and sends it to S-CSCF1.

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

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

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

Figure 7.6 below shows an call flow for adding an IMS session (e.g. MSRP session) to an existing voice call.  In this case the voice call was established with CSI origination, and the interworking is performed in the network.  The addition of the IMS session is from the terminal that performed the CSI origination. 

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.
The flow below assumes that the CSI interworking was performed in the originating network.
Figure 7.6: Call flow for adding IMS session to existing voice call using a the existing dialog
1. The UE1 initiates a request for adding the MSRP by sending an INVITE message within the destination towards UE2.
2. The S-CSCF 1 of the originating network sends the INVITE message for the MSRP to CSI-AS1 based upon the filter criteria. 
3. The CSI-AS1 generates an RE-INVITE message within the existing dialogue towards UE2.  This is returned to the S-CSCF1

4. S-CSCF1 forwards the RE-INVITE message towards S-CSCF2 within the existing dialogue.

5. S-CSCF2 forwards the RE-INVITE towards UE2.
6. The UE 2 responds to the INVITE message with the 200OK message.

7. The S-CSCF12sends the 200OK message to S-CSCF2

8. S-CSCF1 forwards the 200OK message CSI-AS1.

9. CS-AS1 generates a 200OK messages and forwards the message to S-CSCF1.

10. S-CSCF1 of the originating network sends the 200OK message to the UE1.

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

Figure 7.7 below shows an call flow for adding a voice call to an existing IMS session (e.g. MSRP session) to an existing voice call.  In this case the original IMS session was established with CSI origination, and the interworking is performed in the network.  The addition of the IMS session is from the terminal that performed the CSI origination. 

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.
The flow below assumes that the CSI interworking was performed in the originating network.
Figure 7.7: Call flow for adding a voice call to an existing IMS session
1 UE1 initiates a voice call on the CS side by sending a SETUP message to the CS domain (MSC).

2 The originating network detects that interworking is required and requests that the call is directed into the CS side.  This could be achieved though the use of e.g. CAP as per the voice call continuity (VCC) call flows for CS originating.  This may take into account policy decisions based upon the terminating network.
Note: While the subsequent steps show the INVITE in steps 4 and 5 going directly to the CSI-AS, they would very likely go via a “CS adaptation function” as described in the VCC specifications TS 23.206 in order to re-establish the original called party number.
3 The CS domain forwards the call to the MGCF for interworking

4 The MGCF generates an INVITE and forwards the INVITE to the CSI-AS.  In reality, this could be via another AS, which in-turn forwards the INVITE to S-CSCF1, and onto the CSI-AS (as per CS call origination in voice call continuity).

5 CSI-AS1 Sends a RE-INVITE towards UE2 via S-CSCF1

6 S-CSCF1 routes the RE-INVITE towards the terminating network.  The RE-INVITE arrives at S-CSCF2

7 S-CSCF2 forwards the RE-INVITE to UE2

8 UE2 accepts the session by responding to S-CSCF2 with a 200OK.

9 S-CSCF2 forwards the 200OOK to S-CSCF1

10 S-CSCF1 forwards the 200OK to CSI-AS1

11 CSI-AS1 forwards the 200OK to the MGCF (via the other functional entities describd in step 4 above)

12 The MGCF sends a CON message to the MSC in the CS domain.

13 The MSC in the CS domain accepts the call by sending a CONNECT to UE1.

The voice bearer is considered to be established.

8
Conclusions
As an interim conclusion, the following aspects are proposed to be standardized.

To facilitate interworking between the UE with the IMS origination and the UE with the CSI termination, CSI AS is introduced in the IMS core of the CSI termination to solve the following interworking scenarios.

Scenario 1: voice call of IMS origination and CSI termination 

Scenario 2: Multimedia session of IMS origination and CSI termination

Scenario 3: adding IMS session to existing voice call of IMS origination and CSI termination

Scenario 4: adding voice call to existing IMS session

Call delivery scenarios for e.g. the case the CSI capable UE is not IMS registered also needs to be standardized.
This interim conclusion is mainly applicable for the CSI capable UE which uses the CS domain for voice calls
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