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Abstract of the contribution: This paper discusses a problem when using CONF service after eSRVCC, and gives some possible solutions.
1. Discussion
As per the subclause 7.2.1.2 in TS 23.292, The MSC Server enhanced for ICS sends a SIP REGISTER to the IMS with a private and temporary Public User Identity derived from the subscriber’s IMSI as well as an InstanceID. The Public User Identity derived from the subscriber’s IMSI shall lead the REGISTER message to be routed directly to the I-CSCF in the home network. The signaling flows are shown in the following Figure 7.2.1.2-1.
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Figure 7.2.1.2-1: Initial IMS Registration via CS Access

In the case of PS to CS eSRVCC with MSC Server enhanced for ICS, after the session is transferred to CS domain, the IMS registration is performed by the MSC Server enhanced for ICS upon receiving of a Location Update Request. The registration path shall not include the ATCF as per the procedure depicted in the subclause 7.2.1.2 in TS 23.292, and the following problem would occur if using the transferred session to setup conference sessions at that time.
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Figure 1

1) Step 1 to 6: 
The UE A calls the UE B, and is on an active session with dialog-id1 with the UE B. 
2) Step 7 to 23:

The eSRVCC is performed. The dialog-id2 in the SIP INVITE request is changed to dialog-id3 at the ATCF. The session is transferred to CS domain.

3) Step 24 to 27:
The IMS registration is performed by the MSC Server enhanced for ICS. Registration path shall not include the ATCF.
4) Step 28 to 32:
The UE A calls the UE C, and is on an active session with the UE C.
5) Step 33 to 39:
As per TS 24.605, UE-A creates a conference by sending an SIP INVITE request to the Conference Factory (i.e. the MMTel AS) and connects to the conference.
6) Step 40:
The UE A sends SIP REFER with dialog-id2 to conference factory to invite the UE B to the conference. The REFER is not via the ATCF because registration path does not include the ATCF. So the dialog-id2 can’t be changed to dialog-id3.
7) Step 41:

The SCC AS can’t correlate the dialog-id2 to the dialog-id1/dialog-id3, and forwards the unchanged dialog-id2 to the MMTel AS.
8) Step 42~45:

The MMTel AS can’t correlate the dialog-id2 to an existing session, and can’t find the UE B, so the session will be released by the MMTel AS, causing a conference session failure.
2. Possible solutions
2.1
Solution 1
The depiction in the subclause 7.2.1.2 in TS 23.292 requires clarification. Further text is added to the subclause 7.2.1.2 as follows:
6.
The MSC Server enhanced for ICS sends a SIP REGISTER to the IMS with a private and temporary Public User Identity derived from the subscriber’s IMSI as well as an InstanceID. The REGISTER also contains information indicating the capabilities (e.g. media types) supported and characteristics of the MSC Server as a SIP User Agent Client. The I-CSCF verifies that the incoming REGISTER origins from a trusted MSC Server (in the same way it would check that a normal REGISTER origins from a trusted P-CSCF).

In the case of SRVCC enhanced with ATCF and with MSC server assisted mid-call feature, after the active call is transferred from PS to CS, the ATCF which has been used for anchoring the transferred call shall be included in the registration path.
7. The I-CSCF initiates standard procedures for S-CSCF location/allocation.
In Figure 1, if the ATCF is included in the registration path, When UE A invites UE B to the conference by sending the SIP REFER request to conference factory, the following steps shall be performed:

1) The SIP REFER request with dialog-id2 shall be routed via the ATCF, and dialog-id2 shall be changed to dialog-id3 by the ATCF before forwarding the SIP REFER to the SCC AS. 
2) The SCC AS shall correlate the dialog-id3 to dialog-id1, and shall forward the SIP REFER with dialog-id1 to the MMTel AS.
3) According to dialog-id1, the MMTel AS shall identify UE B, and shall add it into the conference.
2.2
Solution 2

This solution is similar with the functionality in the IBCF depicted in subclause 5.10.1 in TS 24.229:
The ATCF, when acting as B2BUA, shall preserve the dialog identifier. i.e. shall not change the Call-Id header field value, the "tag" header field parameter value of the From header field in any SIP INVITE request and any SIP response to the SIP INVITE request, and shall preserve the "tag" header field parameter value of the To header field, in any SIP response to the SIP INVITE request.
For this case, i.e. in the step 7 and step 8 in Figure 1, the ATCF shall not change the dialog-id2 to dialog-id3.
As dialog-id2 is not changed at the ATCF, so the SCC AS can be aware of the dialog-id2, the SCC AS can correlate the dialog-id2 to dialog-id1 during the eSRVCC. 

After eSRVCC, when UE A invites UE B to the conference by sending the SIP REFER request to conference factory, the following steps shall be performed:
1) The MSC server sends the SIP REFER with dialog-id2 to the SCC AS.

2) The SCC AS shall correlate the dialog-id2 to dialog-id1, and shall forward the SIP REFER with dialog-id1 to the MMTel AS.
3) According to dialog-id1, the MMTel AS shall identify UE B, and shall add it into the conference.
Since there are numerous instances where the dialog-id is changed when the ATCF acts as B2BUA in TS 24.237, this solution may cause backwards compatibility problems.
2.3
Solution 3

This solution uses the original-dialog-id (i.e. the dialog-id1 in Figure 1) for correlating the dialogs between the UEA and the MMTel AS.

The MSC server is unaware of the original-dialog-id which is created in PS domain, thus, upon performing eSRVCC, and before the UE A initiates a conference session, the SCC AS needs to send INFO message with the original-dialog-id to the MSC server.
When UE A invites UE B to the conference by sending the SIP REFER request to conference factory, the SIP REFER request can populated with the original-dialog-id parameter, i.e. in step 40 in Figure 1, UE A sends the SIP REFER(conference factory URI, refer-to =dialog-id2,original-dialog-id = dialog-id1) to the MMTel AS.

When the MMTel AS receives the SIP REFER with original-dialog-id parameter, if the dialog-id in the refer-to parameter does not match any dialog-id in all existing sessions, then the MMTel AS shall use the dialog-id in the original-dialog-id parameter for matching the dialog-id in all existing sessions. if there is a successful match, the MMTel AS can identify UE B, and can invite UE B to the conference session.

For this solution, the new original-dialog-id parameter is needed to be defined in IETF RFC. A new procedure that the SCC AS sends INFO message with the original-dialog-id to the MSC server is needed to add to the eSRVCC existing procedures.
2.4
Solution 4
This solution uses the dialog-id2 in Figure 1 as the original-dialog-id for correlating the dialogs between the UE A and the SCC AS.

For this case, i.e. in the step 10 in Figure 1, the ATCF shall forward the SIP INVITE request with dialog-id2 in original-dialog-id parameter besides with the dialog-id1 and the dialog-id3 to the SCC AS. Thus the SCC AS can be aware of the dialog-id2 after eSRVCC.

When UE A invites UE B to the conference by sending the SIP REFER request to conference factory, the following steps shall be performed:

1) The MSC server sends the SIP REFER with dialog-id2 to the SCC AS.

2) The SCC AS shall correlate the dialog-id2 to dialog-id1, and shall forward the SIP REFER with dialog-id1 to the MMTel AS.

3) According to dialog-id1, the MMTel AS shall identify UE B, and shall add it into the conference.

For this solution, the new original-dialog-id parameter is also needed to be defined in IETF RFC.
3. Proposal

The Solution 1 is recommended to solve the problem. The related CR is S2-140066.
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