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1. Abstract
This paper summarizes the open issues of rSRVCC-CT work. 

2. Issues
2.1. Registration of SC UE with IMS over PS
Issue 1: SDP exchange during registration

The CRs agreed in Xiamen state that the SC UE and ATCF exchange, during registration of SC UE with IMS over PS, SDPs describing the codecs, payload types, ... for the voice media that can be used during the CS to PS access transfer to send upling/downlink media to. The SDP exhange in triggered by SC UE receiving 2xx response to REGISTER request with Feature-Caps containing the g.3gpp.cs2ps-srvcc media feature tag. The agreed flow is shown in Figure 2.1-1.
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Figure 2.1-1: agreed flow with registration with SRVCC enhancements

It would be beneficial to change the order SIP MESSAGE requests carrying the SDP so that ATCF triggers the SDP exchange as shown in Figure 2.1-2. The benefits:

-
when CS to PS SRVCC is not supported by SCC AS, no need to exchange the SIP MESSAGE requests carrying the SDP; and
-
when CS to PS SRVCC is not supported by SCC AS, no need to store the SDPs in the ATCF.
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Figure 2.1-2: enhanced flow with registration with SRVCC enhancements

In the CRs, ATCF triggers the SDP exchange as shown in Figure 2.1-2.
2.2. Registration of MSC server enhanced for ICS with IMS
CRs not available yet.
2.3. Originating IMS session set up from MSC server enhanced for ICS
No significant issue on top of issue 2 (see section 2.5).
2.4. Terminating IMS session set up from MSC server enhanced for ICS
No significant issue on top of issue 2 (see section 2.5).
2.5. CS to PS access transfer

Issue 2: association of sessions established on target access leg with calls on the source access leg 
In order to transfer the sessions, the SC UE, the ATCF (for session with active speech media component) and the SCC AS (for the held/alerting sessions) need to associate the sessions established on target access leg with calls on the source access leg. Two possible solutions:

-
Sol1: static selection of the transferred session based on the state of the session and time when its speech media component has been last active

-
Sol2: MSC server indicating the transaction identifier + the transaction identifier flag of the established sessions to ATCF / SCC AS and ATCF / SCC AS indicating the transaction identifier + the transaction identifier flag of the transferred sessions to the SC UE.

Evaluation:

Sol1:

(+) does not require indication of the transaction identifier + the transaction identifier flag during session establishment
(-) more complicated conditions for associating of transferred sessions

(-) possible problems when state of session changes shortly before the handover and SC UE and ATCF/SCC AS would reach different results on the session association
Sol2:

(-) requires indication of the transaction identifier + the transaction identifier flag during session establishment
(+) simple association of the transferred session as network would indicate to the SC UE which call is to be associated with the transferred session

(+) no problems when state of session changes shortly before the handover as the network would indicate to the SC UE which call is to be associated with the transferred session
Sol2 is used in the CRs.
Issue 3: when CS to PS SRVCC access transfer occurs, the MSC server uses the dialog of the session with active speech media component to communicate with ATCF. In order to prevent that the the dialog for communication with ATCF is released or its speech media component changed from active to inactive, the MSC server should reject any change of the call state between session transfer notification request and session transfer notification preparation, if possible. FFS whether this is in scope of 24.237 or other spec 

Issue 4: handling when ATCF does not anchor the speech media component of the session with active speech media component and thus requires MSC server to redirect the speech media component of the session with active speech media component is not covered by the CRs. Subclauses defined by Huawei CRs are referenced.
Issue 5: when active call exists then upon receiving the INVITE due to STI-rSR, the ATCF performs association of the INVITE due to STI-rSR with the source access leg of the active call and sends the INVITE due to ATU-STI for CS to PS SRVCC towards SCC AS. In the INVITE due to ATU-STI for CS to PS SRVCC, the ATCF sets the P-Asserted-Identity to C-MSISDN of the SC UE (similarly as in PS to CS SRVCC). If C-MSISDN is not among IMPUs registered by SC UE and if the INVITE request due to ATU-STI for CS to PS SRVCC is routed using the service route of the registration path, then the home network can reject the INVITE request due to containing P-Asserted-Identity with IMPU which has not been registered by the UE. 
Proposal: It is proposed to route the INVITE due to ATU-STI for CS to PS SRVCC based on the Request-URI only instead of using the service route of the registration path (similarly as in PS to CS SRVCC).
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Figure 2.5-1: enhanced flow with CS to PS SRVCC access transfer

Issue 6: Flows for CS to PS SRVCC for call in alerting phase in the Ericsson solution were requested. 

The flow for transfer to single incoming alerting call:
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Figure 2.5-2: flow for CS to PS SRVCC access transfer of single incoming alerting call 
The flow for transfer to single outgoing alerting call:
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Figure 2.5-3: flow for CS to PS SRVCC access transfer of single outgoing alerting call 
2.6. PS to CS access transfer

Issue 7: When the call is established in PS, and transferred to CS using PS to CS SRVCC, then the network may wish (later on) to transfer the call back to PS using CS to PS SRVCC. 

In order to do so, the dialog established by MSC server during PS to CS SRVCC needs to be established so that:

-
MSC server indicates support of accepting INFOs with the application/vnd.3gpp.access-transfer-events+xml (in order to be able to accept INFO with session transfer notification response) 

-
ATCF acts as B2BUA and indicates support of accepting INFOs with the application/vnd.3gpp.access-transfer-events+xml (in order to be able to accept INFOs with session transfer notification request and session transfer preparation) 

Issue 8: In order to transfer the additional call, it was agreed in Xiamen in C1-120371 that:
-
ATCF changes the Refer-To of the REFER transferring the additional inactive or waiting call to an own URI; and
-
ATCF changes the Request-URI of the INVITE request transferring the additional inactive or waiting call to an URI which was in Refer-To of the related REFER request.
This requires a new procedure in ATCF associated with handling of PS to CS SRVCC transfer of additional call which so far impacted just MSC server and SCC AS.

The same can be achieved if SCC AS provides the MSC server with the ATCF management URI in the REFER request e.g. in a MIME body. The MSC server will then establish normal call prepared for CS to PS SRVCC towards the URI in the Refer-To header field of the REFER request.
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Figure 2.6-1: flow for PS to CS SRVCC access transfer of an additional call so that the call is prepared for future CS to PS SRVCC access transfer
3. Proposal

It is proposed to discuss the issues above.
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