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1.
Status of dual radio in the present specifications
At the moment TS 24.237 has solutions for:

-
PS to CS dual radio access transfer for calls in active phase
-
PS to CS dual radio access transfer for originating calls in pre-alerting phase
-
PS to CS dual radio access transfer for calls in alerting phase
-
CS to PS dual radio access transfer for calls in active phase
-
CS to PS dual radio access transfer for originating calls in pre-alerting phase
-
CS to PS dual radio access transfer for calls in alerting phase
Dual radio access transfer is especially important when Wi-Fi access is used.
Figure below shows a successful PS to CS dual radio access transfer for a call in the active phase.
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NOTE:
In the figure above SIP 100 (Trying) responses are excluded for readability reasons.

2.
Issues with the present solution
There are a number of issues with the existing solutions:
1)
The time between the sending on SETUP message and the INVITE due to PS to CS STN request to IMS is far too long. The long handover time is due to:

-
unnecessary authorization of the service request

-
announcements can be started since the MSC server handles the SETUP as per normal procedures

-
services are executed in the MSC server as per a normal procedures

2)
The INVITE due to PS to CS STN request is sent directly to SCC AS. This will result in:

-
Potential problems with payload type collisions.

-
The remote side is always updated since the SDP in the INVITE due to PS to CS STN request is always different (IP address and port) compared to the negotiated SDP

-
Media resources in SCC AS may need to be included in all calls to handle potential transcoding issues.

-
If a user is roaming, configuration is complicated since the MSC server needs to be configured with the PS to CS STN in order to supress services and announcements when the SETUP is received.

3)
Cancellation scenarios are missing:

-
The user may disconnect.

-
There may be internal errors in the MSC server.

-
The UE may decide to return to PS before the access transfer is completed.


The MSC server needs to have the possibility to differentiate between different cancel use cases so that the SCC AS can do the correct action (e.g. release the call, wait for a re-INVITE from the user, etc.)

The issues above also are applicable for calls in early phases listed in clause 1!

All the above issues are already handled in PS to CS SRVCC.

3.
Possible solutions

3.1
Handover time

Since a couple of meetings attempts to solve this issue are done. So far:

1)
The PS to CS STN is configured in the MSC server making it possible to suppress announcements and service execution in the MSC server.

2)
In the case of roaming, the roaming agreement includes that the operators exchanges the PS to CS STN.
How to suppress unnecessary authorization of the service request is still not solved, but a DRVCC indication is proposed to be included in the service request.
3.2
The INVITE due to PS to CS STN request is sent directly to SCC AS

The proposal is to do as in SRVCC, i.e. to use the ATCF also in the case of dual radio.

A potential solution is to use the dynamic STN to include the address to the ATCF during call establishment.
3.3
Missing cancellation scenarios

The proposal is to do as in SRVCC.

The MSC server sends the CANCEL or BYE requests containing a Q.850 cause.

The SCC AS uses the cause value to determine if the user is disconnecting or if the PS to CS access transferred is only cancelled.

In the cancellation case the SCC AS starts a timer and waits for a re-INVITE containing the Reason header field with SIP cause 487 (Request Terminated) to allow for the UE to return to PS.

If a re-INVITE request with the reason cause 487 (Request Terminated) is not received before the timer expires, the SCC AS releases the call.

4. Conclusion

There is still some work to do in the area of dual radio access transfer. However, it is not expected that one CR can solve issues and it is also expected that several technical specifications needs to be updated. A stepwise approach (allowing for editor's notes etc.) is expected due to the many existing dual radio scenarios.

A new work item is proposed in C1-163431to solve the identified issues.
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