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1.
Introduction

SA2 has added the following Dual Radio features in release 12 version of 23.237:
-
dynamic STN

-
transfer of sessions in originating pre-alerting phase;

-
transfer of sessions alerting phase (originating and terminating); and

At the moment a UE or SCC AS not supporting ICS procedures, PS-CS access transfer procedures enable transfer of:

-
one full-duplex session with active speech or speech/video component; 

-
up to one full-duplex session with active speech or speech/video media component and up to one full-duplex session with inactive speech or speech/video media component when the MSC Server assisted mid-call feature is supported;

The existing implementation need now to be enhanced to add also the following (new) combination:

-
one full-duplex session in an early dialog phase that can be in a pre-alerting or alerting phase when PS to CS Dual Radio access transfer in early dialog phase is supported;

-
one full-duplex session with active speech media component and one full-duplex session in an early dialog state, that can be in a pre-alerting or alerting phase, when PS to CS Dual Radio access transfer in early dialog phase is supported; and

-
up to one full-duplex session with inactive speech media component and one full-duplex session in an early dialog phase, that can be in a pre-alerting or alerting phase, when the MSC Server assisted mid-call feature and the PS to CS Dual Radio access transfer in early dialog phase are supported.

The existing combinations and the new combinations can be illustrated in the following table (green indicates existing functionality):

	
	Additional session state/phase

	1st session state/phase
	(no additional session exists)
	Active
	Held
	Alerting
	Originating pre-alerting Session

	Active
	Yes
	Yes (Note1) (Note 2)
	Yes (Note 2)
	Yes (Note 3)
	Yes (Note 4)

	Held
	Yes (Note 2)
	Yes (Note 2)
	Yes (Note 2)
	Yes (Note 2) (Note 3)
	Yes (Note 2) (Note 4)

	Alerting
	Yes (Note 3)
	No
	No
	No
	No

	Originating pre-alerting Session
	Yes (Note 4)
	No
	No
	No
	No

	Note 1:
Additional session transferred as a held session.

Note 2:
Requires support of the MSC Server assisted mid-call feature.

Note 3:
Requires support of PS to CS Dual Radio access transfer in alerting phase.

Note 4:
Requires support of PS to CS Dual Radio access transfer in pre-alerting phase.


All remaining non-transferred SIP sessions are released before the transfer takes place so that the SCC AS can identify which early session to transfer.

When a UE or SCC AS supports PS to CS Dual Radio access transfer of session in the pre-alerting phase then the UE and SCC AS also shall support PS to CS Dual Radio access transfer of sessions in the alerting phase.

The introduction of dynamic STN and the transfer of sessions in the originating pre-alerting phase or a session in the alerting phase on the originating side are quite straight forward. However, the transfer of a session in the alerting phase on the terminating side requires special attention, see clause 2 below.

2.
PS to CS Dual Radio, incoming voice call in alerting phase  
Stage 2 message flow in 6.3.2.1.2e:
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Figure 6.3.2.1.2e-1: PS-CS: PS to CS - Dual Radio, incoming voice or video call in alerting phase

The step 6 "Init PS-CS transfer" can be implemented using fall back to CS, i.e. the SC UE sends a SIP 488 (Not Acceptable Here) response without SDP body as described in TS 24.292 10.2.4.
The following subclauses describe the flow of the solution
2.1
Proposed solution 
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Clarifications to the figure in the figure:

Step 3-4:
The SCC AS includes the feature-capability indicator (g.3gpp.drvcc-alerting) in the INVITE request to indicate to the SC UE that PS to CS Dual Radio transfer of calls in the alerting phase is supported.

Step 11-14:
The SC UE returns the SIP 488 (Not Acceptable Here) response.

Step 15-18:
The SCC AS selects to terminate the call towards the MGCF and sends the SIP INVITE towards the MSC server. 

Step 19-24:
The SCC AS merges the SDP received from the MGCF in the SIP 183 (Session Progress) response and updates the remote UE.

Note that if the terminating alerting call is transferred together with an active/inactive call, the terminating alerting call shall be transferred after that the transfer of the active call is completed to be sure that one of the calls are not rejected since only one call in an early phase (<U10) can be present at the same moment in the MS.
3
Summary

The dynamic STN, originating pre-alerting and the originating alerting procedures can be implemented using the same principle as for SRVCC.

The transfer of terminating alerting calls need to use fall back to CS, i.e. the SC UE sends a SIP 488 (Not Acceptable Here) response without SDP body as described in TS 24.292 10.2.4.
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