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1. Introduction
Single-radio voice call continuity (SRVCC) between E-UTRAN and GERAN/UTRAN/1x RTT CS and between HSDPA and GERAN CS as described in TS 23.216 is based on the principle that the MSC Server enhanced initiates the session transfer towards the SCC AS when the relocation request for the speech bearer is received from the MME, at the same time “access-level” handover is executed between the E-UTRAN and BSS/RNS.  

In rel.8 the SR-VCC transfer was based on the principle that the most recently added voice call was only transferred to the CS domain, regardless if the UE had more than voice calls in active or held status at the time of handover. In addition to that it was assumed that Gm interface will be in place after the completion of the handover in order to support mid-call services for the voice calls.

In SA2#69 and #70 a number of different alternatives was proposed was agreed to be documented in the TR 23.838.  The proposal in the present document is an alternative solution to the aforementioned problem. This alternative focuses on the single-radio case and when the MSC-S is modified to support SIP.
2. Issues with existing solutions

The basic primitive of the problem of mid-call services and the associated need to generate 24.008 CC transaction identifiers is that the UE and MSC-S are not in sync in terms of the status of the calls during the handover execution. Since the MSC-S is not in the path of the voice call establishment and does not receive any notification on the call status. 

The existing alternatives 1 & partially 2 require that the IMS Service layer in the UE and the SCC AS are going to generate and separate 24.008 CC TIs prior to any transfer to the CS domain, that will only be used when and only if the UE is transferred to the CS domain. In that respect the generation and usage of TIs when the UE is in the PS domain is unnecessary. 

[image: image1.emf]PS Call-Control state machine

EPS bearer-1

QCI=1, 

SSD=speech

TI=1

EPS bearer-2

QCI=1, 

SSD=speech

TI=2

CS Call-Control state machine

CS call-1

TI=4

CS call-2

TI=5

CS call-3

TI=6

Before SR-VCC handover After SR-VCC handover

IMS call-1

TI=4

IMS call-1

TI=5

IMS call-1

TI=6

IMS /

Service 

Layer

24.008 CC

Layer


Figure 1: Usage of 24.008CC TIs in alternatives 1 and 2 in the UE
It has to be noted that the UE generates anyway 24.008 CC TIs in order to identify the PS call control instances even when it operates in PS-mode, nevertheless given that the user plane of multiple IMS sessions may be multiplexed in one or many EPS bearer/ PDP contexts, these 24.008 CC TIs do not have one-to-one relationship with the IMS sessions that the UE needs to be in position to identify later on, when it moves to the CS domain.  Hence the UE will need to generate two sets of TIs (one to identify the EPS bearers, and one to identify the IMS sessions). 
More importantly using alternatives 1 & 2 the IMS service layer in the UE has to pass these transaction identifiers to the 24.008 CS Call Control state machines at the time of the SRVCC handover, which we believe is going to add complexity due to linking the IMS Service layer with the 24.008 CS call control protocols. 
2. Solution description

As described above we identify the impacts in the UE as the most important issue that we would like to avoid for the support of mid-call services.

Hence the primary difference with the proposed solution and the already approved alternatives 1 and 2 is that is not required that the SCC AS and the UE will generate and further on maintain identifiers for the CS calls while operating in the PS domain. In more detail the 24.008 TIs which are required for the unique identification on the voice calls in the CS domain are only required when the call is moved to the CS domain (i.e. at the time of the SR-VCC handover). 
At the same time this alternative does not impose any important modifications in the 24.008Call Control Protocol so to carry IMS STIs in a special message as proposed by alternative 3. 

The following steps apply in the case the MSC-S supports SIP in order to perform the proposed alternative:

· Upon SR-VCC handover the MSC-S receives the Sv request from the MME, it receives the session state information e.g. by performing subscription to the SCC AS in the dialog event package (RFC4235) or through any other means. Another possibility is the sessions transfers to be timed so that the provisional responses of the first transfer contain the session status information for the rest of the sessions.
· Note: As part of the information retrieved through the dialog event package is also informed on the status of the call in terms of whether it is active or put on hold.

· After retrieving the status of the calls the MSC-S  the MSC-S sends SIP INVITE requests to the SCC AS for all the sessions the particular UE has in place and transfers them to the CS domain.
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· At the same time the MSC-S also generates transaction identifiers and passes them on to the MME and from there to the UE as part of the “Handover Command” message in order for the UE to establish the association between the STIs and transaction identifiers. Although this is a stage-3 detail the relationship between the STIs and TIs  can be transported by extending the “Target to Source” transparent container message that is already passed to the UE at the time of the SRVCC handover. 

· Note: Although this stage-3 detail the RRC Handover Command message that is used to transfer the “Target to Source” transparent container is indicated to be 64 bits whereas the “Target to Source” transparent container that is used in SRVCC at the moment is only 8 bits. This means that there room to transport more information in the RRC Handover Command in case there is a need to increase the size of the transparent container. 

· Note that the transaction identifiers at this stage may also contain the flag indicating whether the call has been UE originated or terminated since this information is retrieved through the information obtained from the SCC AS.

· After the completion of the handover the UE and MSC-S are in sync and they both have the table of the transaction identifiers corresponding to each call.

It has to be noted that the proposed alternative could be also modified to work for the dual-radio VCC case but at this stage the authors of the contribution believe that the SRVCC case is of higher importance to consider.
3. Proposal

It is proposed to include these alternative solutions in 23.838 for the cases that the MSC-S is modified to support SIP.
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5.3.X
Alternative X: TI generation at transfer initiation
5.3.X1.
PS-CS Assumptions
The following assumptions apply for PS-CS service continuity in addition to those in TS 23.237 [5]:
-
For networks not supporting the Gm or the I1 reference points of ICS, the SCC AS provides session state information on active and inactive sessions with speech media on the transferring-in leg for enablement of PS-CS service continuity of IMS multimedia-sessions before the session transfer for the first active session has been enacted. The MSC-S can retrieve the status of the IMS voice sessions the UE has in place at the time of session transfer using mechanisms such as subscription to the “dialog” event package [xxx] or any other mechanism defined in stage-3. 
5.3.X.2
Access Transfer (PS – CS) concepts
When using a UE that does not have, or that is unable to use, ICS capabilities as specified in TS 23.292 [6], Access Transfer of one active and zero or more inactive speech-only sessions shall be provided when transferring voice media bearer between CS and PS access. The SCC AS provides session state information on active and inactive sessions with speech media on the transferring-in leg to the MSC-S prior to the session transfer being enacted utilising mechanisms such as subscription to the “dialog” event package [xxx]. Another possibility is that the session transfers will be timed so the provisional responses of the first one transfer the session status of the rest of the sessions to the MSC-S. 
If the MSC Server enhanced for ICS as specified in TS 23.292 [6] or the MSC Server enhanced for SRVCC as specified in TS 23.216 [3] is on the transferring-in leg, then the MSC Server initiates session transfer towards SCC AS for the active and  for in-active sessions. If there is more than one active speech session, the MSC Server puts all but the first transferred active speech session on hold.

5.3.X.3
Procedures and Flows

5.3.X.3.1
PS – CS Access Transfer: PS to CS – Single Radio
Figure Y  PS-CS: PS to CS – Single Radio, provides an information flow for Access Transfer of media of an IMS session in PS to CS direction for Access Transfers within 3GPP access networks as specified in TS 23.216 [3].

The flow requires that the user is active in an IMS originating or terminating session; procedures and capabilities specified in TS 23.216 [3], clause 6.2.1 are used for the switching of access networks at the transport layer.

NOTE 1:
See TS 23.216 [3] for initiation of handover of only one voice PS bearer at EPC.

NOTE 2:
The UE capable of procedures as specified in TS 23.216 [3] does not need to support session and access transfer procedures as specified in TS 23.237 [5], clauses 6.3.2.1.1 and 6.3.2.3 to support PS to CS Access Transfer.
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Figure Y: PS-CS: PS to CS – Single Radio

1.
Procedures specified in TS 23.216 [3], clause 6.2.2.1 result in an handover trigger to the MSC Server. The MSC Server enhanced for ICS or SR-VCC uses mechanisms such as subscription to the “dialog” event package [xxx] in order to retrieve the status of the voice calls for the UE that is to be transferred to the CS domain. Another possibility is that the session transfers are timed in such a manner that the provisional responses of the first session transfer carry the session state information for the rest of them
2. The MSC Server then sends INVITE requests for all or the remaining sessions depending on the choice in step 1 with an STN-SR indicating use of Single Radio VCC procedures for Access Transfer to CS access.
Note: All the transfer requests may not be timed together, depending on the mechanism to transfer the session state information in step 1.
3.
Standard procedures are used at S-CSCF for routing of the INVITE requests to the SCC AS.

4.
The SCC AS uses the STN-SR to determine that Access Transfer using Single Radio VCC is requested. The SCC AS proceeds with the Access Transfer of  the active and on hold sessions with bi-directional speech for the UE by updating the Remote Leg with the media description and other information using the Remote Leg Update procedure as specified in TS 23.237 [5], clause 6.3.1.5.

5.
The SCC AS sends the session progress responses and proceeds with the call establishment procedure.

6.
The S-SCSF forwards the session progress responses to the CS / IMS Intermediate Nodes. The MSC Server puts all in this step transferred active speech sessions on hold. At this stage the MSC server  will have information on the status (e.g. active/held) of the voice calls the UE has in place and can generate TIs based on the information received from the SCC AS.
7.   The MSC Server completes the handover by sending to the UE (through the EPC elements) the CS session information and their corresponding identifiers on the PS side in order to allow the UE to make the association. 
Note: As per the current SRVCC procedure in TS 23.216 [3] the timing of the handover completion is independent of the remaining session transfers. In that respect the MSC-S can proceed with the SRVCC handover procedure in parallel to transferring the remaining sessions.
If the Gm reference point is not retained upon PS handover procedure, or if there was no other non-voice media in the IMS session than the voice which was transferred to the target access, then the Source Access Leg is released as specified in TS 23.237 [5], clause 6.3.1.6.

If the Gm reference point is retained upon PS handover procedure then

8a-1.
The UE sends a Re-INVITE via the PS access to update the remaining non-voice media associated with the recently added active session.
8a-2.
Standard procedures are used at S-CSCF for routing of the INVITE to the SCC AS.

8a-3.
The SCC AS processes the Re-INVITE and updates the Remote Leg if needed.

NOTE:
Some or all of the steps between steps 3 and 8b may consist of a sequence of messages, some of which may occur in parallel.

8b.   The source access leg is released if needed.
>>>End of changes<<<
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