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PROPOSED CHANGE

9.2
VCC UE

If the VCC UE is not engaged in an active MPTY service (as specified in 3GPP TS 24.084 [5A]) that it is in control of and determines that an ongoing call in the CS domain needs to be supported over the IM CN subsystem instead, e.g. based on radio conditions, then the VCC UE shall attempt to release all ongoing calls in the CS domain that are currently not active and make sure, that the ongoing call, that should be transferred to the IM CN subsystem, is the only call in the CS domain. By an ongoing call, it is meant a call for which the CC CONNECT message has been sent or received. Afterwards the VCC UE shall send a SIP INVITE request in accordance with 3GPP TS 24.229 [8] subclause 5.1. The VCC UE shall populate the SIP INVITE request as follows:

1)
the Request-URI set to the VDI;

2)
the To header field set to the VDI;

3) the P-Preferred-Identity header set to a public telecommunication number in accordance with subclause 4.3; and

Editors Note:
It is for FFS how the UE determines which Public User ID's to register and then subsequently use to ensure that requirement in 3) is met.

4)
the SDP payload set for a single media line with media type "audio", indicating all supported codecs for this media type, in accordance with subclause 6.1.1 and subclause 6.1.2 of 3GPP TS 24.229 [8].

If the VCC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, then domain transfer has not occurred and the call will continue in the CS domain.

NOTE 1:
If the VCC UE receivcs a SIP 480 (Temporarily Unavailable) response to the SIP INVITE request, then this can indicate that the VCC application was unable to correlate the request to a single anchored call in the CS domain.
NOTE 2:
If the VCC UE receivcs a SIP 488 (Not Acceptable Here) response or a 606 (Not Acceptable) response to the SIP INVITE request, then this can indicate that the remote terminal was not able to support the media characteristics of the SIP INVITE request, e.g. because the remote user is in the CS domain and the MGCF/MGW in the path does not support the specified interworking.
When the VCC UE receives a CC DISCONNECT message from the network, the VCC UE shall comply with network initiated call release procedures as specified in 3GPP TS 24.008 [5].

The VCC UE shall not send any CC DISCONNECT message on the existing CS domain call after it has sent the above SIP INVITE request initiating handover, until it receives a final SIP response to that SIP INVITE request. 

If the user wishes to clear the call after it has sent the above SIP INVITE request initiating handover, the VCC UE shall send a SIP BYE request on the same dialog as the SIP INVITE request, but only after a final SIP response has been received to that SIP INVITE request.
If the VCC UE wishes to clear the old CS domain connection once the domain transfer is complete, the VCC UE may send a CC DISCONNECT message on the existing CS domain call after receiving a SIP 200 (OK) response to the SIP INVITE request, unless it has already received a SIP BYE request for the same dialog.

NOTE:
The DTF will send a SIP BYE request on receiving the SIP ACK request to the SIP 200 (OK) response.
PROPOSED CHANGE

9.3.2
Domain transfer in the IM CN subsystem

When the DTF receives a SIP INVITE request due to VDI, the DTF shall associate the SIP INVITE request with an ongoing SIP dialog and send a SIP reINVITE request towards the remote user using the existing established dialog. The DTF shall populate the SIP reINVITE request as follows:

-
set the Request-URI to the URI contained in the Contact header returned at the creation of the dialog with the remote user; and

-
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to VDI, by following the rules of the RFC 3264 [16].

Multiple dialogs relating to the same VCC UE can be anchored, in which case the identification of the associated dialog is subject to the following conditions:

a)
dialogs for which a 2xx response has not been sent are not considered;

b)
any calls that are held (i.e. where the SDP is such that a media is not being transferred in either direction need not be considered.

Upon receiving the SIP ACK request from the IM CN Subsystem, the DTF shall initiate release of the old access leg by sending a SIP BYE request toward the MGCF. 

If a SIP 3xx – 4xx response is received to the SIP reINVITE request, then the DTF shall respond to the received SIP INVITE request with a SIP response with the same SIP response code.
If a SIP BYE request is received from the VCC UE while a domain transfer is in progress for that SIP dialog, i.e. between the time of association of the domain transfer request with an ongoing SIP dialog and the release of the old access leg the DTF shall:

a)
to the VCC UE, follow the procedures specified in 3GPP TS 24.229 [8]; and
b)
in the direction of the remote UE, wait until a final response is received to the SIP reINVITE request, and if it is a SIP 200 (OK) response, perform no further action due to the SIP BYE request (domain transfer completes), and if the response is not a SIP 200 (OK) response, send a SIP BYE request on the dialog to the remote user.
NOTE:
Such a SIP BYE request can be generated by the P-CSCF due to loss of radio coverage while the domain transfer is in progress.
If a SIP BYE request is received on the new SIP dialog while a domain transfer is in progress for that SIP dialog, i.e. between the time of association of the domain transfer request with an ongoing SIP dialog and the release of the old access leg, the DTF shall understand this as a request for clearing the call and all legs associated with it.

PROPOSED CHANGE

10.2
VCC UE

If the VCC UE is not engaged in an active SIP conferencing service (as specified in 3GPP TS 24.173 [6A]) that it is in control of and determines that an ongoing call in the IM CN subsystem should be transferred to the CS domain, e.g. based on radio conditions, then the VCC UE shall attempt to release all ongoing calls in the IM CN subsystem, that are currently not active and make sure, that the ongoing call, that should be transferred to the CS domain, is the only call in the IM CN subsystem. Afterwards the VCC UE shall send a CC SETUP message in accordance with 3GPP TS 24.008 [5]. The VCC UE shall only send this request if the ongoing call in the IM CN subsystem has had the dialog accepted, i.e. a SIP 200 (OK) response to the SIP INVITE request has already been sent.

NOTE 1:
If the VCC UE has multiple calls in the IM CN subsystem at this time, then these calls could all be anchored. It is the responsibility of the VCC UE to ensure that the domain transfer request can be resolved by the DTF to a single call.

NOTE 2:
The current media characteristics of the call in the IM CN subsystem does not preclude domain transfer, as the media characteristics are renegotiated as part of the domain transfer.

The VCC UE shall populate the CC SETUP message as follows:

1)
the called party BCD number information element set to the VDN; and

2)
[need to ensure suitable bearer characteristics]

NOTE 3:
If the VCC UE receives a release message containing a #20 "Subscriber absent" cause value to the CC SETUP message, then this can indicate that the VCC application was unable to correlate the request to a single anchored call in the IM CN subsystem.
NOTE 4:
If the VCC UE receives a release message containing a #127 "Interworking, unspecified" cause value to the CC SETUP message, then this can indicate that the remote terminal was not able to support the media characteristics of the CC SETUP message.
NOTE 5:
If the VCC UE receives a release message containing a #63 "Service or option not available" cause value to the CC SETUP message, then this can indicate that the domain transfer was not successful.
The VCC UE shall not send any SIP BYE request on the existing IM session after it has sent the above CC SETUP message initiating handover, until it receives a CC CONNECT message to that CC SETUP message. 

If the user wishes to clear the call after it has sent the above CC SETUP message initiating handover, the VCC UE shall send a CC DISCONNECT message, but only after a CC CONNECT message has been received to that SIP SETUP message.

If the VCC UE wishes to clear the old IM session once the domain transfer is complete, the VCC UE may send a SIP BYE request on the dialog relating to the existing IM session after receiving a CC DISCONNECT message, unless it has already received a SIP BYE request for the same dialog.

NOTE:
The DTF will send a SIP BYE request to the MGCF on receiving the ACK request from the MGCF to the SIP 200 (OK) response on the leg to the CS domain. This will result in a CC DISCONNECT message being received from the CD domain.
PROPOSED CHANGE

10.4.3
Domain transfer in the IM CN subsystem

When the CSAF receives SIP INVITE request due to domain transfer IMRN, the CSAF and DTF in combination shall associate the SIP INVITE request with an ongoing SIP dialog based on information associated with the received IMRN or based on information from the SIP History Info header and P-Asserted header and send a SIP reINVITE request towards the remote user using the existing established dialog. The DTF shall populate the SIP reINVITE request as follows:

-
set the Request-URI to the URI contained in the Contact header returned at the creation of the dialog with the remote user; and

-
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to domain transfer IMRN, by following the rules of the RFC 3264 [16].

NOTE:
The History-Info header was received as a result of the option of using ISUP call diversion mechanisms to transfer VCC specific information and carries no information relating to a real diversion.

Multiple dialogs relating to the same VCC UE can be anchored, in which case the identification of the associated dialog is subject to the following conditions:

a)
dialogs for which a 2xx response has not been sent are not considered;

b)
any calls that are held (i.e. where the SDP is such that a media is not being transferred in either direction need not be considered.

NOTE 1:
On completion of the above procedure, the allocated IMRN is available for reuse.

Upon receiving the SIP ACK request from the IM CN Subsystem, the DTF shall initiate release of the old access leg by sending a SIP BYE request toward the S-CSCF for sending to the served VCC UE. 

If a SIP 3xx – 4xx response is received to the SIP reINVITE request, then the DTF shall respond to the received SIP INVITE request with a SIP response with the same SIP response code.

If a SIP BYE request is received from the VCC UE on the old IM session while a domain transfer is in progress for that SIP dialog, i.e. between the time of association of the domain transfer request with an ongoing SIP dialog and the release of the old access leg the DTF shall:

a)
to the VCC UE on the old IM session, follow the procedures specified in 3GPP TS 24.229 [8]; and
b)
in the direction of the remote UE, wait until a final response is received to the SIP reINVITE request, and if it is a SIP 200 (OK) response, perform no further action due to the SIP BYE request (domain transfer completes), and if the response is not a SIP 200 (OK) response, send a SIP BYE request on the dialog to the remote user.
NOTE:
Such a SIP BYE request can be generated by the in the CS domain due to loss of radio coverage while the domain transfer is in progress.

If a SIP BYE request is received on the new dialog from the MGCF while a domain transfer is in progress for that SIP dialog, i.e. between the time of association of the domain transfer request with an ongoing SIP dialog and the release of the old access leg, the DTF shall understand this as a request for clearing the call and all legs associated with it.

PROPOSED CHANGE

A.7.1
Introduction

The signalling flows for IM CN subsystem to CS domain transfer demonstrate how a VCC UE transfers the call from the IM CN subsystem to the CS domain. The following signalling flows are included:

-
subclause A.7.2 shows the successful transfer for a call, currently in the IM CN subsystem, and which is transferred to the CS domain; 
-
subclause A.7.3 shows the case where a transfer request for a call, currently in the IM CN subsystem, cannot be complied with at the VCC application due to the failure to match the request with an anchored call for that user;
-
subclause A.7.4 shows a domain transfer request from the IM CN subsystem to the CS domain using CAMEL, and which is rejected by the VCC application at the VMSC; and
-
subclause A.7.5 shows the case when a SIP BYE request is received for the source access leg during the domain transfer. This results in the entire call, including both access legs active during the domain transfer, being cleared.

PROPOSED NEW SUBCLAUSE

FLOW NOT UPDATED – NEED TO DECIDE WHAT TO SHOW

A.7.5
Signalling flows for BYE sent by UE during IM CN subsystem to CS domain transfer

Figure A.7.5-1 shows an example signalling flows for a BYE sent by the UE during the domain transfer from the IM CN subsystem to the CS domain. The figure assumes that the UE is already registered with the CS domain prior to the decision to initiate transfer and that a call is anchored in the IM CN subsystem and the remote UE can be an IM UE.
In this example, the communication between the CS domain and the VCC application to resolve and process the request for domain transfer is supported through CAMEL.
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Figure A.7.5-1: IM CN subsystem to CS domain transfer

The details of the signalling flows are as follows:
Step 1 through 15 are according to subclause A.7.2.
16.
SIP BYE request (VCC UE to intermediate IM CN subsystem entities)

The VCC UE ends the session in progress on the IM CN subsystem by sending a SIP BYE to the intermediate IM CN subsystem entities.

There is no VCC specific content to this response.

17.
SIP BYE request (intermediate IM CN subsystem entities to DTF)

The intermediate IM CN subsystem entities forward the SIP BYE request to the next entity in the Route header, which is the DTF.


There is no VCC specific content to this response.

18.
SIP 200 (OK) response (DTF to the intermediate IM CN subsystem entities)

The DTF responds to the SIP BYE with a SIP 200 (OK) response.


There is no VCC specific content to this response.

19.
SIP 200 (OK) response (intermediate IM CN subsystem entities to VCC UE)

The intermediate IM CN subsystem entities send the SIP 200 (OK) response to the SIP BYE request to the VCC UE.


There is no VCC specific content to this response.

20.
SIP BYE request (DTF to intermediate IM CN subsystem entities)

The DTF clears the the dialog and the previous SIP reINVITE request by sending a SIP BYE request to the intermediate IM CN subsystem entities.


There is no VCC specific content to this response.

21.
SIP BYE request (intermediate IM CN subsystem entities to remote UE)

The intermediate IM CN subsystem entities forward the SIP BYE request to the remote UE.


There is no VCC specific content to this response.

22.
Interaction between DTF and CCAF


Information is exchanged between the DTF and the CCAF. The nature of this signalling is outside the scope of this version of the specification. 
23.
SIP BYE request (CCAF to intermediate IM CN subsystem entities)

The DTF clears the the dialog to the VCC UE (CS side) by sending a SIP BYE request to the intermediate IM CN subsystem entities.


There is no VCC specific content to this response.

24.
SIP BYE request (intermediate IM CN subsystem entities to MGCF)

The intermediate IM CN subsystem entities forward the SIP BYE request to the MGCF.


There is no VCC specific content to this response.

25.
ISUP REL message (MGCF to VMSC)

MGCF converts SIP BYE request to an ISUP REL message sent to the MSC#1 in the home CS network. REL Cause Value No. 16 (Normal clearing) is used. 

26.
ISUP RLC message (VMSC to MGCF) 


The ISUP RLC message is sent by MSC#1 to the MGCF in response to the ISUP REL message.

27.
CC DISCONNECT message (VMSC to VCC UE)

The CC DISCONNECT message from MSC#1 to the VCC UE includes Cause Value No. 16, thus initiating call clearing. 

28.
CC RELEASE message (VCC UE to VMSC)

The VCC UE responds to the CC DISCONNECT message by sending the CC RELEASE message to MSC#1 and enters the “release request” status.

29. CC RELEASE COMPLETE message (VMSC to VCC UE)

MSC#1 sends the CC RELEASE COMPLETE message to the VCC UE thus releasing the MM connection.

30.
SIP 200 (OK) response (remote UE to intermediate IM CN subsystem entities)

The remote side sends a SIP 200 (OK) response to the SIP BYE request.


There is no VCC specific content to this response.

31.
SIP 200 (OK) response (intermediate IM CN subsystem entities to DTF)

The intermediate IM CN subsystem entitites send a SIP 200 (OK) response to the SIP BYE request.


There is no VCC specific content to this response.
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