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Changes:
· 7.4.2 and 7.4.3: wording of condition aligned with 8.4.2 and 8.4.3 

· 9.4: name of ISUP message and description of released bearer corrected:


The CS bearer (between VMSC and MGCF/MGW) is released with ISUP RLC. With SIP 200 (OK) a 



PS bearer is released = "remaining part of the leg from the VCC application toward the CS domain"
· 10.2: name of TS 24.008 message and information element corrected

7.4.2
Call origination in the IM CN subsystem

When the VCC application receives a SIP INVITE request due to originating filter criteria, the VCC application shall:

1)
check anchoring is possible for this session;

Editor's note: What checks should be performed before the call is anchored, as opposed to checks that are performed at time of domain transfer, needs to be determined.

2)
if the session is not subject to anchoring, either:

a)
forward the SIP INVITE request by acting as a SIP proxy as specified in subclause 5.7.4 of 3GPP TS 24.229 [7]. The VCC application shall not Record-Route on such requests, and the request is not retargetted by changing the Request-URI; or

b)
reject the SIP INVITE request; or

c)
retarget the SIP INVITE request;


and no further VCC specific procedures are performed on this session;

NOTE:
Some checks may also form part of the initial filter criteria in the S-CSCF to determine if the SIP INVITE request is sent to the VCC application in the first place.

3)
if the session is subject to anchoring, operate as an application server providing 3rd party call control, and specifically as a routeing B2BUA, as specified in subclause 5.7.5 of 3GPP TS 24.229 [7] for this request and all future requests and responses in the same dialog;

4)
if the session is subject to anchoring, leave the Request-URI unchanged between the incoming SIP INVITE request and the outgoing SIP INVITE request;

Editor's note: Need a requirement to set the "orig" parameter on the outgoing INVITE request.

On completion of the above procedure, the call is anchored in the VCC application.

Editor's note: Need to specify the impact on offer/answer exchanges.

7.4.3
Call origination in the CS domain – procedures towards the gsmSCF

When the VCC application receives an indication that the gsmSCF has received a CAMEL IDP relating to an originating call, containing a called party number that is not a VDN, the VCC application shall:

Editor's note: Not clear how distinguish between incoming call and outgoing call in CAMEL. Are the procedures different if we don't or do we have some other mechanism for deciding this.

1)
check anchoring is possible for this call;

Editor's note: What checks should be performed before the call is anchored, as opposed to checks that are performed at time of domain transfer, needs to be determined. 

2)
if the session is not subject to anchoring, cause the gsmSCF to respond with a CAMEL CONTINUE and no further VCC specific procedures are performed on this call; and

3)
if the session is subject to anchoring, allocate an IMRN. How IMRNs are allocated may vary from one VCC application to another and is not specified in this version of the specification;

Editor's note: Do we need additional text on how IMRNs are allocated, or do we leave this entirely proprietary, with the constraint already specified in clause 4. Propose to leave as above and provide no other specification.

4)
if the session is subject to anchoring, cause the gsmSCF to respond with a CAMEL CONNECT message with parameters as follows:

a)
the Destination Routing Address set to the IMRN; and

b)
xxxx

*************  NEXT MODIFIED SECTION  ******************

9.4
MGCF

There are no VCC specific procedures at the MGCF beyond those specified by 3GPP TS 29.163 [9].

NOTE:
When the SIP BYE request is received, the MGCF translates the SIP BYE request to an ISUP REL message as specified in 3GPP TS 29.163 [9] and forwards this to the VMSC. The VMSC responds with ISUP RLC message and performs network initiated call release as specified in 3GPP TS 24.008 [5]. When the ISUP RLC message is received, the MGCF sends the SIP 200 (OK) response for the SIP BYE request, towards the VCC application, via the IM CN subsystem, thus releasing the leg toward the CS domain. 

10
Roles for domain transfer of a call from the IM CN subsystem to the CS domain

10.1
Introduction

10.2
VCC UE

If the VCC UE 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 send a CC SETUP message in accordance with 3GPP TS 24.008 [5]. The VCC UE shall populate the CC SETUP message as follows:

Editor's note: Do we need to specify that the ongoing call must be in the active state, i.e. that the 2xx response to the INVITE request has been sent? Working assumption should be that it has.

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

2)
[need to ensure suitable bearer characteristics]
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