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1. Discussion
In the part b) of sub clause 4.3, the public telecommunication number is described. From the text, we can learn there are two types of the public telecommunication number.
1) The MSISDN is used not only in CS domain but also used as a part of the implicit registration set in IMS. 
2) The number used in CS domain is different with the number used in IMS. The relation between them is configured and maintained in VCC application. 
In the second case, the number transformation is necessary in VCC application in the following scenarios. 
Scenario 1: Call origination in the CS domain 
There will be a number transformation in the header P-Asserted-Identity field from the Tel URI of the calling part in the incoming request to URI used in IMS in the outgoing request in VCC application.
Scenario 2: Call termination in the CS domain
There will be a number transformation in the Request-URI and the To header field from the Tel URI of the called part to URI used in IMS in VCC application.
Scenario 3: Domain transfer of a call from the CS domain to the IM CN subsystem
The Tel URI of the VCC UE is not the part of the implicit registration set associated with that VCC UE in the IM CN subsystem. If UE sets the P-Preferred-Identity header to the tel URI used associated with the CS domain, the P-Asserted-Identity in SIP INVITE request inserted by P-CSCF may be not the expected IMS URI associated with the VCC service. So UE shall sets the P-Preferred-Identity header to URI used in IMS.
As there may be a change in the P-Asserted-Identity header field in the case of call origination in the CS domain, VCC application shall operate as an application server providing 3rd party call control, and specifically as an Initiating B2BUA instead of a Routeing B2BUA. The change has been made in C1-061772(Revised of C1-061389), so the change doesn’t appear in this paper. 
2. Proposal
Agree the following text for TS24.206.
*** the First Change ***

7.4.4
Call origination in the CS domain – procedures towards IM CN subsystem

When the VCC application receives SIP INVITE request due to originating IMRN, the VCC application shall:

NOTE:
All SIP INVITE requests directed to the VCC application using an IMRN are assumed to be suitable for VCC anchoring, because any checks have been performed in conjunction with the CAMEL procedures.

1)
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;

2)
set the Request-URI of the outgoing initial SIP INVITE request to a tel-URI which represents the original called party number of the call as initiated in the CS domain. This is mapped from the received IMRN and information stored against that IMRN in the VCC application;

3)
set the To header field of the outgoing initial SIP INVITE request to a tel-URI which represents the original called party number of the call as initiated in the CS domain. This is mapped from the received IMRN and information stored against that IMRN in the VCC application;
4)
leave the P-Asserted-Identity header field unchanged between the incoming SIP INVITE request and the outgoing SIP INVITE request when the same number is used in the CS domain and the IMS; or set the P-Asserted-Identity header field of the outgoing initial SIP INVITE request to the URI used in the IMS. This is mapped from the tel-URI in the P-Asserted-Identity header field of the incoming initial SIP INVITE request and the relationship between the separate numbers when the separate number providing for each of these entities.
On completion of the above procedure, the call is anchored in the VCC application.

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

*** End of the First Change ***

*** the Second Change ***

8.4.4
Call termination in the CS domain – procedures towards IM CN subsystem

When the VCC application receives SIP INVITE request due to terminating IMRN, the VCC application shall:

NOTE:
All SIP INVITE requests directed to the VCC application using an IMRN are assumed to be suitable for VCC anchoring, because any checks have been performed in conjunction with the CAMEL procedures.

1)
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;

2)
set the Request-URI of the outgoing initial SIP INVITE request to a tel-URI which represents the called party number of the original call as terminated in the CS domain when the same number is used in the CS domain and the IMS. This is mapped from the received IMRN and information stored against that IMRN in the VCC application; or set the Request-URI of the outgoing initial SIP INVITE request to a URI used in the IMS when the separate number providing for each of these entities. This is mapped from the received IMRN, the information of the called party number stored against that IMRN in the VCC application and the relationship between the separate numbers;
3)
set the To header field of the outgoing initial SIP INVITE request to a tel-URI which represents the called party number of the original call as terminated in the CS domain when the same number is used in the CS domain and the IMS. This is mapped from the received IMRN and information stored against that IMRN in the VCC application; or set the To header field of the outgoing initial SIP INVITE request to a URI used in the IMS when the separate number providing for each of these entities. This is mapped from the received IMRN, the information of the called party number stored against that IMRN in the VCC application and the relationship between separate numbers;
4)

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

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

*** End of the Second Change ***

*** the third Change ***

9
Roles for domain transfer of a call from the CS domain to the IM CN subsystem

9.1
Introduction

9.2
VCC UE

If the VCC UE 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 send a SIP INVITE request in accordance with 3GPP TS 24.229 [7] subclause 5.1. The VCC UE shall populate the SIP INVITE request as follows:

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

Editor's note: It needs to be discussed how the received domain transfer request is correlated to any particular anchored call.

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 the tel URI of the calling party when the same number is used in the CS domain and the IMS, or set to the URI used in the IMS when the separate number providing for each of these entities; and

4)
[need to ensure suitable SDP contents]

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].

*** End of the third Change ***

3GPP

SA WG2 TD


