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****************** change 1 ******************

8.4.1
Distinction of requests

The ATCF needs to distinguish the following initial SIP requests:

1)
SIP INVITE requests with the ATCF URI for terminating requests in the topmost Route header field. In the procedures below, such requests are known as "terminating SIP INVITE requests for PS".

2)
SIP INVITE requests:

A)
with the ATCF management URI in the topmost Route header field; and
B)
with application/vnd.3gpp.srvcc-ext+xml MIME body containing <srvcc-ext> root element containing <Setup-info> element containing <direction> element with value "receiver".

In the procedures below, such requests are known as "terminating SIP INVITE requests for CS".

****************** change 2 ******************

8.4.2
Call termination procedures in the ATCF

8.4.2.1

General
For all SIP transactions identified:
-
if priority is supported, as containing an authorised Resource-Priority header field or, if such an option is supported, relating to a dialog which previously contained an authorised Resource-Priority header field;

the ATCF shall give priority over other transactions or dialogs. This allows special treatment of such transactions or dialogs.

NOTE:
The special treatment can include filtering, higher priority processing, routeing, call gapping. The exact meaning of priority is not defined further in this document, but is left to national regulation and network configuration.

8.4.2.2

Sessions terminated in PS domain
Upon receiving the terminating SIP INVITE request for PS, the ATCF shall:

NOTE 1:
Since the ATCF acts as proxy, the dialog identifier of the SIP INVITE request is not modified by procedures of the subclause.

1)
if a Feature-Caps header field containing the g.3gpp.srvcc media feature tag is contained in the SIP INVITE request:

A)
insert a Record-Route header field containing the SIP URI of the ATCF; and

B)
if the latest PS to CS SRVCC-related information received for the registration path which the session being established, is using contains ATU-STI and C-MSISDN:

a)
associate the session being established with the C-MSISDN and the ATU-STI bound to the registration path (see subclause 6A.3.1); and

b)
if the terminating SIP INVITE request for PS contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], replace the SDP offer in the originating SIP INVITE request with an updated SDP offer using media parameters provided by ATGW; and

2)
save the Contact header field included in the terminating SIP INVITE request for PS;

NOTE 2:
ATCF interacts with ATGW to provide the needed media related information. The details of interaction between ATCF and ATGW are out of scope of this document.

NOTE 3:
If the ATCF subsequently receives an initial INVITE request due to STN-SR, the ATCF will include the saved the Contact header field of the remote UE in its SIP 200 (OK) response to the initial INVITE request due to STN-SR as describe in subclause 12.7.2.2.

before forwarding the request.

8.4.2.3

Sessions terminated in CS domain
If ATCF supports CS to PS SRVCC then upon receiving the terminating SIP INVITE request for CS, the ATCF shall act as B2BUA and shall:

1)
save the Contact header field included in the terminating SIP INVITE request for CS;

2)
if ATCF contains an SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the <C-MSISDN> element of the <Setup-info> element of the value <srvcc-ext> root element of the application/vnd.3gpp.srvcc-ext+xml MIME body of the SIP INVITE request: 

A)
associate the session being established with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the <C-MSISDN> element of the <Setup-info> element of the value <srvcc-ext> root element of the application/vnd.3gpp.srvcc-ext+xml MIME body of the SIP INVITE request; and

3)
send a SIP INVITE request towards the MSC server according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP INVITE request towards the MSC server with:

A)
the Request-URI set to the Request-URI of the terminating SIP INVITE request for CS;

B)
all Route header fields of the terminating SIP INVITE request for CS except the topmost Route header field; 

C)
the Record-Route header field containing the SIP URI of the ATCF;

D)
the Accept header fields of the terminating SIP INVITE request for CS except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type;

E)
the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with value "1", value "3" and values, if any, indicated in the "et" parameter of the application/vnd.3gpp.access-transfer-events+xml MIME type of the Accept header field of the terminating SIP INVITE request for CS.

F)
the Recv-Info header fields of the terminating SIP INVITE request for CS;
G)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name, if not included already;

H)
if the terminating SIP INVITE request for CS contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9]:

a)
all MIME bodies of the terminating SIP INVITE request for CS apart from the application/vnd.3gpp.srvcc-ext+xml MIME body and apart from application/sdp MIME body; and

b)
application/sdp MIME body with updated SDP offer using media parameters provided by the ATGW; and
NOTE:
ATCF interacts with ATGW to provide the needed media related information. The details of interaction between ATCF and ATGW are out of scope of this document.

I)
if the terminating SIP INVITE request for CS does not contain an SDP offer or if the ATCF decided not to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9]:

a)
all MIME bodies of the terminating SIP INVITE request for CS apart from the application/vnd.3gpp.srvcc-ext+xml MIME body.
When the ATCF receives any SIP 1xx or 2xx response to the SIP INVITE request towards the MSC server, the ATCF shall:

1)
store the value of the g.3gpp.ti media feature tag of the Contact header field of the received SIP response to the SIP INVITE request towards the MSC server; and

2)
generate and send a SIP response to the terminating SIP INVITE request for CS populated with:

A)
the same status code as the received SIP response to the SIP INVITE request towards the MSC server; and

B)
the Record-Route header field containing the SIP URI of the ATCF;

C)
the Recv-Info header fields of the received SIP response except the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

D)
if the SIP response is SIP 1xx response:

a)
if the SIP response contains an Recv-Info header field containing the g.3gpp.access-transfer-events info package name with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2", then the Recv-Info header field containing the g.3gpp.access-transfer-events info package name with the "et" parameter indicating ability to receive "event-type" attribute with the additional values; and
E)
if the SIP response is SIP 2xx response:

a)
if the SIP response contains an Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2": 
i)
the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with the additional values; and
ii)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name.

****************** change 3 ******************

8.a
MSC server

8.a.1
Distinction of requests
The MSC server needs to distinguish the following initial SIP requests:

1)
SIP INVITE requests with the topmost Route header field containing the Path header field value inserted by the MSC server in a REGISTER request. In the procedures below, such requests are known as "terminating SIP INVITE requests from home network".

2)
SIP INVITE requests with the MSC URI for redirected terminating sessions in the topmost Route header field. In the procedures below, such requests are known as "redirected terminating SIP INVITE requests".
8.a.2
Call termination procedures
8.a.2.1
INVITE from home network
Upon receiving the terminating SIP INVITE request from home network and if the MSC server:

1)
is enhanced for ICS and supports CS to PS SRVCC; and

2)
the latest SRVCC information received for the registration path of the SC UE contains the ATCF management URI and the C-MSISDN;

then the MSC server instead of interworking of mobile terminating call setup from SIP to NAS signalling according 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4], the MSC server shall:
1)
send a SIP INVITE request towards the ATCF according to 3GPP TS 24.229 [2]. The MSC server shall populate the SIP INVITE request towards the ATCF with:

A)
the Request-URI set to the Request-URI of the terminating SIP INVITE request from home network;

B)
topmost Route header field with the ATCF management URI and lr URI parameter;

C)
all MIME bodies of the terminating SIP INVITE request from home network; and
D)
application/vnd.3gpp.srvcc-ext+xml MIME body with the <srvcc-ext> root element containing the <Setup-info> element containing the CS to PS SRVCC information bound to the registration path (see subclause 6A.3.1) and indicating the "receiver" role of the MSC server in the session set up.

When the MSC server receives any SIP 1xx or 2xx response to the SIP INVITE request towards the ATCF, the MSC server shall generate and send a SIP response to the terminating SIP INVITE requests from home network populated with the same status code as the received SIP response to the SIP INVITE request towards the ATCF.

8.a.2.2
INVITE from ATCF

If the MSC server is enhanced for ICS and supports CS to PS SRVCC then upon receiving the redirected terminating SIP INVITE request, the MSC server shall interworking the mobile terminating call setup from SIP to NAS signalling according 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4]. 
When sending a SIP 1xx or 2xx response to the redirected terminating SIP INVITE requests, MSC server shall additionally populate the SIP response with:

1)
the g.3gpp.ics media feature tag with value "server" in the Contact header field;

2)
if the SIP response is SIP 1xx response:

A)
Recv-Info header field containing the g.3gpp.access-transfer-events info package name and with the "et" parameter indicating ability to receive "event-type" attribute with value "2";

3)
if the SIP response is SIP 2xx response:

A)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name; and

B)
the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with the value "2"; and
4)
the g.3gpp.ti media feature tag with value as described in subclause C.x in the Contact header field.

