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***** Next change *****
12.4.0
MSC server enhanced for ICS supporting PS to CS SRVCC
12.4.0.1
General

The MSC server enhanced for ICS supporting PS to CS SRVCC may support the codec inquiry prior to the PS to CS SRVCC access transfer.
When the MSC server enhanced for ICS supporting SRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server may perform the codec inquiry prior to PS to CS SRVCC access transfer as specified in subclause 12.6.0A according to local policy.
NOTE:
The local policy can be based on MSC server configuration of STN-SR(s) owned by ATCF(s) supporting the codec inquiry prior to PS to CS SRVCC access transfer.
If the MSC server enhanced for ICS supporting SRVCC does not support or does not perform the codec inquiry prior to PS to CS SRVCC access transfer as specified in subclause 12.6.0A, the MSC server shall perform the procedures in subclause 12.4.0.2
12.4.0.2
PS to CS SRVCC access transfer
In order to perform the PS to CS SRVCC access transfer, the MSC server enhanced for ICS shall initiate a SIP INVITE request and shall:

1)
set the Request-URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the contact address of the MSC server;

4)
include an SDP offer containing only a speech media component. If the MSC server performed procedures in subclause 12.6.0A and received a PS-to-CS-preparation-response, the MSC server should copy into the SDP offer one or more RTP payload types (each comprising of an RTP payload type number indicated in an <fmt> portion of an "m=" line and, if included, an "a=rtpmap" attribute and an "a=frmtp" attribute for the RTP payload type number) indicated in the <IMS-preferred-codec-list> element of the received PS-to-CS-preparation-response described in subclause 12.6.0A;

5)
if SRVCC with priority handling (as described in 3GPP TS 23.216 [49]) is supported and a Allocation/Retention priority (ARP) indication is received (as described in 3GPP TS 29.280 [71]), then include an authorised Resource-Priority header field;

NOTE 1:
An MSC server enhanced for ICS will use local configuration to map the received ARP value to appropriate values for the authorised Resource-Priority header field.
6)
if the MSC server supports the MSC server assisted mid-call feature:

A)
insert the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20];

B)
insert the Accept header field containing the MIME type as specified in subclause D.1.3;

C)
include in the Contact header field the g.3gpp.mid-call media feature tag as described in annex C; and

D)
insert the Recv-Info header field containing the g.3gpp.mid-call package name;

7)
if the MSC server enhanced for ICS supports the PS to CS SRVCC for calls in alerting phase, then include:

A)
void;

B)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C;

C)
void;
D)
a P-Early-Media header field containing the "supported" parameter;

E)
if the MSC server enhanced for ICS supports the PS to CS SRVCC for originating calls in pre-alerting phase, include the g.3gpp. ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C into the Contact header field; and

F)
if the MSC server does not support the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20];

NOTE 2:
IETF RFC 3261 [19] recommends user agent client to include a Supported header field in any SIP INVITE request, listing option tags for extensions to SIP understood by the user agent client. In the step above, the MSC server is mandated to include at least "norefersub" option tag in the Supported header field.

NOTE 3:
If the MSC server supports the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" was already inserted in preceding steps.

8)
if the MSC server supports CS to PS SRVCC:

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

B)
the Accept header field containing application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with the value "2";

C)
the Accept header field containing application/vnd.3gpp.srvcc-ext+xml MIME type; and

D)
the g.3gpp.ti media feature tag with value as described in subclause C.12 in the Contact header field;
NOTE 4:
An MSC server enhanced for ICS does not apply the ICS procedure described in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] when sending the SIP INVITE request.
9)
an Accept header field according to IETF RFC 3261 [19] containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in subclause D.2.3;
10)
a Recv-Info header field according to IETF RFC 6086 [54] containing the g.3gpp.state-and-event package name; and
11)
signalling elements described in subclause 6A.7.1 and shall indicate the related local preconditions as met.
Upon receiving a SIP 200 (OK) response as the first response to the INVITE due to STN-SR (with the exception of the SIP 100 (Trying) response) and if the MSC server does not apply the MSC server assisted mid-call feature procedures in subclause 12.4A, the MSC server shall enter the "active" (N10) state (defined in 3GPP TS 24.008 [8]), regard the access transfer of the session with active speech media component as completed, send an ACK request as specified in 3GPP TS 24.229 [2] and start interworking CC messages as specified in subclause 12.6.5.
If the MSC server enhanced for ICS supports the MSC server assisted mid-call feature, it shall additionally apply the procedures defined in subclause 12.4A.

If the MSC server enhanced for ICS supports the PS to CS SRVCC for calls in alerting phase procedures, it shall additionally apply the procedures defined in subclause 12.6.3.

After finishing the access transfer procedures and if the access transfer was successful, the MSC server enhanced for ICS shall apply the ICS procedure as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4].
If the access transfer procedure is unsuccessful and if the UE performs CS attachment procedures as specified in 3GPP TS 24.008 [8] after the unsuccessful access transfer procedure, then the MSC server enhanced for ICS shall apply procedures specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4].
***** Next change *****
12.6.0
General
The MSC server enhanced for SRVCC using SIP interface may support the codec inquiry prior to the PS to CS SRVCC access transfer.
When the MSC server enhanced for SRVCC using SIP interface receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server may perform the codec inquiry prior to PS to CS SRVCC access transfer as specified in subclause 12.6.0A according to local policy.
NOTE:
The local policy can be based on MSC server configuration of STN-SR(s) owned by ATCF(s) supporting the codec inquiry prior to PS to CS SRVCC access transfer.

If the MSC server enhanced for SRVCC using SIP interface does not support or does not perform the codec inquiry prior to PS to CS SRVCC access transfer as specified in subclause 12.6.0A, the MSC server shall perform the procedures in subclause 12.6.1.
***** Next change *****
12.6.0A
Codec inquiry prior to PS to CS SRVCC access transfer
In order to perform the codec inquiry prior to PS to CS SRVCC access transfer, the MSC server shall send a SIP OPTIONS request according to 3GPP TS 24.229 [2]. In the SIP OPTIONS request, the MSC server:
1)
shall set the Request-URI to the STN-SR received over Sv interface as described in 3GPP TS 23.216 [49];

2)
shall set the P-Asserted-Identity header field to the C-MSISDN received over Sv interface as described in 3GPP TS 23.216 [49]; and
3)
shall include an application/vnd.3gpp.PS-to-CS-preparation+xml body specified in subclause D.x carrying the PS-to-CS-preparation-request. In the PS-to-CS-preparation-request, the MSC server may include an <MSC-server-supported-codec-list> element containing an SDP body with one audio m= line with one or more RTP payload types that are supported commonly by the served SC UE, the target RAN and the target CS-MGW selected by the MSC server. The MSC server shall associate the RTP payload type(s) with the RTP payload type number(s) according to local policy.

If no SIP final response is received within a time defined by local policy to the SIP OPTIONS request, the MSC server shall perform the procedures in subclause 12.6.1 or subclause 12.4.0.2.

Upon receiving a SIP 3xx, 4xx, 5xx or 6xx response to the SIP OPTIONS request, the MSC server shall perform the procedures in subclause 12.6.1 or subclause 12.4.0.2.
Upon reception of a SIP 2xx response to the SIP OPTIONS request:

1)
if the SIP 2xx response does not contain an application/vnd.3gpp.PS-to-CS-preparation+xml body specified in subclause D.x carrying the PS-to-CS-preparation-response, the MSC server shall perform the procedures in subclause 12.6.1 or subclause 12.4.0.2; and
2)
if the SIP 2xx response contains an application/vnd.3gpp.PS-to-CS-preparation+xml body specified in subclause D.x carrying the PS-to-CS-preparation-response, the MSC server:
a)
if the PS-to-CS-preparation-response indicates that the PS to CS SRVCC access transfer is currently possible, shall perform the procedures in subclause 12.6.1 or subclause 12.4.0.2; and
b)
if the PS-to-CS-preparation-response indicates that the PS to CS SRVCC access transfer is currently not possible, can send SRVCC PS to CS Response as specified in 3GPP TS 23.216 [49] with a reject cause or can repeat the procedures of the present subclause after a time defined by local policy.
***** Next change *****
12.6.1.1
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting PS to CS SRVCC

In order to perform the PS to CS SRVCC access transfer, the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the Request URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the contact address of the MSC server;
4)
include an SDP offer containing only a speech media component. If the MSC server performed procedures in subclause 12.6.0A and received a PS-to-CS-preparation-response, the MSC server should copy into the SDP offer one or more RTP payload types (each comprising of an RTP payload type number indicated in an <fmt> portion of an "m=" line and, if included, an "a=rtpmap" attribute and an "a=frmtp" attribute for the RTP payload type number) indicated in the <IMS-preferred-codec-list> element of the received PS-to-CS-preparation-response described in subclause 12.6.0A; and

5)
if SRVCC with priority handling (as described in 3GPP TS 23.216 [49]) is supported and a Allocation/Retention priority (ARP) indication is received (as described in 3GPP TS 29.280 [71]), then include an authorised Resource-Priority header field;

NOTE 1:
An MSC server enhanced for SRVCC using a SIP interface will use local configuration to map the received ARP value to appropriate values for the authorised Resource-Priority header field.
6)
if the MSC server supports the MSC server assisted mid-call feature:

A.
insert the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20];

B.
insert the Accept header field containing the MIME type as specified in subclause D.1.3;

C.
include in the Contact header field the g.3gpp.mid-call media feature tag as described in annex C; and

D.
insert the Recv-Info header field containing the g.3gpp.mid-call package name;
7)
if the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for calls in alerting phase, then include:

a)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in subclause D.2.3;

b)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name;

d)
a P-Early-Media header field containing the "supported" parameter;

e)
if the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for originating calls in pre-alerting phase, include the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C into the Contact header field; and

f)
if the MSC server does not support the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20];
NOTE 2:
IETF RFC 3261 [19] recommends user agent client to include a Supported header field in any SIP INVITE request, listing option tags for extensions to SIP understood by the user agent client. In the step above, the MSC server is mandated to include at least "norefersub" option tag in the Supported header field.

NOTE 3:
If the MSC server supports the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" was already inserted in preceding steps.
8)
signalling elements described in subclause 6A.7.1 and shall indicate the related local preconditions as met; and

9)
include the P-Access-Network-Info header field in the SIP INVITE request as specified in 3GPP TS 24.229 [11]. The P-Access-Network-Info header field shall include:

a)
an access-type field set to "3GPP-GERAN", "3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", or an access-class field set to"3GPP-GERAN", "3GPP-UTRAN";

b)
if available, a "cgi-3gpp" or "utran-sai-3gpp" parameter;

c)
if available a "local-time-zone" parameter;

d)
a "network-provided" parameter; and

e)
if available, a "daylight-saving-time" parameter.
Upon receiving a SIP 200 (OK) response as the first response to the INVITE due to STN-SR (with the exception of the SIP 100 (Trying) response) and if the MSC server does not apply the MSC server assisted mid-call feature procedures in subclause 12.4A, the MSC server shall enter the "active" (N10) state (defined in 3GPP TS 24.008 [8]), regard the access transfer of the session with active speech media component as completed, send an ACK request as specified in 3GPP TS 24.229 [2] and start interworking CC messages as specified in subclause 12.6.5.If the MSC server enhanced for SRVCC using SIP interface supports the MSC server assisted mid-call feature then it shall additionally apply the procedures defined in subclause 12.4A.
If the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for calls in alerting phase then in addition to the procedures in this subclause it shall additionally apply the procedures defined in subclause 12.6.3.
***** Next change *****
12.7.1
Distinction of requests

The ATCF needs to distinguish the following initial SIP requests:

1)
SIP INVITE requests containing the STN-SR allocated to the ATCF in the Request-URI and:

A)
not containing any Route header field; or

B)
containing a URI in the topmost Route header field other than the ATCF URI for originating requests and other than the ATCF URI for terminating requests.


In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

2)
initial SIP INVITE requests containing the STI-rSR allocated to the ATCF in the Request-URI and with the ATCF URI for originating requests in the topmost Route header field. In the procedures below, such requests are known as "SIP INVITE requests due to STI-rSR".

3)
SIP INVITE requests containing the ATCF management URI in the Request-URI and:

-
not containing Route header field; or
-
containing a URI in the topmost Route header field other than the ATCF URI for originating requests and other than the ATCF URI for terminating requests.

In the procedures below, such requests are known as "SIP INVITE requests due to media transfer from MSC Server to ATGW".
4)
SIP INVITE requests containing the ATCF URI for anchoring additionally transferred call in ATCF allocated to the ATCF in the Request-URI.

In the procedures below, such requests are known as "SIP INVITE requests for anchoring call additionally transferred during PS to CS SRVCC in ATCF".
5)
SIP OPTIONS requests:

-
containing the STN-SR allocated to the ATCF in the Request-URI; and

-
containing an application/vnd.3gpp.PS-to-CS-preparation+xml body specified in subclause D.x carrying a PS-to-CS-preparation-request.

In the procedures below, such requests are known as "SIP OPTIONS requests carrying the PS-to-CS-preparation-request".
The ATCF needs to distinguish the following SIP in-dialog requests:

1)
SIP INFO request:

A)
with Info-Package header field with value g.3gpp.access-transfer-events; and

B)
with application/vnd.g.3gpp.access-transfer-events+xml MIME body associated with the info package according to IETF RFC 6086 [54] and indicating the session transfer notification request.


In the procedures below, such requests are known as "SIP INFO requests carrying the session transfer notification request".

2)
SIP INFO request:

A)
with Info-Package header field with value g.3gpp.access-transfer-events; and

B)
with application/vnd.g.3gpp.access-transfer-events+xml MIME body associated with the info package according to IETF RFC 6086 [54] and indicating the session transfer preparation.


In the procedures below, such requests are known as "SIP INFO requests carrying the session transfer preparation".

3)
SIP INFO request:

A)
with Info-Package header field with value g.3gpp.access-transfer-events; and

B)
with application/vnd.g.3gpp.access-transfer-events+xml MIME body associated with the info package according to IETF RFC 6086 [54] and indicating the session transfer cancellation.


In the procedures below, such requests are known as "SIP INFO requests carrying the session transfer cancellation".

4)
SIP INFO request:

A)
with Info-Package header field with value 3gpp.state-and-event; and

B)
with application/vnd.3gpp.state-and-event-info+xml MIME body associated with the info package according to IETF RFC 6086 [54] and with the event XML element containing "call-accepted" as specified in annex C.


In the procedures below, such requests are known as "SIP INFO requests carrying a "call-accepted" indication"
5)
SIP REFER request:

 A)
with the Refer-Sub header field containing "false" value;
B)
with the Supported header field containing "norefersub" value;
C)
with the Refer-To header field containing a SIP URI with the Target-Dialog URI header field;
D)
sent inside a SIP dialog:
a.
created by the SIP INVITE request due to STN-SR;
b.
where one of the following is true:

-
the g.3gpp.mid-call feature-capability indicator as specified in annex C was included in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to STN-SR and the SIP REFER request contains a MIME body of MIME type specified in the subclause D.1.3; or

-
the g.3gpp.srvcc-alerting feature-capability indicator as specified in annex C was included in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to STN-SR and the SIP REFER request contains application/vnd.3gpp.state-and-event-info+xml MIME body with the state-info XML element containing "early" or "pre-alerting"; and

E)
not containing a MIME body of MIME type specified in the subclause D.4.4

In the procedures below, such requests are known as "SIP REFER requests for transferring additional call".
***** Next change *****
12.7.2.1
General

Upon receiving the SIP INVITE request due to STN-SR or the SIP OPTIONS request carrying the PS-to-CS-preparation-request, the ATCF shall:

1)
determine the transferable session set which are all the sessions with a speech media component:

a)
associated with C-MSISDN equal:

i)
to the URI in the P-Asserted-Identity header field of the SIP INVITE request due to STN-SR; or
ii)
to the URI in the P-Asserted-Identity header field of the SIP OPTIONS request due to STN-SR; and
b)
where during establishment of the session a Feature-Caps header field containing the g.3gpp.srvcc feature-capability indicator was received in the initial SIP request or SIP response; and

NOTE:
These sessions potentially include recently released sessions for which the ATCF temporarily retains session state according to subclause 12.7.2.3.

2)
determine the session being transferred which is a session:

a)
in the transferable session set;

b)
for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received; and

c)
with active speech media component which has been made active most recently.

***** Next change *****
12.7.2.1A
Determination of session being transferred when only a held session or only a session in originating pre-alerting phase or a session in alerting phase exist
If the transferable session set determined as specified in subclause 12.7.2.1 is not empty and each session in the transferable session set:

1)
is in an early dialog state; or

2)
is in a confirmed dialog state and contains an inactive speech media component;
the ATCF:

1)
if:

a)
one or more confirmed dialogs supporting a session with an inactive speech media component exists in the transferable session set;

b)
the Feature-Caps header field provided by the SCC AS towards the SC UE includes the g.3gpp.mid-call feature-capability indicator as described in annex C; and

c)
the Contact header field provided by the SC UE to the SCC AS includes the g.3gpp.mid-call media feature tag (as described in annex C);

shall select the confirmed dialog supporting a session with an inactive speech media component that became inactive most recently as the session being transferred; and

2)
if no confirmed dialog supporting a session with an inactive speech media component exists in the transferable session set but there are one or more dialogs in the transferable session set supporting sessions where the SC UE has completed a reliable offer / answer procedure and with an active speech media component such that:

a)
a SIP 180 (Ringing) response to a SIP INVITE request was received in at least one of those early dialogs, all such SIP 180 (Ringing) responses are responses to the same SIP INVITE request and at least one of such SIP 180 (Ringing) responses was received in an early dialog supporting session with an active speech media component;
b)
the Contact header field provided by the SC UE includes the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

c)
the Feature-Caps header field provided by the SCC AS towards the SC UE includes the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C;


shall select any of the early dialogs where a SIP 180 (Ringing) responses was received as the session being transferred; and
3)
if no confirmed dialog supporting a session with an inactive speech media component exists in the transferable session set but there are one or more dialogs in the transferable session set supporting one session where the SC UE has completed a reliable offer / answer procedure and with an active speech media component such that:
a)
a SIP 180 (Ringing) response to the SIP INVITE request has not been received yet in any of the existing dialogs;

b)
all dialogs are early dialogs created by the same SIP INVITE request;

c)
the Contact header field provided by the SC UE includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and

d)
the Feature-Caps header field provided by the SCC AS towards the SC UE includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C;


shall select any of the early dialogs as the session being transferred.
***** Next change *****
12.7.2.2
Active session transfer

Upon receiving a SIP INVITE request due to STN-SR, if a session is in the transferable session set as determined in subclause 12.7.2.1 and the following conditions are true:

-
the session is a confirmed dialog with an active speech media component which has been made active most recently;

-
the ATGW anchors the media of the session being transferred; and

-
if the speech media component of the SDP offer in the SIP INVITE request is the same as the speech media component of the SDP negotiated by the ATCF in the session being transferred or if the ATGW can provide media transcoding between the speech media component in the received SDP offer and the speech media component in the session being transferred;

the ATCF shall act as B2BUA as described in subclause 5.6 and shall:

NOTE 1:
At this point, ATCF interacts with ATGW to provide information needed in the procedures below and to request ATGW to start forwarding the audio media from the remote UE to the MSC server. The details of interaction between ATCF and ATGW are out of scope of this document.

0)
if ATCF supports CS to PS SRVCC:

a)
associate the session being established with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and

b)
store the value of the g.3gpp.ti media feature tag as described in annex C of the Contact header field of the SIP INVITE request due to STN-SR;

1)
send a SIP 200 (OK) response to the received SIP INVITE request due to STN-SR that contains: 

a)
the Contact header field of the remote UE saved in subclause 7.5.2 or subclause 8.4.2.2;

b)
the Record-Route header field that contains only the SIP URI pointing to the ATCF;

c)
the SDP answer that includes the ATGW ports and the IP addresses as provided by the ATGW, and the directionality attribute shall be the same as the SDP negotiated by ATCF towards the UE in the session being transferred;

d)
include the P-Charging-Vector header field as specified in 3GPP TS 24.229 [2] populated as follows: 
i)
the "icid-value" header field parameter containing the same value as received in the SIP INVITE request due to STN-SR;

ii)
the "related-icid" header field parameter containing the ICID value of the source access leg in the P-Charging-Vector header field;
iii)
if an "icid-generated-at" header field was generated for the source access leg, include the "related-icid-generated-at" header field parameter containing the host name or IP address included in the "icid-generated-at" header field parameter of the source access leg;

iv)
the "orig-ioi" header field parameter with the value received in the SIP INVITE request due to STN-SR; and

v)
a "term-ioi" header field parameter with the value received:

-
if the source access leg is terminated by the SC UE, in the "orig-ioi" header field parameter in the P-Charging-Vector header field received in the initial SIP INVITE request from the remote UE; and

-
if the source access leg is an originating call initiated by the SC UE, in the "term-ioi" received in the P-Charging-Vector header field in responses from the remote UE to the initial SIP INVITE request;

NOTE 2:
The "transit-ioi" header field parameter can not be copied from the source access leg since the SIP INVITE due to ATU-STI can traverse different transit networks compared to the transit networks traversed when the call was initiated.
e)
if ATCF supports CS to PS SRVCC:

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

B)
the Accept header fields received in the home leg of the session being transferred by PS to CS SRVCC except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type; and

C)
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" with value "1", value "3", value "4" 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 received in the home leg of the session being transferred by PS to CS SRVCC; and

f)
the Feature-Caps header field(s) according to IETF RFC 6809 [60] received in the home leg of the session being transferred;

g)
the P-Asserted-Identity header field with the identity of the remote user saved in subclause 7.5.2 or subclause 8.4.2.2; and
h)
if available, the Privacy header field saved in subclause 7.5.2 or subclause 8.4.2.2; and

NOTE 3:
At this point the ATCF requests the ATGW to start forwarding the audio media from the MSC server to the remote UE. The details of interaction between ATCF and ATGW are out of scope of this document.

2)
initiate a new dialog toward the SCC AS (i.e. a target access leg) by sending an initial SIP INVITE request due to ATU-STI for PS to CS SRVCC toward the SCC AS populated with:

a)
the SDP offer containing the currently used media with ATGW ports and IP addresses towards the remote UE as provided by the ATGW. The ATCF shall include in the SDP offer only the media of the media types offered in the received SIP INVITE request due to STN-SR;

b)
the Request-URI containing the ATU-STI for PS to CS SRVCC previously received from the SCC AS and associated with the session being transferred; and

c)
the Target-Dialog header field with the dialog identifier of the session being transferred;

d)
the Require header field containing the option tag "tdialog";

e)
the Contact header field that contains the contact information received in the SIP INVITE request due to STN-SR;

f)
the Record-Route header field that includes only the ATCF SIP URI, where the ATCF wants to receive subsequent the in-dialog requests from the SCC AS;

NOTE 4:
The ATCF SIP URI included in the Record-Route header field is used by the SCC AS to build a Route header field that the SCC AS will use when sending the in-dialog request toward the ATCF.

g)
the P-Asserted-Identity header field that is the same as the P-Asserted-Identity header field received in the SIP INVITE request due to STN-SR;

h)
all header fields which are included in the SIP INVITE request due to STN-SR and which contain option tag(s);

i)
if the Recv-Info header field is included in the SIP INVITE request due to STN-SR, the Recv-Info header field that is the same as the Recv-Info header field received in the SIP INVITE request due to STN-SR except, if the ATCF supports the CS to PS SRVCC, the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

j)
if the Accept header field is included in the SIP INVITE request due to STN-SR, the Accept header field that is the same as the Accept header field received in the SIP INVITE request due to STN-SR except, if the ATCF supports the CS to PS SRVCC, the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type;

k)
if the ATCF supports the CS to PS SRVCC, if an Accept header field of the SIP INVITE request due to STN-SR contains the application/vnd.3gpp.access-transfer-events+xml with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2":

a)
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
b)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name.

l)
if the SIP INVITE request due to STN-SR contains a P-Access-Network-Info header field, a P-Access-Network-Info header field copied from the SIP INVITE request due to STN-SR.
If a session is in the transferable session set as determined in subclause 12.7.2.1, ATCF does not support CS to PS SRVCC and one of the following conditions are true:

-
the ATGW does not anchor the media of the session being transferred; or

-
if the speech media component of the SDP offer in the SIP INVITE request is not the same as the speech media component of the SDP negotiated by the ATCF in the session being transferred and the ATGW cannot provide media transcoding between the speech media component in the received SDP offer and the speech media component in the session being transferred;

the ATCF shall act as proxy and shall:

1)
replace the Request-URI in the received SIP INVITE request due to STN-SR with the ATU-STI for PS to CS SRVCC associated with the session being transferred;

before forwarding the request.

If a session being transferred was determined in subclause 12.7.2.1, ATCF supports CS to PS SRVCC and one of the following conditions are true:

-
the ATGW does not anchor the media of the session being transferred; or

-
if the speech media component of the SDP offer in the SIP INVITE request is not the same as the speech media component of the SDP negotiated by the ATCF in the session being transferred and the ATGW cannot provide media transcoding between the speech media component in the received SDP offer and the speech media component in the session being transferred;

the ATCF shall act as B2BUA and shall:

1)
associate the session being established with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR;

2)
store the value of the g.3gpp.ti media feature tag as described in annex C of the Contact header field of the SIP INVITE request due to STN-SR; and

3)
send a SIP INVITE request due to ATU-STI for PS to CS SRVCC according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP INVITE request due to ATU-STI for PS to CS SRVCC with:

A)
the Request-URI set to the ATU-STI for PS to CS SRVCC associated with the session being transferred;

B)
all Route header fields of the SIP INVITE request due to STN-SR except the topmost Route header field;

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

D)
the Recv-Info header fields of the SIP INVITE request due to STN-SR except the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

E)
the Accept header fields of the SIP INVITE request due to STN-SR except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type;

F)
if an Accept header field of the SIP INVITE request due to STN-SR contains the application/vnd.3gpp.access-transfer-events+xml with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2":

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

G)
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 SIP INVITE request due to STN-SR apart from application/sdp MIME body; and

b)
application/sdp MIME body with updated SDP offer using media parameters provided by the ATGW;

NOTE 5:
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.

H)
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 SIP INVITE request due to STN-SR;

I)
if the ATCF is located in the visited network, and local policy requires the application of IBCF capabilities in the visited network towards the home network, select an IBCF in the visited network and add the URI of the selected IBCF to the topmost Route header field.

J)
if the SIP INVITE request due to STN-SR contains a P-Access-Network-Info header field, a P-Access-Network-Info header field copied from the SIP INVITE request due to STN-SR.
If the ATCF supports CS to PS SRVCC, when the ATCF receives any SIP 1xx response or SIP 2xx response to the SIP INVITE request due to ATU-STI for PS to CS SRVCC, the ATCF shall:

1)
save the Contact header field included in the SIP response; and

NOTE 6:
If the ATCF subsequently receives an initial SIP INVITE request due to STI-rSR, the ATCF will include the saved the Contact header field of the remote UE in its SIP 200 (OK) response to the initial SIP INVITE request due to STI-rSR.

2)
generate and send a SIP response to the SIP INVITE request due to STN-SR populated with:

A)
the same status code as the received SIP response to the SIP INVITE request due to ATU-STI for PS to CS SRVCC; 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)
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 value "1", value "3", value "4" and values, if any, indicated in the "et" parameter of the g.3gpp.access-transfer-events info package name of the Recv-Info header field of the received SIP response; and

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

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

b)
the Accept header fields of the received SIP response except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type; and

c)
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" with value "1", value "3", value "4" 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 received SIP response.

***** Next change *****
12.7.2.3.2
No transferable session exists

Upon receiving a SIP INVITE request due to STN-SR, if the transferable session set determined in subclause 12.7.2.1 does not contain any sessions and the identity in the P-Asserted-Identity header field is a C-MSISDN that is not bound to a registration path in the ATCF, the ATCF shall respond with a SIP 404 (Not Found) response.

If the transferable session set determined in subclause 12.7.2.1 does not contain any sessions and if the identity in the P-Asserted-Identity header field is a C-MSISDN that is bound to a registration path in the ATCF, the ATCF shall:

1)
determine whether a transferable SIP INVITE request exists. The transferable SIP INVITE request is a SIP INVITE request sent by SC UE such that:

A)
a final SIP response has not been received yet to the SIP INVITE request;

B)
the session being established by the SIP INVITE request is associated with C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR;

C)
a SIP 1xx response to the SIP INVITE request was received where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.srvcc feature-capability indicator as described in annex C;

NOTE 0:
ATCF can have no dialogs if all the early dialogs were terminated by 199 (Early Dialog Terminated) as described in IETF RFC 6228 [80].

D)
the Contact header field in the SIP INVITE request includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and
E)
a SIP 1xx response to the SIP INVITE request was received where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C;

2)
if a transferable SIP INVITE request exists:

A)
if ATCF decides to not anchor media according to local policy and if ATCF does not support CS to PS SRVCC, provide the proxy role as specified in 3GPP TS 24.229 [2] and replace the Request-URI in the received SIP INVITE request due to STN-SR with ATU-STI for PS to CS SRVCC associated with SIP INVITE request before forwarding the request and do not process the remaining steps; and

B)
if ATCF decides to anchor media according to local policy:

a)
if ATCF supports the CS to PS SRVCC:

-
associate the SIP INVITE request with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and

-
store the value of the g.3gpp.ti media feature tag as described in annex C of the Contact header field of the SIP INVITE request due to STN-SR; and

b)
provide the role of a B2BUA in accordance with 3GPP TS 24.229 [2] and initiate a new dialog toward the SCC AS (i.e. a target access leg) by sending an initial SIP INVITE request due to ATU-STI for PS to CS SRVCC toward the SCC AS populated with:

-
if ATCF decides to anchor media according to local policy:

i)
the SDP offer containing the media offered in source access leg towards the remote UE, with the currently offered ATGW ports and IP addresses towards the remote UE as provided by the ATGW. The ATCF shall include in the SDP offer only the media of the media types offered in the received SIP INVITE request due to STN-SR; and

ii)
all MIME bodies of the SIP INVITE request due to STN-SR apart from application/sdp MIME body;

-
if the ATCF decides not to anchor media according to local policy, all MIME bodies of the SIP INVITE request due to STN-SR;

-
the Request-URI containing the ATU-STI for PS to CS SRVCC previously received from the SCC AS and associated with the SIP INVITE request;

-
the Contact header field that contains the contact information received in the SIP INVITE request due to STN-SR;

-
the Record-Route header field that includes only the ATCF SIP URI, where the ATCF wants to receive subsequent in-dialog requests from the SCC AS;

NOTE 1:
The ATCF SIP URI included in the Record-Route header field is used by the SCC AS to build a Route header field that the SCC AS will use when sending the in-dialog request toward the ATCF.

-
the P-Asserted-Identity header field that is the same as the P-Asserted-Identity header field received in the SIP INVITE request due to STN-SR;

-
all header fields which are included in the SIP INVITE request due to STN-SR and which contain option tag(s);

-
if the Recv-Info header field is included in the SIP INVITE request due to STN-SR, the Recv-Info header field that is the same as the Recv-Info header field received in the SIP INVITE request due to STN-SR except, if the ATCF supports the CS to PS SRVCC, the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

-
if the Accept header field is included in the SIP INVITE request due to STN-SR, the Accept header field that is the same as the Accept header field received in the SIP INVITE request due to STN-SR. except, if the ATCF supports the CS to PS SRVCC, the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type; and
-
if the ATCF supports the CS to PS SRVCC and an Accept header field of the SIP INVITE request due to STN-SR contains the application/vnd.3gpp.access-transfer-events+xml 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; and

3)
if a transferable SIP INVITE request does not exist, respond with a SIP 480 (Temporarily Unavailable) response.

***** Next change *****
12.7.2.4
Transfer when only a held session or a session in originating pre-alerting phase or a session in alerting phase exist

Upon receiving a SIP INVITE request due to STN-SR, if the transferable session set determined in subclause 12.7.2.1 is not empty and each session in the transferable session set:

1)
is in an early dialog state; or

2)
is in a confirmed dialog state and contains inactive speech media component;
then the ATCF shall:

1)
if ATCF decides to not anchor media according to local policy and if ATCF does not support CS to PS SRVCC, provide the proxy role as specified in 3GPP TS 24.229 [2] and replace the Request-URI in the received SIP INVITE request due to STN-SR with ATU-STI for PS to CS SRVCC associated with a session in the transferable session set before forwarding the request and do not process the remaining steps;

2)
if ATCF decides to anchor media according to local policy, determine the session being transferred as described in subclause 12.7.2.1A;
















3)
if ATCF supports the CS to PS SRVCC:

a)
associate the session being established with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and

b)
store the value of the g.3gpp.ti media feature tag of the Contact header field of the SIP INVITE request due to STN-SR; and

4)
provide the role of a B2BUA in accordance with 3GPP TS 24.229 [2] and initiate a new dialog toward the SCC AS (i.e. a target access leg) by sending an initial SIP INVITE request due to ATU-STI for PS to CS SRVCC toward the SCC AS populated with:

a)
if ATCF decides to anchor media according to local policy:

A)
if

-
only one dialog exists in the session being transferred, the SDP offer containing the currently used media with ATGW ports and IP addresses towards the remote UE as provided by the ATGW. The ATCF shall include in the SDP offer only the media of the media types offered in the received SIP INVITE request due to STN-SR; and

-
more than one early dialog exists in a session being transferred, the SDP offer containing the ATGW ports and IP addresses of the selected dialog towards the remote UE as provided by the ATGW and the media types offered in the received SIP INVITE request due to STN-SR;
B)
all MIME bodies of the SIP INVITE request due to STN-SR apart from application/sdp MIME body;

C)
the Request-URI containing the ATU-STI for PS to CS SRVCC previously received from the SCC AS and associated with the session being transferred;

D)
the Target-Dialog header field with the dialog identifier of the session being transferred; and

E)
the Require header field containing the option tag "tdialog";

b)
if the ATCF supports the CS to PS SRVCC and the ATCF decides not to anchor media according to local policy:

i)
all MIME bodies of the SIP INVITE request due to STN-SR; and

ii)
the Request-URI containing the ATU-STI for PS to CS SRVCC associated with a session in the transferable session set;

c)
the Contact header field that contains the contact information received in the SIP INVITE request due to STN-SR;

d)
the Record-Route header field that includes only the ATCF SIP URI, where the ATCF wants to receive subsequent in-dialog requests from the SCC AS;

NOTE 1:
The ATCF SIP URI included in the Record-Route header field is used by the SCC AS to build a Route header field that the SCC AS will use when sending the in-dialog request toward the ATCF.

e)
the P-Asserted-Identity header field that is the same as the P-Asserted-Identity header field received in the SIP INVITE request due to STN-SR;

f)
all header fields which are included in the SIP INVITE request due to STN-SR and which contain option tag(s);

g)
if the Recv-Info header field is included in the SIP INVITE request due to STN-SR, the Recv-Info header field that is the same as the Recv-Info header field received in the SIP INVITE request due to STN-SR except, if the ATCF supports the CS to PS SRVCC, the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

h)
if the Accept header field is included in the SIP INVITE request due to STN-SR, the Accept header field that is the same as the Accept header field received in the SIP INVITE request due to STN-SR. except, if the ATCF supports the CS to PS SRVCC, the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type;
i)
if the ATCF supports the CS to PS SRVCC and an Accept header field of the SIP INVITE request due to STN-SR contains the application/vnd.3gpp.access-transfer-events+xml with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2":

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

j)
if the SIP INVITE request due to STN-SR contains a P-Access-Network-Info header field, a P-Access-Network-Info header field copied from the SIP INVITE request due to STN-SR.
Upon receiving a SIP 18x response or SIP 2xx response to the SIP INVITE request due to ATU-STI for PS to CS SRVCC from the SCC AS, the ATCF shall:

1)
if ATCF supports CS to PS SRVCC, save the Contact header field included in the SIP response; and

NOTE 2:
If the ATCF subsequently receives an initial SIP INVITE request due to STI-rSR, the ATCF will include the saved the Contact header field of the remote UE in its SIP 200 (OK) response to the initial SIP INVITE request due to STI-rSR.

2)
generate and send a SIP response to the SIP INVITE request due to STN-SR populated with:

a)
the Record-Route header field with a Record-Route header field that contains only the SIP URI pointing to the ATCF;

b)
the same status code as the received SIP response to the SIP INVITE request due to ATU-STI for PS to CS SRVCC; and

c)
if ATCF supports CS to PS SRVCC:

A)
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;

B)
if the SIP response is SIP 1xx response, 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 value "1", value "3", value "4"  and values, if any, indicated in the "et" parameter of the g.3gpp.access-transfer-events info package name of the Recv-Info header field of the received SIP response; and

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

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

ii)
the Accept header fields of the received SIP response except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type; and

iii)
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" with value "1", value "3", value "4"  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 received SIP response.

Upon receiving a SIP INFO request carrying a "call-accepted" indication the ATCF shall, if not already done according to operator policy, request the ATGW to through-connect in both directions.

NOTE 3:
The details of interaction between ATCF and ATGW are out of scope of this document.

***** Next change *****
12.7.2.x
Codec inquiry prior to PS to CS SRVCC access transfer
Upon receiving a SIP OPTIONS request carrying the PS-to-CS-preparation-request, the ATCF shall send a SIP 2xx response to the SIP OPTIONS request according to 3GPP TS 24.229 [2]. In the SIP 2xx response, the ATCF shall include an application/vnd.3gpp.PS-to-CS-preparation+xml specified in subclause D.x carrying the PS-to-CS-preparation-response. In the PS-to-CS-preparation-response, the ATCF:
1)
if:

a)
the session being transferred as described in subclause 12.7.2.1 is determined; or

b)
the session being transferred as described in subclause 12.7.2.1 is not determined and the session being transferred as described in subclause 12.7.2.1A is determined;


then:
a)
shall include a <currently-possible> XML element; and
b)
shall include an <IMS-preferred-codec-list> element containing an SDP body with one audio m= line. In the m= line, in the following decreasing order of preference, the ATCF:
-
shall include RTP payload type(s) with associated RTP payload type number(s) describing media received by the ATGW in a dialog of the home leg of the session being transferred. If the home leg of the session being transferred consists of several early dialogs, the ATCF shall select one early dialog according to local policy; and
-
may include additional RTP payload type(s) with associated RTP payload type number(s), supported by the ATGW, describing the media which the ATGW is able to send to the MSC server, and selected by local policy.
NOTE 1:
If the initial SDP offer of the session being transferred was provided by the remote UE, then the additional RTP payload type(s) can be derived from RTP payload type(s) which were offered in the initial SDP offer provided by the remote UE but which were not accepted by the SC UE. However, the SDP body received from the remote UE describes media which the remote UE wishes to receive while the SDP body in the <IMS-preferred-codec-list> element describes media which the ATGW (and the remote UE if no transcoding occurs) can send to the MSC server, i.e. media in the opposite direction. Therefore, the RTP payload types indicated in the SDP body received from the remote UE need to be adjusted before inclusion in the <IMS-preferred-codec-list> element.

The ATCF shall associate the RTP payload type(s) with the RTP payload type number(s) in the <IMS-preferred-codec-list> element so that association of the RTP payload type(s) with the RTP payload type number(s) in the <IMS-preferred-codec-list> element do not conflict with association of the RTP payload type(s) with the RTP payload type number(s) describing media received by the ATGW in the selected dialog of the home leg of the session being transferred; and
NOTE 2:
RTP payload type number(s) indicated in the <MSC-server-supported-codec-list> element of the PS-to-CS-preparation-request do not influence the RTP payload type number(s) indicated in the <IMS-preferred-codec-list> element.

2)
if the session being transferred as described in subclause 12.7.2.1 is not determined and the session being transferred as described n subclause 12.7.2.1A is not determined, shall include a <currently-not-possible> XML element. In the <currently-not-possible> XML element, the ATCF:
A)
shall include the <state-info> element indicating the state of the session;

B)
shall include the <direction> element indicating the direction of the session;

C)
shall include the <speech-state> element indicating the state of the speech media component of the session;

D)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.mid-call feature-capability indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.mid-call media feature tag, shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.mid-call";

E)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.srvcc-alerting feature-capability indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.srvcc-alerting feature tag:

i)
shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.srvcc-alerting"; and

ii)
if the Feature-Caps header field provided by the SCC AS in the session includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting indicator and the Contact header field provided by the SC UE in the session includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag, shall include a <feature-tag> element with the "name" attribute set to "g.3gpp.ps2cs-srvcc-orig-pre-alerting";


for each session in the the transferable session set determined as specified in subclause 12.7.2.1. If the SC UE has several early dialogs created by the same SIP INVITE request, the ATCF shall include the above pieces of information for one of those early dialogs only.
Editor's note (WI: TEI14, CR#1258): it is FFS whether to include the state also when PS to CS SRVCC access transfer is currently possible, and how the MSC server would use the state received when PS to CS SRVCC access transfer is currently possible.
***** Next change *****
D.x
PS-to-CS preparation XML schema
D.x.1
General

This subclause defines the XML schema and the MIME type for information exchanged during codec inquiry prior to PS to CS SRVCC access transfer.

D.x.2
XML schema

<?xml version="1.0" encoding="UTF-8"?>

<xs:schema

  xmlns:xs="http://www.w3.org/2001/XMLSchema"

  elementFormDefault="qualified"

  attributeFormDefault="unqualified">

  <xs:element name="PS-to-CS-preparation-request" type="PS-to-CS-preparation-requestType"/>

  <xs:element name="PS-to-CS-preparation-response" type="PS-to-CS-preparation-responseType"/>

  <xs:complexType name="PS-to-CS-preparation-requestType">
    <xs:sequence>

      <xs:element name="MSC-server-supported-codec-list" type="xs:base64Binary"/>
      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="PS-to-CS-preparation-responseType">

    <xs:sequence>

      <xs:choice>

        <xs:element name="currently-possible" type="currently-possibleType" minOccurs="0"/>

        <xs:element name="currently-not-possible" type="currently-not-possibleType" minOccurs="0"/>

      </xs:choice>

      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="currently-possibleType">

    <xs:sequence>

      <xs:element name="IMS-preferred-codec-list" type="xs:base64Binary"/>

      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="currently-not-possibleType">

    <xs:sequence>
      <xs:element name="session" type="sessionType" minOccurs="0" maxOccurs="unbounded"/>

      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="sessionType">

    <xs:sequence>
      <xs:element name="state-info" type="xs:string"/>

      <xs:element name="direction" type="xs:string"/>

      <xs:element name="speech-state" type="xs:string"/>

      <xs:element name="supported-features" type="supported-featuresType" minOccurs="0"/>
      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="supported-featuresType">

    <xs:sequence>

      <xs:element name="feature-tag" type="feature-tagType" maxOccurs="unbounded"/>
      <xs:element name="anyExt" type="anyExtType" minOccurs="0"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="feature-tagType">

    <xs:simpleContent>

      <xs:extension base="xs:string">

        <xs:attribute name="name" type="xs:string">

        </xs:attribute>

      </xs:extension>

    </xs:simpleContent>

  </xs:complexType>

  <xs:complexType name="anyExtType">
    <xs:sequence>

      <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

  </xs:complexType>

</xs:schema>
D.x.3
Additional syntactic rules

The root element of the XML text shall be either the <PS-to-CS-preparation-request> element or the <PS-to-CS-preparation-response> element.

The <PS-to-CS-preparation-request> element:

1)
shall include the <MSC-server-supported-codec-list> element;
2)
may include the <anyExt> element;
3)
may include elements specified in other namespaces; and
4)
may include attributes specified in this namespace or other namespaces.

The <PS-to-CS-preparation-response> element:

1)
shall include one of the following:
a)
the <currently-possible> element; or
b)
the <currently-not-possible> element;
2)
may include the <anyExt> element;
3)
may include elements specified in other namespaces; and
4)
may include attributes specified in this namespace or other namespaces.

The <currently-possible> element:

1)
shall include the <IMS-preferred-codec-list> element;
2)
may include the <anyExt> element;

3)
may include XML elements specified in other XML namespaces; and
4)
may include attributes specified in this namespace or other namespaces.

The <currently-not-possible> element:

1)
may include one or more <session> elements;

2)
may include the <anyExt> element;

3)
may include XML elements specified in other XML namespaces; and
4)
may include attributes specified in this namespace or other namespaces.

The <session> element:

1)
shall include the <state-info> element set to one of the values indicated in table D.x.3-1;
Table D.x.3-1: ABNF syntax of values of the <state-info> element

state-info-values = alerting-phase-value / pre-alerting-phase-value / confirmed-dialog-value

alerting-phase-value = %x65.61.72.6c.79 ; "early" 

pre-alerting-phase-value = %x70.72.65.2d.61.6c.65.72.74.69.6e.67 ; "pre-alerting"
confirmed-dialog-value = %x63.6f.6e.66.69.72.6d.65.64 ; "confirmed"

2)
shall include the <direction> element set to one of the values indicated in table D.x.3-2;
Table D.x.3-2: ABNF syntax of values of the <direction> element

direction-values = initiator-value / receiver-value

initiator-value = %x69.6e.69.74.69.61.74.6f.72 ; "initiator"

receiver-value = %x72.65.63.65.69.76.65.72 ; "receiver"

3)
shall include the <speech-state> element set to one of the values indicated in table D.x.3-3; and
Table D.x.3-2: ABNF syntax of values of the <speech-state> element

speech-state-values = active-speech-media-component / inactive-speech-media-component
active-speech-media-component = %x61.63.74.69.76.65 ; "active"

inactive-speech-media-component = %x69.6e.61.63.74.69.76.65 ; "inactive"

4)
may include the <supported-features> element.
The <supported-features> element:

1)
shall include zero or more <feature-tag> elements;
2)
may include the <anyExt> element; and
3)
may include elements specified in other namespaces; and
4)
may include attributes specified in this namespace or other namespaces.
The <feature-tag> element shall include the "name" attribute.
D.x.4
Semantic

A entity receiving an XML text compliant to the XML schema specified in subclause D.x.2 shall ignore any unknown element and any unknown attribute.

Presence of the <PS-to-CS-preparation-request> element shall indicate that the XML text carries the PS-to-CS-preparation-request.

Presence of the <PS-to-CS-preparation-response> element shall indicate that the XML text carries the PS-to-CS-preparation-response.

The <MSC-server-supported-codec-list> element shall contain an SDP body with one audio m= line with one or more RTP payload types that are supported commonly by the served SC UE, the target RAN and the target CS-MGW selected by the MSC server.

Presence of the <currently-possible> element shall indicate that the PS to CS SRVCC access transfer is currently possible.

The <IMS-preferred-codec-list> element shall contain an SDP body with one audio m= line with one or more RTP payload types that are preferred by the ATCF to be used by the MSC server.

Presence of the <currently-not-possible> element shall indicate that the PS to CS SRVCC access transfer is currently not possible.
The <session> element describe a session of the served SC UE in PS.
The <state-info> element indicates the state of the session, i.e. whether the session is in the pre-alerting phase, is in the alerting phase or is a confirmed dialog.
The <direction> element indicates the direction of the session, i.e. whether the served SC UE is an initiator of the session or a receiver of the session.
The <speech-state> element indicates the state of the speech media component of the session, i.e. whether the speech media component is an active speech media component or an inactive speech media component.

The "name" attribute of the <feature-tag> element indicates a media feature tag supported by the entity sending the XML text. The value, if included, of the <feature-tag> element indicates a value of the media feature tag supported by the sender of the XML text.

The <anyExt> element shall convey extensions.

D.x.5
IANA registration template
Editors' note (CR#1258, WID: TEI14): MCC is request to register the MIME type when the Rel-14 is completed.
Your Name: 

<MCC name>

Your Email Address: 

<MCC email address>

Media Type Name:

Application

Subtype name:

vnd.3gpp.PS-to-CS-preparation+xml
Required parameters: 

None

Optional parameters: 

"charset"
the parameter has identical semantics to the charset parameter of the "application/xml" media type as specified in section 9.1 of IETF RFC 7303.

Encoding considerations:

binary.

Security considerations: 

Same as general security considerations for application/xml media type as specified in section 9.1 of IETF RFC 7303. In addition, this media type provides a format for exchanging information in SIP, so the security considerations from IETF RFC 3261apply.

The information transported in this media type does not include active or executable content.

Mechanisms for privacy and integrity protection of protocol parameters exist. Those mechanisms as well as authentication and further security mechanisms are described in 3GPP TS 24.229.
This media type does not include provisions for directives that institute actions on a recipient's files or other resources.

This media type does not include provisions for directives that institute actions that, while not directly harmful to the recipient, may result in disclosure of information that either facilitates a subsequent attack or else violates a recipient's privacy in any way.

This media type does not employ compression.
Interoperability considerations:

Same as general interoperability considerations for application/xml media type as specified in section 9.1 of IETF RFC 7303.

Published specification: 

3GPP TS 24.237 "IP Multimedia Subsystem (IMS) Service Continuity", version 14.2.0, available via http://www.3gpp.org/specs/numbering.htm.
Applications which use this media type: 

Applications supporting the service continuity as described in the published specification.

Fragment identifier considerations:

The handling in section 5 of IETF RFC 7303 applies.

Restrictions on usage:

None

Provisional registration? (standards tree only):

N/A

Additional information:

1.
Deprecated alias names for this type: none

2.
Magic number(s): none

3.
File extension(s): none

4.
Macintosh File Type Code(s): none

5.
Object Identifier(s) or OID(s): none
Intended usage: 

Common
Person to contact for further information:

-
Name: <MCC name>

-
Email: <MCC email address>

-
Author/Change controller:

i)
Author: 3GPP CT1 Working Group/3GPP_TSG_CT_WG1@LIST.ETSI.ORG
ii)
Change controller: <MCC name>/<MCC email address> 
