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3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

EATF
Emergency Access Transfer Function

E-STN-SR
Emergency Call Session Transfer Number – Single Radio
E-SR-VCC
Emergency Single Radio Voice Call Continuity

C-MSISDN
Correlation MSISDN

IMRN
IP Multimedia Routing Number
SC
Service Continuity

SCC
Service Centralization and Continuity
SM
Session Management
SRVCC
Single Radio Voice Call Continuity
STI
Session Transfer Identifier

STI-rSR
Session Transfer Identifier for reverse SRVCC
STN
Session Transfer Number

STN-SR
Session Transfer Number - Single Radio
TRF
Transit and Routing Function
vSRVCC
Single Radio Video Call Continuity
------------------------------------------- 3rd change ------------------------------------------
3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP 3GPP TR 21.905 [1].
Dynamic STI: An STI dynamically assigned by the SCC AS, representing the SIP dialog identifier (Call-ID header field and the values of tags in To and From header fields) and used for session transfer request when Gm service control is available.

Additional transferred session SCC AS URI: A SIP URI which is a public service identity hosted by SCC AS and which is used during PS-CS access transfer with the MSC Server assisted mid-call feature.

Static STI: An STI configured in the SC UE either as a SIP URI or as an E.164 number in tel URI or SIP URI representation of tel URI. The static STI is used for CS-PS transfer when dynamic STI is unavailable.

Speech media component: SDP media component of audio media type with codec suitable for conversational speech.

Active speech media component: speech media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.

Inactive speech media component: speech media component which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

Active video media component: video media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.
Inactive video media component: video media component which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

ATCF URI for originating requests: A URI of the ATCF where the ATCF receives requests sent by the served UEs.

ATCF URI for terminating requests: A URI of the ATCF where the ATCF receives requests targeted to the served UEs.

ATCF management URI: A URI hosted by the ATCF where the ATCF performing the role of a UAS receives SIP requests for ATCF management (e.g. SIP MESSAGE requests containing the PS to CS SRVCC related information). The ATCF management URI is routable via the I-CSCF in the network where the ATCF is located using the same routing mechanism as used for Public Service Identities hosted by an AS.

Registration Path: The set of Path header field values and the set of Service-Route header field values created by successful completion of the SIP REGISTER transaction.

PS to CS SRVCC-related information: Information required by the ATCF to perform PS to CS SRVCC transfer. It is provided in the MIME body as defined in annex D.3.
Loop-back routing: A method of routing a SIP request back to the visited network for local breakout according to the roaming architecture for voice over IMS with local breakout as specified in 3GPP TS 23.228 [7].
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.237 [9] apply:

Access Leg

Access Transfer Control Function (ATCF)

Access Transfer Gateway (ATGW)

Access Transfer Update - Session Transfer Identifier (ATU-STI)

Local Operating Environment
Remote Leg
Target Access Leg

Source Access Leg

Emergency Session Transfer Number for SR VCC (E-STN-SR)
Session Transfer Identifier for reverse SRVCC (STI-rSR)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.292 [4] apply:

CS call

CS media
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.218 [67] apply:

Initial filter criteria

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [15] apply:

Policy and Charging Rule Function (PCRF)

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [12] apply:

Correlation MSISDN

IP Multimedia Routeing Number (IMRN)

Session Transfer Identifier (STI)

Session Transfer Number (STN)
Session Transfer Number for SR-VCC (STN-SR)
For the purposes of the present document, the following terms and definitions given in IETF RFC 5012 [16] apply:

Emergency service URN
For the purposes of the present document, the following terms and definitions given in IETF RFC 4353 [55] apply:

Conference

Conference URI

Focus

Participant
For the purposes of the present document, the following terms and definitions given in IETF RFC 3264 [58] apply:

Directionality

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [63] apply:

ICS user
For the purposes of the present document, the following terms and definitions given 3GPP TS 24.229 [2] apply:

Authorised Resource-Priority header field

Temporarily Authorised Resource-Priority header field

NOTE:
Within the present specification, a Temporarily Authorised Resource-Priority header field can be applied to handling of originating requests in the ATCF.
For the purposes of the present document, the following terms and definitions given 3GPP TR 29.274: [70] apply:

Allocation/Retention Priority (ARP)
------------------------------------------- 4th change ------------------------------------------

12.4.0
MSC server enhanced for ICS supporting PS to CS SRVCC

When an 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], then 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;

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 [70]), then include an authorised Resource-Priority header field; and

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 annex 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.

NOTE 1:
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.
NOTE 2:
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.
7)
if the MSC server enhanced for ICS supports PS to CS access transfer for alerting calls, then include:
a)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in annex D.2.3;
b)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C; and
c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and
8)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
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 access transfer for alerting calls procedures, it shall additionally apply the procedures defined in subclause 12.6.3.

After finishing the access transfer procedures, 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].
------------------------------------------- 5th change ------------------------------------------

12.4.0B
MSC server enhanced for ICS supporting vSRVCC
When the MSC server enhanced for ICS supporting vSRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server enhanced for ICS supporting vSRVCC shall follow the procedures in subclause 12.4.0.

When an MSC server enhanced for ICS supporting vSRVCC receives an indication for a vSRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server enhanced for ICS shall initiate a SIP OPTIONS request and shall:

1)
set the request URI to the STN-SR;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and
4)
set the Accept header field to "application/sdp"
When the MSC server enhanced for ICS supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains "m=" lines for audio and video, the MSC server enhanced for ICS shall:

1)
initiate a SIP INVITE request and shall:

a)
set the request URI to the STN-SR for the session with speech and video media components to be transferred;

b)
set the P-Asserted-Identity header field to the Correlation MSISDN;
c)
set the Contact header field to the address of the MSC server; and

d)
include an SDP offer only containing a speech media component and a video media component with default codecs for speech and video (as specified in 3GPP TS 26.111 [69]).

e)
if the MSC server enhanced for enhanced for ICS supporting vSRVCC supports PS to CS access transfer for alerting calls, then include:
i)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in annex D.2.3;
ii)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C; and
iii)
a Recv-Info header field containing the g.3gpp.state-and-event package name; 
2)
if the MSC server enhanced for ICS supporting vSRVCC supports PS to CS access transfer for alerting calls, then additionally apply the procedures defined in subclause 12.6.3; and

3)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
When an MSC server enhanced for ICS supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains an "m=" line for audio but not video, the MSC server enhanced for ICS supporting vSRVCC shall follow the procedures in subclause 12.4.0.

------------------------------------------- 6th change ------------------------------------------

12.4A
MSC server assisted mid-call feature

Upon receiving SIP 2xx response to the SIP INVITE request due to STN-SR, the MSC server shall:

1.
if inactive speech media component is negotiated by the SDP answer of the SIP 2xx response to the SIP INVITE request due to STN-SR, associate the dialog created by the SIP INVITE request due to STN-SR with a CS call in the "active" (N10) state (defined in 3GPP TS 24.008 [8]) and "call held auxiliary" state (defined in 3GPP TS 24.083 [43]) with transaction identifier 0 and TI flag value as in mobile terminated call; and

2.
if active speech media component is negotiated by the SDP answer of the SIP 2xx response to the SIP INVITE request due to STN-SR, associate the dialog created by the SIP INVITE request due to STN-SR with a CS call as described in 3GPP TS 24.008 [8].
Upon receiving a SIP INFO request:

-
sent inside in the dialog created by the SIP INVITE request due to STN-SR; and
-
with the Info-Package header field containing the g.3gpp.mid-call package name;

and if the SIP INVITE request due to STN-SR established a session with conference focus then the MSC server shall associate the participants extracted from the application/vnd.3gpp.mid-call+xml MIME body with transaction identifiers calculated as in the table 9.2.1A-2 and with TI flag of the session. The offsets 0, 2, 3, 4, 5 are assigned to the participants in their order in the list of the extracted participants.

NOTE 1:
For an MSC server enhanced for PS to CS SRVCC using SIP interface, following access transfer, the procedures for the handling of transferred conference participants are implementation dependent.

Upon receiving a SIP REFER request: 

1.
with the Refer-Sub header field containing "false" value;

2.
with the Supported header field containing "norefersub" value;

3.
with the Refer-To header field containing a SIP URI with the Target-Dialog URI header field;

4.
sent inside a SIP dialog:

A.
created by the SIP INVITE request due to STN-SR; and

B.
where the g.3gpp.mid-call media feature tag as specified in annex C was included in the Contact header field of the SIP 2xx response to the SIP INVITE request due to STN-SR; and

5.
containing a MIME body of MIME type specified in the annex D.1.3;
the MSC server shall:

1.
handle the SIP REFER request as specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20]; and

2.
send a SIP INVITE request for transfer of an additional session with inactive speech media component in accordance with the procedures specified in 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. If the MSC server is enhanced for ICS, the MSC server 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 for transfer of an additional session with inactive speech media component. Additionally, the MSC server shall populate the SIP INVITE request for transfer of an additional session with inactive speech media component as follows:
A.
header fields which were included as URI header fields in the URI in the Refer-To header field of the received SIP REFER request as specified in IETF RFC 3261 [19] except the "body" URI header field;
B.
include in the Contact header field the g.3gpp.mid-call media feature tag as described in annex C; and

C.
the SDP offer with:

a.
the same amount of the media descriptions as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

b.
each "m=" line having the same media type as the corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

c.
port set to zero value in each "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with zero value; and
d.
media directionality as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request
NOTE 2:
port can be sent to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with nonzero value;
D.

if an authorised Resource-Priority header field was included in the SIP INVITE request due to STN-SR, then include an authorised Resource-Priority header field with the same values as used in the SIP INVITE request due to STN-SR; and

E)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
If two sessions are transferred, the MSC server shall:

1.
associate the SIP INVITE request for transfer of an additional session with inactive speech media component with CS call in the "active" (N10) state (as defined in 3GPP TS 24.008 [8]) and in the "call held auxiliary" state (as defined in 3GPP TS 24.083 [43]) with transaction identifier 1 and TI flag value as in mobile terminated call; and;

2.
if the SIP INVITE request for transfer of an additional session with inactive speech media component established a session with conference focus then associate the participants extracted from the application/vnd.3gpp.mid-call+xml MIME body included in the SIP REFER request with transaction identifiers calculated as in the table 9.2.1A-2 and with TI flag of the session. The offsets 0, 1, 2, 3, 4 are assigned to the participants in their order in the list of the extracted participants.

------------------------------------------- 7th change ------------------------------------------

12.6.1.1
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting PS to CS SRVCC

When an MSC server enhanced for SRVCC using SIP interface and supporting PS to CS SRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], then 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; 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 [70]), then include an authorised Resource-Priority header field; and

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 annex 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.

NOTE:
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.
7)
if the MSC server enhanced for SRVCC using SIP interface supports PS to CS access transfer for alerting calls, then include:
a)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in annex D.2.3;
b)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C; and
c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

8)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
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 PS to CS access transfer for alerting calls then in addition to the procedures in this subclause it shall additionally apply the procedures defined in subclause 12.6.3.
12.6.1.2
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting vSRVCC
When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives an indication for a vSRVCC session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP OPTIONS request and shall:

1)
set the request URI to the STN-SR;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and
4)
set the Accept header field to "application/sdp"

When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains "m=" lines for audio and video, the MSC server enhanced for SRVCC using SIP interface shall:

1)
initiate a SIP INVITE request and shall:

a)
set the request URI to the STN-SR for the session with speech and video media components to be transferred;

b)
set the P-Asserted-Identity header field to the Correlation MSISDN;
c)
set the Contact header field to the address of the MSC server; and

d)
include an SDP offer containing only a speech media component and a video media component with default codecs for speech and video (as specified in 3GPP TS 26.111 [69]).

e)
if the MSC server enhanced for SRVCC using SIP interface supports PS to CS access transfer for alerting calls, then include:
i)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in annex D.2.3;
ii)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C; and
iii)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and
2)
if the MSC server enhanced for SRVCC using SIP interface supports PS to CS access transfer for alerting calls, then additionally apply the procedures defined in subclause 12.6.3; and

3)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains an "m=" line for audio but not video, the MSC server enhanced for SRVCC using SIP interface shall follow the procedures in subclause 12.6.1.1.

------------------------------------------- 8th change ------------------------------------------

12.6.3
MSC server enhanced for SRVCC using SIP interface procedures for PS to CS access transfer for alerting calls

Upon receiving a SIP INFO request inside the early dialog created with the SIP INVITE request due to STN-SR:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction XML element containing "initiator";

the MSC server enhanced for SRVCC using SIP interface shall enter the "call delivered" (N4) state as specified in 3GPP TS 24.008 [8]. The MSC server enhanced for SRVCC using SIP interface shall associate this session with transaction identifier value and TI flag as described in 3GPP TS 24.008 [8].
Upon receiving a SIP INFO request inside the early dialog created with the SIP INVITE request due to STN-SR:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver";

and when a related CC CONNECT has not been received, the MSC server enhanced for SRVCC using SIP interface shall enter the "call received" (N7) state as specified in 3GPP TS 24.008 [8]. The MSC server enhanced for SRVCC using SIP interface will not generate an in-band ring tone towards the calling party. The MSC server enhanced for SRVCC using SIP interface shall associate this session with transaction identifier value and TI flag as described in 3GPP TS 24.008 [8].
Upon receiving a CC CONNECT message when in "call received" (N7) state as specified in 3GPP TS 24.008 [8], the MSC server enhanced for SRVCC using SIP interface shall enter the "active" (N10) state as specified in 3GPP TS 24.008 [8] and send a SIP INFO request inside the dialog created with the SIP INVITE request due to STN-SR for access transfer containing:

1.
an Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

2.
include application/vnd.3gpp.state-and-event-info+xml XML body compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted" to indicate that the called party has answered the call.
Upon receiving a CC CONNECT message after having sent the SIP INVITE request due to STN-SR when not yet in "call received" (N7) state as specified in 3GPP TS 24.008 [8], the MSC server enhanced for SRVCC using SIP interface will store this event. Once a related SIP INFO request inside the associated early dialog:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver";

is received, then

1.
the MSC server enhanced for SRVCC using SIP interface will enter "active" (N10) state as specified in 3GPP TS 24.008 [8];

2.
the MSC server shall send a SIP INFO request inside the dialog created with the SIP INVITE request due to STN-SR for access transfer containing:

a)
an Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

b)
include application/vnd.3gpp.state-and-event-info+xml XML body compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted" to indicate that the called party has answered the call.
NOTE:
Procedures in the MSC server enhanced for SRVCC using SIP interface how to store and supervise the reception of the INFO request are left implementation specific.

Upon receiving a SIP REFER request:

1.
sent inside the dialog created by the SIP INVITE request due to STN-SR;
2.
with the Refer-Sub header field containing "false" value; and

3.
containing application/vnd.3gpp.state-and-event-info+xml MIME body with the state-info XML element containing "early";

the MSC server shall:

1.
handle the SIP REFER request as specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20]; and

2.
send a SIP INVITE request transferring the additional transferred session according to 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The MSC server shall populate the SIP INVITE request as follows:

A.
header fields which were included in the URI in the Refer-To header field of the received SIP REFER request as specified in IETF RFC 3261 [19] except the header field with hname "body";

B.
include in the Contact header field the g.3gpp.srvcc-alerting media feature tag; and

C.
the SDP offer with:

a.
the same amount of the media descriptions as in the header field with hname "body" in the URI in the Refer-To header field of the received SIP REFER request;

b.
each "m=" line having the same media type as the corresponding "m=" line in the header field with hname "body" in the URI in the Refer-To header field of the received SIP REFER request;

c.
port set to zero value in each "m=" line whose corresponding "m=" line in the header field with hname "body" in the URI in the Refer-To header field of the received SIP REFER request has port with zero value;

NOTE:
port can be set to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the header field with hname "body" in the URI in the Refer-To header field of the received SIP REFER request has port with nonzero value.
D)
if loop-back routing is supported and if the user is roaming:

a)
if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if required by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
3.
if application/vnd.3gpp.state-and-event-info+xml MIME body contains direction XML element containing "initiator", then enter the "call delivered" (N4) state as specified in 3GPP TS 24.008 [8] for the CS call with transaction identifier 1 and TI flag value as in mobile terminated call; and

4.
if application/vnd.3gpp.state-and-event-info+xml MIME body contains direction XML element containing "receiver", then enter the "call received" (N7) state as specified in 3GPP TS 24.008 [8] for the CS call with transaction identifier 1 and TI flag value as in mobile terminated call. The MSC server will not generate an in-band ring tone towards the calling party.

Upon receiving a CC CONNECT message with transaction identifier 1 and TI flag value as in mobile terminated call when in "call received" (N7) state as specified in 3GPP TS 24.008 [8], the MSC server shall send a SIP INFO request inside the dialog created by the SIP INVITE request transferring the additional transferred session containing:

1.
an Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and
2.
include application/vnd.3gpp.state-and-event-info+xml XML body compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted" to indicate that the called party has answered the call.

Editor's note: [aSRVCC] how to handle race condition of SRVCC access transfer and acceptance/rejection of waiting call is FFS
When the MSC server is in the "call delivered" (N4) state and when the MSC server receives a SIP 200 (OK) response to the SIP INVITE request due to STN-SR the MSC server sends the CC CONNECT message and enters the "active" (N10) state in accordance with 3GPP TS 24.008 [8].

When the MSC server is in the "call received" (N7) state and when the MSC server receives a SIP 200 (OK) response to the SIP INVITE request due to STN-SR the MSC server sends the CC CONNECT ACK message and enters the "active" (N10) state in accordance with 3GPP TS 24.008 [8].

------------------------------------------- 9th change ------------------------------------------

12.7.2.2
Active session transfer

If a session being transferred is determined in subclause 12.7.2.1 and the following conditions are true:

-
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.

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

a)
the saved Contact header field of the remote UE as describe in subclause 7.5.2; 

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

d)
include the P-Charging-Vector header field as specified in subclause 5.7.5.1 and in addition include the "related-icid" header field parameter containing the ICID value of the source access leg in the P-Charging-Vector header field; and

Editor's note [WID TEI11, CR#0644]:
The exact details of the parameter name and coding is FFS and depending on the ongoing work with RFC 3455bis.

NOTE 2:
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 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 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 2:
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 INVITE request due to STN-SR;

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

i)
if the Recv-Info header field is included in the INVITE request due to STN-SR, the Recv-Info header field that is the same as the Recv-Info header field received in the INVITE request due to STN-SR; 
j)
if the Accept header field is included in the INVITE request due to STN-SR, the Accept header field that is the same as the Accept header field received in the INVITE request due to STN-SR; and

3)
if loop-back routing is supported and if the user is roaming:

a)
if a Feature-Caps header field with the g.3gpp.trf-uri media feature tag is not included in the received request and if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if a Feature-Caps header field with the g.3gpp.omr media feature tag is not included in the received request and if requested by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.

If a session being transferred was determined in subclause 12.7.2.1 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 can not 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 associated with the session being transferred; and

2)
if loop-back routing is supported and if the user is roaming:

a)
if a Feature-Caps header field with the g.3gpp.trf-uri media feature tag is not included in the received request and if a TRF address is available, insert a Feature-Caps header field with the g.3gpp.trf-uri media feature tag into the request according to draft-holmberg-sipcore-proxy-feature [60]. The g.3gpp.trf-uri media feature tag value is set according to 3GPP TS 24.229 [2]; and
b)
if a Feature-Caps header field with the g.3gpp.omr media feature tag is not included in the received request and if requested by local policy, include the OMR policy in a g.3gpp.omr media feature tag and insert the media feature tag into a Feature-Caps header field according to draft-holmberg-sipcore-proxy-feature [60]. The policy in the g.3gpp.omr media feature tag value is set according to 3GPP TS 29.079 [xxx].

Editor's note: The exact details of the policy to be included in the media feature tag g.3gpp.omr are dependent on 3GPP TS 29.079 and are FFS.
before forwarding the request.
------------------------------------------- End changes ------------------------------------------
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