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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.

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 TS 29.274 [70] apply:

Allocation/Retention Priority (ARP)
------ next change -------
4.2.2
PS-CS session continuity, Single Radio

In order to allow for PS-CS session continuity, Single Radio, SRVCC procedures assume that filter criteria causes all sessions subject to PS to CS SRVCC to be anchored in an SCC AS as described in 3GPP TS 23.216 [5]).

Configuration of QoS assignment for PS to CS SRVCC as defined in 3GPP TS 23.203 [65] and 3GPP TS 23.107 [66] need to be aligned with the initial filter criteria and SCC AS determination that a session is subject to SR-VCC as defined in 3GPP TS 23.216 [5]).
In order to allow for PS-CS session continuity, Single Radio, vSRVCC procedures assume that filter criteria causes all sessions subject to vSRVCC to be anchored in an SCC AS as described in 3GPP TS 23.216 [5]).

Configuration of QoS assignment for vSRVCC as defined in 3GPP TS 23.203 [65] needs to be aligned with the initial filter criteria and SCC AS determination that a session is subject to vSRVCC as defined in 3GPP TS 23.216 [5]).
When SRVCC enhanced with ATCF is used, the SRVCC and vSRVCC procedures assume that all sessions subject to SRVCC and vSRVCC are anchored in the same ATCF.
------ next change -------
6.5.2
Registration related procedures in the ATCF
Upon receiving a SIP REGISTER request originated by a UE, the ATCF shall:

1.
if ATCF decides to include itself for access transfer of sessions according to operator policy: 
NOTE 1:
An example of the operator policy is that the ATCF is included in the signalling path only when the UE registers over the E-UTRAN, UTRAN or GERAN access networks.
A
generate the ATCF URI for terminating requests such that the registration path (or registration flow, if multiple registration mechanism is used) can be determined from the user portion of the ATCF URI for terminating requests;

NOTE 1A:
One possible construction method is to set the user portion of the ATCF URI for terminating requests to the URI of the most bottom Path header field of the SIP REGISTER request.

B.
insert a Path header field with the generated ATCF URI for terminating requests;

C.
insert a Feature-Caps header field with:

a.
the g.3gpp.atcf media feature tag containing the STN-SR allocated to ATCF included as described in draft-holmberg-sipcore-proxy-feature [60];

b.
the g.3gpp.atcf-mgmt-uri media feature tag containing the ATCF management URI included as described in draft-holmberg-sipcore-proxy-feature [60]; and
c.
the g.3gpp.atcf-path media feature tag with value containing the generated ATCF URI for terminating requests as described in draft-holmberg-sipcore-proxy-feature [60].

d.
if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the MSC server assisted mid-call feature: 

-
the g.3gpp.mid-call media feature tag;

e.
if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the SRVCC for calls in alerting phase:

-
the g.3gpp.srvcc-alerting media feature tag;

2.
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 exit point of the visited network and forward the request to that entry point;
NOTE 2:
The list of the exit points can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF.
3.
if the ATCF is located in the visited network and local policy does not require the application of IBCF capabilities in the visited network towards the home network select an entry point of the home network and forward the request to that entry point;
NOTE 3:
The list of the entry points can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF. The entry point can be an IBCF or an I-CSCF.
4.
if the ATCF is located in the home network select an I-CSCF of the home network and forward the request to that I-CSCF; and
NOTE 4:
The list of the I-CSCFs can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF.
5.
If the ATCF fails to forward the SIP REGISTER request to any entry point, the ATCF shall send back a SIP 504 (Server Time-Out) response, in accordance with the procedures in RFC 3261 [19].
Upon receiving a SIP 2xx response to the SIP REGISTER request originated by a served UE and if ATCF decided to include itself for access transfer of sessions according to operator policy, the ATCF shall:

1)
update the S-CSCF Service-Route URI bound to the registration path (see subclause 6A.3.1) identified by the ATCF Path URI; and
NOTE 5:
The ATCF Path URI is the URI which the ATCF inserted in the Path header field of to the SIP REGISTER request.

NOTE 6:
The S-CSCF Service-Route URI is the URI in the most bottom Service-Route header field of the SIP 2xx response to the SIP REGISTER request.

2)
insert a Feature-Caps header field with the g.3gpp.atcf media feature tag containing the STN-SR allocated to ATCF included as described in draft-holmberg-sipcore-proxy-feature [60].

------ next change -------
12.2A.3
Not based on ICS

After successful vSRVCC procedures (as described in 3GPP TS 24.008 [8]) have been completed the SC UE shall replace the session with active speech and video media components which was most recently made active with the newly established CS voice/video call.
NOTE 1: 
In the case when ICS is not supported or used, only the ongoing session with active speech and video media components which was most recently made active is transferred from PS to CS.
In addition, if:

-
the Gm reference point is retained upon PS handover; and

NOTE 2: 
The SC UE knows that the Gm reference point is retained upon PS handover if, following handover, the SC UE has a dedicated PDP context for SIP signalling or has a general-purpose PDP context to carry the IM CN subsystem-related signalling, as described in 3GPP TS 24.229 [2] annex B.2.2.1.

-
the SC UE is not using ICS capabilities;

the SC UE shall:

-
send a SIP re-INVITE request to the SCC AS as specified for media removal in subclause 13.2.1; and

-
indicate in the SDP offer the speech and video media components as being removed.

12.2A.4
Void
12.2A.5
Alerting call

If the conditions in subclause 12.2.3B.1 for the application of subclause 12.2.3B.3 are satisfied for a session with active speech media component and active video media component prior to the successful completion of the vSRVCC procedures (as described in 3GPP TS 24.008 [8]), then after the successful completion of the vSRVCC handover procedures, the SC UE shall apply the procedures specified in subclause 12.2.3B.3
------ next change -------
12.3.1
SCC AS procedures for PS to CS access transfer, PS to CS SRVCC

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg the SCC AS shall associate the SIP INVITE request with a session:

-
within the transferable session set;

-
with active speech media component that was most recently made active; and

-
the related dialog is in confirmed state.

If no confirmed dialogs supporting a session with active speech media component exists in the transferable session set the SCC AS shall:

1)
send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to STN-SR;

2)
if the transferable session set contains dialogs supporting sessions with speech media component (inactive speech media component or in an early dialog state):

a)
if the speech media component is the only media component in the dialog then release the remote leg as specified in 3GPP TS 24.229 [2]; and

b)
if the speech media component is not the only media component in the dialog then modify the remote leg and remove the speech media component as specified in 3GPP TS 24.229 [2].

Editor's Note: [TEI10] Potential overlap and interaction of the above procedure with abnormal case handling requires further study.

If confirmed dialogs supporting a session with active speech media component exist in the transferable session set the SCC AS shall send a SIP re-INVITE request towards the remote UE and in a new SDP offer, include the media characteristics as received in the SIP INVITE request due to STN-SR, by following the rules of 3GPP TS 24.229 [2].

Upon receiving the 2xx response to the re-INVITE request the SCC AS shall send the SIP 200 (OK) response to the SIP INVITE request due to STN-SR on the target access leg using the relevant media parameter of the SDP answer in the received response, by following the rules of 3GPP TS 24.229 [2].

If the SCC AS supports SRVCC for calls in alerting phase and if the conditions specified in subclause 12.3.4.1 for a session in the transferable session set are fulfilled, the SCC AS shall follow the procedures in the subclause 12.3.4.4 and then continue with the procedures in this subclause.

The SCC AS shall remove non-tranferred audio components and superfluous session as specified in subclause 12.3.8.
------ next change -------
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase using PS to CS SRVCC procedure

When the session in the transferable session set is an originating call in alerting phase the SCC AS shall associate the SIP INVITE request due to STN-SR with an early dialog or early dialogs related to the originating call.

If there is only one early dialog related to the originating call in alerting phase available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing early dialog as specified in 3GPP TS 24.229 [2].
Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.
If there are more than one early dialogs related to the originating call in alerting phase available for the served user due to forking as described in 3GPP TS 24.229 [2], the SCC AS shall update the remote legs by sending SIP UPDATE requests simultaneously towards every remote UE using the existing early dialogs as specified in 3GPP TS 24.229 [2]. Upon receiving each SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.
Upon receiving the first SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

1.
include the 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 containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" the direction XML element containing "initiator".

The SCC AS shall remove non-tranferred audio and video media components and superfluous sessions as specified in subclause 12.3.8.

------ next 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 [71]), 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.
6
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.
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].
------ next 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 [71]), 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.
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.
------ next 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.

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].

------ next change -------
A.3.5
Signalling flows for UE attaching to CS domain when MSC server is enhanced for ICS and when UE is not registered with IMS in PS access network yet

This signalling flow shown at figure A.3.5-1 describes the scenario of UE attaching to CS domain when the used MSC server is enhanced for ICS and when the UE is not registered with IMS in PS access network yet. 
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Figure A.3.5-1 MSC Server enhanced for ICS performs registration on behalf of the UE

The details of the signalling flows are as follows:

1.
CS attach (UE to MSC)


UE performs CS attachment procedure as specified in 3GPP TS 24.008 [8]. UE indicates support of CS to PS SRVCC in the CS attachment procedure.

3.
CS attach accept (MSC enhanced for ICS to UE)


The CS attach request is accepted by the network and an accept message is sent to the MS.

3-4.
REGISTER request (MSC Server enhanced for ICS to S-CSCF) – see example in table A.3.5-3

Table A.3.5-3: REGISTER request (MSC Server enhanced for ICS to I-CSCF)

REGISTER sip:ics.mnc015.mcc234.3gppnetwork.org SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd];branch=z9hG4bKnashds7

Max-Forwards: 70

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

P-Visited-Network-ID: "Visited Network Number 1 for MSC Server"

P-Charging-Vector: ####

Path: <sip:termpdfjkghlj@msc123.visited2.net;lr>

From: <sip:234150999999999@ics.mnc015.mcc234.3gppnetwork.org>;tag=4fa3

To: <sip:234150999999999@ics.mnc015.mcc234.3gppnetwork.org>

Contact: <sip:[5555::aaa:bbb:ccc:ddd]>;expires=600000;+sip.instance="<urn:gsma:imei:90420156-025763-0>";+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="server"; +g.3gpp.mgmt-uri="sip:msc123.visited2.net"; +g.3gpp.path="sip:termpdfjkghlj@msc123.visited2.net;lr"

Call-ID: apb03a0s09dkjdfglkj49111

Authorization: Digest username="234150999999999@ics.mnc015.mcc234.3gppnetwork.org", realm=" ics.mnc015.mcc234.3gppnetwork.org", nonce="", integrity-protected="auth-done", uri="sip: ics.mnc015.mcc234.3gppnetwork.org", response=""

CSeq: 1 REGISTER

Supported: gruu

Require: path

Content-Length: 0

Contact:
The header field contains:


-
g.3gpp.icsi-ref media feature tag with value of ICSI of IMS multimedia telephony communication service;


-
g.3gpp.ics media feature tag with value indicating that the resource is a network node which is ICS capable; 


-
g.3gpp.mgmt-uri media feature tag with value containing the MSC management URI; and


-
g.3gpp.path media feature tag with value containing the MSC URI for terminating requests;

5-6.
200 (OK) response (S-CSCF to MSC server enhanced for ICS)


The S-CSCF sends a 200 (OK) response to the MSC server enhanced for ICS.

7.
REGISTER request (S-CSCF to SCC AS)


The S-CSCF sends a third party REGISTER request containing in the body the incoming REGISTER request from the PN UE and the 200 (OK) response to the incoming REGISTER request to the SCC AS.

8.
200 (OK) response (SCC AS to S-CSCF)


The SCC AS sends a 200 (OK) response to the S-CSCF indicating the third party REGISTER was successful.

------ next change -------
A.4.3
Call origination prior to CS to PS SRVCC

The signalling flow shown in figure A.4.3-1 gives an example of originating session set up. In this flow, the ATCF decides to anchor the media of the session in ATGW. 
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Figure A.4.3-1
Signalling flows for service continuity using CS to PS SRVCC.

1.
SC UE A registers in IMS


The SC UE A registers in IMS.

2.
The SC UE A performs a CS attach and the MSC server registers in IMS.

3.
CC SETUP message (SC UE A to MSC server).


The SC UE sends a CC SETUP message according to 3GPPTS 24.008 [8].

4.
SIP INVITE request (MSC server to ATCF) - see example in table A.4.3-4


The MSC server enhanced for ICS sends the SIP INVITE request towards the ATCF.
Table A.4.3-4: SIP INVITE request (MSC server to ATCF)
INVITE tel:+1-237-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:atcf2.visited2.net:7531;lr><sip:orig@scscf1.home1.net;lr>

P-Asserted-Identity: tel:+1-212-555-1111

P-Charging-Vector: icid-value="1234bc9876e";icid-generated-at"5555::aaa:bbb:ccc:ddd";orig-ioi=visited2.net

Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: < tel:+1-237-555-2222 >

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

P-Visited-Network-ID: "Visited Network Number 1 for MSC Server"

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Supported: precondition, 100rel
Accept: application/vnd.3gpp.access-transfer-events+xml;et="2"

Recv-Info: g.3gpp.access-transfer-events

Contact: <sip:user1_public1@visited2.net>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: multipart/mixed;boundary="boundary1"

Content-Length: (…)

--boundary1

Content-Type: application/sdp 

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

--boundary1

Content-Type: application/vnd.3gpp.srvcc-ext+xml
<?xml version="1.0"?>

<srvcc-ext>

<Setup-info>

    <C-MSISDN>tel:+1-212-555-1111</C-MSISDN>

    <direction>initiator</direction>
</Setup-info>

</srvcc-ext> 

--boundary1--

Route:
The ATCF management URI received from SCC AS in the SIP MESSAGE request containing CS to PS SRVCC information during the registration of the user is added at the top of the URIs received in the Service-Route header field of the SIP 200 (OK) response to REGISTER.
application/vnd.3gpp.srvcc-ext+xml: Contains the direction of call and the C-MSISDN of the UE.

Accept:
Indicate that the MSC server is able to receive the application/vnd.3gpp.access-transfer-events+xml with the event type 2.

Recv-Info:
Indicate the support for g.3gpp.access-transfer-events package.
5.
ATCF decides whether to anchor the media in the ATGW. In this flow, the ATCF decides to anchor the media in the ATGW and reserves the resources in the ATGW.

6-9.
SIP INVITE request (ATCF to remote UE B) - see example in table A.4.3-6

Table A.4.3-6: SIP INVITE request (ATCF to remote UE B)
INVITE tel:+1-237-555-2222 SIP/2.0

Record-Route: <sip:atcf2.visited2.net;lr>

Via: SIP/2.0/UDP actf.visited2.net:5060;branch=z9hG4bKnas55889, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;;branch=z9hG4bKnashds7

Max-Forwards:

Route: <sip:orig@scscf1.home1.net;lr>

P-Asserted-Identity: 

P-Access-Network-Info:

P-Charging-Vector: 

Privacy: 

From: 

To: 

Call-ID: 

Cseq: 

Require: 

Supported: 

Proxy-Require: 

Contact: 

Accept-Contact

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 22 333 IN IP6 8888::111:222:333:444

s=-

c=IN IP6 8888::111:222:333:444

t=0 0

m=audio 8899 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

SDP offer:
The IP address and ports are updated to contain the values provided by ATGW.

10-11. SIP 183 (Session Progress) response (remote UE B to SCC AS)


The remote UE B responds with SIP 183 (Session progress) response.

12-13. SIP 183 (Session Progress) response (SCC AS to ATCF) - see example in table A.4.3-13

Table A.4.3-13: SIP 183 (Session Progress) response (SCC AS towards ATCF)
SIP/2.0 183 Session Progress

Record-Route: <sip:atcf2.visited2.net;lr>,<sip:icscf1.home1.net;lr>,<sip:scscf1.home1.net;lr>, <sip:sccas1.home1.net;lr>;

Via: SIP/2.0/UDP scscf1.home1.net:5060;branch=z9hG4bKnas889, SIP/2.0/UDP actf.visited2.net:5060;branch=z9hG4bKnas55889, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;branch=z9hG4bKnashds7

Max-Forwards:

P-Asserted-Identity: <tel:+1-237-555-2222>

P-Charging-Vector: icid-value="1234bc9876e@5555::aaa:bbb:ccc:ddd";orig-ioi= visited2.net

Privacy: 

From: 

To: <tel:+1-237-555-2222>; tag=aaa

Call-ID: 

Cseq: 

Require: 

Supported: 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

Feature-Caps: *;+g.3gpp.srvcc

v=0

o=- 462346 5654 IN IP6 1234::55:66:77:88

s=-

c=IN IP6 1234::55:66:77:88
t=0 0

m=audio 4456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

14. Configure ATGW resources.


The ATCF configures the resources of ATGW.
15. SIP 183 (Session Progress) response (ATCF to MSC server) - see example in table A.4.3-15

Table A.4.3-15: SIP 183 (Session Progress) response (ATCF to MSC server)
SIP/2.0 183 Session Progress

Record-Route: <sip:atcf2.visited2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:icscf1.home1.net;lr>, <sip:sccas1.home1.net;lr>

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;

Max-Forwards:

P-Asserted-Identity:

P-Charging-Vector:

Privacy: 

From: 

To: 

Call-ID: 

Cseq: 

Require: 

Supported: 

Recv-Info: g.3gpp.access-transfer-events;et="1,3" 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 44 555 IN IP6 8888::111:222:333:444

s=-

c=IN IP6 8888::111:222:333:444
t=0 0

m=audio 11234 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

SDP answer:
the IP address and ports are updated to contain the values provided by ATGW.

Recv-Info:
Indicates the support for the info package g.3gpp.access-transfer-events and is able to receive the event types 1 and 3.
16. CC CALL CONFIRM message (MSC server to SC UE A)

Regular call setup continues.
------ next change -------
A.19.2
Session transfer for active call with speech and video using vSRVCC procedure: PS to CS 

In the example flow in figure A.19.2-1, the SC UE A has an ongoing session anchored at SCC AS, with only active speech and video media components and the SC UE has an ongoing session anchored at the SCC AS with only inactive speech media component. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a Single Radio handover from PS to CS access.

[image: image3.emf]MSC Server

Interworking 

entities

Intermediate IM 

CN subsystem 

entities

8. SIP INVITE

SCC AS

SC UE A

CS PS

UE B

3. SIP OPTIONS

CS bearer

(BS30)

11. SIP 200 (OK)

2. Interaction between UE, E-

UTRAN, MME and MSC

5. determine session that was 

made active most recently

1. SC UE A has an active speech and video sessionand a held speech only session anchored at SCC AS.

(multi)m

edia path of PS bearer

4. SIP OPTIONS

6. SIP 200 (OK)

9. SIP INVITE

7. SIP 200 (OK)

10. update of remote leg

(multi)

media path of PS bearer

12. SIP 200 (OK)

13. SIP ACK

14. SIP ACK

15. SIP BYE

16. SIP BYE

17. SIP 200 (OK)

19. establish CS data call

18. SIP 200 (OK)


Figure A.19.2-1: PS-CS vSRVCC for an ongoing speech and video session
1.
SC UE A has an active speech and video session and a held speech-only session

The UE has an session containing only active speech and video media components, and a session containing only inactive speech media component. The corresponding multimedia PS bearer extends between UE A and UE B via intermediate IM CN entities.
2.
Interaction between UE, E-UTRAN, MME and MSC

UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger a Single Radio handover from PS to CS access (as specified in 3GPP TS 23.216 [5]). The MME sends a PS to CS Request message, containing an vSRVCC indication and STN-SR, via Sv to the MSC. 

3.
SIP OPTIONS request (MSC server to intermediate IM CN subsystem entities) - see example in table A.19.2-1

The MSC has no prior knowledge whether the most recently made active session is a session with audio and video media or a session with only audio media. The receipt of the vSRVCC indication over the Sv interface is the trigger for the MSC server to send a SIP OPTIONS request for the purpose of determining the session that was made active most recently. 
Table A.19.2-1: SIP OPTIONS request (MSC server to intermediate IM CN subsystem entities)

OPTIONS tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP mgcf1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: <tel:+1-237-555-1111>
From: <tel:+1-237-555-1111>;tag=171828

To: tel:+1-237-555-3333
Call-ID: cb03a0s09a2sdfglkj490334

Contact: sip:msc1.visit1.net
Accept: application/sdp;
Content-Length: 0
4.
SIP OPTIONS request (intermediate IM CN subsystem entities to SCC AS) 

The SIP OPTIONS request is routed towards the SCC AS.
5.
Determination of session that was made active most recently

The SCC AS determines the session that was made active most recently, based on the C-MSISDN in the P-Asserted-Identity header field. 
6.
SIP 200 (OK) response (SCC AS to Intermediate IM CN subsystem entities)

The SCC AS sends a SIP 200 (OK) response. with an SDP body containing "m=" lines for audio and video, as the session that was made active most recently is a session with both audio and video media. The contents of the SIP 200 (OK) allow the MSC server to determine how to populate the SDP oOffer in the INVITE for STN-SR (see Step 8).
Table A.19.2-2: SIP 200 (OK) (SCC AS to intermediate IM CN subsystem entities) 

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf1.visit1.net;branch=z9hG4bk731b87

From: <tel:+1-237-555-3333>
To: <tel:+1-237-555-1111>;tag=314159 

Call-ID: cb03a0s09a2sdfglkj490334

Content-Type: application/sdp

Content-Length: (…)

m=audio 3456 RTP/AVP 97 96

m=video 3400 RTP/AVP 98 99
7.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the MSC server.
8.
SIP INVITE (MSC server to Intermediate IM CN subsystem entities)

The MSC server sends a SIP INVITE for STN-SR with the following parameter settings: 


Request-URI:
contains the STN-SR

SDP:
contains 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])


Contact:
contains the address of the MSC server.
9.
SIP INVITE (Intermediate IM CN subsystem entities to SCC AS)

The SIP INVITE is forwarded to the SCC AS with parameters listed in step 8 unchanged.
10.
Update of the remote leg

The SCC AS performs SIP signaling (re-INVITE) for the purpose of updating the remote leg (UE B) with new contact information (for signaling and media).

11.
and 12. 
SIP 200 (OK) response (SCC AS via Intermediate IM CN subsystem entities to MSC server)

The SCC AS acknowledges the receipt of the INVITE received in step 8. The SIP acknowledgement is forwarded to the MSC server.

13. and 14.
SIP ACK (MSC server via Intermediate IM CN subsystem entities to SCC AS)

The MSC server sends a SIP acknowledgement to the Intermediate IM CN subsystem entities; it is forwarded to the SCC AS.
15.
and 16.
SIP BYE request (SCC AS via intermediate IM CN subsystem entities to UE)

The SCC AS releases the source access.
17.
and 18.
SIP 200 (OK) response (UE to SCC AS via Intermediate IM CN subsystem entities)

The UE acknowledges the release of the source access leg.

19.
UE attaches in CS and sets up a data call

The UE attaches in the CS domain and establishes a data call based on a BS30 bearer, as described in 3GPP TS 24.008 [8]. The UE replaces the session with active speech and video media components with the newly established CS video call.
------ next change -------
C.5
Definition of media feature tag g.3gpp.srvcc-alerting
Media feature-tag name: g.3gpp.srvcc-alerting
ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: This media feature-tag when used in a Contact header field of a SIP request or a SIP response indicates that the functional entity sending the SIP message supports PS to CS SRVCC access transfer for calls in alerting phase, i.e. for calls whith early dialog. 

This media feature-tag when used in a Feature-Caps header field of a SIP request or a SIP response indicates:

1.
that the functional entity sending the SIP message supports access transfer for calls in alerting phase; and 

2.
all entitities of which the sender of the message is aware of being requested to support the feature do support access transfer for calls in alerting phase. 

Values appropriate for use with this feature-tag: none
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.

Examples of typical use: Indicating that a user equipment supports PS to CS SRVCC for calls in alerting phase.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

C.6
Definition of media feature tag g.3gpp.atcf-mgmt-uri
Editor's note: [WID eSRVCC, CR#0353] this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-10 (whatever comes later)

Editor's note: [WID eSRVCC, CR#0353] the insertion of the g.3gpp.atcf-mgmt-uri media feature tag is inline with the current solution in the draft-holmberg-sipcore-proxy-feature. Depending on the actual solution agreed in draft-holmberg-sipcore-proxy-feature the g.3gpp.atcf-mgmt-uri media feature tag might not be needed. The actual solution needs to align with the IETF accepted solution.
Media feature-tag name: g.3gpp.atcf-mgmt-uri
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: 

This media feature tag when used in a Feature-Caps header field as specified in draft-holmberg-sipcore-proxy-feature [60] in SIP REGISTER request indicates presence and support of performing as a UAS for SIP requests for ATCF management received at this URI.  

Values appropriate for use with this feature-tag: 
String with an equality relationship. When used in a Feature-Caps header field, the value is string and follows the syntax as described in table C.6-1 for g-3gpp-atcf-mgmt-uri-in-path.

Table C.6-1: ABNF syntax of values of the g.3gpp.atcf-mgmt-uri media feature tag

g-3gpp-atcf-mgmt-uri-in-path = SIP-URI
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is used to indicate the management URI of the ATCF for receiving SIP requests where the ATCF performs the UAS role.
Examples of typical use: Indicating the management URI of the ATCF for SIP requests containing PS to CS SRVCC related information.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

C.7
Definition of media feature tag g.3gpp.srvcc
Media feature tag name: g.3gpp.srvcc
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note [eSRVCC, CR#0470]:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Editor's note [eSRVCC, CR#0470]:
this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-10 (whatever comes later)

Editor's note [eSRVCC, CR#0470]:
the insertion of the g.3gpp.srvcc media feature tag is inline with the current solution in the draft-holmberg-sipcore-proxy-feature. The actual solution needs to align with the IETF accepted solution.
Summary of the media feature indicated by this tag: 

This feature tag when included in a Feature-Caps header field as specified in IETF draft-holmberg-sipcore-proxy-feature [60] of: 

-
a SIP INVITE request; or

-
a SIP INVITE response;

indicates presence and support of a resource capable ofperforming the PS to CS SRVCC access transfer procedure as specified in 3GPP TS 24.237.

Values appropriate for use with this feature tag: none
The feature tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature tag is most useful in a communications application for indicating that a resource supports single radio voice call continuity.
Examples of typical use: Indicating that a resource supports single radio voice call continuity.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

C.8
Definition of media feature tag g.3gpp.atcf-path
Editor's note: [WID eSRVCC, CR#0353] this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-10 (whatever comes later)

Editor's note: [WID eSRVCC, CR#0353] the insertion of the g.3gpp.atcf-path media feature tag is inline with the current solution in the draft-holmberg-sipcore-proxy-feature. 
Media feature-tag name: g.3gpp.atcf-path
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: 

This media feature tag when used in a Feature-Caps header field as specified in draft-holmberg-sipcore-proxy-feature [60] in SIP REGISTER request indicates capability of identifying the registration path and binding SRVCC related information to it. 

Values appropriate for use with this feature-tag: 

String with an equality relationship. When used in a Feature-Caps header field, the value is a SIP URI of ATCF, the ATCF URI for terminating requests, identifying the registration path. 
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is used in access transfer control function of single radio voice call continuity to identify registration path so that SCC AS can provided the SRVCC related information related to the registration path.
Examples of typical use: Indicating capability of identifying a registration path and binding SRVCC related information to it.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

C.9
Definition of media feature tag g.3gpp.cs2ps-srvcc

Media feature tag name: g.3gpp.cs2ps-srvcc
ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note [WID rSRVCC, CR#0627]:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Editor's note [WID rSRVCC, CR#0627]:
this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-11 (whatever comes later)

Summary of the media feature indicated by this tag: 

This media feature tag when included in Feature-Caps header field as specified in IETF draft-holmberg-sipcore-proxy-feature [60] indicates support of the CS to PS single radio voice call continuity as specified in 3GPP TS 24.237.

Values appropriate for use with this feature tag: 

none or string with an equality relationship
When the value is string, the value contains the session transfer identifier for CS to PS SRVCC and follows the syntax as described in table C.9-1 for g.3gpp.cs2ps-srvcc-value.
Table C.9-1: ABNF syntax of string values of the g.3gpp.cs2ps-srvcc media feature tag

g.3gpp.cs2ps-srvcc-value = STI-rSR

STI-rSR = addr-spec

The feature tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature tag is most useful in a communications application for indicating that a resource supports the CS to PS single radio voice call continuity.
Examples of typical use: Indicating that a resource supports the CS to PS single radio voice call continuity.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

C.10
Definition of media feature tag g.3gpp.mgmt-uri

Editor's note: [WID eSRVCC, CR#0627] this feature tag is to be registered with IANA after the freezing the Rel-11

Media feature tag name: g.3gpp.mgmt-uri
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note [WID rSRVCC, CR#0627]:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: 

This media feature tag indicates that the resource is capable of acting as a UAS for SIP requests for the management received at the URI indicated in the media feature tag value.  

Values appropriate for use with this feature-tag: 

String with an equality relationship. The value follows the syntax described in table C.10-1 for g-3gpp-mgmt-uri-value.
Table C.10-1: ABNF syntax of string values of the g.3gpp.mgmt-uri media feature tag

g-3gpp-mgmt-uri-value = SIP-URI

The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is used to indicate capability of being managed by other SIP entity.
Examples of typical use: Indicate capability of being managed by other SIP entity for CS to PS single radio voice call continuity.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [53].
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