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************************ Begin change-1 ************************
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 TR 21.905 [1].
Alerting phase: Refers to a SIP session for which all possibly existing dialogs created by the SIP INVITE request initiating the session are early dialogs, for which no final SIP response has been received yet and for which SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP has already been received in an existing early dialogs.
Pre-alerting phase: Refers to a SIP session for which all possibly existing dialogs created by the SIP INVITE request initiating the session are early dialogs, for which no final SIP response has been received yet and for which SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP has not been received yet in any existing early dialogs.

Dual radio access transfer for calls in alerting phase: feature enabling dual radio access transfer of a session with speech media component where the session is in an alerting phase.

Dual radio access transfer for originating calls in pre-alerting phase: feature enabling dual radio access transfer of a session with speech media component where the session was originated by the SC UE and the session is in a pre-alerting phase.
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.

Dynamic STN: An STN encoded as  an E.164 number in tel URI format dynamically assigned by the SCC AS replacing the static STN during PS to CS dual radio access transfer.
Static STN: An STN configured in the SC UE as an E.164 number. The static STN is used for PS to CS transfer when dynamic STN cannot be used.

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 format or SIP URI representation of tel URI. The static STI is used for CS-PS transfer when dynamic STI is unavailable.

PS to PS STI: An STI configured in SC UE either as a SIP URI or as an E.164 number in tel URI format or SIP URI representation of tel URI. The PS to PS STI is used for PS to PS access transfer.
PS to CS STN: An STN that is encoded as an E.164 number. The PS to CS STN is used for PS to CS access transfer.
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.

SRVCC-related information: Information required by the ATCF to perform PS to CS SRVCC transfer or CS to PS SRVCC transfer or both. It is provided in the MIME body as defined in annex D.3.

UE information for CS to PS SRVCC: Session description containing speech media component that will be used by the ATGW to send media to the SC UE during the CS to PS SRVCC access transfer.

ATGW information for CS to PS SRVCC: Session description containing speech media component that will be used by the SC UE to send media to the ATGW during the CS to PS SRVCC access transfer. 
PS to CS SRVCC for calls in alerting phase: feature enabling PS to CS SRVCC of a session with speech media component where the session is in alerting phase.

CS to PS SRVCC for calls in alerting phase: feature enabling CS to PS SRVCC of a session with speech media component where the session is in alerting phase.

PS to CS SRVCC for originating calls in pre-alerting phase: feature enabling PS to CS SRVCC of a session with speech media component where the session was originated by the SC UE and the session is in pre-alerting phase.

CS session in an early phase: A CS call for which the CS call setup procedure is not complete, i.e. the CC CONNECT message is not sent or received as described in 3GPP TS 24.008 [8] yet but where either a CC CALL PROCEEDING message as described in 3GPP TS 24.008 [8] has been received or a CC ALERTING message as described in 3GPP TS 24.008 [8] has been sent or received.
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)

Dual radio

Emergency Session Transfer Number for SR VCC (E-STN-SR)

Home Leg

Local Operating Environment
Remote Leg
Serving LegSession Transfer Identifier for reverse SRVCC (STI-rSR)
Source Access Leg

Target Access Leg

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)
************************ End of change-1 ************************
************************ Begin change-2 ************************
9.2.4
SC UE procedures for selecting a session in an early dialog phase to be transferred using PS to CS dual radio access transfer procedure

When transferring a session not using ICS capabilities and when the SC UE supports PS to CS dual radio access transfer for calls in an early phase, the SC UE shall select one session to be transferred.

NOTE 1:
There can be several sessions fulfilling the conditions below and it is an UE implementation issue which one to select.

Any session that fulfils one of the following conditions can be selected to be transferred:

1)
if there are one or more dialogs supporting a session with active speech media component such that:

a.
all dialogs are early dialogs created by the same SIP INVITE request;

b.
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs;

c.
a g.3gpp.drvcc-alerting feature-capability indicator as described in annex  C was included in a Feature-Caps header field provided by the SCC AS in the SIP 18x responses;

d.
the Contact header field  in the SIP INVITE request sent by the SC UE towards the SCC AS included the g.3gpp.drvcc-alerting media feature tag as described in annex C;

2)
if there is one dialog supporting a session with active speech media component such that:

a.
the dialog is created by a SIP INVITE request;

b.
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request was sent by the SC UE in the early dialog;

c.
a g.3gpp.drvcc-alerting feature-capability indicator as described in annex C was included in a Feature-Caps header field provided by the SCC AS in the initial SIP INVITE request; and

d.
the Contact header field in the SIP 180 (Ringing) response sent by the SC UE towards the SCC AS included the g.3gpp.drvcc-alerting media feature tag as described in annex C; or

3)
if there are zero, one or more dialogs supporting a session with speech media component and a SIP INVITE request was sent by SC UE such that:

a.
 all dialogs are early dialogs created by a SIP response to the SIP INVITE request;

b.
a final SIP response to the SIP INVITE request has not been received yet;

c.
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any of the existing dialogs;

d.
the SC UE included in the SIP INVITE request a Contact header field containing the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C; and
e.
a SIP 18x response to the SIP INVITE request was received where the SIP 18x response contained a Feature-Caps header field with the g.3gpp.ps2cs-drvcc-orig-pre-alerting feature-capability indicator as described in annex C;

NOTE 2:
UE can have zero dialogs if all the early dialogs were terminated by the 199 (Early Dialog Terminated) response as described in IETF RFC 6228 [80].

************************ End of change-2 ************************
************************ Begin change-3 ************************
9.2.5.2
SC UE procedure for CS to PS dual radio access transfer of calls in originating pre-alerting or in the alerting phase

When the SC UE supports CS to PS dual radio access transfer for calls in alerting phase or CS to PS dual radio access transfer for originating calls in pre-alerting phase and the conditions for transferring a CS session in an early phase in subclause 9.2.5.1 are fulfilled, the SC UE shall, in addition to the procedures described in subclause 9.2.2, populate the SIP INVITE request for transferring the session not using ICS capabilities as follows:

1.
include:

a)
the g.3gpp.cs2ps-drvcc-alerting media feature tag as described in annex C in the Contact header field according to IETF RFC 3840 [34]; 

b)
if the SC UE supports CS to PS dual radio access transfer for originating calls in pre-alerting phase, the g.3gpp.cs2ps.drvcc-orig-pre-alerting media feature tag as described in annex C in the Contact header field according to IETF RFC 3840 [34]; and

c)
the signalling elements described in subclause 6A.2.2.2.

Upon receiving the SIP INFO request for transfer of an incoming CS session in an early phase inside an early dialog created with the SIP INVITE request due to static STI, the SC UE shall:

1)
send SIP 200 (OK) response to the SIP INFO request;

2)
consider the SIP dialog to be: 

a)
the transferred originating pre-alerting session if the application/vnd.3gpp.state-and-event-info+xml MIME body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator"; and

b)
the transferred incoming alerting session if the application/vnd.3gpp.state-and-event-info+xml MIME body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and the direction XML element containing "receiver".

Upon receiving a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the INVITE due to static STI the SC UE shall consider the SIP dialog to be the transferred originating alerting session.
When the served user accepts the transferred incoming CS session in an early phase or if the user has accepted it already, the SC UE shall send a SIP INFO request accepting the session inside the early dialog created with the SIP INVITE request due to static STI according to 3GPP TS 24.229 [2] populated with:
1)
an Info-Package header field with 3gpp.state-and-event info package name; and

2)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

When the served user rejects the transferred incoming CS session in an early phase, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI according to 3GPP TS 24.229 [2 populated with a Reason header field containing protocol "SIP" and the "cause" parameter indicating the selected status code and the "text" parameter indicating the selected reason phrase.
************************ End of change-3 ************************
************************ Begin change-4 ************************
9.3.5.1
Conditions for selecting a sessions in an early dialog phase

An early session is subject for PS to CS dual radio access transfer when one of the following conditions is fulfilled:

1.
if there are one or more dialog in an early dialog phase such that: 

a.
all dialogs are early dialogs created by the same SIP INVITE request;

b.
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received from remote UEs in at least one of those early dialogs;

c.
a g.3gpp.drvcc-alerting feature-capability indicator as described in annex C was included in a Feature-Caps header field provided by the SCC AS in the SIP 180 (Ringing) response; and

d.
the Contact header field provided by the SC UE towards the SCC AS in the initial SIP INVITE request included the g.3gpp.drvcc-alerting media feature tag field as described in annex C;

2.
if there are one or more dialog in an early dialog phase such that:

a.
all dialogs are early dialogs created by the same SIP INVITE request;

b.
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received from remote UEs yet;

c.
the SCC AS included a g.3gpp.ps2cs-drvcc-orig-pre-alerting feature-capability indicator as described in annex C in a Feature-Caps header field in SIP 18x responses; and

d.
the Contact header field in the initial SIP INVITE request sent by the SC UE towards the SCC AS included a g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C;

3.
if there is one dialog in an early dialog phase such that:

a.
a SIP 180 (Ringing) response to the SIP INVITE request has been received from the SC UE;

b.
the SCC AS included a g.3gpp.drvcc-alerting feature-capability indicator as described in annex C in a Feature-Caps header field in the SIP INVITE request; and

c.
the Contact header field in the SIP 180 (Ringing) response sent by the SC UE towards the SCC AS  included a g.3gpp.drvcc-alerting media feature tag as described in annex C.

************************ End of change-4 ************************
************************ Begin change-5 ************************
9.3.5.2
SCC AS procedures for PS to CS dual radio access transfer of an originating session in the alerting phase

When the SCC AS receives a SIP INVITE request due to PS to CS STN and if there are one or more dialogs in an early dialog phase supporting a session with active speech media component such that:

1)
all dialogs are early dialogs created by the same SIP INVITE request;

2)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs;

3)
a g.3gpp.drvcc-alerting feature-capability indicator as described in annex C was included in a Feature-Caps header field by the SCC AS in the SIP 180 (Ringing) response or in the SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP; and

4)
the Contact header field in the initial SIP INVITE request sent by the SC UE towards the SCC AS included the g.3gpp.drvcc-alerting media feature tag as described in annex C,

then the SCC AS shall for each early dialog send an SIP UPDATE request towards the remote UE and populate each  SIP UPDATE request as follows:

1)
set the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog with the remote UE; 
2)
the Contact header field set to the Contact header field provided by the served UE at the creation of the dialog with the remote UE; and
3)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to PS to CS STN, by following the rules of 3GPP TS 24.229 [2].

For each SIP 200 (OK) response to the SIP UPDATE request from a remote UE the SCC AS shall send a SIP provisional response to the SIP INVITE request due to PS to CS STN with the response code corresponding to the actual dialog state populated with:

-
an SDP answer based on the SDP answer received from the remote UE; and

-
the last received P-Early-Media header field, including the SIP 2xx response to the UPDATE request, if a P-Early-Media has been received from the remote UE.

The SCC AS shall remove non-transferred audio media components and release the source access leg as specified in subclause 9.3.6.
************************ End of change-5 ************************
************************ Begin change-6 ************************
9.3.5.3
SCC AS procedures for PS to CS dual radio, access transfer of a originating session in the pre-alerting phase

When the SCC AS receives a SIP INVITE request due to PS to CS STN and if there are zero, one or more dialogs in an early dialog phase supporting a session with active speech media component such that:

1)
all dialogs are early dialogs created by the same SIP INVITE request;

2)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any of the existing dialogs;

3)
the SCC AS included a g.3gpp.ps2cs-drvcc-orig-pre-alerting feature-capability indicator as described in annex C in a Feature-Caps header field of SIP 18x responses; and

4)
the Contact header field in the initial SIP INVITE request sent by the SC UE towards the SCC AS included a g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex  C,

then the SCC AS shall for each early dialog send a SIP UPDATE request towards the remote UE. 

NOTE:
The SCC AS can have zero dialogs if all the early dialogs were terminated by the 199 (Early Dialog Terminated) response as described in IETF RFC 6228 [80].

Each SIP UPDATE request shall be populated as follows:

1)
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog with the remote UE; 
2)
the Contact header field set to the Contact header field provided by the served UE at the creation of the dialog with the remote UE; and
3)
an new SDP offer, including the media characteristics as received in the SIP INVITE request due to PS to CS STN, by following the rules of 3GPP TS 24.229 [2].

For each SIP 200 (OK) response to the SIP UPDATE request from a remote UE the SCC AS shall send a SIP provisional response to the SIP INVITE request due to PS to CS STN with the response code corresponding to the actual dialog state populated with:

-
a SDP answer based on the SDP answer received from the remote UE; and

-
the last received P-Early-Media header field, including the SIP 2xx response to the UPDATE request, if a P-Early-Media has been received from the remote UE.

The SCC AS shall remove non-transferred audio media components and release the source access leg as specified in subclause 9.3.6.
************************ End of change-6 ************************
************************ Begin change-7 ************************
9.3.5.4
SCC AS procedures for PS to CS dual radio access transfer of an additional session in an early dialog phase

In order to transfer an additional session on the originating side that can be in pre-alerting phase or in an alerting phase, the SCC AS shall send a SIP REFER request according to 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to PS to CS STN. The SCC AS shall populate the SIP REFER request as follows:

1.
the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2.
the Require header field with value "norefersub" as specified in IETF RFC 4488 [20];

3.
the Refer-To header field containing the additional transferred session SCC AS URI for PS to CS dual radio, where the URI also includes the following header fields containing the information related to the additional transferred session:

A.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of an dialog in the early phase supporting session of the SC UE;

B.
the Require header field populated with the option tag value "tdialog";

C.
the To header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the remote UE during the session establishment;

D.
the From header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the SC UE during the session establishment;

E.
the Content-Type header field with "application/sdp"; and

F.
the URI header field with the hname "body" populated with SDP describing the media streams as negotiated in the session with the remote UE; and

4.
application/vnd.3gpp.state-and-event-info+xml MIME body populated as follows:

A)
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has already been received in any of the early dialogs associated with the originating early session not accepted yet, with the state-info XML element containing "early" and the direction XML element containing "initiator"; and

B)
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any of the early dialogs associated with the originating early session not accepted yet, with the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator".

When the SCC AS receives the SIP INVITE request transferring additional session for PS to CS for dual radio, the SCC AS shall:

-
associate the SIP INVITE request transferring additional session for PS to CS for dual radio with an SIP dialog in early dialog phase i.e. identify the source access leg;

NOTE 1:
The SIP dialog on the source access leg is identified by matching the dialog ID present in Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE with a dialog in early state.

NOTE 2:
By a SIP dialog in early dialog phase, it is meant an early SIP dialog which has been created by a provisional response to the initial SIP INVITE request, but for which the SIP 2xx response has not yet been sent or received;

-
if the SCC AS is unable to associate the SIP INVITE with a unique dialog in early dialog phase, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

-
if the number of media lines in the target access leg is less than the number of media lines in the source Access leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps; and

-
send a SIP UPDATE request(s) towards the remote UE(s) using the existing early dialog(s) which were created by the same SIP INVITE request as the source access leg. The SCC AS shall populate the SIP UPDATE request(s) with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session for PS to CS for dual radio received on the target access leg for media streams whose port is not set to zero; and

b)
for the media streams in the SIP INVITE request transferring additional session for PS to CS for dual radio whose port is set to zero, include the corresponding media characteristics of those streams from the source access leg.

When receiving SIP 2xx response(s) to the SIP UPDATE request(s), the SCC AS shall send a SIP 18x response with the status code corresponding to the latest SIP 18x response received from remote leg in the dialog to the SIP INVITE request transferring additional session for PS to CS for dual radio containing:

1)
an SDP answer with the relevant media parameter of the SDP answer in the received 2xx response; and

2)
the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media has been received from the remote UE.
The SCC AS shall remove non-transferred audio media components and release the source access leg as specified in subclause 9.3.6.

************************ End of change-7 ************************
************************ Begin change-8 ************************
9.3.7.1
Conditions for transferring dialog(s) in the originating pre-alerting or the alerting dialog phase
Upon receiving a SIP INVITE request due to static STI and the SCC AS support CS to PS dual radio access transfer for calls in alerting phase or CS to PS dual radio access transfer for originating calls in pre-alerting phase and one of the following conditions are fulfilled:

1)
if there are one or more dialog in an early dialog phase such that: 

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

b)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received from remote UEs in at least one of those early dialogs;

c)
the g.3gpp.cs2ps-drvcc-alerting feature-capability indicator as described annex C in a Feature-Caps header field was included in the SIP INVITE due to static STI; and

d)
the SCC AS supports CS to PS dual radio access transfer for calls in alerting phase;

2)
if there are one or more dialog in an early dialog phase such that:

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

b)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received from remote UEs yet; 

c)
a g.3gpp.cs2to-drvcc-orig-pre-alerting media feature tag as described in annex C in the Contact header field was included in the SIP INVITE request due to static STI; and

d)
the SCC AS supports CS to PS dual radio access transfer for originating calls in pre-alerting phase; and

3)
if there is one dialog in an early dialog phase such that:

a)
a SIP 180 (Ringing) response to the SIP INVITE request has been received from the SC UE;

b)
the g.3gpp.cs2ps-drvcc-alerting feature-capability indicator as described annex C in a Feature-Caps header field was included in the SIP INVITE due to static STI; and

c)
the SCC AS supports CS to PS dual radio access transfer for calls in alerting phase.
then the SCC AS shall regard the session subject for PS to CS dual radio access transfer.
************************ End of change-8 ************************
************************ Begin change-9 ************************
9.3.7.2
SCC AS procedures for CS to PS dual radio access transfer for originating calls in pre-alerting phase or in alerting phase on the originating side
When the SCC AS receives a SIP INVITE request due to static STI and if the SCC AS supports CS to PS dual radio access transfer for calls in alerting phase or CS to PS dual radio access transfer for originating calls in pre-alerting phase and:
1)
if there are one or more dialog in an early dialog phase such that: 

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

b)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received from remote UEs in at least one of those early dialogs;

c)
the g.3gpp.cs2ps-drvcc-alerting feature-capability indicator in a Feature-Caps header field as described in annex C was included in the SIP INVITE due to static STI; and

d)
if the SCC AS supports CS to PS dual radio access transfer for calls in alerting phase; or

2)
if there are zero, one or more dialog in an early dialog phase such that:

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

b)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any of the existing dialogs;

c)
a g.3gpp.drvcc-orig-pre-alerting media feature tag as described in annex C in the Contact header field was included in the SIP INVITE due to static STI; and

d)
the SCC AS supports CS to PS dual radio access transfer for originating calls in pre-alerting phase,

NOTE:
The SCC AS can have zero dialogs if all the early dialogs were terminated by the SIP 199 (Early Dialog Terminated) response as described in RFC 6228 [80].

then the SCC AS shall

A)
for each existing early dialog towards remote UEs send an SIP UPDATE request and populate as follows:

a)
the Contact header field set to the Contact header field provided on the source leg at the creation of the dialog with the remote UE; and
b)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to static STI, by following the rules of 3GPP TS 24.229 [2].For each SIP 200 (OK) response to the SIP UPDATE request on an existing dialog from a remote UE the SCC AS shall create a new early dialog by sending a SIP provisional response to the SIP INVITE request due to static STI with the response code corresponding to the actual dialog state populated with:

I)
an SDP answer based on the SDP answer received from the remote UE;

II)
the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media has been received from the remote UE;

III)
if the SCC AS supports CS to PS dual radio access transfer for calls in alerting phase according to operator policy,

a)
the g.3gpp.cs2ps-drvcc-alerting feature-capability indicator as described in annex C in a Feature-Caps header field according to IETF 6809 [60]; and 

b)
if the SCC AS supports PS to CS dual radio access transfer for originating calls in pre-alerting phase, the g.3gpp.cs2ps-drvcc-orig-pre-alerting feature-capability indicator as described in annex C in a Feature-Caps header field according to IETF 6809 [60]; and

IV)
the signalling elements described in subclause 6A.4.3 in the SIP 1xx response.

Upon receiving the SIP PRACK request from the target access leg, if the early session is an originating early session in the pre-alerting state, the SCC AS shall send a SIP INFO request towards the SC UE as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to static STI populated 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 an application/vnd.3gpp.state-and-event-info+xml MIME body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator".
If the SCC AS supports the PS to CS dual radio for originating calls in pre-alerting phase and if a SIP 1xx or SIP 2xx response establishing a new dialog is received on the remote leg of the additional transferred session where the SIP response is to the SIP INVITE request from the served user, the SCC AS shall:

1)
if the SIP 1xx response is received: 

a)
send a SIP PRACK request on the remote leg as specified in 3GPP TS 24.229 [2] with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2];

b)
upon receiving the SIP 200 (OK) response to the SIP PRACK request, send the SIP 1xx response to the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2] populated as follows:

i)
include the SDP answer received in the SIP 200 (OK) response to the SIP PRACK request as specified in 3GPP TS 24.229 [2]; and
ii)
if the SIP INVITE request transferring additional session for PS to CS dual radio contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP PRACK request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP PRACK request; and

c)
include the signalling elements described in subclause 6A.4.3 in the SIP 1xx; and

2)
if the SIP 2xx response is received:

a)
send a SIP ACK request on the remote leg as specified in 3GPP TS 24.229 [2];

b)
send a SIP UPDATE request on the remote leg as specified in 3GPP TS 24.229 [2] populated with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2]; and

c)
upon receiving the SIP 200 (OK) response to the SIP UPDATE request, send a SIP 200 (OK) response to the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2] populated with:

i)
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request as specified in 3GPP TS 24.229 [2]; and

ii)
the signalling elements described in subclause 6A.4.3 in the SIP 1xx response.

The SCC AS shall release the source access leg as specified in subclause 9.3.6.
************************ End of change-9 ************************
************************ Begin change-10 ************************
9.3.7.4
SCC AS procedures for PS to CS dual radio access transfer of an additional session in an early dialog phase

In order to transfer of an additional session that can be in originating pre-alerting phase or in an alerting phase, the SCC AS supporting CS to PS dual radio access transfer for calls in an early phase, shall send a SIP REFER request according to 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to static STI populated as follows:

1)
include a Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2)
include a Require header field with value "norefersub" as specified in IETF RFC 4488 [20];

3)
include a Refer-To header field containing the additional transferred session SCC AS URI for PS to CS dual radio, where the URI also includes the following URI header fields containing the information related to the additional transferred session:

a)
if an early dialog supporting the additional transferred session exists, the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the dialog in the early phase;

b)
if the SCC AS supports the PS to CS dual radio for originating calls in pre-alerting phase, if no early dialog supporting the additional transferred session exists, there is a SIP INVITE request from the served user for which a final SIP response has not been received yet and if an early dialog supporting the additional transferred session existed and was terminated, the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier on the source access leg of the early dialog supporting the additional transferred session which existed and was terminated;

NOTE 1:
Early dialog can be terminated by SIP 199 (Early Dialog Terminated) response.

c)
the Require header field populated with the option tag value "tdialog";

d)
if an early dialog supporting the additional transferred session exists, the To header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the remote UE during the session establishment;

e)
the From header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the SC UE during the session establishment;

f)
the Content-Type header field with "application/sdp";

g)
if an early dialog supporting the additional transferred session exists, the URI header field with hname "body" populated with SDP describing the media streams as negotiated in the session with the remote UE; and

h)
if the SCC AS supports the PS to CS dual radio for originating calls in pre-alerting phase, no early dialog supporting the additional transferred session exists, there is a SIP INVITE request from the served user for which a final SIP response has not been received yet, the URI header field with the hname "body" populated with the SDP offer received in the SIP INVITE request from the served user; and

4)
application/vnd.3gpp.state-and-event-info+xml MIME with:

a)
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has already been received from the remote UE in any of the early dialogs associated with the originating early session not accepted yet, the state-info XML element containing "early" and the direction XML element containing "initiator"; 

b)
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet from the remote UE in any of the early dialogs associated with the originating early session not accepted yet and the additional transferred session was originated by the SC UE, the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator"; and

c)
if a SIP 180 (ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the INVITE request has already been received on the source access leg, the state-info XML element containing "early" and the direction XML element containing "receiver"
When the SCC AS receives the SIP INVITE request transferring additional session for CS to PS for dual radio, the SCC AS shall:

1)
if the Target-Dialog of the the SIP INVITE request transferring additional session for PS to CS dual radio identifies an existing early dialog, associate the SIP INVITE request transferring additional session for PS to CS for dual radio with the SIP early dialog i.e. identify the source access leg;

NOTE 2:
The SIP dialog on the source access leg is identified by matching the dialog ID present in Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE with a dialog in early state.

NOTE 3:
By a SIP dialog in early dialog phase, it is meant an early SIP dialog which has been created by a provisional response to the initial SIP INVITE request, but for which the SIP 2xx response has not yet been sent or received.

2)
if the SCC AS supports the PS to CS dual radio for originating calls in pre-alerting phase, if the Target-Dialog of the the SIP INVITE request transferring additional session for PS to CS dual radio identifies an early dialog which has already been terminated, associate the SIP INVITE request transferring additional session for PS to CS dual radio with the early dialog i.e. identify the source access leg;

3)
if the SCC AS is unable to associate the SIP INVITE with a unique dialog in early dialog phase, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

4)
if the number of media lines in the target access leg is less than the number of media lines in the source Access leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps; and

5)
if an early dialog exists on the remote leg of the additional transferred session, send a SIP UPDATE request(s) towards the remote UE(s) using the existing early dialog(s) which were created by the same INVITE request as the source access leg populated with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session for CS to PS for dual radio received on the target access leg for media streams whose port is not set to zero; and

b)
for the media streams in the SIP INVITE request transferring additional session for CS to PS for dual radio whose port is set to zero, include the corresponding media characteristics of those streams from the source access leg.

If an early dialog exists on the remote leg then when receiving SIP 2xx response(s) to the SIP UPDATE request(s), the SCC AS shall create a new dialog by sending a SIP 18x response with the status code corresponding to the latest 18x response received from remote leg in the dialog to the SIP INVITE request transferring additional session for CS to PS for dual radio containing:

1)
an SDP answer with the relevant media parameter of the SDP answer in the received 2xx response;

2)
if the SIP INVITE request transferring additional session for PS to CS dual radio contains a P-Early-Media header field with the "supported" parameter, the last received P-Early-Media header field, including the SIP 2xx response to the UPDATE request, if a P-Early-Media has been received from the remote UE; and

3)
the signalling elements described in subclause 6A.4.3.

If the SCC AS supports the PS to CS dual radio for originating calls in pre-alerting phase and if a SIP 1xx or SIP 2xx response establishing a new dialog is received on the remote leg of the additional transferred session where the SIP response is to the SIP INVITE request from the served user, the SCC AS shall:

1)
if the SIP 1xx response is received: 

a)
send SIP PRACK request on the remote leg as specified in 3GPP TS 24.229 [2] populated with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS dual; 

b)
upon receiving the SIP 200 (OK) response to the SIP PRACK request, send the SIP 1xx response to the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2] populated with:

i)
include the SDP answer received in the SIP 200 (OK) response to the SIP PRACK request as specified in 3GPP TS 24.229 [2]; and

ii)
if the SIP INVITE request transferring additional session for PS to CS dual radio contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP PRACK request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP PRACK request; and

iii)
the signalling elements described in subclause 6A.4.3; and

2)
if a 2xx SIP response is received: 

a)
send ACK request on the remote leg as specified in 3GPP TS 24.229 [2]; 

b)
send UPDATE request on the remote leg as specified in 3GPP TS 24.229 [2 populated with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2]; and 

c)
upon receiving the SIP 200 (OK) response to the SIP UPDATE request, send a SIP 200 (OK) response to the SIP INVITE request transferring additional session for PS to CS dual radio as specified in 3GPP TS 24.229 [2] populated with: 

i)
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request as specified in 3GPP TS 24.229 [2]; and

ii)
the signalling elements described in subclause 6A.4.3.

The SCC AS shall release the source access leg as specified in subclause 9.3.6.
Upon receiving the SIP INFO request which includes an Info-Package header field containing 3gpp.state-and-event info package name and an application/vnd.3gpp.state-and-event-info+xml MIME body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 from the SC UE with the event XML element containing "call-accepted", the SCC AS shall send as specified in 3GPP TS 24.229 [2]:

1)
a SIP 200 (OK) response to the SIP INVITE request received earlier from the remote UE indicating that the called party has answered the call; and
2)
a SIP 200 (OK) response to the SIP INVITE request due to static STI towards the SC UE to indicate the successful access transfer.
************************ End of change-10 ************************
************************ Begin change-11 ************************
12.1
Introduction

This clause specifies the procedures for PS-CS SRVCC and vSRVCC access transfer. Procedures are specified for the SC UE, the SCC AS, the EATF, the MSC server enhanced for ICS, the MSC server enhanced for SRVCC and the ATCF.
For SC UE or SCC AS not supporting ICS procedures, PS-CS SR-VCC access transfer enables transfer of

-
single session with active speech media component; and

-
up to one session with active speech media component and up to one session with inactive speech media component when the MSC Server assisted mid-call feature is supported.
For SC UE or SCC AS, PS-CS access transfer in vSRVCC enables the transfer of a single session with active speech and video media components.

In order to fulfil the requirements for the PS to CS SRVCC for calls in alerting phase or vSRVCC access transfer for calls in alerting phase, the SC UE needs to be:

-
engaged in a session with speech media component in early dialog state before PS to CS SRVCC access transfer is performed; or

-
engaged in a session with active speech media component and active video media component in early dialog state before vSRVCC access transfer is performed

according to the following conditions:
-
a SIP 180 (Ringing) response for the initial SIP INVITE request to establish this session has been sent or received, or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP has been received; and

-
a SIP final response for the initial SIP INVITE request to establish this session has not been sent or received.

If one of the dialogs meets the above conditions then after successful completion of the PS to CS SRVCC procedures:

-
Subclauses 12.2.2, 12.2.3, 12.2.3A and 12.2.4 shall be followed for a SC UE engaged in one or more ongoing sessions.

-
Subclauses 12.2.3B and 12.2.4 shall be followed for a SC UE that is engaged in a session in early dialog state.
If one of the dialogs meets the above conditions then after successful completion of the vSRVCC procedures:

-
Subclauses 12.2A.2, 12.2A.3, 12.2A.4 and 12.2A.6 shall be followed for a SC UE engaged in one or more ongoing sessions.

-
Subclauses 12.2A.5 and 12.2A.6 shall be followed for a SC UE that is engaged in a session in early dialog state.

NOTE:
The UE determines from the handover command sent by the eNodeB as specified in 3GPP TS 36.331 [62] that the network intends to perform SRVCC handover or vSRVCC handover, based upon whether the radio resources allocated are for a TS11 bearer or a BS30 bearer. 
************************ End of change-11 ************************
************************ Begin change-12 ************************
12.2.3B.1
General

The SC UE shall apply the procedures in subclauses 12.2.3B.3.1 and 12.2.3B.3.2 for the PS to CS SRVCC for calls in alerting phase if:

1)
the SC UE supports the PS to CS SRVCC for calls in alerting phase; and
2)
there are one or more early dialogs created by the same SIP INVITE request with at least one dialog that is an early dialog supporting a session with active speech media component where the SC UE:
-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.srvcc-alerting media feature tag (as described in annex C); and
-
has received a Feature-Caps header field in a SIP INVITE request or 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP containing the g.3gpp.srvcc-alerting feature-capability indicator (as described in annex C).

The SC UE shall apply the procedures in subclauses 12.2.3B.4.1 for the PS to CS SRVCC for calls in alerting phase if:

1)
the SC UE supports the PS to CS SRVCC for calls in alerting phase; 

2)
there are several dialogs supporting more than one session where:

a)
there is at least one dialog supporting a session in the confirmed state with active speech media component;

b)
there are one or more early dialogs created by the same SIP INVITE request  that has at least one dialog that is an early dialog supporting a session with active speech media component where the SC UE:

-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.srvcc-alerting media feature tag (as described in annex C); and
-
has received a Feature-Caps header field in a SIP INVITE request or 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP containing the g.3gpp.srvcc-alerting feature-capability indicator (as described in annex C).

The SC UE shall apply the procedures in subclauses 12.2.3B.3.3 if one of the following is true:

1)
there are zero, one or more dialogs supporting a session with speech media component and a SIP INVITE request was sent by SC UE such that:

A)
all dialogs are early dialogs created by a SIP response to the SIP INVITE request;

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

C)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any existing early dialog created by a SIP response to the SIP INVITE request; 
D)
the SC UE included in the SIP INVITE request a Contact header field containing the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and
E)
a SIP 1xx response to the SIP INVITE request was received where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C; or

NOTE:
UE can have zero dialogs if all the early dialogs were terminated by 199 (Early Dialog Terminated) as described in RFC 6228 [80].

2)
there are one or more dialogs supporting a session with speech media component such that:

A)
there are zero, one or more early dialogs and the remaining dialogs are confirmed dialogs;

B)
all the confirmed dialogs support sessions with inactive speech media component;

C)
the UE does not apply the MSC server assisted mid-call feature according to subclause 12.2.3A;
D)
a SIP INVITE request was sent by SC UE such that:

a)
all early dialogs are created by a SIP response to the SIP INVITE request;

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

c)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any existing early dialog created by a SIP response to the SIP INVITE request; 
d)
the SC UE included in the SIP INVITE request a Contact header field containing the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and
e)
a SIP 1xx response to the SIP INVITE request was received where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C.
************************ End of change-12 ************************
************************ Begin change-13 ************************
12.2.3B.1A
Considerations for MSC server assisted mid-call feature

If the SC UE supports both the PS to CS SRVCC for calls in alerting phase and the MSC server assisted mid-call feature then in addition to supporting the procedures specified in subclauses 12.2.3B.3 and 12.2.3B.4.1, it shall apply the procedures specified in subclause 12.2.3B.4.2 where one of the following is true:

1)
there are several dialogs supporting more than one session according to the following conditions:

A)
there are no dialogs in the confirmed state supporting a session with active speech media component;

B)
there is at least one dialog in the confirmed state supporting a session with inactive speech media component;

C)
there is only one session with active speech media component, that has at least one dialog that is an early dialog; and

D)
the SC UE:

-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.srvcc-alerting media feature tag as described in annex C;
-
has sent a Contact header field in a SIP INVITE request or 2xx response containing the g.3gpp.mid-call media feature tag as described in annex C;
-
has received a Feature-Caps header field in a SIP INVITE request or 180 (Ringing) response or 183(Session Progress) response with a “g.3gpp.cat” value in the SDP containing the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C; and

-
has received a Feature-Caps header field in a SIP INVITE request or 2xx response containing the g.3gpp.mid-call feature-capability indicator as described in annex C; or

2)
there are one or more dialogs supporting sessions with speech media component according to the following conditions:

A)
there are zero, one or more early dialogs and the remaining dialog(s) are confirmed dialog(s);

B)
all the confirmed dialogs support sessions with inactive speech media component;

C)
the UE applies the MSC server assisted mid-call feature according to subclause 12.2.3A;

D)
a SIP INVITE request was sent by SC UE such that:

a)
all the early dialogs are created by a SIP response to the SIP INVITE request;

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

c)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any existing early dialog created by a SIP response to the SIP INVITE request;

d)
the SC UE included in the SIP INVITE request a Contact header field containing the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and
e)
a SIP 1xx response to the SIP INVITE request was received where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C.
************************ End of change-13 ************************
************************ Begin change-14 ************************
12.3.4.1
General
The SCC AS shall apply the procedures for the PS to CS SRVCC for calls in alerting phase or the PS to CS SRVCC of originating call in pre-alerting phase as described in subclauses 12.3.4.2 or 12.3.4.3 if:

NOTE 1:
The transferable session can contain early dialogs supporting active speech media and video media components if the transferable session set was created due to vSRVCC otherwise the transferable session set can only contain early dialogs supporting active speech media component.
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as specified in annex C; and

2.
one of the following is true:

A.
there are one or more dialogs supporting a session with active speech media component or active speech media and video media components existing for the served user identified in the transferable set in the P-Asserted-Identity header field such that:

a.
all dialogs are early dialogs created by the same SIP INVITE request;

b.
SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs;

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

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

B.
there are several dialogs supporting sessions with speech media component for the served user identified in the P-Asserted-Identity header field such that:

a.
there are one or more early dialogs created by the same SIP INVITE request and the remaining dialogs are confirmed dialogs;

b.
SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs;

c.
all the confirmed dialogs support sessions with inactive speech media component;

d.
SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2;

e.
the Contact header field provided by the SC UE at the establishment of the early dialog(s) included the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

f.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of the early dialog(s) includes the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C.
The SCC AS shall apply the procedures for the PS to CS SRVCC of originating call in pre-alerting phase as described in subclauses 12.3.4.3 if:

1)
the Contact header field of the SIP INVITE request due to a STN-SR includes the g.3gpp. ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and

2)
one of the following is true:

A)
there are zero, one or more dialogs supporting a session with speech media component in the transferable set for the served user identified in the P-Asserted-Identity header field and a SIP INVITE request was received from SC UE of the served user identified in the P-Asserted-Identity header field such that:

a)
all dialogs are early dialogs created by a SIP response to the SIP INVITE request;

b)
a final SIP response to the SIP INVITE request has not been sent yet;

c)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been sent yet in any existing early dialog created by a SIP response to the SIP INVITE request; 
d)
the SIP INVITE request included a Contact header field containing the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and

e)
a SIP 1xx response to the SIP INVITE request was sent where the SIP 1xx response contained a Feature-Caps header field with the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C; or

NOTE:
SCC AS can have zero dialogs if all the early dialogs were terminated by 199 (Early Dialog Terminated) as described in RFC 6228 [80].

B)
there are one or more dialogs supporting sessions with speech media component in the transferable set for the served user identified in the P-Asserted-Identity header field such that:

a)
there are zero, one or more early dialogs and the remaining dialogs are confirmed dialogs;

b)
all the confirmed dialogs support sessions with inactive speech media component;

c)
SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2; and

d)
a SIP INVITE request was received from SC UE of the served user identified in the P-Asserted-Identity header field such that:

-
all early dialogs are created by a SIP response to the SIP INVITE request;

-
a final SIP response to the SIP INVITE request has not been sent yet;

-
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been sent yet in any existing early dialog created by a SIP response to the SIP INVITE request;

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

The SCC AS shall apply the procedures for the PS to CS SRVCC of call in alerting phase as described in subclauses 12.3.4.4 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as described in annex C;
2.
void;

3.
void; and

4.
one of the following is true:

A.
two or more dialogs supporting sessions with speech media component exist for the served user in the transferable set such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag as described in annex C;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C;

c.
one dialog is a confirmed dialog with active speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request; and

d.
SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs;

B.
two or more dialogs supporting sessions with speech media component exist for the served user identified in the transferable session set such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag as described in annex C;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C;

c.
one dialog is a confirmed dialog with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request;

d.
SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs; and

e.
the SCC AS also applies the MSC server assisted mid-call feature as described in subclause 12.3.2; or

C.
two or more dialogs supporting the sessions with speech media component exist for the served user identified in the transferable session set such that:

a.
the Contact header fields provided by the SC UE at the establishment of the sessions included the g.3gpp.srvcc-alerting media feature tag as described in annex C;

b.
the Feature-Caps header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C;

c.
one dialog is a confirmed dialog with active speech media component, there are one or more dialogs that are confirmed dialogs with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request;

d.
SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to SIP INVITE request was received in at least one of those early dialogs; and

e.
the SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2.

The SCC AS shall apply the procedures for the PS to CS SRVCC of originating call in pre-alerting phase as described in subclause 12.3.4.4 if:

1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C; and

2.
there are one more dialogs supporting sessions with speech media component exist for the served user identified in the transferable session set such that:

A)
there are zero, one or more early dialogs and the remaining dialog(s) are confirmed dialog(s);

B)
all the confirmed dialogs support sessions with inactive speech media component;

C)
the SCC AS also applies the MSC server assisted mid-call feature as described in subclause 12.3.2; and

D)
a SIP INVITE request was received from the SC UE such that:

a)
all the early dialogs are created by a SIP response to the SIP INVITE request;

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

c)
a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any existing early dialog created by a SIP response to the SIP INVITE request; 

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

************************ End of change-14 ************************
************************ Begin change-15 ************************
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase or pre-alerting phase using PS to CS SRVCC procedure

When the session in the transferable session set is an originating call not accepted yet 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 not accepted yet available for the served user and if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall send a SIP 183 (Session Progresss) response to the SIP INVITE request due to STN-SR containing the SDP sent by the SCC AS in the source access leg of the session being transferred. If the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg, the SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg.

If there is only one early dialog related to the originating call not accepted yet available for the served user and the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different with the speech media component of the SDP received in the source access leg of the session being transferred, 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]. The SCC AS shall populate the SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR.
The SCC AS shall discard any SIP 1xx provisional responses or the SIP 200 (OK) response to the initial SIP INVITE request received from the remote UE to the MSC server until the SIP 200 (OK) response to the INFO request is received from the MSC server (see later steps in this subclause).

NOTE:
SIP 1xx responses sent reliably and the SIP 200 (OK) response to the initial SIP INVITE request will be retransmitted by the remote UE if the responses are dropped by the SCC AS.

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. The SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request. If the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP UPDATE request, the SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP UPDATE request.

If there are more than one early dialogs related to the originating call not accepted yet 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]. The SCC AS shall populate each SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR. Upon receiving each SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall create a new early dialog by sending a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server. The SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request. If the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP UPDATE request, the SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP UPDATE request.
If the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and i f there are no early dialogs related to the originating call not accepted yet available for the served user and there is a SIP INVITE request from the served user for which a final SIP response has not been received yet, the SCC AS shall send SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 183 (Session Progress) response with an SDP answer with c-line set to the unspecified address (0.0.0.0) if IPv4 or to a domain name within the ".invalid" DNS top-level domain in case of IPv6 as described in IETF RFC 6157 [74].

Upon receiving the first SIP PRACK request from the target access leg, 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 associated with the info package according to IETF RFC 6086 [54] and containing a XML body compliant to the XML schema specified in the annex D.2:

A)
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has already been received in any of the existing early dialogs associated with the originating call not accepted yet, with the state-info XML element containing "early" the direction XML element containing "initiator"; and

B)
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request has not been received yet in any of the existing early dialogs associated with the originating call not accepted yet, with the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator".

If the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and if a SIP 1xx or 2xx response establishing a new dialog is received on the remote leg where the SIP response is to the SIP INVITE request from the served user, the SCC AS shall:

1)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, forward the SIP response on the target access leg as a SIP response to the SIP INVITE request due to STN-SR; and

2)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different to the speech media component of the SDP received in the source access leg of the session being transferred:
A)
if the 1xx SIP response is received, send PRACK request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the PRACK request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP PRACK request, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 183 (Session Progress) response with the SDP answer received in the SIP 200 (OK) response to the SIP PRACK request as specified in 3GPP TS 24.229 [2]. If the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP PRACK request, the SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP PRACK request; and

B)
if the 2xx SIP response is received, send ACK request on the remote leg as specified in 3GPP TS 24.229 [2] and send UPDATE request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS populate the UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request, the SCC AS shall send a SIP 200 (OK) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the 200 (OK) response with the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request as specified in 3GPP TS 24.229 [2].

The SCC AS shall remove non-tranferred audio and video media components and superfluous sessions as specified in subclause 12.3.8.
************************ End of change-15 ************************
************************ Begin change-16 ************************
12.3.4.4
SCC AS procedures for PS to CS access transfer of additional call
This section contains procedures related to transfer of additional transferred session which is not accepted yet.

In order to transfer the additional transferred session, the SCC AS shall send a SIP REFER request according to 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP REFER request as follows:

1.
the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2.
the Require header field with value "norefersub" as specified in IETF RFC 4488 [20];

3.
the Refer-To header field containing the additional transferred session SCC AS URI for PS to CS SRVCC, where the URI also includes the following header fields containing the information related to the additional transferred session:

A.
if an early dialog supporting the additional transferred session exists, the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of an early dialog supporting session of the SC UE;

B.
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase, if no early dialog supporting the additional transferred session exists, there is a SIP INVITE request from the served user for which a final SIP response has not been received yet and if an early dialog supporting the additional transferred session existed and was terminated, the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier on the source access leg of the early dialog supporting the additional transferred session which existed and was terminated;

NOTE 1:
Early dialog can be terminated by SIP 199 (Early Dialog Terminated) response.

C.
the Require header field populated with the option tag value "tdialog";

D.
if an early dialog supporting the additional transferred session exists, the To header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the remote UE during the session establishment;

E.
the From header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the SC UE during the session establishment;

F.
the Content-Type header field with "application/sdp"; and

G.
if an early dialog supporting the additional transferred session exists, the header field with hname "body" populated with an SDP body describing the media streams as negotiated in the session with the remote UE;

H.
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase, no early dialog supporting the additional transferred session exists, there is a SIP INVITE request from the served user for which a final SIP response has not been received yet, the header field with hname "body" populated with the SDP offer received in the SIP INVITE request from the served user;

4.
if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request from the served user has already been received in any of the existing early dialogs associated with the additional transferred session, application/vnd.3gpp.state-and-event-info+xml MIME body with the state-info XML element containing "early" and the direction XML element containing:

A.
if terminating call, the "receiver"; and
B.
if originating call, the "initiator";

5.
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase, the additional transferred session was originated by the SC UE and if a SIP 180 (Ringing) response or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP to the SIP INVITE request from the served user has not been received yet in any of the existing early dialogs associated with the additional transferred session, application/vnd.3gpp.state-and-event-info+xml MIME body with the state-info XML element containing "pre-alerting" and the direction XML element containing the "initiator"; and
6.
if:

A.
SCC AS supports CS to PS SRVCC;

B.
the SIP INVITE request due to STN-SR contains Accept header field with application/vnd.3gpp.srvcc-ext+xml MIME type; 

C.
a private user identity of a UE (i.e. other than those according to 3GPP TS 23.003 [12], subclause 20.3.3) is associated with the C-MSISDN in the P-Asserted-Identity header field of the SIP INVITE request due to STN-SR;

D.
a binding of a contact address exists for the private user identity of the UE:

a)
where the g.3gpp.cs2ps-srvcc media feature tag as described in annex C is associated with the contact address of the UE; and

b)
such that SIP REGISTER request which registered the binding contained a Feature-Caps header field with the g.3gpp.atcf feature-capability indicator as described in annex C and with g.3gpp.cs2ps-srvcc feature-capability indicator as described in annex C;

E.
the CS to PS SRVCC capability indication is indicated for the private user identity of the UE; and

F.
the private user identity of the UE has the CS to PS SRVCC allowed indication in the subscription data;


then:

A.
a MIME body of application/vnd.3gpp.srvcc-ext+xml MIME type:

a)
containing ATU management URI of the ATCF serving the SC UE;
NOTE 2:
The ATCF management URI of the ATCF is the URI contained in the g.3gpp.atcf-mgmt-uri feature-capability indicator included in a Feature-Caps header field of the SIP REGISTER request, which registered the binding for the private user identity of the UE.

b)
containing C-MSISDN; and

c)
not indicating that information relate to a registration of MSC server with IMS.
When the SCC AS receives the SIP INVITE request transferring additional session for PS to CS SRVCC, the SCC AS shall:

-
if the Target-Dialog header field of the the SIP INVITE request transferring additional session for PS to CS SRVCC identifies an existing early dialog, associate the SIP INVITE request transferring additional session for PS to CS SRVCC with the SIP early dialog i.e. identify the Source Access Leg;

NOTE 3:
The SIP dialog on the Source Access Leg is identified by matching the dialog ID present in Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE with a dialog in early state.

NOTE 4:
By a SIP dialog in early state, it is meant an early SIP dialog which has been created by a provisional response to the initial SIP INVITE request, but for which the SIP 2xx response has not yet been sent or received;

-
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase, if the Target-Dialog header field of the the SIP INVITE request transferring additional session for PS to CS SRVCC identifies an early dialog which has already been terminated, associate the SIP INVITE request transferring additional session for PS to CS SRVCC with the early dialog i.e. identify the Source Access Leg;

-
if the SCC AS is unable to associate the SIP INVITE with a unique dialog in early state, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

-
if the number of media lines in the Target Access Leg is less than the number of media lines in the Source Access Leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps;
-
if an early dialog exists on the remote leg of the additional transferred session, send a SIP UPDATE request(s) towards the remote UE(s) using the existing early dialog(s) which were created by the same INVITE request as the Source Access Leg. The SCC AS shall populate the SIP UPDATE request(s) with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session for PS to CS SRVCC received on the Target Access Leg for media streams whose port is not set to zero; and

b)
for the media streams in the SIP INVITE request transferring additional session for PS to CS SRVCC whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg.

If an early dialog exists on the remote leg then when receiving SIP 2xx response to the SIP UPDATE request, the SCC AS shall create a new early dialog by sending SIP 183 (Session Progress) response to the SIP INVITE request transferring additional session for PS to CS SRVCC. The SCC AS shall populate the SIP response as follows:
1.
if the Remote Leg is an early dialog originated by the remote UE, include a Recv-Info header field containing the g.3gpp.state-and-event package name;

2.
include the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request; and

3.
if the SIP INVITE request transferring additional session for PS to CS SRVCC contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP UPDATE request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP UPDATE request.
If the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and if a SIP 1xx or 2xx response establishing a new dialog is received on the remote leg of the additional transferred session where the SIP response is to the SIP INVITE request from the served user, the SCC AS shall:

1)
if the 1xx SIP response is received, send PRACK request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the PRACK request with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS SRVCC as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP PRACK request, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request transferring additional session for PS to CS SRVCC as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 183 (Session Progress) response as follows:

-
include the SDP answer received in the SIP 200 (OK) response to the SIP PRACK request as specified in 3GPP TS 24.229 [2]; and

-
if the SIP INVITE request transferring additional session for PS to CS SRVCC contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP PRACK request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP PRACK request; and

2)
if the 2xx SIP response is received, send ACK request on the remote leg as specified in 3GPP TS 24.229 [2] and send UPDATE request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS populate the UPDATE request with the SDP offer received in the SIP INVITE request transferring additional session for PS to CS SRVCC as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request, the SCC AS shall send a SIP 200 (OK) response to the SIP INVITE request transferring additional session for PS to CS SRVCC as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the 200 (OK) response with the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request as specified in 3GPP TS 24.229 [2].

If the Remote Leg is an early dialog originated by the remote UE then when receiving the SIP INFO request inside the Target Access Leg containing:

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

then the SCC AS shall:

1.
send SIP 200 (OK) response to the SIP INVITE request to the remote UE; and

2.
send SIP 200 (OK) response to the SIP INVITE request over the Target Access Leg.

************************ End of change-16 ************************
************************ Begin change-17 ************************
12.3.10.2.1
General

If SCC AS supports CS to PS SRVCC, upon receiving a SIP INVITE request due to ATU-STI for CS to PS SRVCC, the SCC AS shall:

1)
determine the transferable dialog set which are all the dialogs (both early and confirmed):

A)
where the g.3gpp.ics media feature tag with value "server" was indicated in Contact header field provided by the served user;

B)
of the served user whose private user identity is associated with C-MSISDN that is contained in the P-Asserted-Identity header field of the SIP INVITE request due to ATU-STI for CS to PS SRVCC; and

C)
supporting a session;

2)
if there is a Target-Dialog header field in the SIP INVITE request due to ATU-STI for CS to PS SRVCC:

A)
determine the dialog being transferred as the dialog with the dialog identifier of the Target-Dialog header field in the SIP INVITE request due to ATU-STI for CS to PS SRVCC; and

B)
if the determined dialog being transferred identifies a dialog in the transferable dialog set, continue handling the procedures in the subclause 12.3.10.2.2; and
NOTE:
Handling when the dialog identifier in the Target-Dialog header field in the SIP INVITE request due to ATU-STI for CS to PS SRVCC identifies a non existing dialog is out of scope of this release of this document.
3)
if there is no Target-Dialog header field in the SIP INVITE request due to ATU-STI for CS to PS SRVCC and if the transferable dialog set is not empty:

A)
if SCC AS supports the CS to PS SRVCC with the assisted mid-call feature according to operator policy, the SIP INVITE request due to ATU-STI for CS to PS SRVCC contains an Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type and if a dialog:

a)
in the transferable dialog set;

b)
which is a confirmed dialog; and

c)
supporting a session with speech media component;


exists, then continue handling the procedures in the subclause 12.3.10.2.3 for the dialog and do not handle the remaining procedures of this subclause; and
B)
if SCC AS supports the CS to PS SRVCC for calls in alerting phase according to operator policy, the SIP INVITE request due to ATU-STI for CS to PS SRVCC contains an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type and if a dialog:

a)
in the transferable dialog set;

b)
which is a early dialog; 

c)
for which SIP 180 (Ringing) response has been sent or received, or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP has been received; and

d)
supporting a session with speech media component

exists:

a1)
if the dialog was originated by the served user, then continue handling the procedures in the subclause 12.3.10.2.4 for the dialog and do not handle the remaining procedures of this subclause; and
b1)
if the dialog was originated by the remote UE, then continue handling the procedures in the subclause 12.3.10.2.5 for the dialog and do not handle the remaining procedures of this subclause.
************************ End of change-17 ************************
************************ Begin change-18 ************************
12.3.10.3.1
General

If SCC AS supports CS to PS SRVCC, if SCC AS supports the CS to PS SRVCC with the assisted mid-call feature according to operator policy and if the SIP INVITE request due to ATU-STI for CS to PS SRVCC contains an Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type then for each dialog:

1)
in the transferable dialog set;

2)
which is a confirmed dialog;

3)
supporting a session with speech media component; and

4)
other than the dialog of the source access leg associated with the SIP INVITE request due to ATU-STI for CS to PS SRVCC;

the SCC AS shall perform the procedures in subclause 12.3.10.3.2.

If SCC AS supports the CS to PS SRVCC for calls in alerting phase according to operator policy and if the SIP INVITE request due to ATU-STI for CS to PS SRVCC contains an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type then for each dialog:

i)
in the transferable dialog set;

ii)
which is a early dialog; 

ii)
for which SIP 180 (Ringing) response has been sent or received, or SIP 183(Session Progress) response with a “g.3gpp.cat” value in the SDP has been received;

iv)
supporting a session with speech media component; and

v)
other than the dialog of the source access leg associated with the SIP INVITE request due to ATU-STI for CS to PS SRVCC;

the SCC AS shall perform the procedures in subclause 12.3.10.3.2.

If transfer of any dialog in the transferable dialog set has not been initiated, the SCC AS shall continue handling the procedures in the subclause 12.3.10.4.

************************ End of change-18 ************************
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