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------------------------------------------- 1st change----------------------------------------------
12.3.0A
Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI and containing an SDP offer with active speech media media component only. These SIP INVITE requests originate from the MSC server. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".



-
SIP INVITE requests routed to the SCC AS due to ATU-STI in the Request-URI. In the procedures below, such requests are known as "SIP INVITE requests due to ATU-STI".

-
SIP INVITE request routed to the SCC AS containg the additional transferred session SCC AS URI in the Request-URI, such a request is in this document known as "SIP INVITE request transferring additional session". 
The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for vSRVCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI and containing an SDP offer with both active and video media components only, which includes the default codecs for speech and video (as specified in 3GPP TS 26.111 [69]). These SIP INVITE requests originate from the MSC server. In the procedures below, such requests are known as "SIP INVITE requests for audio and video due to STN-SR".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio and video indicating a CS bearer. In the procedures below, such requests are known as "SIP re-INVITE requests after vSRVCC adding ICS control ".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio and video indicating the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests after vSRVCC for non-ICS control".
------------------------------------------- 2nd change----------------------------------------------
12.3.0B
Determine the transferable session set

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg the SCC AS shall, if not already done, determine the transferable session set.

A session is in the transferable session set when the session:

1)
is a session of the SC UE whose private user identity is associated with the C-MSISDN that is contained in the P-Asserted-Identity header field of the SIP INVITE request; and
2)
with speech media component.

The SCC AS shall:

1)
if the conditions for applying MSC server assisted mid-call feature described in subclause 12.3.2.1 are fulfilled, follow the procedures in subclause 12.3.2;

2)
if the conditions for applying the PS to CS transfer of a call in an alerting phase feature described in subclause 12.3.2.1 are fulfilled, follow the procedures in subclause 12.3.4; 

3)
if none of the conditions 1) or 2) above are fulfilled follow the procedure in subclause 12.3.1.
------------------------------------------- 3rd change----------------------------------------------
12.3.1
SCC AS procedures for PS to CS access transfer, SR-VCC

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

-
within the transferable session set;

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

-
and the related dialog is in confirmed state.

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

1)
send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to STN-SR;
2)
if the transferable session set contains dialogs supporting sessions with speech media component (inactive speech media component or in an early dialog state):

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

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

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










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

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






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

The SCC AS shall remove non-tranferred audio components and superfluous session as specified in subclause 12.3.x.
------------------------------------------- 4th change----------------------------------------------
12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC
12.3.2.1
General

The SCC AS shall apply the MSC Server assisted mid-call feature as described in subclause 12.3.2.2 if:

1.
one of the conditions are true:

a.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to STN-SR, the SCC AS local policy requires delaying application of the MSC Server assisted mid-call feature for a time given by local policy and the transfer request for the session with inactive speech media component has not been received within a time given by local policy after the reception of the SIP INVITE request due to STN-SR;

b.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to STN-SR and the SCC AS local policy does not require delaying application of the MSC Server assisted mid-call feature for a time given by local policy; or

c.
the SC UE did not include the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to STN-SR;

2.
the Contact header field of the SIP INVITE request due to STN-SR includes the g.3gpp.mid-call media feature tag as specified in annex C;

3.
one of the following is true for dialogs in the transferable session set:

A.
at least one confirmed dialog supporting a session with active speech media component exists and the following is true for the confirmed dialog supporting a session with active speech media component which has been most recently made active: 
-
the Contact header field provided by the SC UE at the establishment of the dialog includes the g.3gpp.mid-call media feature tag as described in annex C; and 
-
the Contact header field sent by SCC AS towards the SC UE at the establishment of the dialog includes g.3gpp.mid-call media feature tag; or

B.
no confirmed dialog supporting a session with active speech media component exists and the following is true for the confirmed dialog supporting a session with inactive speech media component which became inactive most recently:   
-
the Contact header field provided by the SC UE at the establishment of the dialog includes the g.3gpp.mid-call media feature tag as described in annex C; and 
-
the Contact header field sent by SCC AS towards the SC UE at the establishment of the dialog includes the g.3gpp.mid-call media feature tag;
12.3.2.2
Transfer of the first session

When the SCC AS applies the MSC Server assisted mid-call feature for transfer of the first session the SCC AS shall select the first session to transfer as follows.

The first session to transfer is a session in the transferable session set such that:

1.
if more than one confirmed dialog supporting a session exists in the transferable session set, and exactly one confirmed dialog supporting a session with active speech media component exists and there is at least one remaining confirmed dialog supporting a session with inactive speech media component then:

-
select the session with the confirmed dialog supporting a session with active speech media component;
2.
if more than one confirmed dialog supporting a session with active speech media component exists in the transferable session set then:

-
select the session transfer procedures with the confirmed dialog supporting a session with the speech media component which became active most recently; and

3.
if no confirmed dialog supporting a session with active speech media component exists in the transferable set but one or more confirmed dialogs supporting a session with inactive speech media component exists for the user then: 
-
select the confirmed dialog supporting a session with inactive speech media component that became inactive most recently;

4.
if exactly one confirmed dialog supporting a session with speech media component exists in the transferable session set then select that session.

The SCC AS shall send a SIP re-INVITE request towards the remote UE in a new SDP offer, such that: 

1)
if a session with the confirmed dialog supporting a session with active speech media component was selected, include the media characteristics as received in the SIP INVITE request due to STN-SR, by following the rules of 3GPP TS 24.229 [2]; or

2)
if a session with the confirmed dialog supporting a session with inactive speech media component was selected then included the an SDP offer describing the audio media streams as negotiated in the session with the remote UE and:

-
if directionality used by SC UE is "sendrecv" or "sendonly", with the "sendonly" directionality; and

-
if directionality used by SC UE is "recvonly" or "inactive", with the "inactive" directionality.

Upon receiving the 2xx response to the re-INVITE request the SCC AS shall:

1)
 send the SIP 200 (OK) response to the SIP INVITE request due to STN-SR on the target access leg populated as follows:

a)
in the SDP answer, use the relevant media parameter of the SDP answer in the received response; and
b)
include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field;
Upon receiving the ACK related to the SIP 200 (OK) response to the SIP INVITE request and if:
1)
the session associated with the SIP INVITE request due to STN-SR is related to a subscription as described in subclause 7.3.3; and

2)
a SIP 2xx response was received to the last SIP NOTIFY request with conference information sent to the UE within the related subscription;

then 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 g.3gpp.mid-call package name; and

2)
include application/vnd.3gpp.mid-call+xml XML body contaning the participants extracted as specified in the subclause 9.1A of the subscription related to the session associated with the SIP INVITE request due to static STN as described in subclause 7.3.3.

Upon receiving the 2xx response to the SIP INFO request or receiving the ACK related to the SIP 200 (OK) response to the SIP INVITE request when the SIP INFO request was not sent, the SCC AS shall:
-
if one more confirmed SIP dialogs supporting a session with speech media component exist in the transferable session set transfer the additional second confirmed SIP dialog as described in subclause 12.3.2.3 and then continue with the procedures in this subclause; or

-
if no more confirmed SIP dialog supporting a session with speech media component exist in the transferable session set but SCC AS support the PS to CS access transfer of a call in alerting phase feature and the conditions in the subclause 12.3.4.1 are fulfilled, perform the actions in subclause 12.3.4.4 and then continue with the procedures in this subclause. 
 The SCC AS shall remove non-tranferred audio components as specified in subclause 12.3.x.
12.3.2.3
Transfer of an additional session

When the SCC AS applies the MSC Server assisted mid-call feature for transfer of the additional session the SCC AS shall select the additional session to transfer as a session in the transferable session set such that:

1.
if more than one confirmed dialog supporting a session exists in the transferable session set, and exactly one confirmed dialog supporting a session with active speech media component exists and there is at least one remaining confirmed dialog supporting a session with inactive speech media component then:

-
select the session with the confirmed dialog supporting a session with inactive speech media component that became inactive most recently;
2.
if more than one confirmed dialog supporting a session with active speech media component exists in the transferable session set then:

-
select the session transfer procedures with the confirmed dialog supporting a session with the speech media component which became active second most recently;

When the SCC AS transfers the selected additional session the SCC AS shall: 

A)
send a SIP REFER request towards the MSC Server in accordance with the procedures specified in 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 Supported 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 and the following URI header fields containing information related to the additional transferred session:

a.
the Target-Dialog URI header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session with the SC UE;

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

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

d.
the From URI header field populated as specified in IETF RFC 3261 [19], containing the public user identity of the SC UE provided during the session establishment;

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

f.
the "body" URI header field populated with an SDP body describing the media streams as negotiated in the session with the remote UE and:

-
if directionality used by SC UE is "sendrecv" or "sendonly", with the "sendonly" directionality; and

-
if directionality used by SC UE is "recvonly" or "inactive", with the "inactive" directionality.

4.
the Content-Type header field with the value set to MIME type as specified in the annex D.1.3; and

5.
a XML body compliant to the XML schema specified in the annex D.1.2; 

6.
If:
a.
the session associated with the SIP INVITE request due to STN-SR, is not related to any subscription as described in subclause 7.3.3;

b.
the additional transferred session is related to a subscription as described in subclause 7.3.3; and

c.
a SIP 2xx response was received to the last SIP NOTIFY request with conference information sent to the SC UE within the related subscription;


then SCC AS shall populate the XML body with the participants extracted as specified in the subclause 9.1A of the subscription related to the additional transferred session as specified in subclause 7.3.3.

When the SCC AS receives the SIP INVITE request transferring additional session, the SCC AS shall:

-
associate the SIP INVITE request transferring additional session with a previously established SIP dialog i.e. identify the source access leg;

NOTE:
The SIP dialog on the source access leg is identified by matching the dialog present in the Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE request transferring additional session with the previously established SIP dialog. 

NOTE:
By a previously established SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. 

-
if the SCC AS is unable to associate the SIP INVITE with a unique previously established SIP dialog, 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;
-
send a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS shall populate the SIP re-INVITE request 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 media streams whose port is not set to zero; and

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

Upon receiving the 2xx response to the re-INVITE request the SCC AS shall send the SIP 200 (OK) response to the SIP SIP INVITE request transferring additional session on the target access leg populated as follows:

1)
use the relevant media parameter of the SDP answer in the received response; and

2)
include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field.









------------------------------------------- 5th change----------------------------------------------
12.3.4.1
General
The SCC AS shall apply the procedures for access transfer for calls in alerting phase as described in subclauses 12.3.4.2 or 12.3.4.3 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 specified in annex C;
2.
one of the following is true:

A.
there are one or more dialogs supporting a session with active speech media component existing for the served user in the transferable set such that:

a.
all dialogs are early dialogs created by the same SIP INVITE request; 
b.
the Contact header field provided by the SC UE includes the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

c
the Record-Route header field provided by the SCC AS towards the SC UE includes the g.3gpp.srvcc-alerting media feature tag 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.
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.
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;

.


The SCC AS shall apply the procedures 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; and
2.
the SCC AS supports the access transfer of calls in alerting state according to operator policy;

3.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the transfer calls in alerting phase; 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; 
b.
the Record-Route header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag; and

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; or

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;

b.
the Record-Route header field provided by the SCC AS towards the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag; and

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; and

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

b.
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; and

c.
the SCC AS does  not apply the MSC server assisted mid-call feature as described in subclause 12.3.2.
------------------------------------------- 6th change----------------------------------------------
12.3.4.2
SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using SRVCC procedure

When the session in the transferable session set is a terminating call in alerting phase the SCC AS shall associate the SIP INVITE request with the early dialog related to the terminating session in the transferable session set.

The SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog according as specified in 3GPP TS 24.229 [2]. 
Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE due to STN-SR towards the MSC server.
Upon receiving the SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

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

2.
include an application/vnd. 3gpp.state-and-event-info +xml XML body 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 the SIP INFO request which includes an Info-Package header field containing 3gpp.state-and-event info package name and an XML body compliant to the XML schema specified in the annex D.2 from the MSC Server 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 STN-SR towards the MSC server to indicate the successful access transfer. 







The SCC AS shall remove non-tranferred audio components and superfluous session as specified in subclause 12.3.x.
------------------------------------------- 7th change---------------------------------------------
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase using SRVCC procedure

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

If there is only one early dialog related to the originating call in alerting phase available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing early dialog as specified in 3GPP TS 24.229 [2]. 
Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.

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

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

2.
include application/vnd.3gpp.state-and-event-info+xml XML body containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" the direction XML element containing "initiator".

The SCC AS shall remove non-tranferred audio components and superfluous sessions as specified in subclause 12.3.x.

------------------------------------------- 8th change---------------------------------------------
12.3.4.4
SCC AS procedures for PS to CS access transfer of waiting call
In order to transfer waiting call, 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, 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 early dialog 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 header field with hname "body" populated with an SDP body 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 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".

When the SCC AS receives the SIP INVITE request transferring additional session, the SCC AS shall:

-
associate the SIP INVITE request transferring additional session with an SIP dialog in early state 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 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 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;
-
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 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 whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg; and


If the Remote Leg is an early dialog then when receiving SIP 2xx response to the SIP UPDATE request, the SCC AS shall send SIP 183 (Session Progress) response to the SIP INVITE request transferring additional session. The SCC AS shall populate the SIP response as follows:
1.
if the Remote Leg is an early dialog originated by the remote UE: 

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

b.
the Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type.

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 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.

------------------------------------------- 9h change----------------------------------------------
12.3.5
SCC AS procedures for PS to CS access transfer: SRVCC enhancement using ATCF



Upon receiving a SIP INVITE request due to ATU-STI, the SCC AS shall:

1)
if there is a Target-Dialog header field in the SIP INVITE request:
A)
determine the transferable session set which are all the sessions of the SC UE whose private user identity is associated with Correlation MSISDN that is contained in the P-Asserted-Identity header field of the SIP INVITE request;

B)
determine the session that is to be transferred which is a session:
a)
in the transferable session set;

b)
is in the confirmed dialog state; and

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

C)
if the session that is to be transferred is for the same dialog as the dialog identifier in the Target-Dialog header field in the SIP INVITE request, then perform the procedures described for SIP INVITE request due to STN-SR in subclause 12.3.0B with the following differences:
a)
if the SDP offer in the SIP INVITE request is the same as the SDP negotiated by the ATCF in the session being transferred, then the SCC AS shall:

i)
not send a SIP re-INVITE request towards remote UE; and

ii)
send a SIP 200 (OK) response to the SIP INVITE request containing the SDP negotiated by SCC AS towards ATCF in the session being transferred;
NOTE:
handling when it is determined that there is no session to be transferred or when the dialog identifier in the Target-Dialog header field in the SIP INVITE request identifies a dialog other than the session being transferred is out of scope of this release of this document.
2)
if there is no Target-Dialog header field in the SIP INVITE request:

a)
perform the procedures described for SIP INVITE requests due to STN-SR in subclause 12.3.0B.
------------------------------------------- 10th change---------------------------------------------
12.3.x
Removal of non-transferred audio media components and superfluous sessions 

Upon receiving the SIP ACK request from target access leg, and after an operator specific timer has expired, the SC AS shall:

1)
if no in-dialog request has been received in source access leg of each session with transferred speech media component within the operator defined time:
-
if the session is a session with an active or inactive media component, send a SIP BYE request toward the S-CSCF for sending to the served SC UE; 
-
if the session is an early dialog on originating side send a SIP 404 (Not Found) response; and

-
if the session is an early dialog on terminating side send a SIP CANCEL request; and
NOTE 1:
The SC UE will receive the SIP request or response only if the SC UE is using Gm after the PS-CS access transfer is completed.

NOTE 2:
Delaying the SIP request or response as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.

2)
for each session in transferable session set for which audio was not transferred:

a)
if speech media component is the only media component of the session, release remote leg and source access leg; and 

b)
if speech media component is not the only media component of the session, modify the remote leg and source access leg and remove the speech media component. 

----------------------------------------- End changes---------------------------------------------
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