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****************** change 1 ******************

12.2B.2
First call transfer


****************** change 2 ******************

12.2B.2.1
General

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

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

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

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

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

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti media feature tag of a Feature-Caps header field of the SIP response.


****************** change 3 ******************

12.2B.2.x
Transfer of call with inactive speech media component

No additional procedures in addition to the procedures in subclause 12.2B.2.1 apply.

NOTE:
If the network associates the SIP INVITE request to STI-rSR with session with inactive speech media component, the SDP answer will contain a=recvonly or a=inactive. 

****************** change 4 ******************

12.2B.2.y
Transfer of originating alerting call

No additional procedures in addition to the procedures in subclause 12.2B.2.1 apply.

****************** change 5 ******************

12.2B.2.z
Transfer of terminating alerting call

If SC UE supports the CS to PS SRVCC and if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.2.1, upon receiving the SIP INFO request for transfer of incoming early session inside an early dialog created with the SIP INVITE request due to STI-rSR, the SC UE shall:

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

2)
consider the SIP dialog to be the transferred incoming early session.
When the served user accepts the transferred incoming early session 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 STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request 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 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 early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request 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.
****************** change 6 ******************

12.2B.3.5
Transfer of terminating alerting call

If SC UE supports the CS to PS SRVCC, if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.3.1, when the served user accepts the transferred incoming early session 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 for transfer of an additional session according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request 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 compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

If the SC UE supports the CS to PS SRVCC for calls in alerting phase then when the served user rejects the transferred incoming early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request for transfer of an additional session according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request with:

1)
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.

****************** change 7 ******************

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.x 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; and

d)
supporting a session with speech media component;


exists:

a)
if the dialog was originated by the served user, then continue handling the procedures in the subclause 12.3.10.2.y for the dialog and do not handle the remaining procedures of this subclause; and
b)
if the dialog was originated by the remote UE, then continue handling the procedures in the subclause 12.3.10.2.z for the dialog and do not handle the remaining procedures of this subclause.
****************** change 8 ******************

12.3.10.2.x
Transfer of session with inactive speech media component

If SCC AS supports CS to PS SRVCC, in order to transfer the determined dialog being transferred, the SCC AS shall:

1)
associate the SIP INVITE request due to ATU-STI for CS to PS SRVCC with the remote leg of the determined dialog being transferred; and

2)
send SIP re-INVITE request towards the remote UE in the remote leg of the determined dialog being transferred according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP re-INVITE request with:

A)
the SDP offer which includes the media characteristics as received in the SIP INVITE request due to ATU-STI for CS to PS SRVCC; and

B)
set the directionality of the speech media component in the SDP offer as used in the session with remote UE.

Upon receiving SIP 2xx response to the SIP re-INVITE request sent towards the remote UE, the SCC AS shall send a SIP 200 (OK) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 200 (OK) response with:

1)
signalling elements as described in subclause 6A.4.3;
2)
the SDP answer received in the SIP 2xx response to the SIP re-INVITE request; and

3)
the Feature-Caps header field containing the g.3gpp.ti feature cap with value of the g.3gpp.ti media feature tag in the Contact header field received in the source access leg of the determined dialog being transferred.
Upon receiving SIP ACK request associated with the SIP 200 (OK) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the SCC AS shall: 

1)
release the source access leg of the determined dialog being transferred; and

2)
continue handling the procedures in the subclause 12.3.10.3.

****************** change 9 ******************

12.3.10.2.y
Transfer of originating alerting session
If SCC AS supports CS to PS SRVCC, in order to transfer the determined dialog being transferred, the SCC AS shall:

1)
associate the SIP INVITE request due to ATU-STI for CS to PS SRVCC with the remote leg of the determined dialog being transferred; and

2)
send SIP UPDATE request towards the remote UE in the remote leg of the determined dialog being transferred according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request with the SDP offer which includes the media characteristics as received in the SIP INVITE request due to ATU-STI for CS to PS SRVCC.

Upon receiving SIP 2xx response to the SIP UPDATE request sent towards the remote UE, the SCC AS shall send a SIP 180 (Ringing) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 180 (Ringing) response with:
1)
signalling elements described in subclause 6A.4.3;
2)
the SDP answer received in the SIP 2xx response to the SIP UPDATE request; and

3)
the Feature-Caps header field containing the g.3gpp.ti feature cap with value of the g.3gpp.ti media feature tag in the Contact header field received in the source access leg of the determined dialog being transferred.
Upon receiving SIP PRACK request associated with the SIP 180 (Ringing) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the SCC AS shall: 

1)
reject the source access leg of the determined dialog being transferred with SIP 404 (Not Found) response; and

2)
continue handling the procedures in the subclause 12.3.10.3.

****************** change 10 ******************

12.3.10.2.z
Transfer of terminating alerting session
If SCC AS supports CS to PS SRVCC, in order to transfer the determined dialog being transferred, the SCC AS shall:

1)
associate the SIP INVITE request due to ATU-STI for CS to PS SRVCC with the remote leg of the determined dialog being transferred; and

2)
send SIP UPDATE request towards the remote UE in the remote leg of the determined dialog being transferred according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request with the SDP offer which includes the media characteristics as received in the SIP INVITE request due to ATU-STI for CS to PS SRVCC.

Upon receiving SIP 2xx response to the SIP UPDATE request sent towards the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC according to 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 183 (Session Progress) with:

1)
signalling elements described in subclause 6A.4.3;
2)
the SDP answer received in the SIP 2xx response to the SIP UPDATE request;

3)
the Recv-Info header field with the 3gpp.state-and-event info package name; and
4)
the Feature-Caps header field containing the g.3gpp.ti feature cap with value of the g.3gpp.ti media feature tag in the Contact header field received in the source access leg of the determined dialog being transferred.

Upon receiving the SIP PRACK request from the SC UE associated with the SIP 183 (Session Progress) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the SCC AS shall:

1)
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 SIP INVITE request due to ATU-STI for CS to PS SRVCC. The SCC AS shall populate the SIP INFO request as follows:

A)
include the Info-Package header field with 3gpp.state-and-event info package name; and
B)
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"; and
2)
cancel the source access leg of the determined dialog being transferred.
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 SC UE with the event XML element containing "call-accepted", the SCC AS shall:

1)
send a SIP 200 (OK) response to the SIP INVITE request received earlier from the remote UE as specified in 3GPP TS 24.229 [2]; and
2)
send a SIP 200 (OK) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC as specified in 3GPP TS 24.229 [2] populated as described in subclause 6A.4.3.

Upon receiving the SIP CANCEL request cancelling SIP INVITE request due to ATU-STI for CS to PS SRVCC, the SCC AS shall:

1)
send a SIP 200 (OK) response to the SIP CANCEL request; 
2)
send a SIP response to the SIP INVITE request received earlier from the remote UE as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP response with:

A)
if the SIP CANCEL request contains a Reason header field with protocol "SIP", then status code and reason text from the Reason header field of the the SIP CANCEL request; and

B)
if the SIP CANCEL request does not contain a Reason header field with protocol "SIP", then 486 (Busy) status code and reason text; and

3)
send a SIP 487 (Request Terminated) response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC as specified in 3GPP TS 24.229 [2].

Upon receiving the SIP ACK request on the target access leg of the determined dialog being transferred, the SCC AS shall cancel the source access leg of the determined dialog being transferred.

****************** change 11 ******************

12.4.2.2
General

If the MSC server supports the CS to PS SRVCC, upon receiving HO required for a UE including an indication that the HO is for CS to PS as described in 3GPP TS 23.216 [15], the MSC server shall:

1)
determine the transferable dialog set which are all SIP dialogs: 

A)
interworked with the CS calls of the UE; and

B)
supporting a session; and

2)
if the determined transferable dialog set is not empty:

A)
determine the dialog for communication with ATCF as follows:

a)
if a CS call in Active (N10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists, the SIP dialog in the transferable dialog set, which is interworked with the CS call in Active (N10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]); and

b)
if a CS call in Active (N10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) does not exist, a SIP dialog in the transferable dialog set, which is interworked with any CS call; and

B)
send a SIP INFO request according to 3GPP TS 24.229 [2] within the determined dialog for communication with ATCF. The MSC server shall populate the SIP INFO request with:

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

b)
application/vnd.g.3gpp.access-transfer-events+xml MIME body indicating the session transfer notification request.

Upon receiving SIP INFO request carrying the session transfer notification response within the determined dialog for communication with ATCF, the MSC server shall:

1)
send a SIP 200 (OK) response to the SIP INFO request according to 3GPP TS 24.229 [2];

2)
if the application/vnd.g.3gpp.access-transfer-events+xml MIME body indicates that the ATCF does not require the MSC server to redirect the speech media component of the session transferred by the CS to PS SRVCC access transfer, continue handling the procedures in the subclause 12.4.4.3; and
3)
if the application/vnd.g.3gpp.access-transfer-events+xml MIME body indicates that the ATCF requires the MSC server to redirect the speech media component of the session transferred by the CS to PS SRVCC access transfer, continue handling the procedures in the subclause 12.4.4.4.
Editor's note: [rSRVCC-CT, CR#0665] in order to prevent that the the determined dialog for communication with ATCF is released or its speech media component changed from active to inactive, the MSC should reject any change of the call state between session transfer notification request and session transfer notification preparation, if possible. FFS whether this is in scope of 24.237 or other spec.

****************** change 12 ******************

12.7.3.1
General

If the ATCF supports the CS to PS SRVCC, upon receiving SIP INFO request carrying the session transfer notification request, the ATCF shall:

1)
send SIP 200 (OK) response to the SIP INFO request according to 3GPP TS 24.229 [2];

2)
determine the session being transferred as the session supported by the dialog of the SIP INFO request; and

3)
if a SIP 2xx response to the initial INVITE request has been sent in the dialog of the determined session being transferred and if the determined session being transferred includes an active speech media component:

A)
if the ATGW anchors the speech media component of the determined session being transferred, continue handling the procedures in the subclause 12.7.3.2; and
B)
if the ATGW does not anchor the speech media component of the determined session being transferred, continue handling the procedures in the subclause 12.7.3.3; and
4)
if the determine session being transferred does not include an active speech media component, continue handling the procedures in the subclause 12.7.3.x.


****************** change 13 ******************

12.7.3.x
Transfer when only held or alerting session exist
If the ATCF supports the CS to PS SRVCC, in order to transfer the held or alerting session, the ATCF shall:
1)
for each registration path(s), which have the C-MSISDN equal to the C-MSISDN associated with the session of the SIP INFO request carrying the session transfer notification request:

A)
set the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1); and

B)
reset the home leg of the session being transfered by CS to PS SRVCC (see subclause 6A.3.1); and

2)
send a SIP INFO request within the dialog of the SIP INFO request carrying the session transfer notification request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP INFO request with:

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

B)
application/vnd.g.3gpp.access-transfer-events+xml MIME body:

a)
indicating the session transfer notification response;

b)
indicating that the ATCF does not require the MSC server to redirect the speech media component of the session transferred by the CS to PS SRVCC access transfer; and

c)
containing the ATGW transfer details indicating that the ATGW Transfer details content field is not included.

If receiving the SIP INFO request carrying the session transfer cancellation, the ATCF shall:

NOTE 1:
the SIP INFO request carrying the session transfer cancellation is received only when CS to PS SRVCC is cancelled. 

1)
send SIP 200 (OK) response to the SIP INFO request according to 3GPP TS 24.229 [2];

2)
for registration path(s), which have the C-MSISDN equal to the C-MSISDN associated with the registration path of the SIP INVITE request due to STI-rSR, reset the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1); and

3)
not continue with the rest of the steps of this subclause.

Upon receiving the SIP INFO request carrying session transfer preparation, the ATCF shall send SIP 200 (OK) response to the SIP INFO request according to 3GPP TS 24.229 [2].

Upon receiving SIP INVITE request due to STI-rSR and if:

1)
the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1) of the registration path of the SIP INVITE request due to STI-rSR is set; and

2)
the home leg of the session being transferred by CS to PS SRVCC (see subclause 6A.3.1) of the registration path of the SIP INVITE request due to STI-rSR is not set;

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

1)
if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9]:

A)
all MIME bodies of the SIP INVITE request due to STI-rSR apart from the application/sdp MIME body; and

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

NOTE 2:
ATCF interacts with ATGW to provide the needed media related information. The details of interaction between ATCF and ATGW are out of scope of this document.

2)
if the ATCF decided not to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], all MIME bodies of the originating SIP INVITE request from MSC server;

3)
the Request-URI containing the ATU-STI for CS to PS SRVCC (see subclause 6A.3.1) previously received from the SCC AS and associated with the registration path of the SIP INVITE request due to STI-rSR; 

4)
the Contact header field that contains the contact information received in the SIP INVITE request due to STI-rSR;  

5)
the Record-Route header field that includes only the ATCF SIP URI, where the ATCF wants to receive subsequent in-dialog requests from the SCC AS; and

NOTE 3:
The ATCF SIP URI included in the Record-Route header field is used by the SCC AS to build a Route header field that the SCC AS will use when sending the in-dialog request toward the ATCF.

6)
the P-Asserted-Identity header field set to the C-MSISDN (see subclause 6A.3.1) previously received from the SCC AS and associated with the registration path of the SIP INVITE request due to STI-rSR.

Upon receiving SIP 1xx or 2xx response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the ATCF shall:

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

2)
send a SIP response to the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP response with:

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

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

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





























































