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

6A.2
UE roles

6A.2.1
Operator policy enforcement

The SC UE may receive the operator policy via OMA Device Management, see 3GPP TS 24.216 [5]. When the SC UE receives the operator policy, for each session to be transferred, it shall take the operator policy into account when deciding to perform the following:

-
selecting the access for initiating the transfer;

-
determining whether to transfer full or partial media during PS-PS transfer; or

-
determining whether to add or remove media during the PS-PS transfer.

If the SC UE is configured with the operator policy (e.g. via OMA Device Management as described in 3GPP TS 24.216 [5]) then, for each media or group of media contained in the MediaorGroup node, the SC UE shall:

1)
restrict originating sessions and session transfer towards the access networks contained in the RestrictedAccessNetworkType node;

2)
consider the list of access networks contained in the PreferredAccessNetworks node in the order of priority from the access networks such that, when available, the highest priority access network can be used for originating sessions and session transfer procedures;

3)
if a new access network gets available- transfer media components to a higher priority target network than the current access network based on the value contained in the SC_media_transfer node value. If the SC_media_transfer node value is:

-
"shall" the UE shall start a session transfer according to the home operator' s list of preferred access networks contained in the PreferredAccessNetworks node;

-
"should" the UE is recommended to start session transfer according to the home operator' s list of preferred access networks contained in the PreferredAccessNetworks node. The UE can evaluate if session transfer is possible and desirable after having taken into account the Local Operating Environment Information; and

-
"may" the UE can decide whether or not to start session transfer in accordance with user preferences if configured in the UE. The UE can evaluate if session transfer is possible and desirable after having taken into account the Local Operating Environment Information. If user preferences are not configured, the UE can evaluate the home operator' s list of preferred access networks contained in the PreferredAccessNetworks node; and
4)
decide whether to keep or drop non transferable media components in the case of partial session transfer based on the SC_non_transferrable_media node value.

6A.2.2
Signalling elements

6A.2.2.1
Common SIP message set up procedures

This subclause describes the common procedures for setting up SIP messages sent by SC UE.

6A.2.2.2
INVITE request

When sending a SIP INVITE request, the SC UE shall include the following media feature tags in the Contact header field of the SIP INVITE request according to RFC 3840 [53]:

1)
if the SC UE supports the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag as described in annex C;

2)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase:

A)
include the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

B)
if the SC UE supports the PS to CS SRVCC for originating calls in pre-alerting phase, include the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C;

3)
if the SC UE supports the PS to CS dual radio access transfer for calls in alerting phase:

A)
include the g.3gpp.drvcc-alerting media feature tag as described in annex C; and
B)
if the SC UE supports the PS to CS dual radio access transfer for originating calls in pre-alerting phase, include the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C; and
4)
if the SC UE supports the use of dynamic STN, include the g.3gpp.dynamic-stn media feature tag as described in annex C.
****************** change 3 ******************

6A.4.3
INVITE response

When sending SIP 1xx or 2xx response to the SIP INVITE request towards the served user, the SCC AS shall populate the SIP response with a Feature-Caps header field according to IETF RFC 6809 [60] containing:

1)
if the session being established is anchored in SCC AS as described in subclause 4.2.2:

A)
include the g.3gpp.srvcc feature-capability indicator as described in annex C;

B) if:

a)
the SCC AS supports the PS to CS SRVCC with the MSC server assisted mid-call feature according to operator policy;

b)
the g.3gpp.mid-call media feature tag as described in annex C is included in the Contact header field of the SIP INVITE request; and

c)
the SCC AS is aware:

-
by local policy; or
-
by ATCF indicating support of the PS to CS SRVCC with the MSC server assisted mid-call feature;

NOTE 1:
An ATCF can indicate support of the PS to CS SRVCC with the MSC server assisted mid-call feature by inclusion of the g.3gpp.mid-call feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE.


that all MSC Servers in the network, where the UE is registered, which can be involved in the PS to CS SRVCC procedures, support the PS to CS SRVCC with the MSC server assisted mid-call feature;

NOTE 2:
SCC AS can identify the network, where the UE is registered, based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.

include the g.3gpp.mid-call feature-capability indicator as described in annex C;
C) if:

a)
the SCC AS supports the PS to CS SRVCC for calls in alerting phase according to operator policy;

b)
the g.3gpp.srvcc-alerting feature tag as described in annex C is included in the Contact header field of the SIP INVITE request; and

c)
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the PS to CS SRVCC for calls in alerting phase;

NOTE 3:
An ATCF can indicate support of the PS to CS SRVCC for calls in alerting phase by inclusion of the g.3gpp.srvcc-alerting feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE. 


that all MSC Servers in the network, where the UE is registered, which can be involved in the PS to CS SRVCC procedures, support the PS to CS SRVCC for calls in alerting phase;

NOTE 4:
SCC AS can identify the network, where the UE is registered, based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.


include the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C; and
D)
if:
a)
the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and the PS to CS SRVCC for calls in alerting phase according to operator policy;
b)
the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C and the g.3gpp.srvcc-alerting media feature tag as described in annex C are included in the Contact header field of the SIP INVITE request due to originating filter criteria; and
c)
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the PS to CS SRVCC for originating calls in pre-alerting phase;

NOTE 5:
An ATCF can indicate support of the PS to CS SRVCC for originating calls in pre-alerting phase by inclusion of the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE. 


that all MSC servers in the network where the UE is registered which can be involved in PS to CS SRVCC procedures support the PS to CS SRVCC for originating calls in pre-alerting phase and the PS to CS SRVCC for calls in alerting phase;

NOTE 6:
The SCC AS can identify the network where the UE is registered based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.


include the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C;

2)
if the SCC AS supports the PS to CS dual radio access transfer for calls in alerting phase according to operator policy, and if the SIP INVITE request included the g.3gpp.drvcc-alerting media feature tag as described in annex C in the Contact header field, include the g.3gpp.drvcc-alerting feature-capability indicator as described in annex C;

3)
if:
A)
the SCC AS supports the PS to CS dual radio access transfer for originating calls in pre-alerting phase and the PS to CS dual radio access transfer for calls in alerting phase; and
B)
the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C and the g.3gpp.drvcc-alerting media feature tag as described in annex C are included in the Contact header field of the SIP INVITE request; and


include the g.3gpp.ps2cs-drvcc-orig-pre-alerting feature-capability indicator as described in annex C; and
4)
if the SCC AS supports the use of dynamic STN according to operator policy, and if the Contact header field of the SIP INVITE request includes the g.3gpp.dynamic-stn media feature tag as described in annex C, include the g.3gpp.dynamic-stn feature-capability indicator as described in annex C with the dynamic STN.
****************** change 4 ******************

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)
signalling elements described in subclause 6A.2.2.2;
E)
void; 

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 feature-capability indicator as described in annex C of a Feature-Caps header field of the SIP response. If the SC UE is not aware of such CS call, the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR.
****************** change 5 ******************

12.2B.3.1
General

If SC UE supports the CS to PS SRVCC, if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature or the CS to PS SRVCC for calls in alerting phase then upon receiving a SIP REFER request for transfer of an additional session within dialog established by the SIP INVITE request to STI-rSR, the SC UE shall:

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

2)
send a SIP INVITE request for transfer of an additional session according to 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The SC UE shall populate the SIP INVITE request as follows:

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

B)
the SDP offer with:

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

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

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

d)
media directionality as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

NOTE:
port can be sent to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with nonzero value.

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

D)
signalling elements described in subclause 6A.2.2.2;
E)
void; and

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

a)
a Supported header field with "100rel" option tag; and
3)
if the SC UE supports the CS to PS SRVCC for calls in alerting phase and if the REFER request contains a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver" then consider the SIP dialog to be transferred incoming early session.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request for transfer of an additional session, 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 feature-capability indicator as described in annex C of a Feature-Caps header field of the SIP response. If the SC UE is not aware of such CS call, the SC UE shall release or cancel the dialog established by SIP 1xx or 2xx response to the SIP INVITE request for transfer of an additional session.
