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<<Begin Change 1>>
4.3
URI and address assignments

In order to support SC to a subscriber, the following URI and address assignments are assumed:

a)
in this version of the document, the SC UE for access transfer will be configured with both a static STI and a static STN. The static STI is used by the SC UE to perform CS to PS access transfer when no dynamically assigned STI is provided to the UE over the CS domain (e.g. when the SC UE does not support ICS capabilities). The static STN is used by the SC UE to perform PS to CS access transfer when no service control signalling path as specified in 3GPP TS 24.292 [4] is available. 
b)
the SC UE will be configured to be reachable in both the IM CN subsystem and the CS domain by one or more public telecommunication numbers which should be correlated between the CS domain and IM CN subsystem. Either:

-
this public telecommunication number can be the DN (e.g. MSISDN) used in the CS domain and (in international form) comprise part of the implicit registration set associated with that SC UE in the IM CN subsystem; or 
-
the SCC AS can be configured to provide a functional relationship between separate numbers providing each of these identities in the CS domain and the IM CN subsystem, respectively.
-
the communication continuity MO SC_Domain leaf node (see 3GPP TS 24.216 [5]) shall be provisioned with the home network domain name for the IMS network supporting IMS service continuity in the format stored on the ISIM or derived from the (U)SIM of the subscriber as defined in 3GPP TS 23.003 [4].
<<End Change 1>>
<<Begin Change 2>>
6
Roles for registration in the IM CN subsystem for service continuity
6.1
Introduction

A 3rd-party registration shall be performed via the ISC interface for the SCC AS.
6.2
SC UE
Prior to performing IMS registration the SC UE shall check that the communication continuity MO SC_Enabled leaf node (see 3GPP TS 24.216 [5]) is set to enabled and that the SC_Domain leaf node contains the same domain name as the home network domain used to address the SIP REGISTER request as specified in 3GPP TS 24.229 [11]. If both of these conditions are valid then IMS service continuity is enabled for this SC UE; otherwise IMS service continuity is disabled for this SC UE and the SC UE shall perform as .in 3GPP TS 24.229 [11] and in 3GPP TS 24.008 [7].
The SC UE shall follow the procedures specified in 3GPP TS 24.229 [2] for registration of the UE in the IM CN subsystem.
If IMS service continuity is enabled then prior to making use of IMS ICS procedures, the SC UE shall follow the procedures specified in 3GPP TS 24.292 [4] for registration of the ICS UE in the IM CN subsystem.
<<End Change 2>>
<<Begin Change 3>>
7
Roles for call origination for service continuity
7.1
Introduction
This clause specifies the procedures for call origination, both where the SC UE is generating calls in the CS domain and where the SC UE is generating calls using the IM CN subsystem. Procedures are specified for the SC UE, the SCC AS and the E-SCC AS.
7.2
SC UE
If IMS service continuity is enabled then the SC UE shall support origination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2]. If the SC UE supports the MSC server assisted mid-call feature, the SC UE shall include the media feature tag as described in annex C in the Contact header field of the SIP INVITE request.
The SCC UE shall support origination of calls in the CS domain as specified in 3GPP TS 24.008 [8].
The procedures for call origination where the SC UE is initiating calls using CS media are identical to that for ICS UE specified in 3GPP TS 24.292 [4].
<<End Change 3>>
<<Begin Change 4>>
9
Roles for PS-CS access transfer
9.1
Introduction

For a UE or an AS not supporting ICS procedures, PS-CS access transfer is only possible when IMS service continuity is enabled and the UE is active in a single full-duplex speech or speech/video session i.e. support of session transfer with more than one sessions or with non voice media is not provided.
9.2
SC UE
9.2.1
SC UE procedures for PS to CS access transfer
The SC UE may be engaged in one or more ongoing IMS sessions at the time of initiating access transfer. By an ongoing IMS session, it is meant a session for which the 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

If IMS service continuity is enabled then if the SC UE is using Gm, then for each session to be transferred and starting with the active session, the SC UE shall send a SIP INVITE request to the SCC AS according to the ICS UE using Gm procedures for call origination as specified in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transferwith full media transfer in subclause 10.2.1.

If the SC UE is not using ICS capabilities and if the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 9.2.1A, then access transfer is only possible when the UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing full-duplex speech sessions except the session with active full-duplex speech component that was most recently made active and then the SC UE shall transfer the remaining ongoing active full-duplex speech session.
When transferring the session(s) not using ICS capabilities, the SC UE shall send, to the SCC AS, a message (e.g. CC_SETUP as specified in 3GPP TS 24.008 [8]) to set up a call over the CS domain. When sending CC_SETUP, the SC UE shall populate the CC_SETUP as follows: 
1)
the called party BCD number information element set to the static STN.
If the SC UE receives a release message to the CC SETUP message sent, then PS-CS acccess transfer has not completed successfully and the call will continue in the Source Access Leg.
<<End Change 4>>
<<Begin Change 5>>
9.2.2
SC UE procedures for CS to PS access transfer
The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session, it is meant a CS call for which the CS call setup procedure is complete, e.g. CC CONNECT message has been sent or received as described in 3GPP TS 24.008 [8] or a call for which the 2xx response for the initial SIP INVITE request to establish this session has been sent or received. 
If IMS service continuity is enabled then if not already IMS registered, the SC UE shall follow the procedures specified in subclause 6.2 to perform IMS registration over the Target Access Leg before performing CS to PS access transfer.

If IMS service continuity is enabled then if the original sessions are established using ICS capabilities, then for each session to be transferred and starting with the active session, the SC UE shall send a SIP INVITE request to the SCC AS in accordance with the UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transfer with full media transfer in subclause 10.2.1.
If the original sessions are not established using ICS capabilities, then access transfer is only possible when IMS service continuity is enabled, the SC UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing sessions that are currently not active. When transferring the active session, the SC UE shall send a SIP INVITE request to the SCC AS in accordance with the UE procedures specified in 3GPP TS 24.229 [2] . The SC UE shall populate the SIP INVITE request as access transferfollows:

1)
the Request-URI set to the static STI; and

2)
include in the Contact header field a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2], if a GRUU was received at registration.

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, then session transfer has not occurred and the call will continue in the CS domain.

When the SC UE receives a CS call release message, e.g. CC DISCONNECT message as specified in 3GPP TS 24.008 [8], from the network, the SC UE shall comply with network initiated call release procedures to release the CS bearer. When CC_DISCONNECT message is received, the SC UE shall comply with the network initiated call release procedures as specified in 3GPP TS 24.008 [8].
<<End Change 5>>
<<Begin Change 6>>
10
Roles for PS-PS access transfer
10.1
Introduction

This clause specifies the procedures for PS-PS access transfer for both full media transfer case and partial media transfer case. Procedures are specified for the SC UE and the SCC AS.
10.2
SC UE
The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

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 PS-PS 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 IMS service continuity is enabled then 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 and;

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;

-
"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.
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.
The SC UE shall follow the procedures specified in subclause 6.1 to perform IMS registration over the Target Access Leg before performing PS-PS access transfer.
10.2.1
Full session transfer
IMS service continuity is enabled then to initiate PS-PS access transfer for a session, the SC UE shall send a SIP INVITE request over the Target Access Leg in accordance with UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

1.
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over the Source Access Leg;
2.
include in the Contact header field:

A
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at registration; and

B
 the media feature tag g.3gpp.ics set to "principal" as specified in annex B of 3GPP TS 24.292 [4];
3.
select one of the following options:

A.
if usage of SIP Replaces extension is selected:

a.
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the session to be transferred; and
b.
the Require header field populated with the option tag value "replaces";

B.
if usage of SIP Target-Dialog extension is selected:

a.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session to be transferred; and

b.
the Require header field populated with the option tag value "tdialog"; and
4.
the SDP payload set for the media component(s) to be transferred, in accordance with the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines, each corresponding to one of the media components in the original session, unless media components need to be added. Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session. 

A-
If the SC UE determines to remove a media component during the transfer, then the media line for this media component shall include a port number with value zero; and

B-
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component at the end of the SDP.
NOTE:
If an SC UE is an ICS UE with an ongoing session using CS bearer and Gm reference point for service control signalling, the SC UE can perform an access transfer of the service control signalling from the current IP-CAN to a new IP‑CAN with the same capabilities (i.e. supporting CS and PS bearers, simultaneously) while retaining the media component in the CS access network by including the description of audio/video media over a circuit switched bearer in the SDP of the access transfer request, so that service continuity of the session is maintained.
Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK request, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-PS access transfer has not completed successfully and the call will continue in the Source Access Leg.
10.2.1A
Additional procedures for full session transfer when MSC server assisted mid-call feature is supported
In addition to the procedures described in subclause 10.2.1, if the SC UE supports the MSC Server assisted mid-call feature, the SC UE shall include in the Contact header field of the SIP INVITE request the media feature-tag as described in annex C.
10.2.2
Partial session transfer

IMS service continuity is enabled then to initiate PS-PS access transfer for a session, the SC UE shall send a SIP INVITE request over the Target Access Leg in accordance with UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

1.
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over the Source Access Leg;
2.
include in the Contact header field:

A.
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at registration; and

B.
 the media feature tag g.3gpp.ics set to "principal" as specified in annex B of 3GPP TS 24.292 [4] ;
3.
the Require header with the option tag “tdialog” included;
4.
the Target-Dialog header populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session to be transferred; and
5.
the SDP payload set for the media component(s) to be transferred, in accordance with  the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines in the same order, each corresponding to one of the media components in the original session, unless media components need to be added during the session transfer. Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session.

A.
If the SC UE determines to keep the media component on the Source Access Leg, then the media line for this media component shall include a port number with value zero; and

B.
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component at the end of the SDP.

NOTE:
If an SC UE is an ICS UE with an ongoing session using CS bearer and Gm reference point for service control signalling, the SC UE can perform an access transfer of the service control signalling from the current IP-CAN to a new IP‑CAN with the same capabilities (i.e. supporting CS and PS bearers, simultaneously) while retaining the media component in the CS access network by including the description of audio/video media over a circuit switched bearer in the SDP of the access transfer request, so that service continuity of the session is maintained.
Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK request, the SC UE shall send a SIP re-INVITE request to the SCC AS over the Source Access Leg to update the original session. The SC UE shall populate the SIP re-INVITE request as follows:
1.
the SDP payload set for all the media component(s) within the original session, in accordance with the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The port number for a media component shall be set to zero if that media component has been transferred to the Target Access Leg or has to be removed.

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-PS access transfer has not completed successfully and the call will continue in the Source Access Leg.
<<End Change 6>>
<<Begin Change 7>>
11
Roles for PS-PS access transfer in conjunction with PS-CS access transfer
11.1
Introduction

This clause specifies the procedures for PS-PS access transfer in conjunction with PS-CS access transfer. Procedures are specified for the SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-PS access transfer with a remote end in conjunction with PS-CS access transfer with the same remote end is only possible when the UE is active in a single CS session with full-duplex speech with the remote end i.e. support of session transfer with more than one session containing full-duplex speech component is not provided.
11.2
SC UE
11.2.1
SC UE procedures for PS to PS+CS access transfer
11.2.1.1
General

The SC UE may be engaged in one or more ongoing IMS sessions before performing access transfer. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

11.2.1.2
SC UE procedures for PS to PS+CS access transfer using ICS

If IMS service continuity is enabled then if the SC UE is using Gm, then for each session to be transferred and starting with the session with active full-duplex speech component, the SC UE shall send a SIP INVITE request to the SCC AS as specified for call origination for ICS UE using Gm in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transfer with full media transfer in subclause 10.2.1. The SC UE shall indicate in the SIP INVITE request that the speech media is using CS bearer. When sending the SIP INVITE request for the sessions with inactive full-duplex speech component and if precondition is used, the SC UE shall indicate that the related local preconditions for the speech component are met.
If service control over Gm for the CS bearer is retained on the source access leg, the SC UE shall:

-
send an SIP INVITE request as specified for partial session transfer in subclause 10.2.2. indicating transfer of non-speech media to the target access leg; and

-
send a SIP re-INVITE request over the source access leg indicating that the speech media is to be transferred to a CS bearer as described in 3GPP TS 24.292 [4] subclause 8.2.2.2. If other media components are retained or added on the source access leg, then these are included in the SDP offer.
For the session with active full-duplex speech component, upon receiving the PSI DN from the SCC AS, the SC UE shall follow the procedures for call origination for ICS UE using Gm in 3GPP TS 24.292 [4] to set up the CS bearer.

11.2.1.3
SC UE procedures for PS to PS+CS access transfer not using ICS 

If the SC UE is not using ICS capabilities, then access transfer is only possible when IMS service continuity is enabled, the UE is active in a single session with full-duplex speech media component. For the non-speech components to be transferred to the PS Target Access Leg, the SC UE shall send a SIP INVITE request to the SCC AS as specified for PS-PS access transfer with partial media transfer in subclause 10.2.1. For the speech component to be transferred to the CS Target Access leg, the SC UE shall send to the SCC AS a CS call setup message, e.g., CC_SETUP as specified in 3GPP TS 24.008 [8]. When sending the CC_SETUP, the SC UE shall populate the CC_SETUP as follows: 
1)
the called party BCD number information element set to the STN.

Upon receiving the SIP 2xx response from the SCC AS for the PS Target Access Leg and sending SIP ACK request and upon receiving CS call setup confirmation message, e.g. CC_CONNECT message, for the CS Target Access Leg, the SC UE shall send a SIP BYE request to terminate the Source Access Leg, following the procedures specified in 3GPP TS 24.229 [2]. 

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request for the PS Target Access leg and receives CS call setup failure message for the CS Target Access Leg, then session transfer has not occurred and the call will continue in the original domains.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request for the PS Target Access Leg and receives CS call setup confirmation message for the CS Target Access Leg, then the session transfer is only successful for part of the media components. The SC UE shall update the Source Access leg by following the procedures specified for PS-PS access transfer with partial media transfer in subclause 10.2.2 to indicate that all media components other than the speech component are still maintained on the Source Access Leg.

If the SC UE receives CS call setup failure message for the CS Target Access Leg but receives a SIP 2xx response for the PS Target Access Leg, then the session transfer is only successful for part of the media components. Upon sending SIP ACK request, the SC UE shall update the Source Access leg by following the procedures specified for PS-PS access transfer with partial media transfer in subclause 10.2.2 to indicate that the speech component is still maintained on the Source Access Leg.

11.2.2
SC UE procedures for PS+CS to PS access transfer
11.2.2.1
General

The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session, it is meant a CS call for which the CC CONNECT message has been sent or received or a call for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received. 
If IMS service continuity is enabled then if not already registered over the PS Target Access Leg, the SC UE shall follow the procedures specified in subclause 6.2 to perform IM CN subsystem registration over the Target Access Leg before performing PS/CS to PS access transfer.

11.2.2.2
SC UE procedures for PS+CS to PS access transfer using ICS
If IMS service continuity is enabled then if the original sessions are established using ICS capabilities, then for each session to be transferred and starting with the session with active full-duplex speech media component, the SC UE shall send a SIP INVITE request to the SCC AS in accordance with the UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transfer with full media transfer in subclause 10.2.1. The SC UE shall indicate in the SIP INVITE request that the speech media component is using PS media.

Upon receiving SIP BYE request for the Source Access Leg, the SC UE shall follow the ICS using Gm procedures specified in 3GPP TS 24.292 [4] to release the session. The SC UE also releases the associated CS bearer if no other sessions depend on the CS bearer.

11.2.2.3
SC UE procedures for PS+CS to PS access transfer not using ICS
If the original sessions are not established using ICS capabilities, then access transfer is only possible when IMS service continuity is enabled, the SC UE has a single session with active full-duplex speech media component. The SC UE shall send a SIP INVITE request to the SCC AS in accordance with the UE procedures specified in 3GPP TS 24.229 [2] . 

If IMS service continuity is enabled then the SC UE shall populate the SIP INVITE request as follows:

-
the Request-URI set to static STI;
-
the Require header field including "replaces" option tag;
-
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the session to be transferred on the PS Source Access Leg; and

-
the SDP payload set for the media component(s) to be transferred, in accordance the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain media components in the following order:

1)
The same number of media lines, each corresponding to one of the media components in the session on the PS Source Access Leg; Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session. If the SC UE determines to remove a media component during the transfer, then the media line for this media component shall include a port number with value zero; 
2)
One speech media component to be transferred, corresponding to the speech media component in the session on the CS Source Access Leg; and
3)
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, then session transfer has not occurred and the call will continue in the original domains.
<<End Change 7>>
<<Begin Change 8>>
12
Roles for PS-CS access transfer, Single Radio
12.1
Introduction

This clause specifies the procedures for PS-CS access transfer in Single Radio VCC. Procedures are specified for the SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-CS access transfer in SR-VCC is only possible when IMS service continuity is enabled,  the UE is active in a single session with full-duplex speech i.e. support of session transfer with more than one session containing full-duplex speech component is not provided.
12.2
SC UE procedures for PS to CS access transfer, SR-VCC

12.2.1
General

The SC UE may be engaged in one or more ongoing IMS sessions before SR-VCC access transfer is performed. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

12.2.2
ICS-based

If:

-
IMS service continuity is enabled;

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

-
the SC UE is using ICS capabilities; and

-
SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

the SC UE, in order to add Gm control for the newly established CS session, shall: 

-
send a SIP re-INVITE request for each speech session to be transferred, starting with the session with active full-duplex speech component that was most recently made active; and

-
within the SDP offer indicate the media line for all active and held audio streams as an audio stream over circuit switched bearer in accordance with 3GPP TS 24.292 [4]. If the precondition mechanism is used, the SC UE shall indicate the related local preconditions as met.

NOTE:
Within SR-VCC the handover is performed on PS level. Due to this, the SIP dialog established over the source PS access network stays the same after SR-VCC procedures, e.g. the IP address of the UE, the Call-ID, the P-CSCF do not change. Therefore in this case a re-INVITE needs to be sent to add ICS-control for the CS bearer. 

12.2.3
Not based on ICS

After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if IMS service continuity is enabled then if the SC UE is not using ICS capabilities and the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 12.2.3A, the SC UE shall replace the most recently active PS audio session with the newly established CS voice call.

NOTE: 
In the case when ICS is not supported or used and the SC UE does not apply the MSC Server assisted mid-call feature, only the most recently active audio call is transferred from PS to CS audio.

If:

-
IMS service continuity is enabled;

-
the Gm reference point is retained upon PS handover; 

-
the SC UE is not using ICS capabilities; and

-
SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

the SC UE shall:

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

-
indicate in the SDP offer the full-duplex speech media as removed.

<<End Change 8>>
<<Begin Change 9>>
13
Roles for media adding/deleting for access transfer
13.1
Introduction

This clause specifies the procedures for adding or deleting media to an existing multimedia session. Procedures are specified for the SC UE and the SCC AS.
13.2
SC UE
13.2.1
Adding or removing media through Gm
If the SC UE wants to add or remove media components to a session that was previously established using Gm reference point, the SC UE shall follow the procedures defined in 3GPP TS 24.229 [2] for adding/removing PS media.

If the SC UE wants to transfer media components from the source access leg to an existing target access leg (i.e the access legs were previously established due to the partial session transfer) using Gm reference point, the SC UE shall:

1.
add the media components to the target access leg; and
2.
remove those media components from the source access leg,

by using procedures defined in 3GPP TS 24.229 [2] for adding/removing PS media. 

If IMS service continuity is enabled then the SC UE wants to add or remove CS media components to a session, it shall follow the procedures defined in 3GPP TS 24.292 [4].

If the SC UE receives a SIP re-INVITE request or a SIP UPDATE request from the remote end to add or remove media components to a session that was previously established using Gm, the SC UE shall follow the procedures defined in 3GPP TS 24.229 [2] for adding or removing PS media and shall follow the procedures defined in 3GPP TS 24.292 [4] for adding or removing CS media to the session.

13.2.2
Adding Gm control to existing CS session

The SC UE shall add Gm control to an existing CS session only when IMS service continuity is enabled and there is a single full-duplex speech session over CS. If there is more than one full-duplex speech session, the SC UE shall release all the ongoing sessions that are not currently active before attempting the procedures described in this section.
If IMS service continuity is enabled then if the SC UE wants to add Gm control to an existing CS session that was established without Gm, after registering with the IM CN subsystem, the SC UE shall send an initial SIP INVITE request over the PS access in accordance with 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

-
set the Request-URI to the static STI; and

-
set the SDP payload, in accordance with the procedures defined in 3GPP TS 24.292 [4], proposing an audio stream over a circuit switched bearer. The SC UE can optionally include additional PS media to the SDP in accordance to the procedures defined in 3GPP TS 24.229 [2].

Upon receiving a SIP 200 (OK) response, the SC UE shall treat the ongoing CS call as established using Gm and shall follow the "ICS UE using Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.

If the SC UE receives a new SIP INVITE request containing an audio stream over a circuit-switched bearer in the SDP and the PSI DN matches the B-party number of the ongoing CS call that was established without Gm, the SC UE shall:

-
respond to the SIP INVITE request in accordance with the procedures defined in 3GPP TS 24.292 [4]; and

-
treat the ongoing CS call as established using Gm and shall follow the "ICS UE using Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.
<<End Change 9>>
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