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----------------------------------------------- 1st change -----------------------------------------
3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP 3GPP TR 21.905 [1].
Dynamic STI: An STI dynamically assigned by the SCC AS, representing the SIP dialog identifier (Call-ID header field and the values of tags in To and From header fields) and used for session transfer request when Gm service control is available.

Additional transferred session SCC AS URI: A SIP URI which is a public service identity hosted by SCC AS and which is used during PS-CS access transfer with the MSC Server assisted mid-call feature.

Static STI: An STI configured in the SC UE either as a SIP URI or as an E.164 number in tel URI or SIP URI representation of tel URI. The static STI is used for CS-PS transfer when dynamic STI is unavailable.

Active audio media: SDP media component of audio media type which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.

Inactive audio media: SDP media component of audio media type which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

ATCF URI for originating requests: A URI of ATCF where the ATCF receives requests sent by the served UEs.

ATCF URI for terminating requests: A URI of ATCF where the ATCF receives requests targeted to the served UEs.

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.237 [9] apply:

Access Leg

Access Transfer Control Function (ATCF)

Access Transfer Gateway (ATGW)

Access Transfer Update - Session Transfer Identifier (ATU-STI)

Local Operating Environment
Remote Leg
Target Access Leg

Source Access Leg

Emergency Session Transfer Number for SR VCC (E-STN-SR)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.292 [4] apply:

CS call

CS media
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [12] apply:

Correlation MSISDN

IP Multimedia Routeing Number (IMRN)

Session Transfer Identifier (STI)

Session Transfer Number (STN)
Session Transfer Number for SR-VCC (STN-SR)
For the purposes of the present document, the following terms and definitions given in IETF RFC 5012 [16] apply:

Emergency service URN
For the purposes of the present document, the following terms and definitions given in IETF RFC 4353 [55] apply:

Conference


Focus

Participant
For the purposes of the present document, the following terms and definitions given in IETF RFC 3264 [58] apply:

Directionality

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [xx] apply:

ICS user
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

ATU-STI
Access Transfer Update - Session Transfer Identifier
EATF
Emergency Access Transfer Function

E-STN-SR
Emergency Session Transfer Number for SRVCC
E-SR-VCC
Emergency Single Radio Voice Call Continuity

C-MSISDN
Correlation MSISDN

IMRN
IP Multimedia Routing Number
SC
Service Continuity

SCC
Service Centralization and Continuity
SM
Session Management
SR-VCC
Single Radio VCC
SRVCC
Single Radio VCC
STI
Session Transfer Identifier

STN
Session Transfer Number

STN-SR
Session Transfer Number - Single Radio

----------------------------------------------- 2nd change -----------------------------------------

4.1
General

In general, IMS Service Continuity provides the capability of continuing ongoing communication sessions with multiple media across different access networks. The main need for such continuity arises because  user equipments (UEs) with multimedia capabilities can move across a multiplicity of different access networks.

NOTE:
The capability of continuing ongoing communication sessions as a collaboration between different user equipments (UEs) is described in 3GPP TS 24.337 [64].
The following procedures are provided within this document:

-
procedures for registration in IM CN subsystem are specified in clause 6;

-
procedures for call origination are specified in clause 7;

-
procedures for call termination are specified in clause 8;

-
procedures for PS-CS access transfer are specified in clause 9;

-
procedures for PS-PS access transfer are specified in clause 10;

-
procedures for PS-PS access transfer in conjunction with PS-CS access transfer are specified in clause 11;
-
procedures for PS-CS access transfer for Single Radio are specified in clause 12;
-
procedures for media adding/deleting for access transfer are specified in clause 13;

-
procedures for service continuity and MMTEL interactions are specified in clause 20.

For a UE or an AS not supporting ICS procedures, PS-CS access transfer procedures enable transfer of

-
one active full-duplex speech or speech/video session; and

-
up to one active and up to one inactive active full-duplex speech or speech/video session when the MSC Server assisted mid-call feature is supported.

----------------------------------------------- 3rd change -----------------------------------------

5.5
EATF

To be compliant with access transfer in this document, the EATF shall act as B2BUA and:
-
extract charging information as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.1.2;

-
identify the served user as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.1.3A.2;

-
map the message header fields from a SIP message received in one dialog to related SIP message sent in the correlated dialog managed by EATF as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.5.1;

-
pass signalling elements as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.5.1;

-
handle P-Charging-Vector header field as specified for an routeing AS in 3GPP TS 24.229 [2], subclause 5.7.5.1; and
-
implement the role of an EATF according to subclause 7.4 and subclause 12.5.

----------------------------------------------- 4th change -----------------------------------------

9.3.2
SCC AS procedures for PS to CS access transfer

This subclause does not apply to reception of a SIP INVITE request due to STI with CS media and other kind of media or without CS media.

When the SCC AS receives a SIP INVITE request due to STI with CS media only on the Target Access Leg, the SCC AS shall follow the procedures specified in subclause 10.3.2 with the following exceptions:

-
As the SIP INVITE request includes an active speech media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over Gm in 3GPP TS 24.292 [4] to send the PSI DN to the SC UE and wait for the SC UE to set up CS bearer before sending SIP re-INVITE to the remote end.

-
The SCC AS shall correlate the STI with the allocated PSI DN in order to identify the remote leg to be updated.

When the SCC AS receives SIP INVITE request due to static STN, the SCC AS shall associate the SIP INVITE request with an ongoing dialog supporting a session based on information associated with the received IMRN (as described in 3GPP TS 24.292 [4]) or based on information from the SIP History-Info header field or P-Asserted-Identity header field or Contact header field, and send a SIP re-INVITE request towards the remote UE using the existing established dialog. By an ongoing dialog supporting a session, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs supporting a session associated with the same SC UE may have been anchored when the SCC AS receives a SIP INVITE request due to static STN. This can occur in the event that the UE does not succeed in releasing all dialogs supporting a session with inactive audio media or if the UE applies the MSC Server assisted mid-call feature. The identification of the associated dialog is subject to the following conditions:

1.
if only one dialog supporting a session with active audio media exists for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent, then continue the session transfer with the dialog supporting a session with active audio media;

2.
if no dialogs supporting a session with active audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent and the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if more than one dialog supporting a session with active audio media exists for the user identified in the P-Asserted-Identity header field for which SIP 2xx responses have been sent, then the SCC AS shall perform session transfer procedures for the dialog that originates from the same device that initiated the received SIP INVITE request due to static STN. If more than one such dialogs exists from the same device, the SCC AS shall proceed with the next step in this list; and
NOTE 1:
Whether the dialog originates from the same UE as the received SIP INVITE request is determined based on local information and information related to the correlation MSISDN or the GRUU of the originating user as determined via registration procedures as defined in subclause 6.3.

4.
if more than one dialog supporting a session exists for the user identified in the P-Asserted-Identity header field and exactly one dialog supporting a session with active audio media exists and a SIP 2xx response has been sent for that dialog, then:

-
if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, then the SCC AS may release the dialogs supporting a session with inactive audio media and continue the session transfer procedures with the dialog supporting a session with active audio media; or
-
if the SCC AS is not able to identify one dialog for session transfer, then the SCC AS shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.
5.
if more than one dialog supporting a session with active audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for that dialog, then:

-
if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, the SCC AS may release all dialogs supporting a session with audio media of the user identified in the P-Asserted-Identity header field for which a SIP 2xx response has been sent except the one with the active audio media that was most recently made active and continue the session transfer procedures; or

-
if the SCC AS is not able to identify one dialog for session transfer, then the SCC AS shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.

Continuing the session transfer procedures, the SCC AS shall populate the SIP re-INVITE request as follows:

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

Upon receiving the SIP ACK request from the IM CN subsystem, then:
-
if the Source Access Leg contains only one audio media components the SCC AS shall initiate release of the Source Access Leg by sending a SIP BYE request toward the S-CSCF for sending to the served SC UE; or

-
If the Source Access Leg contains media components other than audio media component, the SCC AS should send a SIP re-INVITE request to update the Source Access Leg.
9.3.3
SCC AS procedures for CS to PS access transfer

When the SCC AS receives a SIP INVITE request due to STI on the Target Access Leg offering PS media only, the SCC AS shall follow the procedures specified in subclause 10.3.2.
When the SCC AS receives a SIP INVITE request due to static STI, the SCC AS shall associate the SIP INVITE request with an ongoing dialog supporting a session. By an ongoing dialog supporting a session, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs supporting a session associated with the same SC UE may have been anchored when the SCC AS receives a SIP INVITE request due to static STI. This can occur in the event that the UE does not succeed in releasing all dialogs supporting a session with inactive audio media or if the UE supports the MSC Server assisted mid-call feature, in which case the identification of the associated dialog is subject to the following conditions:

1.
if only one dialog supporting a session with active audio media exists for the user identified in the P-Asserted-Identity header field and a 2xx response has been sent, then continue the session transfer procedures;

2.
if no dialogs supporting a session with active audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent and the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.4, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if more than one dialog supporting a session exists for the user identified in the P-Asserted-Identity header field and exactly one dialog supporting a session with active audio media and a SIP 2xx response has been sent for that dialog, then:

A.
if the remaining dialogs support a session with inactive audio media and the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.4, then the SCC AS may release the dialogs supporting a session with inactive audio media and continue the session transfer procedures with the dialog supporting a session with active audio media; and

4.
if the SCC AS is not able to identify one dialog for session transfer, then the SCC AS shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.
Continuing the session transfer procedures, the SCC AS sends a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS shall populate the SIP re-INVITE request as follows:

1)
set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog with the remote UE; and

2)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to the static STI, by following the rules of 3GPP TS 24.229 [2].

Upon receiving the SIP ACK request originated from the UE, the SCC AS shall initiate release of the Source Access Leg by sending a SIP BYE request over the Source Access Leg.
If, subsequent to initiating the SIP re-INVITE request to the remote UE, and prior to the SIP ACK request originated from the UE being received from the IM CN subsystem for the Source Access Leg, the SCC AS decides (for any reason) to reject the session transfer request back to the UE (e.g. by sending a SIP 4xx response), the SCC AS shall release the target access leg and maintain the Source Access Leg.
----------------------------------------------- 5th change -----------------------------------------

9.4
MSC server enhanced for ICS
9.4.0
General
If the MSC server enhanced for ICS has registered for the user, it shall apply the procedures as specified in 3GPP TS 29.292 [18].

If the MSC server enhanced for ICS supports the MSC server assisted mid-call feature, it shall apply the procedures specified in subclause 9.5 and subclause 9.6.
----------------------------------------------- 6th change -----------------------------------------
10.3.4
S-CSCF releasing the Source Access Leg during PS to PS access transfer

When SCC AS receives a SIP BYE request on an existing dialog on the Source Access Leg with the status code 480 (Temporarily Unavailable) in a Reason header field indicating that this dialog was released by the S-CSCF, the SCC AS shall delay the release of the dialog toward the the remote UE and retaining the information pertaining to the dialog on the Source Access Leg for a specific time interval. If the SCC AS: 
a)
receives within this time interval an initial INVITE request (i.e. on the Targer Access Leg) indicating that this dialog is replacing the dialog on the Source Access Leg, then the SCC AS shall not initiate the release of the dialog toward the the remote UE; or

NOTE 1:
By retaining the information pertaining to the dialog on the Source Access Leg, and upon receiving an initial INVITE request (i.e. on the Targer Access Leg), the SCC AS will be able to identify the dialog on the Source Access Leg and the associated dialog toward the the remote UE.

b)
does not receive within this time interval an initial INVITE request (i.e. on the Targer Access Leg) indicating that this dialog is replacing the dialog on the Source Access Leg, then the SCC AS shall initiate the release of the dialog toward the the remote UE and delete the information pertaining to the dialog on the Source Access Leg.

NOTE 2:
The time interval is defined by the operator policy. The value of 8 seconds is an appropriate value for the time interval.

NOTE 3:
When the UE, prior to sending the initial INVITE request on the Target Access Leg, registers new contact address and either uses the multiple registrations where new flow on the Target Access Leg replaces an old flow on the Source Access Leg or does not uses the multiple registrations, the S-CSCF will terminate all dialogs associated with the old constant address or old flow, as specified in 24.229. By retaining the information pertaining to the dialog on the Source Access Leg, the SCC AS knows which dialog is being replaced.
----------------------------------------------- 7th change -----------------------------------------
11.2.1.2
SC UE procedures for PS to PS+CS access transfer using ICS

This subclause applies for IMS sessions containing not only speech media component, otherwise subclause 9.2.1 applies.

If SC using ICS 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 with the following exceptions:

-
The SC UE shall indicate in the SIP INVITE request that the speech media is using CS bearer with its corresponding media description.

-
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.

-
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.

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 SCC AS 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.

----------------------------------------------- 8th change -----------------------------------------
11.3.2
SCC AS procedures for PS to PS+CS access transfer

This subclause does not apply to reception of a SIP INVITE request due to STI with a CS media.

When the SCC AS receives a SIP INVITE request due to STI with PS and CS media on the Target Access Leg, the SCC AS shall follow the PS-PS Access Transfer procedures specified in subclause 10.3.2. with the following exceptions:

If the SIP INVITE request includes an active speech media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over Gm in 3GPP TS 24.292 [4] to send the PSI DN to the SC UE and wait for the SC UE to set up CS bearer before sending re-INVITE to the remote UE.

-
The SCC AS shall correlate the STI with the allocated PSI DN in order to identify the remote leg to be updated.

-
If service control over Gm is retained on the Source Access Leg, and the SCC AS receives a re-INVITE request indicating CS bearer on an existing session, the SCC AS shall follow procedures as described in 3GPP TS 24.292 [4] subclause 8.4.2 to send the PSI DN to the SC UE and wait for the SC UE to set up CS bearer before sending re-INVITE to the remote end.

-
The SCC AS shall include a new SDP offer in the re-INVITE request, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

-
the media characteristics as received in the SIP INVITE request due to STI with PS+CS media received on the Target Access Leg for media streams whose port is not set to zero; and

-
the media characteristics as received in the SIP re-INVITE request for media streams whose port is not set to zero.

When the SCC AS receives a SIP INVITE request due to static STN on the Target Access Leg, the SCC AS shall follow the PS-CS Access Transfer procedures specified in subclause 9.3.2. However, as the Source Access Leg contains media components other than speech component, the SCC AS does not initiate release for Source Access Leg.
----------------------------------------------- 9th change -----------------------------------------
12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC

If 

1.
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 static STN, 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 inactive session transfer request has not been received within a time given by local policy after the reception of the SIP INVITE request due to static STN;

2.
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 static STN 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

3.
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 static STN;

then SCC AS shall apply the MSC Server assisted mid-call feature as described in subclause 9.3.2A with the following differences:

1.
the SCC AS shall release all the superfluous audio sessions; and
2.
the SCC AS does not initiate release for Source Access Leg of the associated SIP dialogs but remove speech media flow for these dialogs.
Removing speech media flow for SIP dialogs, the SCC AS shall:

-
if the speech media flow was the only media flow in the SIP dialogs, release the Source Access Leg as specified in 3GPP TS 24.229 [2]; or
-
if the SIP dialogs contains other media flows than the speech flow, modify the Source Access Leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
If the SCC AS also supports SRVCC for calls in alerting phase then after finishing the procedures of this subclause, the SCC AS shall perform the procedures in subclause 12.3.4.
----------------------------------------------- 10th change -----------------------------------------
12.3.3.1
SR-VCC cancelled by MME/SGSN or failure by UE to transition to CS domain for ongoing session

When the SCC AS receives a SIP re-INVITE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" on 

-
the original Source Access Leg; or 

-
the original Source Access Leg of the additional transferred session if the SCC AS applies the MSC Server assisted mid-call feature;

after having initiated an access transfer that was triggered by a SIP INVITE request due to STN-SR and the SIP INVITE request due to STN-SR transaction is not yet completed then the SCC AS shall wait until this transaction has completed and then continue with the steps described below.

When the SCC AS receives a SIP re-INVITE request(s) containing protocol "SIP" and reason parameter "cause" with value "487" after having performed an access transfer that was triggered by a SIP INVITE request due to STN-SR, then the SCC AS shall:

1)
not release the original access leg once the expiration of the timer described in subclause 12.3.1; and

2)
treat the SIP re-INVITE request(s) as per procedures for removing and adding media as described in subclause 13.3.1.

NOTE: 
The SCC AS assigns an operator specific timer to delay the release of the Source Access Leg for SR-VCC access transfer.

When the SCC AS receives a SIP response to the SIP re-INVITE request indicating success in removing all media components from a dialog that was created due to the SIP INVITE request due to STN-SR then the SCC AS shall send a SIP BYE request on this dialog, by following the rules of 3GPP TS 24.229 [2].
12.3.3.1A
SR-VCC cancelled by MME/SGSN or failure by UE to transition to CS domain for session in early dialog state

If the SCC AS applies the procedures for access transfer for calls in alerting state (as specified in subclause 12.4.3.1), then when the SCC AS receives a SIP UPDATE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" on:

-
the original Source Access Leg; or

-
the original Source Access Leg of the additional transferred session if the SCC AS applies the MSC Server assisted mid-call feature;

after having initiated an access transfer that was triggered by a SIP INVITE request due to STN-SR for a session which is still in early dialog state the SCC AS shall:

1)
not release the original access leg after the expiration of the timer described in subclause 12.3.1;

2)
treat the SIP UPDATE request(s) as per procedures for removing and adding media as described in subclause 13.3.1; and

When the SCC AS receives a SIP 200 (OK) response to the SIP UPDATE request, then the SCC AS shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to STN-SR.
If the SCC AS has received a SIP 200 (OK) response from the SC UE prior to receiving the SIP UPDATE request from the SC UE, then on receipt of the SIP 200 (OK) response to the SIP UPDATE request sent to the remote UE, the SCC AS shall send a SIP 200 (OK) response to the remote UE. Upon receiving the SIP ACK request from the remote UE, the SCC AS shall send a SIP ACK request to the SC UE.

12.3.3.2
P-CSCF releasing the Source Access Leg during SR-VCC

When SCC AS receives a SIP BYE request on the Source Access Leg with the Reason header field containing a SIP 503 (Service Unavailable) response code then:
-
if the SCC AS receives a SIP INVITE request due to STN-SR within a time defined by the operator policy after the SIP BYE request reception, then the SCC AS shall not initiate release of the Remote Leg; and

-
if the SCC AS does not receive a SIP INVITE request due to STN-SR within a time defined by the operator policy after the SIP BYE request reception then the SCC AS shall initiate release of the Remote Leg.

NOTE:
8 seconds is an appropriate value for the operator policy.

----------------------------------------------- 11th 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 SCC AS applies procedures for access transfer for calls in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog supporting a session for the user identified in the P-Asserted-Identity header field.

If the session is a terminating session in early dialog state 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 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 XML body compliant to the XML schema specified in the annex F.1.2 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. 

Editor's Note: [TEI10] Further study is required whether error procedures need to be described. This may be required for cases where the SIP INFO request is not received, or for cases were the INFO request contains a malformed body. Other error scenrios are INFO request received but not expected.

Upon receiving the SIP ACK request from the IM CN subsystem, then 

1)
if the SCC AS had previously received a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE, the SCC AS shall send a SIP ACK request to the SC UE; and

NOTE 1:
The condition above covers the case where the UE answers the call in the PS domain prior to the completion of the handover to the CS domain, whilst the SCC AS is applying the PS to CS access transfer procedure specified above, 

2)
if the Source Access Leg contains only one audio media components, the SCC AS shall initiate release of the Source Access Leg by sending a SIP CANCEL request toward the S-CSCF for sending to the served SC UE. The SCC AS shall send the SIP CANCEL request only after an operator specific timer has expired.

NOTE 2:
Delaying the SIP CANCEL request 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.
If the SCC AS receives a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE whilst the SCC AS is applying the PS to CS access transfer procedure specified above, the SCC AS does not confirm reception of the SIP 200 (OK) response with a SIP ACK request and performs no actions on dialogs with the remote party and with the MSC server.
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase using SRVCC procedure

When the SCC AS applies procedures for access transfer for an originating call in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog or early dialogs related to the originating call for the user identified in the P-Asserted-Identity header field.

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 established 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 established 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".

Upon receiving the SIP ACK request from the IM CN subsystem, and if the Source Access Leg contains only one audio media components initiate release of the Source Access Leg by sending a 404 (Not Found) response toward the S-CSCF for sending to the served SC UE. The SCC AS shall send the SIP 404 (Not Found) response only after an operator specific timer has expired.

NOTE:
Delaying the SIP 404 (Not Found) 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.
----------------------------------------------- 12th change -----------------------------------------
12.5.1
EATF procedures for PS to CS session continuity, E-SR-VCC

The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality for E-SR-VCC:

1.
SIP INVITE request routed to the EATF due to E-STN-SR in the Request-URI. In the procedures below, such requests are known as "SIP INVITE requests due to E-STN-SR".

NOTE:
The same E-STN-SR is used for all the emergency session access transfers within one PLMN.

Other initial SIP requests can be dealt with in any manner conformant with 3GPP TS 24.229 [2].

When the EATF receives a SIP INVITE request due to E-STN-SR on the Target Access Leg, the EATF shall: 

1.
associate the SIP INVITE request due to E-STN-SR with a Source Access Leg, i.e. an existing SIP session anchored at the EATF with the instance-id media feature tag provided by the SC UE in the Contact header field at session establishment equal to the instance-id media feature tag included in the Contact header field of the received SIP INVITE request. If no Source Access Leg exists or if multiple Source Access Legs exist, then the EATF shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to E-STN-SR; and

2.
originate session modification as described in 3GPP TS 24.229 [2] towards the remote UE with a new SDP offer with media characteristics as received in the SIP INVITE request due to E-STN-SR.

Upon receiving the SIP ACK request from the Target Access Leg, the EATF shall release the source access leg as described in 3GPP TS 24.229 [2].

----------------------------------------------- 13th change -----------------------------------------
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 SC using ICS is enabled then if 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 UE 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

-
if SC using ICS is enabled, follow the procedures defined in 3GPP TS 24.292 [4] for adding or removing CS media to the session.

----------------------------------------------- 14th change -----------------------------------------
13.3.1
Adding or removing media through Gm

If the SCC AS receives a SIP re-INVITE request or a SIP UPDATE request from the SC UE, in which already existing media components of the session are transferred from a Source Access Leg to an already existing target access leg (i.e. the target access leg was already established due to partial session transfer), the SCC AS shall update the remote UE using the session transfer procedures defined in subclause 10.3.2.
NOTE:
The SC UE indicates that media is switched from the Source Access Leg to the target access leg by using the procedures defined in 3GPP TS 24.229 [2] for adding / removing PS media, i.e. the related connection and port information of the transferred media component within the SDP is changed from the Source Access Leg to the target access leg.

If the SCC AS receives a SIP re-INVITE request or a SIP UPDATE request from the SC UE or remote UE to add/remove new media components, to an existing access leg of the session established using Gm, the SCC AS 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.

----------------------------------------------- 15th change -----------------------------------------
20.1
Roles for access transfer and supplementary services interaction

----------------------------------------------- End change ---------------------------------------
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