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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 speech media component: speech media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.

Inactive speech media component: speech media component which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

Active video media component: video media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.
Inactive video media component: video media component 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 the ATCF where the ATCF receives requests sent by the served UEs.

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

ATCF management URI: A URI hosted by the ATCF where the ATCF performing the role of a UAS receives SIP requests for ATCF management (e.g. SIP MESSAGE requests containing the PS to CS SRVCC related information). The ATCF management URI is routable via the I-CSCF in the network where the ATCF is located using the same routing mechanism as used for Public Service Identities hosted by an AS.

PS to CS SRVCC-related information: Information required by the ATCF to perform PS to CS SRVCC transfer. It is provided in the MIME body as defined in annex D.3.

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 23.218 [67] apply:

Initial filter criteria

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [15] apply:

Policy and Charging Rule Function (PCRF)

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

Conference URI

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 [63] apply:

ICS user
------------------------------------------- 2nd change----------------------------------------------
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].

EATF
Emergency Access Transfer Function

E-STN-SR
Emergency Call Session Transfer Number – Single Radio
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
SRVCC
Single Radio Voice Call Continuity
STI
Session Transfer Identifier

STN
Session Transfer Number

STN-SR
Session Transfer Number - Single Radio

vSRVCC
Single Radio Video Call Continuity
------------------------------------------- 3rd change----------------------------------------------
4.2.2
PS-CS session continuity, Single Radio

In order to allow for PS-CS session continuity, Single Radio, SRVCC procedures assume that filter criteria causes all sessions subject to PS to CS SRVCC to be anchored in an SCC AS as described in 3GPP TS 23.216 [15]).

Configuration of QoS assignment for PS to CS SRVCC as defined in 3GPP TS 23.203 [65] and 3GPP TS 23.107 [66] need to be aligned with the initial filter criteria and SCC AS determination that a session is subject to SR-VCC as defined in 3GPP TS 23.216 [15]).
In order to allow for PS-CS session continuity, Single Radio, vSRVCC procedures assume that filter criteria causes all sessions subject to vSRVCC to be anchored in an SCC AS as described in 3GPP TS 23.216 [15]).

Configuration of QoS assignment for vSRVCC as defined in 3GPP TS 23.203 [65] needs to be aligned with the initial filter criteria and SCC AS determination that a session is subject to vSRVCC as defined in 3GPP TS 23.216 [15]).
------------------------------------------- 4th change----------------------------------------------
5.4
MSC server

An MSC server can be compliant with PS to CS SRVCC session transfer procedures as described in this document.

In order to be compliant with PS to CS SRVCC session transfer procedures as described in this document:

-
an MSC server using SIP interface to initiate the session transfer shall provide the UA role as defined for a MGCF in annex A of 3GPP TS 24.229 [2] and the role of an MSC server enhanced for PS to CS SRVCC using SIP interface as described in subclause 12.6.1.1; or

-
an MSC server shall provide the role of an MSC server enhanced for ICS as specified in subclause 12.4.0.

In order to be compliant with vSRVCC session transfer procedures as described in this document, the MSC server shall be:

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclause 12.6.1.1 and additionally provide the functionality to support vSRVCC, as described in subclause 12.6.1.2; or

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclauses 12.4.0 and additionally provide the functionality to support vSRVCC, as described in subclause 12.4.0A.

An MSC server can be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document.

In order to be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 6.4, subclause 9.4 and subclause 12.4.0; or

-
provide the role of an MSC server enhanced for PS to CS SRVCC using a SIP interface as described in subclause 12.6.1.1.

In order to enable the UE to remove/add participants from/to an IMS conference call after the access transfer, the MSC Server supporting the MSC server assisted mid-call feature shall provide the role of an MSC server enhanced for ICS.
------------------------------------------- 5th change----------------------------------------------
6.3.1
General

The SCC AS can obtain registration state information that it needs to implement SCC specific requirements from:

a)
any received third-party SIP REGISTER request (e.g. including information contained in the body of the third-party SIP REGISTER request) as specified in 3GPP TS 24.229 [2];

b)
any received reg event package as specified in 3GPP TS 24.229 [2]; or

c)
the Sh interface as specified in 3GPP TS 29.328 [6] and 3GPP TS 29.329 [7].

NOTE:
Obtaining registration state information from HSS using Sh interface does not allow the SCC AS to know the capabilities supported by the user registered UE(s), including the used IP-CAN(s), other than that is specified in 3GPP TS 29.328 [6], e.g. the UE PS to CS SRVCC capability and 3GPP access networks’ information related to T-ADS.
When the SCC AS obtains the registration state information including an Correlation MSISDN using one of the above procedures, the SCC AS shall determine if the registration state information is associated with ongoing CS call by matching the Correlation MSISDN against the:

a)
tel URI in the P-Asserted-Identity header field or associated with the received IMRN when the SIP INVITE request was due to static STN, where the SIP INVITE request was stored according to subclause 7.3.1; or

b)
tel URI in the Request-URI when the SIP INVITE request was due to processing unregistered filter criteria, where the SIP INVITE request was stored according to subclause 7.3.1.

If the registration state information is associated with an ongoing call the contents of the registration state information shall be bound to the ongoing CS call session identifier.

6.3.2
Triggers for the SCC AS providing information to ATCF

This subclause applies for a contact address (or a registration flow, if multiple registration mechanism is used) in the registration state information obtained by SCC AS,:

1)
which is registered by the UE:

A)
in E-UTRAN, UTRAN and GERAN access networks; and

NOTE:
The access network where the UE performed registration can be found in the P-Access-Network-Info header field of the SIP REGISTER request.

B)
for a private user identity associated with a C-MSISDN; and

2)
where the SIP REGISTER request contained a Path header field containing the g.3gpp.atcf media feature tag.

The SCC AS shall identify the URI of the related ATCF as the URI in the Path header field with the g.3gpp.atcf media feature tag in the SIP REGISTER request that created the binding.

The SCC AS shall determine that PS to CS SRVCC is usable for the UE if the UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) of the UE has value UE-SRVCC-CAPABILITY-SUPPORTED and if the private user identity of the UE has associated STN-SR (see 3GPP TS 29.328 [6]).

When the SCC AS becomes aware of a new contact address (or new registration flow, if multiple registration mechanism is used) that fulfils the above criteria and PS to CS SRVCC is usable for the UE, the SCC AS shall perform actions as described in subclause  6.3.3 with the related ATCF.
When the SCC AS becomes aware that, for a UE which registered the contact address (or registered the registration flow, if multiple registration mechanism is used) that fulfils the above criteria that:

-
PS to CS SRVCC was usable and PS to CS SRVCC is not usable now; or

-
PS to CS SRVCC was not usable and PS to CS SRVCC is usable now;

then the SCC AS shall provide the PS to CS SRVCC-related information to the related ATCF as described in subclause 6.3.3.

6.3.3
SCC AS providing the PS to CS SRVCC related information to the ATCF
In order to provide the PS to CS SRVCC related information to the ATCF, the SCC AS shall perform the role of an AS acting as originating UA according to 3GPP TS 24.229 [2] subclause 6.7.3 and shall send a SIP MESSAGE request populated as follows:

1)
the Request-URI set to the ATCF management URI of the ATCF associated with the registration path (or registration flow, if multiple registration mechanism is used);

NOTE:
The ATCF management URI of the ATCF is the URI contained in the g.3gpp.atcf-mgmt-uri media feature tag that is includedin the Path header field of the SIP REGISTER request which the S-CSCF received from the UE using the method to obtain registration state information described in step a) of subclause 6.3.1.
2)
the P-Asserted-Identity header field containing the identity of the SCC AS; and

3)
the application/vnd.3gpp.SRVCC-info+xml MIME body as defined in annex D.

------------------------------------------- 6th change----------------------------------------------
6.5.1
Distinction of requests

The ATCF needs to distinguish the following initial SIP requests:

1)
SIP REGISTER requests with the ATCF URI for originating requests in the topmost Route header field. In the procedures below, such requests are known as "SIP REGISTER request originated by a UE".

2)
SIP MESSAGE requests with the ATCF management URI in the Request-URI and:

A.
not containing any Route header field; or

B.
containing a URI in the topmost Route header field other than the ATCF URI for originating requests and other than the ATCF URI for terminating requests. 


In the procedures below, such requests are known as "SIP MESSAGE requests with the PS to CS SRVCC related information".

------------------------------------------- 7th change----------------------------------------------
6.5.3
ATCF receiving the PS to CS SRVCC-related information

Upon receiving SIP MESSAGE request with the PS to CS SRVCC-related information, the ATCF shall:

1)
if the URI in the P-Asserted-Identity header field of the SIP MESSAGE request does not identify an SCC AS authorised to provide the PS to CS SRVCC-related information, reject the request with SIP 403 (Forbidden) response and do not continue with the remaining steps;

NOTE:
in this version of specification, the URIs of SCC ASs authorised to provide PS to CS SRVCC-related information need to be specified in the roaming agreement.

2)
update the PS to CS SRVCC-related information bound to the registration(s) (see subclause 6A.3.1) with information in the application/vnd.3gpp.SRVCC-info+xml MIME body of the SIP MESSAGE request; and

3)
determine session(s) established using the registration(s) (see subclause 6A.3.1) whose PS to CS SRVCC-related information were updated by the PS to CS SRVCC-related information received in the SIP MESSAGE request and associate those session(s) with the PS to CS SRVCC-related information bound to the registration(s).

------------------------------------------- 8th change----------------------------------------------
6A.3.1
PS to CS SRVCC information bound to the registration

The ATCF shall keep track of existing registrations of the served UEs. Each registration is identified by the P-CSCF Path URI. 

The ATCF shall bind the following information to the registration:

-
the S-CSCF Service-Route URI;

-
the ATU-STI; and

-
the C-MSISDN.

When a registration of a served UE expires or is deregistered, the ATCF can remove any PS to CS SRVCC-related information bound to the registration.
The ATCF shall determine that a session is established for a specific registration path:

-
if the S-CSCF Service-Route URI used during the registration matches the URI in the most bottom Route header field of the originating initial SIP INVITE request; and

-
if the P-CSCF Path URI used during the registration matches the URI in the most bottom Route header field of the terminating initial SIP INVITE request.

------------------------------------------- 9th change----------------------------------------------
7.3.2
Call origination procedures at the SCC AS
When the SCC AS receives a SIP INVITE request due to originating filter criteria, the SCC AS shall follow the SCC AS roles for call origination procedures specified in 3GPP TS 24.292 [4].

If:

1.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy;

2.
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 due to originating filter criteria; and

3.
the SCC AS is aware 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 MSC Server assisted mid-call feature;

NOTE:
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.

then the SCC AS shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to originating filter criteria.

If the SCC AS supports the MSC Server assisted mid-call feature according to operator policy, the SCC AS shall remove the g.3gpp.mid-call media feature tag as described in annex C from the SIP INVITE request due to originating filter criteria before forwarding the SIP INVITE request towards the remote UE.
If:

1.
the SCC AS supports PS to CS SRVCC for calls in alerting phase according to operator policy;

2.
the g.3gpp.srvcc-alerting media feature tag as described in annex C is included in the Contact header field of the SIP INVITE request due to originating filter criteria; and

3.
the SCC AS is aware 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 calls in alerting phase;

NOTE:
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.

then the SCC AS shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Record-Route header field of any SIP 1xx or 2xx response to the SIP INVITE request due to originating filter criteria as described in IETF draft-holmberg-sipcore-proxy-feature [60].

If the SCC AS supports the PS to CS SRVCC for calls in alerting phase according to operator policy, the SCC AS shall remove the g.3gpp.srvcc-alerting media feature tag as described in annex C from the SIP INVITE request due to originating filter criteria before forwarding the SIP INVITE request towards the remote UE.
------------------------------------------- 10th change---------------------------------------------
7.5.2
Call origination procedures in the ATCF

Upon receiving the originating SIP INVITE request, the ATCF shall:

NOTE 1:
Since the ATCF acts as proxy, the dialog identifier of the SIP INVITE request is not modified by procedures of the subclause.
0)
insert a Record-Route header field containing the SIP URI of the ATCF; and

1)
if the latest PS to CS SRVCC-related information received for the registration path which the session being established, contains ATU-STI and C-MSISDN:
A)
associate the session being established with the C-MSISDN and the ATU-STI bound to the registration path (see subclause 6A.3.1); and

B)
if the originating SIP INVITE request contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], replace the SDP offer in the originating SIP INVITE request with an 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.

before forwarding the request.

When the ATCF receives any 1xx or 2xx response to the originating SIP INVITE request, the ATCF shall:
1)
save the Contact header field included in the 1xx or 2xx response.
NOTE 3:
If the ATCF subsequently receives an initial INVITE request due to STN-SR, the ATCF will include the saved the Contact header field of the remote UE in its SIP 200 (OK) response to the initial INVITE request due to STN-SR as describe in subclause 12.7.2.2.
------------------------------------------- 11th change---------------------------------------------
8.3.2
Call termination procedures in the SCC AS

When the SCC AS receives a SIP INVITE request due to terminating filter criteria, the SCC AS shall follow the SCC AS roles for call termination procedures specified in 3GPP TS 24.292 [4].

If:

1.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

2.
the SCC AS is aware 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 MSC Server assisted mid-call feature;
then the SCC AS shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP INVITE request due to terminating filter criteria.

If the SCC AS supports the MSC Server assisted mid-call feature according to operator policy, the SCC AS shall remove the g.3gpp.mid-call media feature tag as described in annex C from the SIP 2xx response to the SIP INVITE request due to terminating filter criteria before forwarding the SIP 2xx response towards the remote UE.

If:

1.
the SCC AS supports PS to CS SRVCC for calls in alerting phase according to operator policy; and

2.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the PS to CS SRVCC procedures support SRVCC for calls in alerting phase;
then the SCC AS shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Record-Route header field of the SIP INVITE request due to terminating filter criteria as described in IETF draft-holmberg-sipcore-proxy-feature [60].

If the SCC AS supports PS to CS SRVCC for calls in alerting phase according to operator policy, the SCC AS shall remove the g.3gpp.srvcc-alerting media feature tag as described in annex C from SIP 1xx and 2xx responses to the SIP INVITE request due to terminating filter criteria before forwarding the SIP 1xx and 2xx responses towards the remote UE.

------------------------------------------- 12th change---------------------------------------------
8.4.2
Call termination procedures in the ATCF

Upon receiving the terminating SIP INVITE request, the ATCF shall:

NOTE 1:
Since the ATCF acts as proxy, the dialog identifier of the SIP INVITE request is not modified by procedures of the subclause.

1)
if a Record-Route header field containing the g.3gpp.srvcc media feature tag is contained in the SIP INVITE request:

A)
insert a Record-Route header field containing the SIP URI of the ATCF; and

B)
if the latest PS to CS SRVCC-related information received for the registration path which the session being established, is using contains ATU-STI and C-MSISDN:

a)
associate the session being established with the C-MSISDN and the ATU-STI bound to the registration path (see subclause 6A.3.1); and

b)
if the terminating SIP INVITE request contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], replace the SDP offer in the originating SIP INVITE request with an updated SDP offer using media parameters provided by ATGW; and

2)
save the Contact header field included in the terminating SIP INVITE request;

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.

NOTE 3:
If the ATCF subsequently receives an initial INVITE request due to STN-SR, the ATCF will include the saved the Contact header field of the remote UE in its SIP 200 (OK) response to the initial INVITE request due to STN-SR as describe in subclause 12.7.2.2.
before forwarding the request.

------------------------------------------- 13th change---------------------------------------------
9.3.2A
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature
The SCC AS shall apply the MSC Server assisted mid-call feature if:
1.
the Contact header field of the SIP INVITE request due to static STN includes the g.3gpp.mid-call media feature tag as specified in annex C;

2.
one of the following is true:

A.
at least one confirmed dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field and the Contact header field provided by the SC UE at the establishment of the confirmed dialog supporting a session with active speech media comonent which has been most recently made active includes the g.3gpp.mid-call media feature tag as described in annex C; or

B.
no confirmed dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more confirmed dialogs supporting a session with inactive speech media component exists for the user and the Contact header field provided by the SC UE at the establishment of the confirmed dialog supporting a session with inactive speech media component which became inactive most recently includes the g.3gpp.mid-call media feature tag as described in annex C;

3.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

4.
the SCC AS is aware 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 MSC Server assisted mid-call feature.
When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in subclause 9.3.2, and before determining that the SCC AS is not able to identify one dialog for session transfer, the SCC AS may:

1.
if more than one confirmed dialog supporting a session exists for the user identified in the P-Asserted-Identity header field, and exactly one confirmed dialog supporting a session with active speech media component exists and there is at least one remaining confirmed dialog supporting a session with inactive speech media component, then:

-
release all dialogs supporting a session with active speech media component for which SIP 2xx responses have not been sent for these dialogs;

-
release all confirmed dialogs supporting a session with inactive speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the confirmed dialog supporting a session with active speech media component;

2.
if more than one confirmed dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, release all confirmed dialogs supporting a session with speech media component except two with the speech media component which became active most recently and continue the session transfer procedures with the confirmed dialog supporting a session with the speech media component which became active most recently; and

3.
if no confirmed dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more confirmed dialogs supporting a session with inactive speech media component exists for the user then the SCC AS may release all confirmed dialogs supporting a session with speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the confirmed dialog supporting a session with inactive speech media component.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in subclause 9.3.2, the SCC AS shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to static STN.

When the SCC AS applies the MSC Server assisted mid-call feature and a confirmed dialog supporting a session with inactive speech media component was associated with the SIP INVITE request due to static STN, in addition to the procedures described in subclause 9.3.2, the SCC AS shall set the directionality of the audio media in the SDP offer as used in the session with remote UE.
If:

-
the SCC AS applies the MSC Server assisted mid-call feature;

-
the session associated with the SIP INVITE request due to static STN is related to a subscription as described in subclause 7.3.3; and

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

then the SCC AS shall send a SIP INFO request towards the MSC Server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to static STN. The SCC AS shall populate the SIP INFO request as follows:

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

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

If the SCC AS applies the MSC Server assisted mid-call feature, two confirmed dialogs supporting a session with  speech media component exist for the user identified in the P-Asserted-Identity header field then the SCC AS shall send a SIP REFER request towards the MSC Server in accordance with the procedures specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to static STN. The SCC AS shall populate the SIP REFER request as follows:

1.
the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2.
the Supported header field with value "norefersub" as specified in IETF RFC 4488 [20];

3.
the Refer-To header field containing the information related to the additional transferred session, i.e. session with speech media component other than the session associated with the SIP INVITE request due to static STN, i.e. set to the additional transferred session SCC AS URI and the following URI header fields:

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

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

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

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

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

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

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

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

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

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

A.
the session associated with the SIP INVITE request due to static STN is not related to any subscription as described in subclause 7.3.3;

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

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


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

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

-
associate the SIP INVITE request transferring additional session with a previously established SIP dialog i.e. identify the Source Access Leg. The SIP dialog on the Source Access Leg is identified by matching the dialog ID present in the Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE request transferring additional session with the previously established SIP dialog. By a previously established SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. 

-
if the SCC AS is unable to associate the SIP INVITE with a unique previously established SIP dialog, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

-
if the number of media lines in the Target Access Leg is less than the number of media lines in the Source Access Leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps;
-
send a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS shall populate the SIP re-INVITE request with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session for media streams whose port is not set to zero; and

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

-
for a full media transfer, send a SIP BYE towards the SC UE in accordance with 3GPP TS 24.229 [2]; otherwise, for a partial media transfer, after receiving the SIP ACK request from the SC UE on the Target Access Leg, upon receiving an update (e.g. SIP re-INVITE) from the SC UE on the Source Access Leg, process the update request in accordance with 3GPP TS 24.229 [2].

------------------------------------------- 14th change---------------------------------------------
9.3.4
SCC AS procedures for CS to PS access transfer with MSC server assisted mid-call feature
The SCC AS shall apply the MSC Server assisted mid-call feature if:

1.
the Contact header field of the SIP INVITE request due to static STI includes the g.3gpp.mid-call media feature tag as specified in annex C;

2.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

3.
the SCC AS is aware 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 MSC Server assisted mid-call feature.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in subclause 9.3.3, and before determining that the SCC AS is not able to identify one dialog for session transfer, SCC AS may:

1.
if more than one dialog exists for the user identified in the P-Asserted-Identity header field, and exactly one dialog supporting a session with active speech media component exists, and a SIP 2xx response has been sent for that dialog and there is at least one remaining dialog supporting a session with inactive speech media component, release all dialogs supporting a session with inactive speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the dialog supporting a session with active speech media component; and

2.
if no dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more dialogs supporting a session with inactive speech media component exists for the user and a SIP 2xx response has been sent for these dialogs then the SCC AS may release all dialogs supporting a session with speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the dialog supporting a session with inactive speech media component.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in subclause 9.3.2, the SCC AS shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to static STI.

When the SCC AS applies the MSC Server assisted mid-call feature and a dialog supporting a session with inactive speech media component was associated with the SIP INVITE request due to static STI, in addition to the procedures described in subclause 9.3.3, the SCC AS shall set the directionality of the speech media component in the SDP offer as used in the session with remote UE.
If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs supporting a session with a speech media component exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for those dialogs then the SCC AS shall send a SIP REFER request towards the SC UE in accordance with the procedures specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to static STI. The SCC AS shall populate the SIP REFER request as follows:

1.
the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2.
the Supported header field with value "norefersub" as specified in IETF RFC 4488 [20];

3.
the Refer-To header field containing the information related to the session with an audio media other than the session associated with the SIP INVITE request due to static STI, i.e. set to the additional transferred session SCC AS URI and the following URI header fields:

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

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

C.
if the remote UE did not request privacy then the To URI header field populated as specified in IETF RFC 3261 [19], containing the P-Asserted-Identity provided by the remote UE during the session establishment;

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

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

F.
the "body" URI header field populated with an SDP body describing the media streams as negotiated in the session with the remote UE and with directionality as used by the MSC Server;

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

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

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

-
associate the SIP INVITE request transferring additional session with a previously established SIP dialog i.e. identify the Source Access Leg. The SIP dialog on the Source Access Leg is identified by matching the dialog ID present in the Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE request transferring additional session with the previously established SIP dialog. By a previously established SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. 

-
if the SCC AS is unable to associate the SIP INVITE with a unique previously established SIP dialog, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

-
if the number of media lines in the Target Access Leg is less than the number of media lines in the Source Access Leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps;
-
send a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS shall populate the SIP re-INVITE request with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session for media streams whose port is not set to zero; and

b)
for the media streams in the SIP INVITE request transferring additional session whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg; and

-
for a full media transfer, send a SIP BYE towards the SC UE in accordance with 3GPP TS 24.229 [2]; otherwise, for a partial media transfer, after receiving the SIP ACK request from the SC UE on the Target Access Leg, upon receiving an update (e.g. SIP re-INVITE) from the SC UE on the Source Access Leg, process the update request in accordance with 3GPP TS 24.229 [2].

------------------------------------------- 15th change---------------------------------------------
10.3.3
Additional SCC AS procedures for PS to PS access transfer when MSC server assisted mid-call feature is supported

If:

1.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy;

2.
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 due to STI; and

3.
the SCC AS is aware 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 MSC Server assisted mid-call feature;

then the SCC AS shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to STI in addition to the procedures described in subclause 10.3.2.

------------------------------------------- 16th change---------------------------------------------
12.1
Introduction

This clause specifies the procedures for PS-CS SRVCC and vSRVCC access transfer. Procedures are specified for the SC UE, the SCC AS, the EATF, the MSC server enhanced for ICS, the MSC server enhanced for SRVCC and the ATCF.
For SC UE or SCC AS not supporting ICS procedures, PS-CS SR-VCC access transfer enables transfer of

-
single session with active speech media component; and

-
up to one session with active speech media component and up to one session with inactive speech media component when the MSC Server assisted mid-call feature is supported.
For SC UE or SCC AS, PS-CS access transfer in vSRVCC enables the transfer of a single session with active speech and video media components.

In order to fulfil the requirements for PS-CS SRVCC or vSRVCC access transfer for calls in alerting state, the SC UE needs to be:

-
engaged in a session with speech media component in early dialog state before PS to CS SRVCC access transfer is performed; or

-
engaged in a session with active speech media component and active video media component in early dialog state before vSRVCC access transfer is performed

according to the following conditions:
-
a SIP 180 (Ringing) response for the initial SIP INVITE request to establish this session has been sent or received; and

-
a SIP final response for the initial SIP INVITE request to establish this session has not been sent or received.

If one of the dialogs meets the above conditions then after successful completion of the PS to CS SRVCC procedures:

-
Subclauses 12.2.2, 12.2.3, 12.2.3A and 12.2.4 shall be followed for a SC UE engaged in one or more ongoing sessions.

-
Subclauses 12.2.3B and 12.2.4 shall be followed for a SC UE that is engaged in a session in early dialog state.
If one of the dialogs meets the above conditions then after successful completion of the vSRVCC procedures:

-
Subclauses 12.2A.2, 12.2A.3, 12.2A.4 and 12.2A.6 shall be followed for a SC UE engaged in one or more ongoing sessions.

-
Subclauses 12.2A.5 and 12.2A.6 shall be followed for a SC UE that is engaged in a session in early dialog state.

Editor's Note [vSRVCC-CT][CR# 0523]: It still needs to be established how the UE knows whether the network successfully completed the PS to CS SRVCC or vSRVCC access transfer procedures.
12.2
SC UE procedures for PS to CS access transfer, PS to CS SRVCC

12.2.1
General

The SC UE may be engaged in one or more ongoing sessions before PS to CS SRVCC 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.

In the PS to CS SRVCC session continuity procedures the SC UE shall consider only sessions where the following applies

1.
 the session does have a speech media component; and

2.
the speech media is carried over PS bearer with traffic-class conversation with source statistics descriptor ="speech" as specified in 3GPP TS 23.107 [66]) or over an PS bearer with QCI=1 as specified in 3GPP TS 23.203 [65]).

for access transfer. Sessions considered for PS to CS SRVCC procedures are regarded as full-duplex.

12.2.2
ICS-based

If:

-
SC using ICS is enabled;

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

-
the SC UE is using ICS capabilities as defined in 3GPP TS 24.292 [4]; and

-
PS to CS SRVCC 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 session with speech media component to be transferred, starting with the session with active speech media component that was most recently made active; and

-
within the SDP offer indicate the media line for the speech media component (active or held) as an  speech media component 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 PS to CS SRVCC the handover is performed on PS level. Due to this, the SIP dialog established over the source PS access network stays the same after PS to CS SRVCC 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 PS to CS SRVCC procedures (as described in 3GPP TS 24.008 [8]), 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 ongoing session with active speech media component which was made active most recently 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 ongoing session with active speech media component which was made active most recently is transferred from PS to CS audio.

If:

-
the Gm reference point is retained upon PS handover; 

-
the SC UE is not using ICS capabilities; and

-
PS to CS SRVCC 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 speech media component as removed.

12.2.3A
Not based on ICS with MSC Server assisted mid-call feature

After successful PS to CS SRVCC procedures (as described in 3GPP TS 24.008 [8]), if:

1.
the SC UE is not using ICS capabilities;

2.
the SC UE supports the MSC Server assisted mid-call feature; and

3.
one of the following is true:

A.
there is at least one ongoing session with active speech media component and the Contact header field received by the SC UE at the establishment of the ongoing session with active speech media component, which has been most recently made active, includes the g.3gpp.mid-call media feature tag as described in annex C; or

B.
there is no ongoing session with active speech media component and the Contact header field received by the SC UE at the establishment of the ongoing session with inactive speech media component which became inactive most recently includes the g.3gpp.mid-call media feature tag as described in annex C.
then the SC UE shall apply the MSC Server assisted mid-call feature as follows:

1.
if two or more ongoing sessions with active speech media component exist, the SC UE shall:

A)
replace the speech media components of the ongoing session with active speech media component which was most recently made active with the newly established active CS voice call; and

B)
replace the speech media component of the ongoing session with active speech media component which was made active second most recently with the newly established held CS voice call;
2.
if one ongoing session with active speech media component exists and one or more ongoing sessions with inactive speech media component exist, the SC UE shall:

A)
replace the speech media components of the ongoing session with active speech media component with the newly established active CS voice call; and

B)
replace the speech media component of the ongoing session with inactive speech media component which was most recently made inactive with the newly established held CS voice calls;

3.
if one ongoing session with active speech media component exists and no ongoing sessions with inactive speech media component exist, the SC UE shall replace the speech media component of the ongoing session with active speech media component with the newly established active CS voice call; and

4.
if no ongoing session with active speech media component exists and one or more ongoing sessions with inactive speech media component exist, the SC UE shall replace the speech media component of the ongoing session with inactive speech media component which became inactive most recently with the newly established held CS voice call.

For each session, the SC UE shall proceed as specified in subclause 12.2.3.
If two sessions are transferred, the SC UE shall associate the additional transferred session with CS call with transaction identifier 1 and TI flag value as in mobile terminated call.

NOTE:
The session with active speech media component transaction identifier value is described in 3GPP TS 24.008 [8]

If a transferred session is with conference focus then the SC UE shall associate the transaction identifiers to participants as in subclause 9.2.1A.

If single session with inactive speech media component is transferred, the SC UE shall associate the transferred session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.

------------------------------------------- 17th change---------------------------------------------
12.3.0A
Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for PS to CS SRVCC:

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

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

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests for non-ICS control".

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

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

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

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio and video indicating the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests after vSRVCC for non-ICS control".
12.3.1
SCC AS procedures for PS to CS access transfer, PS to CS SRVCC

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg and the SCC AS applies MSC Server assisted mid-call feature, the SCC AS shall, in addition to the procedures in this subclause, follow the procedures in subclause 12.3.2.
When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, and the SCC AS does not apply MSC Server assisted mid-call feature as described in subclause 12.3.2, the SCC AS shall:

-
follow the PS-CS access transfer procedures specified in subclause 9.3.2 for the session with active speech media component that was most recently made active and the related dialog is in confirmed state. However, the SCC AS does not initiate release for source access leg and does not send a SIP re-INVITE request to update the source access leg; and

-
if the SCC AS supports PS to CS SRVCC for calls in alerting phase than follow the PS-CS access transfer procedures specified in subclause 12.3.4 for the session with active speech media component and the related dialog is in early state.
If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request due to STN-SR on the Target Access Leg:
1)
if the speech media component to be transferred was the only media component in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the session contains other media components than the active speech media component, the SCC AS shall modify the remote leg and remove the speech media component, as specified in 3GPP TS 24.229 [2].
Editor's Note: [TEI10] Potential overlap and interaction of the above procedure with abnormal case handling requires further study.

When the SCC AS receives a SIP re-INVITE request for adding ICS control, the SCC AS shall reply with a SIP 200 (OK) response, treat the ongoing CS call as established using Gm and follow the "SCC AS for service control over Gm" procedures as described in 3GPP TS 24.292 [4] for controlling the CS call.

NOTE:
When using the ICS controlled CS bearer, only one audio call can be active at a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE request for non-ICS control, the SCC AS shall follow the media removal procedures as specified in 3GPP TS 24.229 [2] for removing PS media.
Unless the MSC Server assisted mid-call feature applies, or the access transfer for calls in alerting phase applies, as only the session with active speech media component which was made active most recently is transferred from PS to CS audio, the SCC AS shall drop all other previously existing speech media components from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech media component to be transferred was the only media component in the SIP dialog.

If the SCC AS has executed the procedures for access transfer for calls in alerting phase and has sessions remaining with speech media component which it did not transfer, the SCC AS shall remove the speech media component from these sessions and indicate them accordingly in the SDP Offer sent within SIP UPDATE or SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech media component to be transferred was the only media component in the SIP dialog.

If no in-dialog request is received in source access leg of each session with transferred speech media component within an operator defined time after sending of a SIP 2xx or 18x response to the SIP INVITE due to STN-SR the SCC AS shall:

1)
release the source access leg of the session; and

2)
if the remote leg of the session contains media components other than the speech media component then modify the remote leg of the session and remove all the media components apart from the speech media component.

12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, PS to CS SRVCC
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 STN-SR, the SCC AS local policy requires delaying application of the MSC Server assisted mid-call feature for a time given by local policy and the transfer request for the session with inactive speech media component has not been received within a time given by local policy after the reception of the SIP INVITE request due to STN-SR;

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 STN-SR and the SCC AS local policy does not require delaying application of the MSC Server assisted mid-call feature for a time given by local policy; or

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 STN-SR;

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 sessions with speech media component;
2.
the SCC AS does not initiate release for Source Access Leg of the associated SIP dialogs; and
3.
the SCC AS does not send a SIP re-INVITE request to update the Source Access Leg of the associated SIP dialogs.

If the SCC AS also supports PS to CS 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.
12.3.3
SCC AS procedures for PS to CS SRVCC, abnormal case

12.3.3.1
PS to CS SRVCC 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 PS to CS SRVCC 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
PS to CS SRVCC 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 phase (as specified in subclause 12.3.4), 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 PS to CS SRVCC
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 an initial SIP INVITE request on the Target Access Leg associated with the established dialog on the Source Access Leg, 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 an initial SIP INVITE request on the Target Access Leg associated with the established dialog on the Source Access Leg, 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.

------------------------------------------- 18th change---------------------------------------------
12.3.4.1
General
The SCC AS shall apply the procedures for access transfer for calls in alerting phase as described in subclauses 12.3.4.2 and 12.3.4.3 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as specified in annex C;
2.
one of the following is true:

A.
there are one or more dialogs supporting a session with active speech media component existing for the served user identified in the P-Asserted-Identity header field such:

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

B.
there are several dialogs supporting sessions with speech media component for the served user identified in the P-Asserted-Identity header field such that:

a.
there are one or more early dialogs created by the same SIP INVITE request and the remaining dialogs are confirmed dialogs;

b.
all the confirmed dialogs support sessions with inactive speech media component;

c.
SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2; and

d.
the Contact header field provided by the SC UE at the establishment of the early dialog(s) included the g.3gpp.srvcc-alerting media feature tag;

3.
the SCC AS supports the access transfer of calls in alerting state according to operator policy; and

4.
the SCC AS is aware 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 transfer calls in alerting phase.

NOTE 1:
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.

The SCC AS shall apply the procedures described in subclauses 12.3.4.4 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag;
2.
the SCC AS supports the access transfer of calls in alerting state according to operator policy;

3.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the PS to CS SRVCC procedures support the transfer calls in alerting phase; and

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.

4.
one of the following is true:

A.
two or more dialogs supporting sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag; and

b.
one dialog is a confirmed dialog with active speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request; or

B.
two or more dialogs supporting sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
one dialog is a confirmed dialog with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request; and

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

C.
two or more dialogs supporting the sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of the sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
one dialog is a confirmed dialog with active speech media component, there are one or more dialogs that are confirmed dialogs with inactive speech media component and the remaining dialog(s) are early dialog(s) with active speech media component created by the same SIP INVITE request; and

c.
the SCC AS does  not apply the MSC server assisted mid-call feature as described in subclause 12.3.2.

12.3.4.2
SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using PS to CS 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 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 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. 

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 speech media component, 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 PS to CS 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 PS to CS 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 early dialog as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.

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

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

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

Upon receiving the SIP ACK request from the IM CN subsystem, and if the source access leg contains only one speech media component 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 PS to CS SRVCC cancellation.
12.3.4.4
SCC AS procedures for PS to CS access transfer of waiting call
In order to transfer waiting call, the SCC AS shall send a SIP REFER request according to 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP REFER request as follows:

1.
the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];

2.
the Require header field with value "norefersub" as specified in IETF RFC 4488 [20];

3.
the Refer-To header field containing the additional transferred session SCC AS URI, where the URI also includes the following header fields containing the information related to the additional transferred session:

A.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of an early dialog supporting session of the SC UE;

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

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

D.
the From header field populated as specified in IETF RFC 3261 [19], containing the value of the P-Asserted-Identity provided by the SC UE during the session establishment;

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

F.
the header field with hname "body" populated with an SDP body describing the media streams as negotiated in the session with the remote UE; and

4.
application/vnd.3gpp.state-and-event-info+xml MIME body with the state-info XML element containing "early" and the direction XML element containing:

A.
if terminating call, the "receiver"; and
B.
if originating call, the "initiator".

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

-
associate the SIP INVITE request transferring additional session with an SIP dialog in early state i.e. identify the Source Access Leg. The SIP dialog on the Source Access Leg is identified by matching the dialog ID present in Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE with a dialog in early state. By a SIP dialog in early state, it is meant an early SIP dialog which has been created by a provisional response to the initial SIP INVITE request, but for which the SIP 2xx response has not yet been sent or received;

-
if the SCC AS is unable to associate the SIP INVITE with a unique dialog in early state, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not processes the remaining steps;

-
if the number of media lines in the Target Access Leg is less than the number of media lines in the Source Access Leg or the media type for the corresponding media lines is not the same as in the original session, send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps;
-
send a SIP UPDATE request(s) towards the remote UE(s) using the existing early dialog(s) which were created by the same INVITE request as the Source Access Leg. The SCC AS shall populate the SIP UPDATE request(s) with a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

a)
the media characteristics as received in the SIP INVITE request transferring additional session received on the Target Access Leg for media streams whose port is not set to zero; and

b)
for the media streams in the SIP INVITE request transferring additional session whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg; and

-
after receiving the SIP ACK request from the SC UE on the Target Access Leg, upon receiving an update (e.g. SIP re-INVITE) from the SC UE on the Source Access Leg, process the update request in accordance with 3GPP TS 24.229 [2].

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

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

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

If the Remote Leg is an early dialog originated by the remote UE then when receiving the SIP INFO request inside the Target Access Leg containing:

1.
an Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and
2.
application/vnd.3gpp.state-and-event-info+xml XML body with the event XML element containing "call-accepted" to indicate that the called party has answered the call;

then the SCC AS shall:

1.
send SIP 200 (OK) response to the SIP INVITE request to the remote UE; and

2.
send SIP 200 (OK) response to the SIP INVITE request over the Target Access Leg.

12.3.5
SCC AS procedures for PS to CS access transfer: PS to CS SRVCC enhancement using ATCF

The SCC AS needs to distinguish the following initial SIP request:

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

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

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

b)
is in the confirmed dialog state; and

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

C)
if the session that is to be transferred is for the same dialog as the dialog identifier in the Target-Dialog header field in the SIP INVITE request, then perform the procedures described for SIP INVITE request due to STN-SR in subclause 12.3.1 with the following differences:
a)
if the SDP offer in the SIP INVITE request is the same as the SDP negotiated by the ATCF in the session being transferred, then the SCC AS shall:

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

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

a)
perform the procedures described for SIP INVITE requests due to STN-SR in subclause 12.3.1.
12.3.6
SCC AS procedures for PS to CS access transfer, vSRVCC12.3.6.1
General

When the SCC AS receives a SIP INVITE request for audio and video due to STN-SR on the target access leg the SCC AS shall:

-
follow the PS-CS access transfer procedures specified in subclause 9.3.2 for the session with active speech and video media components that was most recently made active and the related dialog is in confirmed state. However, the SCC AS does not initiate release for source access leg and does not send a SIP re-INVITE request to update the source access leg; and

-
if the SCC AS supports PS to CS SRVCC for calls in alerting phase then follow the PS-CS access transfer procedures specified in subclause 12.3.6.2 for the session with active speech and video media components and the related dialog is in early state; If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request for audio and video due to STN-SR on the Target Access Leg:
1)
if the speech and video media components to be transferred was the only media components in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the session contains other media components than the active speech media component and active video media component, the SCC AS shall modify the remote leg and remove the speech and video media components, as specified in 3GPP TS 24.229 [2].
When the SCC AS receives a SIP re-INVITE request after vSRVCC for adding ICS control, the SCC AS shall follow the procedures as described for ICS using Gm in subclause 13.3.2.

When the SCC AS receives a SIP re-INVITE request after vSRVCC for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1.
Unless the access transfer for calls in alerting phase applies, as only the session with active speech media component and active video media component which was made active most recently is transferred from PS to CS audio, the SCC AS shall drop all other previously existing speech and video media components from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech and video media components to be transferred were the only media components in the SIP dialog.

If the SCC AS has executed the procedures for access transfer for calls in alerting phase and has sessions remaining with speech and video media components which it did not transfer, the SCC AS shall remove the speech and video media components from these sessions and indicate them accordingly in the SDP Offer sent within SIP UPDATE or SIP re-INVITE requests towards the remote UE or the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2] if the speech and video media components to be transferred were the only media components in the SIP dialog.

If no in-dialog request is received in source access leg of each session with transferred speech media component within an operator defined time after sending of a SIP 2xx or 18x response to the SIP INVITE for audio and video due to STN-SR the SCC AS shall:

1)
release the source access leg of the session; and

2)
if the remote leg of the session contains media components other than the speech and video media components then modify the remote leg of the session and remove all the media components apart from the speech and video media components.

------------------------------------------- 19th change---------------------------------------------
12.4.0
MSC server enhanced for ICS supporting PS to CS SRVCC

When an MSC server enhanced for ICS supporting SRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for ICS shall initiate a SIP INVITE request and shall:

1)
set the Request URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the contact address of the MSC server; and

4)
include an SDP offer containing only a speech media component .

NOTE:
An MSC server enhanced for ICS does not apply the ICS procedure described in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] when sending the SIP INVITE request.
If the MSC server enhanced for ICS supports the MSC server assisted mid-call feature, it shall apply the procedures defined in subclause 12.4A.

After finishing the access transfer procedures, the MSC server enhanced for ICS shall apply the ICS procedure as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4].
12.4.0A
MSC server enhanced for ICS supporting vSRVCC
When the MSC server enhanced for ICS supporting vSRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server enhanced for ICS supporting vSRVCC shall follow the procedures in subclause 12.4.1.

When an MSC server enhanced for ICS supporting vSRVCC receives an indication for a vSRVCC session transfer as described in 3GPP TS 23.216 [49], the MSC server enhanced for ICS shall initiate a SIP OPTIONS request and shall:

1)
set the request URI to the STN-SR;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and
4)
set the Accept header field to "application/sdp"
When the MSC server enhanced for ICS supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains "m=" lines for audio and video, the MSC server enhanced for ICS shall initiate a SIP INVITE request and shall:

1)
set the request URI to the STN-SR for the session with speech and video media components to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and

4)
include an SDP offer only containing a speech media component and a video media component with default codecs for speech and video (as specified in 3GPP TS 26.111 [69]).

When an MSC server enhanced for ICS supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains an "m=" line for audio but not video, the MSC server enhanced for ICS supporting vSRVCC shall follow the procedures in subclause 12.4.0.

Editor's Note [vSRVCC-CT][CR#0525]: The use of SIP OPTIONS to allow the MSC server to correctly construct the INVITE request is still subject to discussion and instead, another mechanism could be chosen.

12.4.1
MSC server enhanced for ICS procedures for PS to CS access transfer for alerting calls

The MSC Server enhanced for ICS shall perform the procedures described in subclause 12.6.3 for the MSC server enhanced for PS to CS SRVCC using SIP interface.

12.4A
MSC server assisted mid-call feature

An MSC server supporting the MSC server assisted mid-call feature shall apply procedures as described in subclause 9.5 with the following modifications:
NOTE 1:
The MSC server assisted mid-call feature can only be supported by an MSC server enhanced for ICS (subclause 12.4) or an MSC server enhanced for PS to CS SRVCC using SIP interface (subclause 12.6.1).
0.
if the MSC server is enhanced for ICS, the MSC server does not apply the ICS procedure described in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] when sending the SIP INVITE request;

1.
if two sessions are transferred, associate the SIP INVITE request for an additional session with inactive speech media component with CS call in the Active (N10) state (as defined in 3GPP TS 24.008 [8]) and in the Call held auxiliary state (as defined in 3GPP TS 24.083 [43]) with transaction identifier 1 and TI flag value as in mobile terminated call; and

NOTE 2:
The transaction identifier value for the session with active speech media component is described in 3GPP TS 24.008 [8]
2.
if single session is transferred and all the media in the SDP answer of the SIP 2xx response to the SIP INVITE request have directionality inactive, associate the SIP INVITE request for the session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.
NOTE 3:
For an MSC server enhanced for PS to CS SRVCC using SIP interface, following access transfer, the procedures for the handling of transferred conference participants are implementation dependent.

12.6.1.1
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting PS to CS SRVCC

When an MSC server enhanced for SRVCC using SIP interface and supporting PS to CS SRVCC receives an indication for a PS to CS SRVCC session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the Request URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the contact address of the MSC server; and
4)
include an SDP offer containing only a speech media component.

If the MSC server enhanced for SRVCC using SIP interface supports the MSC server assisted mid-call feature then in addition to the procedures in this subclause it shall apply the procedures defined in subclause 12.4A.
If the MSC server enhanced for SRVCC using SIP interface supports PS to CS access transfer for alerting calls then in addition to the procedures in this subclause it shall apply the procedures defined in subclause 12.6.3.
12.6.1.2
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting PS to CS SRVCC
When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives an indication for a vSRVCC session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP OPTIONS request and shall:

1)
set the request URI to the STN-SR;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and
4)
set the Accept header field to "application/sdp"

When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains "m=" lines for audio and video, the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the request URI to the STN-SR for the session with speech and video media components to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and

4)
include an SDP offer containing only a speech media component and a video media component with default codecs for speech and video (as specified in 3GPP TS 26.111 [69]).

When an MSC server enhanced for SRVCC using SIP interface and supporting vSRVCC receives a 200 (OK) response to the SIP OPTIONS request with an SDP body that contains an "m=" line for audio but not video, the MSC server enhanced for SRVCC using SIP interface shall follow the procedures in subclause 12.6.1.1.

Editor's Note [vSRVCC-CT][CR#0525]:
The use of SIP OPTIONS to allow the MSC server to correctly construct the INVITE request is still subject to discussion and instead, another mechanism could be chosen.
------------------------------------------- 20th change---------------------------------------------
12.7.2
ATCF procedures for PS to CS access transfer, PS to CS SRVCC
12.7.2.1
General

Upon receiving the SIP INVITE request due to STN-SR, the ATCF shall:

1)
determine the transferable session set which are all the sessions:

a)
associated with C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and

b)
where during establishment of the session a Record-Route header field containing the g.3gpp.srvcc media feature tag was received in the initial SIP request or SIP response; and

NOTE:
These sessions potentially include recently released sessions for which the ATCF temporarily retains session state according to subclause 12.7.2.3.

2)
determine the session being transferred which is a session:

a)
in the transferable session set;

b)
for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received; and

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

------------------------------------------- 21st change---------------------------------------------
12.7.2.3.1
P-CSCF releasing the source access leg during PS to CS SRVCC
When the ATCF receives either:

1)
a SIP BYE request on the Source Access Leg containing a Reason header field containing a SIP 503 (Service Unavailable) response code, that is terminating an established dialog or an early dialog on the Source Access Leg;

2)
a SIP CANCEL request on the Source Access Leg with the Reason header field containing a SIP 503 (Service Unavailable) response code then, that is terminating an early dialog on the Source Access Leg originated by the SC UE; or

3)
a SIP 503 (Service Unavailable) response on the Source Access Leg, that is terminating an early dialog on the Source Access Leg terminating at the SC UE;

then:

-
the ATCF shall retain session state information and ATGW resources associated with the session until either it receives a SIP INVITE request due to STN-SR or an operator determined period elapses.

NOTE 1:
The default value of the operator determined period is 8 seconds.

NOTE 2:
The session remains recognizable for PS to CS SRVCC access transfer as shown in subclause 12.7.2.1.

NOTE 3:
The SIP BYE request is forwarded to the SCC AS, which also delays release of the session, as described in subclause 12.3.3.2.

------------------------------------------- 22nd change---------------------------------------------
A.4.2
Session origination with PS to CS SRVCC enhancements

The signalling flow shown in figure A.4.2-1 gives an example of originating session set up when ATCF anchors the media of the session. This flow assumes that ATCF was invoked during registration.
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Figure A.4.2-1 Signalling flows for service continuity using PS to CS SRVCC enhancements

1.
SIP INVITE request (UE to P-CSCF) - see example in table A.4.2-1

Table A.4.2-1: SIP INVITE request (UE to P-CSCF)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited2.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Supported: precondition, 100rel, gruu 

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

2.
SIP INVITE request (P-CSCF to ATCF) - see example in table A.4.2-2

Since ATCF included a Path header field bound to the registered contact address using which the SIP INVITE request is sent, the P-CSCF routes the SIP INVITE request to the ATCF.
Table A.4.2-2: SIP INVITE request (P-CSCF to ATCF)

INVITE tel:+1-212-555-2222 SIP/2.0

Record-Route: <sip:pcscf1.visited1.net;lr>

Via: SIP/2.0/UDP pcscf1.visited2.net:5060;branch=z9hG4bKnas56565, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 69

Route: <sip:orig@atcf.visited2.net;lr>, <sip:orig@scscf1.home1.net;lr>

P-Asserted-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Preferred-Service: 
P-Access-Network-Info: 

Privacy: 

From: 

To: 

Call-ID: 

Cseq: 

Require: 

Supported: 

Proxy-Require: 

Contact: 

Accept-Contact

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 


Route:
ATCF URI for originating requests (as configured in P-CSCF) followed by the remaining Route header fields determined by P-CSCF.
3.
ATGW resource reservation

The ATCF decides to anchor the media of the session and reserves the resources in the ATGW.

4-9.
SIP INVITE request (ATCF towards remote UE) - see example in table A.4.2-4

The ATCF modifies the SDP offer without changing the dialog identifier and forwards the SIP INVITE request. The ATCF replaces the IP address, ports, ... with values provided by ATGW.

Table A.4.2-4: SIP INVITE request (ATCF towards remote UE)

INVITE tel:+1-212-555-2222 SIP/2.0

Record-Route: <sip:pcscf1.visited1.net;lr>, <sip:atcf.visited.net;lr>

Via: SIP/2.0/UDP actf.visited2.net:5060;branch=z9hG4bKnas55889, SIP/2.0/UDP pcscf1.visited2.net:5060;branch=z9hG4bKnas56565, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:orig@scscf1.home1.net;lr>

P-Asserted-Identity: 

P-Preferred-Service: 
P-Access-Network-Info: 

Privacy: 

From: 

To: 

Call-ID: 

Cseq: 

Require: 

Supported: 

Proxy-Require: 

Contact: 

Accept-Contact

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 22 333 IN IP6 8888::111:222:333:444

s=-

c=IN IP6 8888::111:222:333:444
t=0 0

m=audio 8899 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 


SDP offer:
the IP address and ports are updated to contain the values provided by ATGW .

10-12.
SIP 183 (Session Progress) response (remote UE  towards SCC AS)

The remote UE responds with SIP 183 (Session progress) response.

13.-15.
SIP 183 (Session Progress) response (SCC AS towards ATCF) - see example in table A.4.2-13

The SCC AS forwards the SIP 183 (Session progress) response.

Table A.4.2-13: SIP 183 (Session Progress) response (SCC AS towards ATCF)

SIP/2.0 183 Session Progress

Record-Route: <sip:pcscf1.visited1.net;lr>, <sip:atcf.visited.net;lr>, <sip:scscf.home1.net;lr>, <sip:icscf.home1.net;lr>, <sip:sccas.home1.net;lr>;+g.3gpp.srvcc
Via: SIP/2.0/UDP sccas.home1.net:5060;branch=z9hG4bKnas522, SIP/2.0/UDP scscf.home1.net:5060;branch=z9hG4bKnas889, SIP/2.0/UDP icscf.home1.net:5060;branch=z9hG4bKnas225, SIP/2.0/UDP actf.visited2.net:5060;branch=z9hG4bKnas55889, SIP/2.0/UDP pcscf1.visited2.net:5060;branch=z9hG4bKnas56565, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 60

P-Asserted-Identity: <tel:+1-212-555-2222>

Privacy: 

From: 

To: <tel:+1-212-555-2222>; tag=aaa

Call-ID: 

Cseq: 

Require: 

Supported: 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 462346 5654 IN IP6 1234::55:66:77:88

s=-

c=IN IP6 1234::55:66:77:88
t=0 0

m=audio 4456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

16.
ATGW resource configuration

The ATCF configures the resources of ATGW.

17.
SIP 183 (Session Progress) response (ATCF towards UE) - see example in table A.4.2-17

The ATCF replaces the IP address, ports, ... in SDP answer with values provided by ATGW.

Table A.4.2-17: SIP 183 (Session Progress) response (ATCF towards UE)

SIP/2.0 183 Session Progress

Record-Route: <sip:pcscf1.visited1.net;lr>, <sip:atcf.visited.net;lr>, <sip:scscf.home1.net;lr>, <sip:icscf.home1.net;lr>, <sip:sccas.home1.net;lr>;+g.3gpp.srvcc
Via: SIP/2.0/UDP pcscf1.visited2.net:5060;branch=z9hG4bKnas56565, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 60

P-Asserted-Identity: <tel:+1-212-555-2222>

Privacy: 

From: 

To: 

Call-ID: 

Cseq: 

Require: 

Supported: 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 44 555 IN IP6 8888::111:222:333:444

s=-

c=IN IP6 8888::111:222:333:444
t=0 0

m=audio 11234 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 


SDP answer:
the IP address and ports are updated to contain the values provided by ATGW.
------------------------------------------- 23rd change---------------------------------------------
A.15.4
PS to CS access transfer with MSC server assisted mid-call feature with an incoming waiting call in alerting phase

In the example flow at the figure A.15.4-1, SC UE A has an ongoing sessions with speech media component and an incoming waiting session with speech media component which are anchored at SCC AS. The incoming waiting call is in alerting state. The ongoing session X is with UE B, the incoming waiting session Y is with UE C. The session X and session Y are two party sessions. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC procedure to CS access.
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Figure A.15.4-1: Signalling flow for PS to CS access transfer with MSC server assisted mid-call feature with an incoming waiting call in alerting phase
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1.
SC UE A is on an active session X with UE B and an incoming waiting session Y with UE C:


There is an ongoing PS bearer between the SC UE and the remote UE B and another PS bearer between the SC UE and the remote UE C. Both sessions are anchored at SCC AS.

2.
SC UE A sends the measurement reports to E-UTRAN


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.237 [9].
3-24.
Access transfer for the active session X


The procedure for transfering the active session X is the same as step 4 to step 15 and step 18 to step 24 described in subclause A.15.3.
25.
Media paths between SC UE A and UE B

The session X is transferred from PS bearer to CS bearer, but the session Y is still at the PS bearer.

26.
SIP REFER request (SCC AS to IM CN subsystem entities) -see example in table A.15.4-26


The SCC AS sends SIP REFER request towards MSC server inside the dialog created by the the message 14, and it also contain the state-and-event-info XML body to indicate that the additional session is an incoming session in alerting phase.
Table A.15.4-26: SIP REFER request (SCC AS to IM CN subsystem entities) 

REFER sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 SIP/2.0

Via: SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bk731b8a

Max-Forwards: 70

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

To: <tel:+1-237-555-1111>;tag=171828

From: <tel:+1-237-555-3333>;tag=sdfsdf

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 55998 REFER

Content-Length: 125

Route: <sip:scscf1.home1.net;lr>

Refer-Sub: false

Supported: norefersub, gruu

Contact: sip:sccas1.home1.net

Refer-To: <additional.session.xfer@sccas.home1.net?Target-Dialog=ksdjfhwrklf%3Bremote-tag=676723565%3Blocal-tag=45418454&Require=tdialog&From=tel:+1-237-555-1111&To=tel:+1-987-654-3210&Content-Type=application%2Fsdp&body=v%3D0%0D%0Ao%3D-%202987933623%202987933623%20IN%20IP6%205555::ggg:fff:aaa:bbb%0D%0As%3D-%0D%0Ac%3DIN%20IP6%205555::ggg:fff:aaa:bbb%0D%0At%3D0%200%0D%0Aaudio%203456%20RTP%2FAVP%2097%2096%0D%0Ab%3DAS:25.4%0D%0Aa%3Drtpmap:97%20AMR%0D%0Aa%3Dfmtp:97%20mode-set%3D0%2C2%2C5%2C7%3B%20mode-change-period%3D2%0D%0Aa%3Dmaxptime:20%0D%0A>

Content-Type: boundary=boundary1
--boundary1
Content-Type: application/vnd.3gpp.mid-call+xml

<?xml version="1.0" encoding="UTF-8"?>

<mid-call/>

--boundary1
Content-Type: application/vnd.3gpp.state-and-event-info+xml

<?xml version="1.0" encoding="UTF-8"?>
<state-and-event-info>
    <state-info>early</state-info>

    <direction>receiver</direction>

</state-and-event-info>
--boundary--



Refer-To:

contains the additional transferred session SCC AS URI and the following URI header fields:



Target-Dialog:
the dialog identifier of the source access leg.



Require:
containing "tdialog" option tag



From:

contains the public user identity of the UE A



To:

contains the public user identity of the UE C



Content-Type:
containing "application/sdp" MIME type of the "body" URI header field



body:

SDP describing the media used in the session.



XML Schema:
contain the session state information that the additional session is an incoming session in alerting state.

27.
SIP REFER request (intermediate IM CN subsystem entities to MSC server)


The SIP REFER request is forwarded towards the MSC server.

28-29.
SIP 202 (Accepted) response (MSC server to SCC AS via intermediate IM CN subsystem entities)


Upon receiving the SIP REFER request, the MSC server sends a SIP 202 (Accepted) response.

30.
SIP INVITE request for the held session Y (MSC server to Intermediate IM CN subsystem entities) -see example in table A.15.4-30


Upon receiving the SIP REFER request which contain the session state information to indicate that the additional session in an incoming session in alerting state, the MSC server moves to Call Received state as described in the SIP REFER request but does not generate an in-band ring tone to the calling party, and sends a SIP INVITE request and associates the transaction identifier with the SIP INVITE request.
Table A.15.4-30: SIP INVITE request (MSC server to intermediate IM CN subsystem entities) 

INVITE 

sip:additional.session.xfer@sccas.home1.net SIP/2.0

Via: SIP/2.0/UDP msc1.home1.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: <tel:+1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-987-654-3210>

Call-ID: asdfgqwerq 

Cseq: 1275 INVITE

Supported: 100rel, precondition, 199, gruu

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:msc1@home1.net> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" ;+g.3gpp.ics="server";+g.3gpp.mid-call

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Content-Type: application/sdp 

Target-Dialog: ksdjfhwrklf;remote-tag=676723565;local-tag=45418454

Require: tdialog

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the additional transferred session SCC AS URI as received in the Refer-To URI in the SIP REFER request.

Target-Dialog:
contains the dialog identifier as received in the Refer-To URI in the SIP REFER request.

Contact:
contains the g.3gpp.mid-call media feature tag as defined in annex C indicating the support for the MSC server assisted mid-call feature.


SDP:
The SDP contains preconfigured set of codecs supported by the MSC server. 
31.
Evaluation of initial filter criteria


The S-CSCF evaluates initial filter criteria for the served SC user and as a result routes the SIP INVITE request towards the SCC AS.

32.
SIP INVITE request (Intermediate IM CN subsystem entities to SCC AS)

33.
Remote Leg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.

34.
SIP UPDATE request (SCC AS to intermediate IM CN subsystem entities) 


The SCC AS acting as a routing B2BUA generates a SIP UPDATE request based upon the received SIP INVITE request and the information previously stored against this session and routes it towards UE C via the intermediate IM CN subsystem entities. The SIP UPDATE request contains the SDP offer that is identical to the SDP offer that the SCC AS received in the initial SIP INVITE request from the UE A.

35.
SIP UPDATE request (Intermediate IM CN subsystem entities to UE C)


Intermediate IM CN subsystem entities forward the SIP UPDATE request to remote UE C.

36.
SIP 200 (OK) response (UE C to intermediate IM CN subsystem entities)


Upon receiving the SIP UPDATE request containing the SDP offer, since the UE C has all resources available, it sends immediately the SIP 200 (OK) response to the SIP UPDATE request that contains the SDP answer. The SDP answer indicates that the resources are available.

37.
SIP 200 (OK) response (intermediate IM CN subsystem entities to SCC AS)


The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP UPDATE request to the SCC AS in the originating network.

38-39.
SIP 183 (Session Progress) response (SCC AS to MSC server via IM CN subsystem entities)


The SCC AS sends a 183 (Session Progress) containing the SDP answer as received from the UE C. The SDP answer indicates that resources are available
40. SIP PRACK request (MSC Server to Intermediate IM CN subsystem entities)

The MSC server acknowledges the receipt of the 183 Session Progress. 

41.
SIP PRACK request (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem forward the SIP PRACK request to the SCC AS
42-43.
SIP 200 (OK) response (SCC AS to MSC server via IM CN subsystem entities)

The SCC AS acknowledges the PRACK with a SIP 200 (OK) response to the MSC server.

44.
CS HOLD Message (SC UE to MSC server)

The SC UE A put the active session on hold.

45.
SIP re-INVITE request (MSC server to intermediate IM CN subsystem entities)

Upon receiving the CS HOLD Message from the UE, MSC server sends a SIP re-INVITE request towords session X, which put session X on hold.The SDP in this SIP re-INVITE request is based on the last SDP offer/answer negotiation for the active session transfer form step 3 to 24, but for each media streams set the SDP attribute to "sendonly".
46.
SIP re-INVITE request (Intermediate IM CN subsystem entities to SCC AS)

The SIP re-INVITE request is forwarded to the SCC AS.

47-48.
SIP re-INVITE request (SCC AS to UE B)


SCC AS sends SIP re-INVITE request to UE B, The SIP re-INVITE request contains the SDP offer that is identical to the SDP offer that the SCC AS received in the SIP re-INVITE request from the MSC server.

49-50.
SIP 200 (OK) response (UE B to SCC AS)


Upon receiving the SIP re-INVITE request containing the SDP offer which contain the SDP attribute for each media streams to "sendonly", UE B response the SIP re-INVITE request with a SIP 200 (OK), which set the SDP attribute for each media streams to "receonly".

51-52.
SIP ACK request (SCC AS to UE B)
53-54.
SIP 200 (OK) response (SCC AS to MSC server via intermediate IM CN subsystem entities )


The SCC AS sends 200 (OK) to indicate the succesfull activity to the MSC server that put session X on hold.
55.
CS HOLD ACKNOWLEDGE Message (MSC server to SC UE A)

56-57.
SIP ACK request (MSC server to SCC AS via intermediate IM CN subsystem entities)


MSC server acknowledges the 200 OK received from SCC AS.
58.
CS Connect Message from SC UE A to MSC server


The SC UE A accepts the call and sends CS Connect Message.
59.
SIP INFO request (MSC server to intermediate IM CN subsystem entities) - see example in table A.15.4-59
A.15.4-59: INFO (SCC AS to intermediate IM CN subsystem entities)

INFO sip:sccas1.home1.net;gr SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>;tag=171828

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 130 INFO

Info-Package: g.3gpp.state-and-event
Content-Type: application/vnd.3gpp.state-and-event-info+xml
Content-Length: 
<?xml version="1.0" encoding="UTF-8"?>

<state-and-event-info>

   <event>call-accepted</event>
</state-and-event-info>


XML Schema:
contain the session state information indicating that the remote party has answered the call.

60.
SIP INFO request (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forward the SIP INFO request to the SCC AS. The SCC AS gets informed that the SC UE A has accepted the call.
61.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS acknowledges the receipt of the SIP INFO request indicating that the SC UE A has accepted the call

62.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to MSC server)


The SIP 200 (OK)response is forwarded to the MSC server.

63.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS sends SIP 200 (OK) response to indicate to the far end that the SC UE A has accepted the call.
64.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to far end) 


The SIP 200 (OK) response is forwarded to the far end)

65.
SIP ACK request (far end to intermediate IM CN subsystem entities)


The far end UE acknowledges the SIP 200 (OK) response received from the SCC AS

66.
SIP ACK request (Intermediate IM CN subsystem entities to SCC AS)


The SIP ACK request is forwarded to the SCC AS.
67.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS sends 200 (OK) response to indicate the succesfull access transfer to the MSC server.
68.
SIP 200 (OK) response (Intermdeiat IM CN subsystem entities to far end) 


The SIP 200 (OK) response is forwarded to the MSC server.
69.
CS Connect Ack (MSC server to SC UE A) 
70.
SIP ACK request (MSC server to intermediate IM CN subsystem entities)

MSC server acknowledges the SIP 200 (OK) response received from SCC AS.

71.
SIP ACK request (Intermediate IM CN subsystem entities to SCC AS)

The SIP ACK request is forwarded to the SCC AS.
72-73:
SIP BYE request (SCC AS to SC UE A via intermediate IM CN subsystem entities)


The SCC AS terminates the replaced call leg of the session Y, which was using the old IP-CAN, by sending a SIP BYE request to the UE A.

74-75.
SIP 200 (OK) response (SC UE A to SCC AS via intermediate IM CN subsystem entities)


Upon receiving the SIP BYE request over the old IP-CAN, the SC UE A sends a SIP 200 (OK) response over the old IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the old IP-CAN.

NOTE:
Steps 73-74 are performed only if the SC UE A uses Gm after the PS-CS access transfer is completed; otherwise, the SC UE A and the network release the source access leg of session Y locally, without any signalling between the SC UE A and the network.
76.
Media paths between SC UE A and UE B


Both sessions X and Y are transferred from PS bearer to CS bearer.

------------------------------------------- 24th change---------------------------------------------
A.16
Signalling flows for PS to CS SRVCC session transfer for IMS emergency session 
A.16.1
Introduction
The signalling flows for PS to CS SRVCC session transfer for IMS emergency session demonstrate how an IMS emergency session is transferred from PS network to CS network using PS to CS SRVCC procedure. The following signalling flow is included:
-
subclause A.16.2 shows an example when a UE initiating an emergency session in IMS for the case that the UE is not in limited service mode ;and 

-
subclause A.16.3 shows an example when the emergency session need to transfer from PS to CS using PS to CS SRVCC procedure for the case that the UE is not in limited service mode.
A.16.2
UE initiating an emergency session in IMS

The signalling flows shown in figure A.16.2-1 describes the UE initiating an IMS emergency session procedure for the case that the UE is not in limited service mode. The flow illustrates the anchoring of the session at the EATF.
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Figure A.16.2-1: Signalling flow for UE initiating an emergency session in IMS

NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
NOTE 2:
For clarity, the SIP 180 (Ringing) response is not shown in the signalling flow.

NOTE 3:
For clarity, the precondition mechanism is not shown in the signalling flow.

1.
SIP INVITE request (UE A to P-CSCF) see example in table A.16.2-2
Table A.16.2-2: SIP INVITE request 

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf.visit1.net:7531;lr;comp=sigcomp>
P-Preferred-Identity: <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <urn:service:sos.fire>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+sip.instance="<urn:gsma:imei:90420156-025763-0>"
Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>;inserted-by="sip:user1_public1@home1.net";routing-allowed="yes"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

c= IN IP6 5555::aaa:bbb:ccc:ddd
t=0 0

m=audio 3400 RTP/AVP 98

a=curr: qos local none

a=curr: qos remote none

a=des: qos mandatory local sendrcv

a=des: qos mandatory remote sendrcv

a=inactive


Contact:
contains the "sip.instance" media feature tag as specified in IETF RFC 5626 [22] with a value  formed from an IMEI as defined in 3GPP TS 23.003 [12].

2.
SIP INVITE request (EATF to E-CSCF) see example in table A.16.2-3
Table A.16.2-3: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP pcscf.visit1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 69

Route: <sip:ecscf.visit1.net;lr;>
Record-Route: <sip:pcscf.visit1.net;lr>
P-Preferred-Identity: 

P-Access-Network-Info:

Privacy: 
From: 
To: 
Call-ID: 

Cseq: 

Supported: 

Accept: 

Require: 

Proxy-Require: 

Accept-Contact: 

P-Preferred-Service: 

Security-Verify: 

Contact: 
Geolocation:
Allow: 

Content-Type: 

Content-Length: (…)

v=
o=

s=

c=
t=
m=
a=curr: 
a=curr: 
a=des: 
a=des: 
a=
3.
SIP INVITE request (E-CSCF to EATF) see example in table A.16.2-4
Table A.16.2-4: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP esccas.visit1.net;branch=z9hG4bK87ly12.1, SIP/2.0/UDP pcscf.visit1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:esccas.visit1.net;lr;>
Record-Route: <sip:ecscf.visit1.net;lr>,<sip:pcscf.visit1.net;lr>
P-Preferred-Identity: 

P-Access-Network-Info: 

Privacy: 

From: 
To: 
Call-ID: 

Cseq: 

Supported: 

Accept: 

Require: 

Proxy-Require: 

Accept-Contact: 

P-Preferred-Service: 

Security-Verify: 

Contact: 
Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>;inserted-by="sip:user1_public1@home1.net";routing-allowed="yes";used-for-routing

Allow: 

Content-Type: 

Content-Length: (…)

v=
o=

s=

c=
t=
m=
a=
a= 
a= 
a= 
a=
4.
EATF anchors the emergency session


The EATF (acting as a routing B2BUA) anchors the emergency session, i.e. the EATF is inserted in the signalling path which invokes a 3pcc for enablement of Access Transfers
5.
SIP INVITE request (EATF to E-CSCF) see example in table A.16.2-5


The EATF acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and the information previously stored against this session and routes it towards PSAP via the intermediate IM CN subsystem entities.

Table A.16.2-5: SIP INVITE request 

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP esccas.visit1.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:ecscf.visit1.net:7531;lr;comp=sigcomp>
Record-Route: <sip:ecscf.visit1.net;lr>
P-Preferred-Identity: <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <urn:service:sos.fire >

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+sip.instance="<urn:gsma:imei:90420156-025763-0>"
Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>; inserted-by=" sip:user1_public1@home1.net"；routing-allowed="yes";used-for-routing
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

c= IN IP6 5555::aaa:bbb:ccc:ddd
t=0 0

m=audio 3400 RTP/AVP 98

a=curr: qos local none

a=curr: qos remote none

a=des: qos mandatory local sendrcv

a=des: qos mandatory remote sendrcv

a=inactive

6.
SIP INVITE request (E-CSCF to PSAP)


E-CSCF routes the SIP INVITE request to the PSAP.

7.
SIP 200 (OK) response (PSAP to E-CSCF) see example in table A.16.2-6

Table A.16.2-6: SIP 200 OK
SIP/2.0 200 OK

Via: SIP/2.0/UDP ecscf.visit1.net;branch=z9hG4bKnas34r5

Max-Forwards: 67
Record-Route: <sip:ecscf.visit1.net;lr>,<sip:pcscf.visit1.net;lr>
Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: < urn:service:sos.fire >;tag=232456

Call-ID: 

Cseq: 

Require: 100rel, precondition, 199, gruu

Contact: <sip:mgcf.visit1.net>. 

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

c= IN IP6 5555::fff:eee:ccc:ddd
t=0 0

m=audio 3400 RTP/AVP 98

a=curr: qos local none

a=curr: qos remote none

a=des: qos mandatory local sendrcv

a=des: qos mandatory remote sendrcv

a=inactive

8-9.
SIP 200 (OK) response (E-CSCF to EATF and to E-CSCF)


E-CSCF forwards the SIP 200 (OK) response.
10-11.
SIP 200 (OK) response (E-CSCF to UE A) see example in table A.16.2-7
Table A.16.2-7: SIP 200 (OK) response
SIP/2.0 200 OK

Via: 

Max-Forwards: 65

Record-Route: 
Privacy: 

From: 

To: 
P-Asserted-Identity: tel:911;context="+1"
Call-ID: 

Cseq: 

Require: 

Contact: 
Allow: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

t=

m=
a=

a=

a=

a=

a=

12.
SIP ACK request

UE A responds to the 200 (OK) response with a SIP ACK request.
A.16.3
Session transfer for emergency session using PS to CS SRVCC procedure: PS-CS
In the example in figure A.16.3-1, UE A (which has a valid subscription, is authenticated and authorized for PS service and is normal attached to the network) has an ongoing emergency session with a PSAP using a PS bearer which is anchored at EATF. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access.
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Figure A.16.3-1 Signalling flow for emergency session transfer using PS to CS SRVCC procedure
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1.
UE A is on an active emergency session with a PSAP

There is an ongoing IP bearer between the UE A and the remote end PSAP. The call is achored at EATF.

2.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC Server initiates the session transfer with the E-STN-SR, refer to 3GPP TS 23.237 [9].
3.
SIP INVITE request (Interworking entities to Intermediate IM CN subsystem entities) -see example in table A.16.3-2
Table A.16.3-2: SIP INVITE request (interworking entities to intermediate IM CN subsystem entities)

INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscf1.visit1.net;lr>

P-Asserted-Identity: <tel:+1-237-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:msc1.home1.net>;+sip.instance="<urn:gsma:imei:90420156-025763-0>";+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the E-STN-SR, as routed to the EATF

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.

Contact:
contains the "sip.instance" media feature tag as specified in IETF RFC 5626 [22] with a value formed from an IMEI as defined in 3GPP TS 23.003 [12].
4.
SIP INVITE request

The I-CSCF routes the SIP INVITE request directly to the EATF by using the procedure defined in 3GPP TS 23.228 [15] for PSI based application Server termination.
NOTE 2:
The use of indirect routing for PSI based Application Server Termination as described in 3GPP TS 23.228 [15] in subclause 5.7.6 cannot be used for routing the SIP INVITE request to the EATF.
5.
Remote Leg Update

The EATF based on the content of the "gr" parameter in the Contact header field correlates the SIP INVITE request to the local and remote call legs of the existing session between the UE A and the remote end. The EATF performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.

6.
SIP re-INVITE request (EATF to intermediate IM CN subsystem entities) –see example in table A.16.3-3
TheEATF acting as a routing B2BUA generates a SIP INVITE request based upon the received SIP INVITE request and the information previously stored against this session and routes it towards PSAP via the intermediate IM CN subsystem entities.

Table A.16.3-3: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE urn:service:sos.fire SIP/2.0
Via: SIP/2.0/UDP esccas1.home1.net;branch=z9hG4bKnas34r5

Max-Forwards: 68
Route: <sip:ecscf1.home1.net:lr>
P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="BzyretyU0dm+6O2IrT5tAFrbHLso=023551034"; orig-ioi="type3home1.net" 
Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <urn:service:sos.fire>;tag=232456

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 
Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+sip.instance="<urn:gsma:imei:90420156-025763-0>"
Allow:
Content-Type: Content-Length:

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s=

c=IN IP6 5555::aaa:bbb:ccc:eee
t=0 0

m=audio 3456 RTP/AVPF 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20
m=message 0 TCP/MSRP 98
a=accept-types:text/plain
7.
SIP re-INVITE request (E-CSCF to PSAP)


E-CSCF forward the SIP re-INVITE request to the PSAP.

8.
SIP 200 (OK) response (PSAP to E-CSCF)


Upon receiving the SIP re-INVITE request containing the SDP offer, since the PSAP has all resources available, it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The SDP answer indicates that the resources are available.
9.
SIP 200 (OK) response (E-CSCF to EATF)

E-CSCF forward the SIP 200 (OK) response to the SIP re-INVITE request to the EATF in the originating network.
10-11.
SIP ACK request (EATF to PSAP via IM CN subsystem entities)


The EATF generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to the PSAP.

12-13.
SIP 200 (OK) response (EATF to interworking entities via IM CN subsystem entities)


The E- SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK) response to the interworking entities.
14-15.
SIP ACK request (interworking entities to EATF via IM CN subsystem entities)


The interworking entities generate the SIP ACK request to the SIP 200 (OK) response, and forward the SIP ACK request to the EATF.
16-18:
SIP BYE request (EATF to UE A via intermediate IM CN subsystem entities)


The EATF terminates the source access leg, which was using the old IP-CAN, by sending a SIP BYE request to the UE A.
19-21.
SIP 200 (OK) response (UE A to E- SCC AS via intermediate IM CN subsystem entities)


Upon receiving the SIP BYE request over the old IP-CAN, the UE A sends a SIP 200 (OK) response over the old IP-CAN to the EATF. Subsequently, the UE A relinquishes all resources pertaining to the old IP-CAN.
NOTE:
Steps 18-19 are performed only if the UE A uses Gm after the PS-CS access transfer is completed; otherwise, the UE A and the network release the source access leg locally, without any signalling between the UE A and the network.
22a.
CS bearer establishment (interworking entities to UE A)
22b.
IP bearer establishment (interworking entities to PSAP)
A.17
Signalling flows for PS to CS SRVCC in Alerting State
A.17.1
Introduction

The signalling flows in the subclause demonstrate how sessions in alerting state can be transferred from PS to CS using PS to CS SRVCC procedures. The following signalling flows are included:
-
subclause A.17.2 shows an example of PS to CS SRVCC transfer where the incoming call is in alerting phase.
-
subclause A.17.3 shows an example of PS to CS SRVCC transfer where the outgoing call is in alerting phase.
-
subclause A.17.4 shows an example of PS to CS SRVCC transfer where the incoming call is in alerting phase, but the user answers the call in the PS domain prior to the completion of the network handover procedures and the UE retuning to the CS domain.
-
subclause A.17.5 shows an example of PS to CS SRVCC transfer where the incoming call is in alerting phase, but the user answers the call in the PS domain prior to the completion of the network handover procedures but the handover to CS does not succeed.
-
subclause A.17.6 shows an example of PS to CS SRVCC transfer where the outgoing call is in alerting phase and the UE has received several forked responses prior to the initiation of access transfer.

A.17.2
Session transfer for incoming call is in alerting phase using PS to CS SRVCC procedure: PS to CS 

In the example flow at the figure A.15.2-1, SC UE A has an incoming session with speech media component which is anchored at SCC AS. The session is in alerting phase. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access.
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Figure A.17.2-1: PS-CS SRVCC, incoming call in alerting phase
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1.
SC UE A has received an incoming call and is in Ringing State

The incoming call has been anchored at the SCC AS of SC UE A. Both ends have reserved the resources and SC UE A has sent a 180 (Ringing) response.
2.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.237 [9]. The UE continues ringing.
3.
SIP INVITE request transferring the session (MSC server to intermediate IM CN subsystem entities) - see example in table A.17.2-1

The MSC server sends an initial SIP INVITE request with STN SR

Table A.17.2-1: SIP INVITE request (MSC server to intermediate IM CN subsystem entities)
INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscf1.visit1.net;lr>

P-Asserted-Identity: <tel:+1-237-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Recv-Info: g.3gpp.state-and-event-info
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the STN-SR.

SDP:
The SDP contains set of codecs supported by the MGW.
4.
SIP INVITE request transferring the session (intermediate IM CN subsystem entities to SCC AS) 

The SIP INVITE request is routed towards the SCC AS, based on filter criteria in S-CSCF.
4a.
Remote Leg Update

The SCC AS correlates SIP INVITE request to the local and remote call legs of the existing session between the UE A and the remote end. The SCC AS performs the Remote Leg update by sending the SIP sending a SIP UPDATE request towards the Remote Leg.

5.
SIP UPDATE request (SCC AS to intermediate IM CN subsystem entities)

The SCC AS acting as a B2BUA generates a SIP UPDATE request based upon the received SIP INVITE request and the information previously stored against this session .

6.
SIP UPDATE request (Intermediate IM CN subsystem entities to UE B)

The intermediate IM CN subsystem entities forward the SIP UPDATE request to remote UE B.

7.
SIP 200 (OK) response (far end UE to Intermediate IM CN subsystem entities)

Upon receiving the SIP UPDATE request containing the SDP offer for the leg to the MSC, the far end sends a SIP 200 (OK) response.
8.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SCC AS.
9.
SIP 183 (Session Progress) response (SCC AS to Intermediate IM CN subsystem entities)

The SCC AS sends a 183 (Session Progress) containing the SDP answer as received from the far end UE. The SDP answer indicates that resources are available. The SIP 183 (Session Progress) will contain a Recv-Info header field set to g.3gpp.state-and-event-info.
10.
SIP 183 (Session Progress) response (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the 183 (Session Progress) to the MSC server.
11.
SIP PRACK request (MSC server to Intermediate IM CN subsystem entities)

The MSC acknowledges the receipt of the 183 Session Progress..
12.
SIP PRACK request (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem forward the SIP PRACK request to the SCC AS.
13.
SIP 200 (OK) response (SCC AS to Intermediate IM CN subsystem entities)

The SCC AS acknowledges the PRACK
14.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forwards the SIP 200 (OK) reponse to the MSC server.
15.
SIP INFO request (SCC AS to intermediate IM CN subsystem entities) - see example in table A.17.2-2
Table A.17.2-2: INFO request (SCC AS to intermediate IM CN subsystem entities)

INFO sip:msc1.visit1.net:1357 SIP/2.0

Via SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bK332b23.1
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <tel: +1-237-555-3333>;tag=314159

To: <tel:+1-237-555-1111>;tag=171828

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 129 INFO

Info-Package: g.3gpp.state-and-event-info
Content-Type: application/vnd.3gpp.state-and-event-info+xmls

Content-Length: 

<?xml version="1.0" encoding="UTF-8"?>

<state-and-event-info>
   <state-info>early</state-info>

   <direction>receiver</direction>

</state-and-event-info>
16.
SIP INFO request (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the SIP INFO request to the MSC server. The MSC server is aware that the call that is transferred is in terminating alerting state. 

17.
SIP 200 (OK) response (MSC server to Intermediate IM CN subsystem entities)

The MSC server acknowledges the receipt of the SIP INFO request.
18.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forwards the SIP 200 (OK) response to the SCC AS.
19.
MSC goes in Call received state

The MSC enters Call received state due to the information received in the INFO request.

20a.
User answers the call
20.
CS Connect Message from SC UE A to MSC server

The SC UE A accepts the call and sends CS Connect Message.

21.

SIP INFO request (MSC server to intermediate IM CN subsystem entities) - see example in table A.17.2-3

Table A.17.2-3: INFO request (MSC server to intermediate IM CN subsystem entities)

INFO sip:sccas1.home1.net;gr SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>;tag=171828

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 130 INFO

Info-Package: g. 3gpp.state-and-event-info
Content-Type: application/vnd.3gpp.state-and-event-info+xmls
Content-Length: 

<?xml version="1.0" encoding="UTF-8"?>

<state-and-event-info>

   <event>call-accepted</event>
</state-and-event-info>
22.
SIP INFO request (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forward the SIP INFO request to the SCC AS. The SCC AS gets informed that the SC UE A has accepted the call.
23
SIP 200 (OK)  response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS acknowledges the receipt of the INFO request indicating that the SC UE A has accepted the call

24
SIP 200 (OK) response (Intermediate IM CN subsystem entities to MSC server)


The SIP 200 (OK) response is forwarded to the MSC server.

25
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS sends a SIP 200 (OK) response to indicate to the far end that the SC UE A has accepted the call.
26
SIP 200 (OK) response (Intermediate IM CN subsystem entities to far end) 


The SIP 200 (OK) response is forwarded to the far end)

27
SIP ACK request (far end to intermediate IM CN subsystem entities)


The far end UE  acknowledges the SIP 200 (OK) response received from SCC AS

28
SIP ACK request (Intermediate IM CN subsystem entities to SCC AS)


The SIP ACK request is forwarded to the SCC AS.
29
SIP 200 (OK)  response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS sends a SIP 200 (OK) response to indicate the successful access transfer to the MSC server.
30
SIP 200 (OK) response (Intermediate IM CN subsystem entities to far end) 


The SIP 200 (OK) response is forwarded to the MSC server.
31
CS Connect Ack (MSC server to SC UE A) 
32
SIP ACK request (MSC server to intermediate IM CN subsystem entities)


MSC server acknowledges the 200 OK received from SCC AS

33 SIP ACK request (Intermediate IM CN subsystem entities to SCC AS)


The SIP ACK request is forwarded to the SCC AS.

34-41
CANCEL Processing


The SCC AS cancels the SIP dialog towards the SC UE
NOTE:
Steps 36-41 are performed only if the SC UE A usesGm after the PS-CS access transfer in alerting phase is completed; otherwise, the SC UE A and the network release the source access leg locally, without any signalling between the SC UE A and the network
A.17.3
Session transfer for originating call is in alerting phase using PS to CS SRVCC procedure: PS to CS 

In the example flow at the figure A.17.3-1, SC UE A has invited for an originating session with speech media component which is anchored at SCC AS. The session is in alerting phase. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access.
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Figure A.17.3-1: PS-CS SRVCC, incoming call in alerting phase
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1.
SC UE A has setup an outgoing call

The outgoing call has been anchored at the SCC AS of SC UE A. Both ends have reserved the resources and SC UE A has received a SIP 180 (Ringing) response.
2.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.237 [9]. The UE continues ringing.
3.
SIP INVITE request transferring the session (MSC server to intermediate IM CN subsystem entities) - see example in table A.17.3-1

The MSC server sends an initial SIP INVITE request with STN-SR

Table A.17.3-1: SIP INVITE request (MSC server to intermediate IM CN subsystem entities)
INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscf1.visit1.net;lr>

P-Asserted-Identity: <tel:+1-237-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Recv-Info: g.3gpp.state-and-event-info
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the STN-SR.

SDP:
The SDP contains set of codecs supported by the MGW.
4.
SIP INVITE request transferring the session (intermediate IM CN subsystem entities to SCC AS)
The SIP INVITE is routed towards the SCC AS, based on filter criteria in S-CSCF.
4a.
Remote Leg Update

The SCC AS correlates SIP INVITE request to the local and remote call legs of the existing session between the UE A and the remote end. The SCC AS performs the Remote Leg update by sending SIP UPDATE request towards the Remote Leg.

5.
SIP UPDATE request (SCC AS to intermediate IM CN subsystem entities)

The SCC AS acting as a B2BUA generates a SIP UPDATE request based upon the received SIP INVITE request and the information previously stored against this session.

6.
SIP UPDATE request (Intermediate IM CN subsystem entities to UE B)

The intermediate IM CN subsystem entities forward the SIP UPDATE request to remote UE B.

7.
SIP 200 (OK) response (far end UE to Intermediate IM CN subsystem entities)

Upon receiving the SIP UPDATE request containing the SDP offer for the leg to the MSC, the far end sends 200 OK.
8.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SCC AS.
9.
SIP 183 (Session Progress) response (SCC AS to Intermediate IM CN subsystem entities)

The SCC AS sends a 183 (Session Progress) containing the SDP answer as received from the far end UE. The SDP answer indicates that resources are available
10.
SIP 183 (Session Progress) response (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the 183 (Session Progress) to the MSC server.
11.
SIP PRACK request (MSC server to Intermediate IM CN subsystem entities)

The MSC acknowledges the receipt of the 183 Session Progress.
12.
SIP PRACK request (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forward the SIP PRACK request to the SCC AS.
13.
SIP 200 (OK) response (SCC AS to Intermediate IM CN subsystem entities)

The SCC AS acknowledges the PRACK
14.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the SIP 200 (OK) reponse to the MSC server.
15.
SIP INFO request (SCC AS to intermediate IM CN subsystem entities) - see example in table A.17.3-2
Table A.17.3-2: INFO request (SCC AS to intermediate IM CN subsystem entities)

INFO sip: msc1.visit1.net:1357 SIP/2.0

Via SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bK332b23.1
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <tel: +1-237-555-3333>;tag=314159

To: <tel:+1-237-555-1111>;tag=171828

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 129 INFO

Info-Package: g.3gpp.state-and-event-info
Content-Type: application/ vnd.3gpp.state-and-event-info+xmls
Content-Length: 

<?xml version="1.0" encoding="UTF-8"?>

<state-and-event-info>

   <state-info>early</state-info>

   <direction>initiator</direction>

</state-and-event-info>
16.
SIP INFO request (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the SIP INFO request to the MSC server. The MSC server is aware that the call that is transferred is in originating alerting state.
17.
SIP 200 (OK) response (MSC server to Intermediate IM CN subsystem entities)

The MSC Server acknowledges the receipt of the SIP INFO request.
18.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forwards the SIP 200 (OK) response to the SCC AS.
19.
MSC goes in Call delivered state

The MSC enters Call delivered state due to the information received in the SIP INFO request.

20.
SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)


The UE B accepts the call and sends 200 (OK) response.
21.
200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)


The 200 (OK) response is forwarded to SCC AS.

22
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS sends the 200 (OK) response to indicate that the terminating UE B has accepted the call.

23
200 (OK) response (Intermediate IM CN subsystem entities to MSC server)


The 200 (OK) response is forwarded to the MSC server.

24
CS CONNECT (MSC server to SC UE A)

The MSC server indicates to the SC UA A that the far end has accepted the call.
25
CS CONNECTACK (MSC server to SC UE A)

SC UE A acknowledges the CS CONNECT.

26
SIP ACK request (MSC server to intermediate IM CN subsystem entities)


The MSC server acknowledges the SIP 200 (OK) response  received from SCC AS

27.
SIP ACK request (Intermediate IM CN subsystem entities to SCC AS)


The SIP ACK request is forwarded to the SCC AS.
28
SIP ACK request (SCC AS to intermediate IM CN subsystem entities)


The SCC AS acknowledges the SIP 200 (OK) response received towards far end..
29
SIP ACK request (Intermediate IM CN subsystem entities to far end) 


The SIP ACK request is forwarded towards the far end.
30 – 33 The SCC AS releases the original source leg towards the SC UE A


The SCC AS sends a SIP 404 (Not Found) response in order to release to original source dialog towards the SC UE A

NOTE:
Steps 31-32 are performed only if the SC UE A uses Gm the PS-CS access transfer in alerting phase is completed; otherwise, the SC UE A and the network release the source access leg locally, without any signalling between the SC UE A and the network
A.17.4
User answers in PS domain; Handover to CS successful
In the example flow in figure A.17.4-1, SC UE A has an incoming session with speech media component which is anchored at SCC AS. The session is in alerting phase. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access. However the user answers the call in E-UTRAN and the SC UE sends a SIP 200 (OK) response to the SCC AS. It this scenario the handover to CS is successful.
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Figure A.17.4-1: SIP 200 OK from SC UE received by SCC AS: Handover to CS successful
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1

SC UE A has received an incoming call and is in Ringing State
The incoming call has been anchored at the SCC AS of SC UE A. Both ends have reserved the resources and SC UE A has sent a 180 (Ringing) response.

2-5

MSC server sends session transfer request. SCC AS sends SIP UPDATE to update the remote end



These steps are identical to steps 3-6 in subclause A.17.2.

6

User answers the call when the UE is still in the source E-UTRAN access

7-8

SIP 200 (OK) response (SC UE to intermediate IM CN subsystem entities to SCC AS)

The SCC AS performs no additional actions on receipt of the SIP 200 (OK) i.e. the SCC AS does not confirm reception of the SIP 200 (OK) response with SIP ACK request and performs no actions on dialogs with UE B and with MSC server.

9-21
Continuation of procedure for PS to CS SRVCC in Alerting Phase



These steps are identical to steps 7-19 in subclause A.17.2.
22

UE receives H/O command from source E-UTRAN

23

UE retunes to 3G

24

CS Connect Message from SC UE A to MSC server

The SC UE A sends CS Connect Message as it did not receive a SIP ACK to the SIP 200 (OK) sent in step 7.

25-37 
Continuation of procedure for PS to CS SRVCC in Alerting Phase



These steps are identical to steps 21-33 in subclause A.17.2.
38-39
SIP ACK request (SCC AS to intermediate IM CN subsystem entities to SC UE)



The SCC AS confirms reception of the SIP 200 (OK) response received in message 8.
40

Release original SIP dialog


The SCC AS releases the SIP dialog towards the SC UE.

NOTE:
Step 39 is performed only if the SC UE A uses Gm after the PS-CS access transfer in alerting phase is completed; otherwise, the SC UE A and the network release the source access leg locally, without any signalling between the SC UE A and the network 
A.17.5
User answers in PS domain; Handover to CS not successful
In the example flow in figure A.17.5-1, SC UE A has an incoming session with speech media component which is anchored at SCC AS. The session is in alerting phase. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access. However the user answers the call in E-UTRAN and  the SC UE sends a SIP 200 (OK) response to the SCC AS. In this scenario the handover to CS is not successful because the source E-UTRAN decides to terminate the handover procedure before its completion. In a similar scenario, the UE can also encounter a failure after it receives the handover command but does not successfully transition to 3GPP UTRAN/GERAN.
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Figure A.17.5-1: SIP 200 OK from SC UE received by SCC AS: Handover cancelled
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1

SC UE A has received an incoming call and is in Ringing State
The incoming call has been anchored at the SCC AS of SC UE A. Both ends have reserved the resources and SC UE A has sent a 180 (Ringing) response.

2-18
Continuation of procedure for PS to CS SRVCC in Alerting Phase



These steps are identical to steps 3-19 in subclause A.17.2.

19

User answers the call when the UE is still in the source E-UTRAN access
20-21
SIP 200 (OK) response (SC UE to intermediate IM CN subsystem entities to SCC AS)

The SCC AS performs no additional actions on receipt of the SIP 200 (OK) response i.e. the SCC AS does not confirm reception of the SIP 200 (OK) response with SIP ACK request and performs no actions on dialogs with UE B and with MSC server.

9-21
Continuation of procedure for PS to CS SRVCC in Alerting Phase



These steps are identical to steps 7-19 in subclause A.17.2.
22

SC UE A receives PS to CS SRVCC Handover Cancelled command from source E-UTRAN

23-26
SIP UPDATE request (SC UE to intermediate IM CN subsystem entities to SCC AS to UE B)
SC UE A sends a SIP UPDATE request with a SDP offer, including the media characteristics as used in the existing dialog and with a Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" as specified in IETF RFC 3326 [57] and with reason-text set to "handover cancelled".
NOTE 2: 
In the case that the handover command was received but the UE did not transition to the CS domain, the UE sends the SIP UPDATE request as described above, but with reason-text set to "failure to transition to CS domain".

27-30
SIP 200 (OK) response to the SIP UPDATE request (UE B to SCC AS to intermediate IM CN subsystem entities to SC UE A)
31-32
SIP 480 (Temporary Unavailable) response (SCC AS to intermediate IM CN subsystem entities to MSC server)

The SCC AS responds to the MSC server with a SIP 480 (Temporary Unavailable) response which indicates that it is unable to go ahead with the session transfer.

33-36 
Continuation of procedure for PS to CS SRVCC in Alerting Phase
These steps are identical to steps 25-28 in subclause A.17.2. The SCC AS sends SIP 200 (OK) response to UE B as final confirmation to the original session and UE B sends SIP ACK request back to the SCC AS.
37-38
SIP ACK request (SCC AS to intermediate IM CN subsystem entities to SC UE)



The SCC AS confirms reception of the SIP 200 (OK) response received in message 21.

A.17.6
Session transfer for originating call is in alerting phase with forked responses using PS to CS SRVCC procedure: PS to CS 
In the example flow at the figure A.17.6-1, SC UE A initiates an originating session with speech media component which has received several forked responses. The call is anchored at SCC AS and in alerting phase. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a PS to CS SRVCC handover to CS access.
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Figure A.17.6-1: PS-CS SRVCC, incoming call in alerting phase with forked responses
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1-4.
SIP INVITE request (SC UE A to Terminating network Intermediate IM CN subsystem entities) - see example in table A.17.6-1

SC UE A sends an outgoing call to the terminating party. The call has been anchored at the SCC AS.

Table A.17.6-1: SIP INVITE request (UE to Intermediate IM CN subsystem entities)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited2.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Supported: precondition, 100rel, gruu 

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

5.
SIP INVITE request (Terminating network Intermediate IM CN subsystem entities to UE B)

The Terminating network Intermediate IM CN subsystem entities, i.e. S-CSCF serving for remote UE, determine that the SIP INVITE request should be forked, and send the SIP INVITE request to UE B.
6.
SIP INVITE request (Terminating network Intermediate IM CN subsystem entities to UE C)

The Terminating network Intermediate IM CN subsystem entities, i.e. S-CSCF serving for remote UE, determine that the SIP INVITE request should be forked, and send the SIP INVITE request to UE C.
7-11.
SIP 180 (Ringing) response to SIP INVITE request (UE B to UE A though SCC AS)

The remote UE B responds with SIP 180 (Ringing) response. And a dialog (dialog 1) has been established between UE A and UE B.

Table A.17.6-7: SIP 180 (Ringing) response (UE B to Terminating network Intermediate IM CN subsystem entities)

SIP/2.0 180 Ringing

Record-Route: <sip:pcscf1.visited1.net;lr>
Via: 
Max-Forwards: 60

P-Asserted-Identity: <tel:+1-212-555-2222>

Privacy: 

From: 

To: <tel:+1-212-555-2222>; tag=aaa

Call-ID: 

Cseq: 

Require: 

Supported: 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 462346 5654 IN IP6 1234::55:66:77:88

s=-

c=IN IP6 1234::55:66:77:88
t=0 0

m=audio 4456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

12-16.
SIP 180 (Ringing) response to SIP INVITE request (UE C to UE A though SCC AS)

The remote UE C responds with SIP 180 (Ringing) response. And a dialog (dialog 2) has been established between UE A and UE B.

Table A.17.6-12: SIP 180 (Ringing) response (UE B to Terminating network Intermediate IM CN subsystem entities)

SIP/2.0 180 Ringing

Record-Route: <sip:pcscf1.visited1.net;lr>
Via: 
Max-Forwards: 60

P-Asserted-Identity: <tel:+1-212-555-2222>

Privacy: 

From: 

To: <tel:+1-212-555-2222>; tag=bbb

Call-ID: 

Cseq: 

Require: 

Supported: 

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: 

Content-Type: 

Content-Length: 

v=0

o=- 462346 5654 IN IP6 1234::55:66:77:88

s=-

c=IN IP6 1234::55:66:77:88
t=0 0

m=audio 4456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event 

17.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.237 [9]. The UE continues ringing.
18.
SIP INVITE request transferring the session (MSC server to originating network intermediate IM CN subsystem entities) - see example in table A.17.6-18

The MSC server sends an initial SIP INVITE request with STN-SR

Table A.17.6-18: SIP INVITE request (MSC server to intermediate IM CN subsystem entities)
INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscf1.visit1.net;lr>

P-Asserted-Identity: <tel:+1-237-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Recv-Info: g.3gpp.state-and-event-info
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the STN-SR.

SDP:
The SDP contains set of codecs supported by the MGW.
19.
SIP INVITE request transferring the session (intermediate IM CN subsystem entities to SCC AS)
The SIP INVITE is routed towards the SCC AS, based on filter criteria in S-CSCF.
20.
Remote Leg Update

The SCC AS correlates SIP INVITE request to the local and remote call legs of the existing session between the UE A and the remote end. Since the existing session has forked responses, more than one dialog can be correlated to the SIP INVITE due to STN-SR The SCC AS performs the Remote Leg update towards all the correlated dialogs.

21-23.
SIP UPDATE request (SCC AS to UE B through Intermediate IM CN subsystem entities)

The SCC AS acting as a B2BUA generates a SIP UPDATE request towards dialog 1 to remote UE B based upon the received SIP INVITE request in step 19.
24-26.
SIP 200 (OK) response (Remote UE B to SCC AS through Intermediate IM CN subsystem entities)

Upon receiving the SIP UPDATE request containing the SDP offer for the leg to the MSC, the remote UE B sends 200 OK.
27-28.
SIP 183 (Session Progress) response (SCC AS to MSC server through Intermediate IM CN subsystem entities)

The SCC AS sends a 183 (Session Progress) containing the SDP answer as received from the remote UE B to the MSC server. The SDP answer indicates that resources are available
29-30.
SIP PRACK request (MSC server to SCC AS through Intermediate IM CN subsystem entities)

The MSC acknowledges the receipt of the 183 Session Progress by sending SIP PRACK request to the SCC AS.
31-32.
SIP 200 (OK) response (SCC AS to MSC server through Intermediate IM CN subsystem entities)

The SCC AS acknowledges the PRACK with the SIP 200 (OK) reponse to the MSC server.
33.
SIP INFO request (SCC AS to Originating network intermediate IM CN subsystem entities) - see example in table A.17.3-2
Table A.17.3-2: INFO request (SCC AS to intermediate IM CN subsystem entities)

INFO sip: msc1.visit1.net:1357 SIP/2.0

Via SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bK332b23.1
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <tel: +1-237-555-3333>;tag=314159

To: <tel:+1-237-555-1111>;tag=171828

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 129 INFO

Info-Package: g.3gpp.state-and-event-info
Content-Type: application/ vnd.3gpp.state-and-event-info+xmls
Content-Length: 

<?xml version="1.0" encoding="UTF-8"?>

<state-and-event-info>

   <state-info>early</state-info>

   <direction>initiator</direction>

</state-and-event-info>
34.
SIP INFO request (Intermediate IM CN subsystem entities to MSC server)

The intermediate IM CN subsystem entities forward the SIP INFO request to the MSC server. The MSC server is aware that the call that is transferred is in originating alerting state.
35.
SIP 200 (OK) response (MSC server to Intermediate IM CN subsystem entities)

The MSC Server acknowledges the receipt of the SIP INFO request.
36.
SIP 200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)

The intermediate IM CN subsystem entities forwards the SIP 200 (OK) response to the SCC AS.
37-39.
SIP UPDATE request (SCC AS to UE C through Intermediate IM CN subsystem entities)

In parallel with step 21, the SCC AS acting as a B2BUA generates a SIP UPDATE request towards dialog 2 to remote UE C based upon the received SIP INVITE request in step 19.
40-42.
SIP 200 (OK) response (Remote UE C to SCC AS through Intermediate IM CN subsystem entities)

Upon receiving the SIP UPDATE request containing the SDP offer for the leg to the MSC, the remote UE C sends 200 OK.
43-44.
SIP 183 (Session Progress) response (SCC AS to MSC server through Intermediate IM CN subsystem entities)

The SCC AS sends a SIP 183 (Session Progress) containing the SDP answer as received from the remote UE C to the MSC server. The SDP answer indicates that resources are available
45-46.
SIP PRACK request (MSC server to SCC AS through Intermediate IM CN subsystem entities)

The MSC acknowledges the receipt of the 183 Session Progress by sending SIP PRACK request to the SCC AS.
47-48.
SIP 200 (OK) response (SCC AS to MSC server through Intermediate IM CN subsystem entities)

The SCC AS acknowledges the PRACK with the SIP 200 (OK) reponse to the MSC server.
49.
SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)


In this example, the remote UE B accepts the call first and sends 200 (OK) response.
50-51.
200 (OK) response (Intermediate IM CN subsystem entities to SCC AS)


The 200 (OK) response is forwarded to SCC AS.

52-53
200 (OK) response (SCC AS to MSC server through Intermediate IM CN subsystem entities)


The 200 (OK) response is forwarded to the MSC server based on the route established during step 24-28.

54
CS CONNECT (MSC server to SC UE A)

The MSC server indicates to the SC UA A that the remote UE B has accepted the call.
55
CS CONNECTACK (MSC server to SC UE A)

SC UE A acknowledges the CS CONNECT.

56-60.
SIP ACK request (MSC server to remote UE B through intermediate IM CN subsystem entities)


The MSC server acknowledges the SIP 200 (OK) response by sending The SIP ACK request to remote UE B.

61 
SIP CANCEL request (Terminating network intermediate IM CN subsystem entities to remote UE C)


The intermediate IM CN subsystem entities send the SIP CANCEL request to remote UE C to release the call towards remote UE C.

62 
SIP 200 (OK) response to SIP CANCEL request (UE-3 to Intermediate IM CN subsystem entities)

Remote UE C responds SIP 200 (OK) response to the SIP CANCEL request.
63–66 
The SCC AS releases the original source leg towards the SC UE A


The SCC AS sends a SIP 404 (Not Found) response in order to release to original source dialog towards the SC UE A

NOTE:
Steps 64-65 are performed only if the SC UE A Gm after the PS-CS access transfer in alerting phase is completed; otherwise, the SC UE A and the network release the source access leg locally, without any signalling between the SC UE A and the network
------------------------------------------- 25th change---------------------------------------------
A.18
Signalling flows for PS to CS Access Transfer: PS to CS SRVCC enhancements using ATCF

A.18.1
Introduction

The signalling flows in the subclause demonstrate the PS to CS SRVCC enhancements using ATCF. The following signalling flows are included:

-
subclause A.18.2 shows an example of PS to CS SRVCC enhancements using ATCF and without media anchored.

-
subclause A.18.3 shows an example of PS to CS SRVCC enhancements using ATCF and media anchored.
A.18.2
Signalling flows for PS to CS Access Transfer: PS to CS SRVCC enhancements using ATCF and without media anchored

The signalling flow shown in figure A.18.2-1 gives an example for PS to CS access transfer when using ATCF enhancements and without media anchored. In this case, the ATCF has been included in the path for subsequent transactions created at registration, but media has not been anchored in ATGW.
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Figure A.18.2-1 Signalling flows for PS to CS access transfer: PS to CS SRVCC enhancements using ATCF and without media anchored
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1.
UE A is on an active session with UE B

There is an ongoing PS bearer between the UE A and the remote end UE B. The media is not anchored at ATGW.

2.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.216 [49].

3.
SIP INVITE request (MSC server to ATCF)-see example in table A.18.2-3
Table A.18.2-3: SIP INVITE request (MSC server to ATCF)

INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70
P-Asserted-Identity: <tel:+1-237-555-2222>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the STN-SR, as routed to the ATCF.

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.

P-Asserted-Identity:
the C-MSISDN of the served UE.

4-5.
SIP INVITE request (ATCF to SCC AS via I-CSCF)- see example in table A.18.2-4
Since the media has not been anchored at the ATGW, the ATCF forwards the SIP INVITE request to the SCC AS by replacing the request URI to the stored ATU-STI.
Table A.18.2-4: SIP INVITE request (ATCF to I-CSCF)

INVITE sip:AUT-STI1@sccas.home1.net SIP/2.0
Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70
P-Asserted-Identity: <tel:+1-237-555-2222>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-4444>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

6-7.
SIP re-INVITE request (SCC AS to UE B via S-CSCF)


The SCC AS based on the content of the C-MSISDN correlates the SIP INVITE request to the local and remote call legs of the existing session between the UE A and the remote end. The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.
8-9.
SIP 200 (OK) response (UE B to SCC AS via S-CSCF)


Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE B has all resources available, it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The SDP answer indicates that the resources are available.
10-11.
SIP ACK request (SCC AS to UE B via S-CSCF)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to the remote UE B.
12-13.
SIP 200 (OK) response (SCC AS to ATCF via I-CSCF)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK) response towards the ATCF.

14.
SIP 200 (OK) response (ATCF to MSC server)

The ATCF generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK) response towards the MSC server.

15.
SIP ACK request (MSC server to ATCF)


The MSC server generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the ATCF.

16-17.
SIP ACK request (ATCF to SCC AS via I-CSCF)


The ATCF generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.
18-21.
SIP BYE request (SCC AS to UE via I-CSCF, ATCF and P-CSCF)


The SCC AS terminates the source access leg, which was using the old IP-CAN, by sending a SIP BYE request to the UE A.
22-24.
SIP 200 (OK) response (UE A to SCC AS via P-CSCF, ATCF and I-CSCF)


Upon receiving the SIP BYE request over the old IP-CAN, the UE A sends a SIP 200 (OK) response over the old IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the old IP-CAN.
NOTE:
Steps 21-22 are performed only if the UE A uses Gm after the PS-CS access transfer is completed; otherwise, the UE A and the network release the source access leg locally, without any signalling between the UE A and the network
------------------------------------------- 26th change---------------------------------------------
A.18.3
Signalling flows for PS to CS Access Transfer: PS to CS SRVCC enhancements using ATCF and media anchored

The signalling flow shown in figure A.18.3-1 gives an example for PS to CS access transfer for PS to CS SRVCC enhancements using ATCF and media anchored. In this case, the media is anchored in ATGW and ATCF has been included in the path for subsequent transactions created at registration.
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Figure A.18.3-1 Signalling flows for PS to CS access transfer: PS to CS SRVCC enhancements using ATCF and media anchored
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1.
UE A is on an active session with UE B

There is an ongoing IP bearer between the UE A and the remote end UE B. The media is anchored at ATGW.

2.
SC UE A attaches to the CS domain


UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decides to trigger an PS to CS SRVCC handover to CS access. The MSC server initiates the session transfer with the STN-SR, refer to 3GPP TS 23.216 [49].

3.
SIP INVITE request (MSC server to ATCF)-see example in table A.18.3-3
Table A.18.3-3: SIP INVITE request (MSC server to ATCF)

INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70
P-Asserted-Identity: <tel:+1-237-555-2222>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the STN-SR, as routed to the ATCF.

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.

P-Asserted-Identity:
the C-MSISDN of the served UE.

4.
Configure ATGW (ATCF to ATGW)

Upon receiving the access transfer message, the ATCF correlates the transferred session using C-MSISDN. The ATCF updates the ATGW by replacing the existing PS access leg media path information with the new CS access leg media path information, by sending a Configure ATGW message to ATGW. 

5.
Configure ATGW ACK (ATGW to ATCF)


The ATGW sends Configure ATGW Acknowledgment message back to ATCF.
6.
SIP 200 (OK) response (ATCF to MSC server)


The ATCF sends the SIP 200 OK response to the MSC server with the media information allocated by the ATGW during session establish procedure.

7.
SIP ACK request (MSC server to ATCF)

8.
SIP INVITE request (ATCF to I-CSCFs)-see example in table A.18.3-8


After receiving the access transfer message, the ATCF re-establishes the communication with the SCC AS and updates the SCC AS that the transfer has taken place by sending a new SIP INVITE request to the SCC AS using the stored ATU-STI. As there is no update in the SDP information, no remote end update will be performed.
Table A.18.3-8: SIP INVITE request (ATCF to I-CSCF)

INVITE sip:AUT-STI1@sccas.home1.net SIP/2.0
Via: SIP/2.0/UDP msc1.visit1.net;branch=z9hG4bk731b87

Max-Forwards: 70
P-Asserted-Identity: <tel:+1-237-555-2222>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=visit1.net
Privacy: none

From: <tel:+1-237-555-3333>;tag=171828

To: <tel: +1-237-555-4444>

Call-ID: cb03a0s09a2sdfglkj490334 

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu
Target-Dialog: me03a0s09a2sdfgjkl491777; to-tag=774321; from-tag=64727891
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip: msc1.visit1.net:1357>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp 

Content-Length: (…)
v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ggg

s=

c=IN IP6 5555::aaa:bbb:ccc:ggg

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
contains the ATU-STI, as routed to the SCC AS.

Target-Dialog:
specifies that the existing dialog is related with this request.

P-Asserted-Identity:
the C-MSISDN of the served UE.


SDP:
the media information at ATGW.
9.
SIP INVITE request (I-CSCF to SCC AS)

The I-CSCF forwards the SIP INVITE request to the SCC AS.

10.
 SIP 200 (OK) response (SCC AS to I-CSCF)


Since there is no update in the session description, no remote end update will be performed. The SCC AS sends confirmation response to the ATCF which contain the SDP answer that the SCC AS stored during the original session establishment procedure.
11.
SIP 200 (OK) response (I-CSCF to ATCF)

12-13.
SIP ACK request (ATCF to SCC AS via I-CSCF)

14-17.
SIP BYE request (SCC AS to UE A via I-CSCF, ATCF and P-CSCF)


The SCC AS terminates the source access leg, which was using the old IP-CAN, by sending a SIP BYE request to the UE A.
18-21.
SIP 200 (OK) response (UE A to SCC AS via P-CSCF, ATCF and I-CSCF)


Upon receiving the SIP BYE request, the UE A sends a SIP 200 (OK) response to the SCC AS. Subsequently, the UE A relinquishes all resources pertaining to the old IP-CAN.

NOTE:
Steps 17-18 are performed only if UE A usesGm after the PS-CS access transfer is completed; otherwise, the UE A and the network release the source access leg locally, without any signalling between the UE A and the network
------------------------------------------- 27th change---------------------------------------------
C.1
General

This subclause describes the media feature tag definitions that are applicable for the 3GPP IM CN Subsystem for the realisation of the MSC server assisted mid-call feature, Access Transfer Control Function, and PS to CS SRVCC for calls in alerting phase.

------------------------------------------- 28th change---------------------------------------------
C.5
Definition of media feature tag g.3gpp.srvcc-alerting
Media feature-tag name: g.3gpp.srvcc-alerting
ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: This media feature-tag when used in a Contact header field of a SIP request or a SIP response indicates that the functional entity sending the SIP message supports PS to CS SRVCC access transfer for calls in alerting phase, i.e. for calls whith early dialog. 

This media feature-tag when used in a Record-Route header field of a SIP request or a SIP response indicates:

1.
that the functional entity sending the SIP message supports access transfer for calls in alerting phase; and 

2.
all entitities of which the sender of the message is aware of being requested to support the feature do support access transfer for calls in alerting phase. 

Values appropriate for use with this feature-tag: none
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.

Examples of typical use: Indicating that a mobile phone supports PS to CS SRVCC for calls in alerting phase.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [34].

C.6
Definition of media feature tag g.3gpp.atcf-mgmt-uri
Editor's note: [WID eSRVCC, CR#0353] this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-10 (whatever comes later)

Editor's note: [WID eSRVCC, CR#0353] the insertion of the g.3gpp.atcf-mgmt-uri media feature tag is inline with the current solution in the draft-holmberg-sipcore-proxy-feature. Depending on the actual solution agreed in draft-holmberg-sipcore-proxy-feature the g.3gpp.atcf-mgmt-uri media feature tag might not be needed. The actual solution needs to align with the IETF accepted solution.
Media feature-tag name: g.3gpp.atcf-mgmt-uri
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: 

This media feature tag when used in a Path header field as specified in draft-holmberg-sipcore-proxy-feature [60] in SIP REGISTER request or SIP response to the SIP REGISTER request indicates that the resource identified by the URI in the Path header field is capable of performing as a UAS for SIP requests for ATCF management received at this URI.  

Values appropriate for use with this feature-tag: 
String with an equality relationship. When used in a Path header field, the value is string and follows the syntax as described in table C.6-1 for g-3gpp-atcf-mgmt-uri-in-path.

Table C.6-1: ABNF syntax of values of the g.3gpp.atcf-mgmt-uri media feature tag

g-3gpp-atcf-mgmt-uri-in-path = SIP-URI

The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is used to indicate the management URI of the ATCF for receiving SIP requests where the ATCF performs the UAS role.
Examples of typical use: Indicating the management URI of the ATCF for SIP requests containing PS to CS SRVCC related information.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [34].

C.7
Definition of media feature tag g.3gpp.srvcc
Media feature tag name: g.3gpp.srvcc
ASN.1 Identifier: 1.3.6.1.8.2.x
Editor's note [eSRVCC, CR#0470]:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Editor's note [eSRVCC, CR#0470]:
this feature tag is to be registered with IANA after the draft-holmberg-sipcore-proxy-feature is adopted by IETF and after the freezing the Rel-10 (whatever comes later)

Editor's note [eSRVCC, CR#0470]:
the insertion of the g.3gpp.srvcc media feature tag is inline with the current solution in the draft-holmberg-sipcore-proxy-feature. The actual solution needs to align with the IETF accepted solution.
Summary of the media feature indicated by this tag: 

This feature tag when included in Record-Route header field as specified in IETF draft-holmberg-sipcore-proxy-feature [60] of: 

-
a SIP INVITE request; or

-
a SIP INVITE response;

indicates that the resource identified by the URI in the header field is able to perform the PS to CS SRVCC access transfer procedure as specified in 3GPP TS 24.237.

Values appropriate for use with this feature tag: none
The feature tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature tag is most useful in a communications application for indicating that a resource supports single radio voice call continuity.
Examples of typical use: Indicating that a resource supports single radio voice call continuity.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature tag are discussed in subclause 12.1 of IETF RFC 3840 [53].

------------------------------------------- 29th change---------------------------------------------
D.2
state-and-event-info XML schema
D.2.1
General

This subclause defines XML schema and MIME type for session state and event information. It is used in the present document for PS to CS SRVCC session transfer in alerting phase and for accepting of a call in alerting state transferred by the PS-PS access transfer procedures.
------------------------------------------- 30th change---------------------------------------------
D.2.3
XML schema description

This subclause describes the elements of the state-and-info XML Schema.

<state-and-event-info>:
The <state-and-event-info> element is used to indicate state and event information related to a specific dialog. In the present document, it is used to communicate information between the SCC AS and the MSC-server for the purpose of PS to CS SRVCC in the alerting state and for UE to communicate acceptance of incoming alerting state call transferred using PS-PS access transfer procedures.

<state-info>:
The <state-info> element is used to indicate the state of the dialog and is modelled on the FSM described in IETF RFC 4235 [48]. In the present document, it can only have the values specified in table D.2.3-1 for state-info-values.

Table D.2.3-1: ABNF syntax of values of the <state-info> element

state-info-values = early-value

early-value = %x65.61.72.6c.79 ; "early"

<direction>:
The <direction> element indicates whether the observed user was the initiator of the dialog, or the recipient of the INVITE that created it. It can only have the values specified in table D.2.3-2 for direction-values. In the present document it must be included together with the <state-info> element.

Table D.2.3-2: ABNF syntax of values of the <direction> element

direction-values = initiator-value / receiver-value

initiator-value = %x69.6e.69.74.69.61.74.6f.72 ; "initiator"

receiver-value = %x72.65.63.65.69.76.65.72 ; "receiver"

<event>:
The <event> element is used to communicate an event that causes a dialog state transition. In the present document, the <event> element can only have the values specified in table D.2.3-3 for event-values.
Table D.2.3-3: ABNF syntax of values of the <event> element

event-values = call-accepted-value

call-accepted-value = %x63.61.6c.6c.2d.61.63.63.65.70.74.65.64 ; "call-accepted"

------------------------------------------- 31st change---------------------------------------------
D.3
PS to CS SRVCC enhancement related XML schema
D.3.1
General

This subclause defines XML schema and MIME type for transfer of information for PS to CS SRVCC enhancement.

------------------------------------------- 32nd change---------------------------------------------
D.3.3
Semantic

Each <SRVCC-info> element contains PS to CS SRVCC-related information related to one contact address (or registration flow, if multiple registration mechanism is used) of a UE with IM CN subsystem. The PS to CS SRVCC-related information consists of:

1)
if the UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) has value UE-SRVCC-CAPABILITY-SUPPORTED and if the private user identity of the UE has associated STN-SR (see 3GPP TS 29.328 [6]):

a)
<ATU-STI> element containing the ATU-STI of the SCC AS;

b)
<C-MSISDN> element containing the Correlation MSISDN of the UE.

NOTE:
<ATU-STI> element and <C-MSISDN> element are not included if the UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) with value UE-SRVCC-CAPABILITY-NOT-SUPPORTED.
The "ATCF-Path-URI" attribute of the <SRVCC-info> element contains the ATCF URI for terminating calls of the registration (or registration flow, if multiple registration mechanism is used).  

<anyExt> element contains optional elements defined by future version of this document. 

Recipient of the XML ignores any unknown element and any unknown attribute.
------------------------------------------- 33rd change---------------------------------------------
E.2.1
Scope

This annex defines an info package in accordance with IETF RFC 6086 [54] for sending state and event information during PS to CS SRVCC access transfer using SIP INFO requests.

------------------------------------------- 34th change---------------------------------------------
E.2.2.2
Overall description

When PS to CS SRVCC access transfer from PS to CS access is applied for a session with an active full duplex speech component and the related dialog is in early state there is a need to deliver state information from an SCC AS to an MSC server. Further it is requested that an MSC server supporting SRVCC access transfer for in alerting phase informs the SCC AS about a UE having accepted a terminating call.

E.2.2.3
Applicability

This package is used to transport session state information and related event information when a session in alerting phase is transferred from PS to CS using SRVCC access transfer procedures. 
The mechanism allows that information about the session that is subject to PS to CS SRVCC and related events to be sent inside an existing dialog due to the session transfer SIP INVITE request.

------------------------------------------- 35th change---------------------------------------------
E.2.2.9
Rate of INFO requests

No maximum rate or minimum rate is defined for sending INFO requests associated with the state-and-event info package.

When PS to CS SRVCC in alerting phase is applied, then a single SIP INFO request is generated after the session transfer SIP INVITE request. This can be followed by one more additional SIP INFO request.
----------------------------------------- End changes---------------------------------------------
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