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------------------------------------------- 1st change----------------------------------------------
12.2.1
General

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

In the SR-VCC 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 SR-VCC procedures are regarded as full-duplex.

After finishing the SRVCC access transfer procedures, the SC UE shall verify the MSC server call state as specified in 12.2.x.

------------------------------------------- 2nd change----------------------------------------------
12.2.3B.3.1
Terminating call in alerting phase

If the SC UE:

-
has received a terminating call which is in the early dialog state according to the conditions in subclauses 12.1 and 12.2.3B.1; and

-
successfully performs access transfer to the CS domain;

then the UE continues in Ringing state in CS, i.e. UE moves to Call Received (U7) state as described in 3GPP TS 24.008 [8].





------------------------------------------- 3rd change----------------------------------------------
12.2.x
SC UE state verification procedure

After finishing the PS to CS SRVCC access transfer procedures, the SC UE shall determine if call states in the MSC server need to be verified as follows:

If one of the following conditions is true for any of the transferred session:
1)
sent a SIP 200 (OK) response to an initial SIP INVITE request prior to the hand over command was received and the SIP ACK request was never received;

2)
sent an reliable SIP 180 (Ringing) response to an initial SIP INVITE request prior to the hand over command was received and the related SIP PRACK request was never received; 

3)
sent an unreliable SIP 180 (Ringing) response to an initial SIP INVITE request and did not send a SIP final response to the SIP INVITE request prior to the hand over command was received; or
4)
sent a SIP 200 (OK) response to an SIP re-INVITE request containing an SDP offer modifying the directionality of a speech media component prior to the hand over command was received and the SIP ACK request was never received;

then the SC UE shall verify that the TI value and TI flag and associated call states in the SC UE matches the corresponding call states in the MSC server in accordance with procedures in 3GPP TS 24.008 [8]. 
NOTE:
The call state verification can result in that transferred sessions are released.
------------------------------------------- 4th change----------------------------------------------
12.3.0
General

In the Single Radio access transfer procedures the SCC AS shall only consider sessions that have the necessary media components that meet the criteria for performing Single Radio access transfer as defined in subclause 4.2.2.

After finishing the SRVCC access transfer procedures, the SCC AS shall verify the SC UE state as specified in 12.3.x.
------------------------------------------- 5th change----------------------------------------------
12.3.x
SCC AS state verification procedure

After finishing the PS to CS SRVCC access transfer procedures, the SCC AS shall determine if call states in the SC UE need to be verified as follows:

If the SIP INVITE request due to STN-SR contains:

-
a Recv-Info header field with g.3gpp.event info package name; and
-
an Accept header field with application/vnd.3gpp.event+xml and "et" parameter containing value 1;


and one of the following conditions is true for any of the transferred session:

1)
the SCC AS sent to the SC UE a SIP 200 (OK) response to an initial SIP INVITE request prior to reception of the SIP INVITE request due to STN-SR and the SIP ACK request from SC UE was never received;

2)
the SCC AS sent to the SC UE an reliable SIP 180 (Ringing) response to an initial SIP INVITE request prior to the reception of the SIP INVITE request due to STN-SR was received and the related SIP PRACK request was never received;

3)
the SCC AS sent to the SC UE an unreliable SIP 180 (Ringing) response to an initial SIP INVITE request and did not send a SIP final response to the SIP INVITE request to the SC UE prior to the SIP INVITE request due to STN-SR; or
4)
the SCC AS sent to the SC UE a SIP 200 (OK) response to an SIP re-INVITE request containing an SDP offer modifying the directionality of a speech media component to the SC UE prior to the SIP INVITE request due to STN-SR was received and the SIP ACK request was never received;

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 STN-SR. The SIP INFO request shall be populated as follows:

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

2)
include an application/vnd.3gpp.event+xml XML body compliant to the XML schema specified in the annex D.X with the event-type attribute containing value 1.
------------------------------------------- 6th change----------------------------------------------
12.4
MSC server enhanced for ICS

When an MSC server enhanced for ICS supporting SRVCC receives an indication for a 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 the Recv-Info header field to the g.3gpp.event info package name; 

5)
include Accept header field with application/vnd.3gpp.event+xml and "et" parameter containing value 1; and

6)
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].
------------------------------------------- 7th change----------------------------------------------
12.4.x
MSC server state verification procedure

Upon receipt of a SIP INFO request in the dialog created by the MSC server when receiving the indication for SRVCC session transfer as described in 3GPP TS 23.216 [49], and if the SIP INFO request contains:

1)
the Recv-Info header field with g.3gpp.event info package name; and
2)
the application/vnd.3gpp.event+xml XML body compliant to the XML schema specified in the annex D.X with <event> element with "event-type" with value 1;

then the MSC server shall verify that the TI value and TI flag and associated call states in the MSC server matches the corresponding call states in the SC UE in accordance with procedures in 3GPP TS 24.008 [8].

NOTE:
The call state verification can result in that transferred sessions are released.

------------------------------------------- 8th change----------------------------------------------
12.6.3
MSC server enhanced for SRVCC using SIP interface procedures for PS to CS access transfer for alerting calls

When an MSC server enhanced for SRVCC using SIP interface supports the PS to CS access transfer for calls in alerting state receives an indication for a 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 as described in subclause 12.6.1 and in addition it shall populate the INVITE request as follows:

1.
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in annex D.2.3;

2.
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

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

Upon receiving a SIP INFO request inside the early dialog created with the SIP INVITE request due to STN-SR:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction XML element containing "initiator";

the MSC server enhanced for SRVCC using SIP interface shall enter the Call Delivered state (N4) as specified in 3GPP TS 24.008 [8]. The MSC server enhanced for SRVCC using SIP interface shall associate this session with transaction identifier value and TI flag as described in 3GPP TS 24.008 [8].
Upon receiving a SIP INFO request inside the early dialog created with the SIP INVITE request due to STN-SR:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver";

the MSC server enhanced for SRVCC using SIP interface shall enter the Call Received (N7) state as specified in 3GPP TS 24.008 [8]. The MSC server enhanced for SRVCC using SIP interface will not generate an in-band ring tone towards the calling party. The MSC server enhanced for SRVCC using SIP interface shall associate this session with transaction identifier value and TI flag as described in 3GPP TS 24.008 [8].
Upon receiving a CS Connect request when in Call Received state as specified in 3GPP TS 24.008 [8], the MSC server enhanced for SRVCC using SIP interface shall enter the Active state as specified in 3GPP TS 24.008 [8] and send a SIP INFO request inside the dialog created with the SIP INVITE request due to STN-SR for access transfer containing:

1.
an 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 compliant to the XML schema specified in the annex D.2 with the event XML element containing "answer" to indicate that the called party has answered the call.
Upon receiving a CS Connect request after having sent the SIP INVITE request due to STN-SR when not yet in Call Received (N7) state as specified in 3GPP TS 24.008 [8], the MSC server enhanced for SRVCC using SIP interface will store this event. Once a related SIP INFO request inside the associated early dialog:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver";

is received, the MSC server enhanced for SRVCC using SIP interface will enter Active (N10) state as specified in 3GPP TS 24.008 [8] shall send a SIP INFO request inside the dialog created with the SIP INVITE request due to STN-SR for access transfer containing:

1.
an 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 compliant to the XML schema specified in the annex D.2 with the event XML element containing "answer" to indicate that the called party has answered the call.
NOTE:
Procedures in the MSC server enhanced for SRVCC using SIP interface how to store and supervise the reception of the INFO request are left implementation specific.

When in Active state as specified in 3GPP TS 24.008 [8], upon receiving a SIP INFO request inside the early dialog created with the SIP INVITE request due to STN-SR:

1.
with the Info-Package header field containing the g.3gpp.state-and-event; and

2.
containing a XML body compliant to the XML schema specified in the annex F.1.2 with the state-info XML element containing "early" and direction XML element containing "receiver";

the MSC server enhanced for SRVCC using SIP interface shall send a SIP INFO request inside the dialog created with the SIP INVITE request due to STN-SR for access transfer containing:

1.
an 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 compliant to the XML schema specified in the annex D.2 with the event XML element containing "answer" to indicate that the called party has answered the call.
Upon receiving a SIP REFER request:

1.
sent inside the dialog created by the SIP INVITE request due to STN-SR;
2.
with the Refer-Sub header field containing "false" value; and

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

the MSC server shall:

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

2.
send a SIP INVITE request transferring the additional transferred session according to 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The MSC server shall populate the SIP INVITE request as follows:

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

B.
include in the Contact header field the g.3gpp.srvcc-alerting media feature tag; and

C.
the SDP offer with:

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

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

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

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

3.
if application/vnd.3gpp.state-and-event-info+xml MIME body contains direction XML element containing "initiator", then enter the Call Delivered state (N4) as specified in 3GPP TS 24.008 [8] for the CS call with transaction identifier 1 and TI flag value as in mobile terminated call; and

4.
if application/vnd.3gpp.state-and-event-info+xml MIME body contains direction XML element containing "receiver", then enter the Call Received (N7) state as specified in 3GPP TS 24.008 [8] for the CS call with transaction identifier 1 and TI flag value as in mobile terminated call. The MSC server will not generate an in-band ring tone towards the calling party.

Upon receiving a CS Connect message with transaction identifier 1 and TI flag value as in mobile terminated call when in Call Received state as specified in 3GPP TS 24.008 [8], the MSC server shall send a SIP INFO request inside the dialog created by the SIP INVITE request transferring the additional transferred session containing:

1.
an 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 compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted" to indicate that the called party has answered the call.


------------------------------------------- 10th change----------------------------------------------
D.x
XML schema for events

D.x.1
General
This subclause defines XML schema and MIME type for event transport. 

In the present document, the MIME type is used for transfer of information for the MSC server state verification procedure. The MIME type is extendable and can be used for future events too.

D.x.2
XML schema

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

<xs:schema

  xmlns:xs="http://www.w3.org/2001/XMLSchema"

  elementFormDefault="qualified"

  attributeFormDefault="unqualified">

  <xs:element name="event" type="eventType"/>

  <xs:complexType name="eventType">

    <xs:sequence>

      <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:attribute name="event-type" type="xs:unsignedInt"/>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

</xs:schema>

D.x.3
Semantic

D.x.3.1
General

The <event> element is the root element of the XML document. The <event> element:

1)
contains the "event-type" attribute which indicates the event type; and

2)
can contain subelements related to the event type indicated by the "event-type" attribute.

NOTE:
The subelements of the <event> are validated by the <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/> particle of the <event> element.

The following applies for the "event-type" attribute of the <event> element:

-
sender of the XML does not set the "event-type" attribute to any value other than those described in this section; and

-
recipient of the XML ignores the <event> element with "event-type" attribute containing a value other than those described in this section.

<anyExt> element contains optional elements defined by future version of this document. 

Recipient of the XML ignores any unknown element and any unknown attribute.

D.x.3.2
Requirements for individual events

If the "event-type" attribute of the <event> element is 1, then the <event> element indicates that SCC AS requests the MSC server to check the state of the transferred sessions. The <event> element does not contain any subelements.

D.x.4
IANA registration template

Editor’s note [rSRVCC, CR#0529]: The MIME type "application/vnd.3gpp.event+xml" as defined in this subclause is to be registered in the IANA registry for Application Media Types based upon the following template. The registration is to be started when work on the rSRVCC WID completes.
MIME media type name:
application

MIME subtype name:

vnd.3gpp.event+xml

Required parameters: 
None

Optional parameters: 

"charset"
the parameter has identical semantics to the charset parameter of the "application/xml" media type as specified in IETF RFC 3023 [21].

"et"
when the MIME type is included in the Accept header field, the "et" parameter value is a comma delimited list of the values of the "event-type" attribute of the <event> root element supported by the sender of the Accept header field.

Encoding considerations:

Same as encoding considerations of application/xml as specified in IETF RFC 3023 [21]. 

Security considerations: 

Same as general security considerations for application/xml as specified in section 10 of IETF RFC 3023 [21]. In addition, this content type provides a format for exchanging information in SIP, so the security considerations from IETF RFC 3261 [19] apply.

Interoperability considerations:

Same as interoperability considerations as specified in section 3.1 of IETF RFC 3023 [21]. Any unknown XML elements and any unknown XML attributes are to be ignored by recipient of the MIME body.

Published specification: 

3GPP TS 24.237 "IP Multimedia Subsystem (IMS) Service Continuity", version 11.1.0, available via http://www.3gpp.org/specs/numbering.htm.
Applications which use this media: 

Applications support the service continuity as described in the published specification.

Intended usage: 

COMMON

Additional information:

1.
Magic number(s): none

2.
File extension(s): none

3.
Macintosh file type code: none

4.
Object Identifiers: none

------------------------------------------- 11th change----------------------------------------------
E.y
INFO package for transfer of events
E.y.1
Scope

This subclause contains the information required for the IANA registration of info package g.3gpp.event in accordance with IETF RFC 6086 [54].

Editor’s note: MCC needs to register this info package with IANA when 24.237 9.6.0 is published.

E.y.2
g.3gpp.event info package

E.y.2.1
Overall description

This info packages enables SIP entities to inform each other about events. 

In the present document, info package is used for transfer of information for MSC server state verification procedure. As the associated MIME type is extendable, the info package can be used to inform about the events defined in future extensions of the associated MIME type.

E.y.2.2
Applicability

This package applies to transport of events occurring in a UA to another UA.
E.y.2.3
Info package name

g.3gpp.event
E.y.2.4
Info package parameters

"et"
when included in the Recv-Info header field, the "et" parameter value is a comma delimited list of the values of the "event-type" attribute of the <event> root element supported by the sender of the Recv-Info header field. 

E.y.2.5
SIP options tags

None defined

E.y.2.6
INFO message body parts

The MIME type of the message body carrying event information is application/vnd.3gpp.event+xml. The application/vnd.3gpp.event+xml MIME type is defined in 3GPP TS 24.237.

When associated with the g.3gpp.event info package, the Content-Disposition value of the message body carrying participant identities is "info-package".

E.y.2.7
Info package usage restrictions

None defined.

E.y.2.8
Rate of INFO Requests

The rate of the INFO requests depends on the supported event types.

E.y.2.9
Info package security considerations

The security is based on the generic security mechanism provided for the underlying SIP signalling. No additional security mechanism is defined.
E.y.2.10
Implementation details and examples
UAC generation of INFO requests: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

UAS processing of INFO requests: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Examples: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

----------------------------------------- End changes---------------------------------------------

