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3
Definitions and abbreviations

3.1
Definitions

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

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

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

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

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

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

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

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

Access Leg

Access Transfer Control Function (ATCF)

Access Transfer Gateway (ATGW)

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

Local Operating Environment
Remote Leg
Target Access Leg

Source Access Leg

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

CS call

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

Correlation MSISDN

IP Multimedia Routeing Number (IMRN)

Session Transfer Identifier (STI)

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

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

Conference

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
----------------------------------------------- 3rd change -----------------------------------------
5.4
MSC server

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

In order to be compliant with 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 SRVCC using SIP interface as described in subclause 12.6; or

-
an MSC server shall provide the role of an MSC server enhanced for ICS as specified in subclause 12.4.1

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; or

-
provide the role of an MSC server enhanced for SRVCC using a SIP interface as described in subclause 12.6.1.

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.
----------------------------------------------- 4th change -----------------------------------------
7.3.1
Distinction of requests sent to the SCC AS
The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality relating to call origination:

-
SIP INVITE requests routed to the SCC AS over the ISC interface as a result of processing filter criteria at the S-CSCF according to the origination procedures as specified in 3GPP TS 24.229 [2], and therefore distinguished by the URI relating to this particular filter criteria appearing in the topmost entry in the Route header. In the procedures below, such requests are known as "SIP INVITE requests due to originating filter criteria". It is assumed that the SCC AS is the first AS that the S-CSCF forwards the request to after receiving the request from the UE.
The SCC AS shall store the SIP INVITE requests due to static STN (as defined in subclause 9.3.1) and the SIP INVITE requests due to originating filter criteria, at least until their sessions are terminated.

The SCC AS needs to distinguish between the following initial requests to provide specific functionality related to obtaining conference participants:

-
SIP SUBSCRIBE requests with an Event header field containing "conference" and with the Contact header field containing the g.3gpp.mid-call media feature tag routed to the SCC AS over the ISC interface as a result of processing initial filter criteria at the S-CSCF according to the originating procedures as specified in 3GPP TS 24.229 [2]. In the procedures below, such requests are known as "SIP SUBSCRIBE requests to conference event package". 

Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner conformant with 3GPP TS 24.229 [2].

----------------------------------------------- 5th change -----------------------------------------
7.4.1
Distinction of requests sent to the EATF
The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality relating to call origination:

-
SIP INVITE request including a request URI that contains an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in IETF RFC 5031 [17]. In the procedures below, such requests are known as "SIP INVITE requests due to emergency service URN".
Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner conformant with 3GPP TS 24.229 [2].
----------------------------------------------- 6th change -----------------------------------------
10.3.2
PS to PS access transfer procedures at the SCC AS
This subclause applies to reception of a SIP INVITE request due to STI with a PS media only.

When the SCC AS receives a SIP INVITE request on the Target Access Leg due to STI, the SCC AS shall:

· associate the SIP INVITE received on the Target Access Leg with a previously established SIP dialog or a 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 the Replaces (see IETF RFC 3891 [10]) or Target Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE with the previously established SIP dialog or with a dialog in early state. 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. 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 previously established SIP dialog or 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 SIP INVITE request contains a Replaces header field:

a)
follow the procedures defined in IETF RFC 3891 [10] for replacing the Source Access Leg with the SIP request received on the Target Access Leg, including terminating the Source Access Leg by sending a SIP BYE towards the SC UE in accordance with 3GPP TS 24.229 [2] in case the Source Access Leg was an ongoing dialog, or by sending a SIP CANCEL request towards the SC UE in case the Source Access Leg was a dialog in early state and it was terminating for the SC UE, or by sending a SIP 410 (Gone) response towards the SC UE in case the Source Access Leg was a dialog in early state and it was originating for the SC UE; and

b)
either send a SIP re-INVITE request towards the remote UE using the existing established dialog or send 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 re-INVITE request or the SIP UPDATE request (s) as follows:

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

2)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to STI received on the Target Access Leg, by following the rules of 3GPP TS 24.229 [2].
-
otherwise, if the SIP INVITE request contains a Target Dialog header field:

a)
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;
b)
otherwise, either send a SIP re-INVITE request towards the remote UE using the existing established dialog or 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 re-INVITE or the SIP UPDATE request(s) as follows:

1)
void; and

2)
include a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

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

-
for the media streams in the SIP INVITE request due to STI whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg,

c)
for a full media transfer, send a SIP BYE towards the SC UE in accordance with 3GPP TS 24.229 [2] in case the Source Access Leg was an ongoing dialog, or send a SIP CANCEL request towards the SC UE in case the Source Access Leg was a dialog in early state and it was terminating for SC UE, or send a SIP 410 (Gone) response towards the SC UE when the Source Access Leg was a dialog in early state and it was originating for SC UE; 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].

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 due to STI. The SCC AS shall populate the SIP response as follows:
1.
if the Remote Leg is an early dialog originated by the remote UE: 

1.
the Recv-Info header field containing the g.3gpp.state-and-event package name; and

2.
the Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type.

If, subsequent to initiating the SIP re-INVITE request or the SIP UPDATE request to the remote UE, and prior to the SIP ACK request being received on the Target Access Leg, the SCC AS decides (for any reason) to reject the access transfer request (e.g. by sending a 4xx response), the SCC AS shall release the Target Access Leg, retain the Source Access Leg, and update the remote leg to match the Source Access Leg.

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.

----------------------------------------------- 7th change -----------------------------------------
C.2
Definition of media feature tag g.3gpp.mid-call
Media feature-tag name: g.3gpp.mid-call

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 feature-tag when used in a SIP request or a SIP response indicates that the function sending the SIP message supports the MSC server assisted mid-call feature. 

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 the MSC server assisted mid-call feature
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].

----------------------------------------------- 8th change -----------------------------------------
C.4
Definition of media feature tag g.3gpp.atcf
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 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.
Media feature-tag name: g.3gpp.atcf
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 IETF draft-holmberg-sipcore-proxy-feature [x] 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 supports the Access Transfer Control Function (ATCF).  

Values appropriate for use with this feature-tag: 
When used in a Path header field, the value follows the syntax as described in table C.4-1 for g-3gpp-atcf-in-path.

Table C.4-1: ABNF syntax of values of the g.3gpp.atcf media feature tag

g-3gpp-atcf-in-path = STN-SR

STN-SR = addr-spec
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is used to indicate support of the ATCF.
Examples of typical use: Indicating support of the ATCF.

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].

----------------------------------------------- 9th 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 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"

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