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***** Next change *****
5.2
User Equipment (UE)

To be compliant with access transfer in this document, a UE shall implement the role of an SC UE:

-
according to subclause 6.2 for registration of the UE in the IM CN subsystem; and

-
dependent on the desired functionality, one or more of the procedures according to subclause 6A.2, subclause 6.2, subclause 7.2, subclause 8.2, subclause 9.2, subclause 10.2, subclause 11.2, subclause 12.2, subclause 13.2 and subclause 20.1.
The SC UE shall obtain the dynamic STI according to 6A.x.
***** Next change *****
5.3
Application Server (AS)

To be compliant with access transfer in this document, an AS shall implement the role of an SCC AS according to subclause 6.3, subclause 6A.4, subclause 6A.4.4, subclause 7.3, subclause 8.3, subclause 9.3, subclause 10.3, subclause 11.3, subclause 12.3, subclause 13.3 and subclause 20.1.

The SCC AS also handles SDP media description conflicts according to subclause 6A.5.

The SCC AS shall obtain the dynamic STI according to 6A.x.

***** Next 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 12.4.0B.

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 and subclause 9.4 and additionally provide the functionality described in subclause 9.5;

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0, and additionally provide the functionality described in subclause  12.4A; 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, and additionally provide the functionality described in subclause 12.4A.

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.
An MSC server can be compliant with the PS to CS access transfer for alerting calls procedures as described in this document.

In order to be compliant with the PS to CS access transfer for alerting calls procedures as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0 or subclause 12.4.0B, and additionally provide the functionality described in subclause 12.6.3; or

-
provide the role of an MSC server enhanced for SRVCC using a SIP interface as described in subclause 12.6.1 and additionally provide the functionality described in subclause 12.6.3.

The MSC server also handles SDP media description conflicts according to subclause 6A.5.
The MSC server shall obtain the dynamic STI according to 6A.x.

***** Next change *****
5.6
Access Transfer Control Function (ATCF)
To be compliant with access transfer in this document, the ATCF shall:

1)
provide the proxy role as defined in 3GPP TS 24.229 [2], with the exceptions and additional capabilities as described for the ATCF in subclause 6.5, subclause 6A.3, subclause 7.5, subclause 8.4, and subclause 12.7.2.4;

2)
provide the B2BUA functionality with the exceptions and additional capabilities as described for the ATCF in subclause 12.7.2.2. When providing the B2BUA functionality, the ATCF shall provide the UA role as defined in 3GPP TS 24.229 [2] and additionally shall:

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

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

c.
transparently forward received Contact header field; and

3)
if decided to anchor the media in ATGW according to operator policy:

NOTE:
At this point, ATCF interacts with ATGW to provide information needed in the procedures below. The details of interaction between ATCF and ATGW are out of scope of this document.

a.
upon receiving an SDP offer or answer included in a SIP message sent by the served UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW; and

b.
upon receiving an SDP offer or answer included in a SIP message sent by remote UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW.

The ATCF also handles SDP media description conflicts according to subclause 6A.5.

The ATCF shall obtain the dynamic STI according to 6A.x.

***** Next change *****
6A.x
Obtaining dynamic STI

The SC UE and the MSC server supporting obtaining of dynamic STI, shall:

1.
include the g.3gpp.dynamic-sti media feature tag in the Contact header field of initial SIP INVITE requests sent towards the SCC AS as specified in the annex C;

1.
if the g.3gpp.dynamic-sti feature capability indicator in a Feature-Caps header field is received in a SIP 1xx response or a SIP 2xx response, store the "call-id", "from-tag" and the "to-tag" and use them as the dialog identifier during access transfer;

2.
if the g.3gpp.dynamic-sti feature capability indicator in a Feature-Caps header field is received in an initial SIP INVITE request:

a.
include the g.3gpp.dynamic-sti media feature tag in the contact header field in outgoing SIP 1xx and 2xx responses as specified in the annex C.The SCC AS supporting obtaining of dynamic STI, shall:

1.
if the g.3gpp.dynamic-sti media feature tag in the Contact header field is received in an initial SIP INVITE request from SC UE, include the feature capability indicator g.3gpp.dynamic-sti in a Feature-Caps header field as specified in annex C in SIP 1xx and 2xx responses to the initial INVITE request;2.
when sending an initial SIP INVITE request towards the SC UE or the MSC server, include the feature capability indicator g.3gpp.dynamic-sti in a Feature-Caps header field as specified in annex C;

3.
if the g.3gpp.dynamic-sti media feature tag in the Contact header field is received in a SIP 1xx response or a SIP 2xx response to an initial SIP INVITE request and the initial SIP INVITE request was sent towards the SC UE, store the "call-id", "from-tag" and the "to-tag" and use them as the dialog identifier during access transfer; and

4.
remove the g.3gpp.dynamic-sti media feature tag from the Contact header field in any SIP INVITE request, 1xx response and 2xx response before forwarding the initial SIP INVITE request, SIP 1xx response and SIP 2xx response towards the remote UE.

The ATCF supporting obtaining of dynamic STI, shall:

1.
forward the g.3gpp.dynamic-sti media feature tag in the Contact header field of initial SIP INVITE requests sent towards the SCC AS;

2.
if the g.3gpp.dynamic-sti feature capability indicator in a Feature-Caps header field is received in a SIP 1xx response or a SIP 2xx response to an initial SIP INVITE request and the initial SIP INVITE request was sent towards the SCC AS, store the "call-id", "from-tag" and the "to-tag" and use them as the dialog identifier in the session; and

3.
if the Contact header field in SIP 1xx or 2xx responses to an initial SIP INVITE request contains the g.3gpp.dynamic-sti media feature tag and the initial SIP INVITE request was sent towards the SC UE, store the "call-id", "from-tag" and the "to-tag" and use them as the dialog identifier during access transfer.

***** Next change *****
C.X
Definition of media feature tag g.3gpp.dynamic-sti
Media feature tag name: g.3gpp.dynamic-sti
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 obtaining of dynamic STI. 

The media 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.

Values appropriate for use with this media feature tag: 
Strings with an equality relationship. 

The syntax is as described in table C.Y-1 for g.3gpp.dynamic-sti.

The value "none" is used when including this media feature tag in initial INVITE requests.

The value according to the sti-value is used when including this media feature tag in the Contact header field in a SIP 1xx or SIP 2xx response to an initial INVITE requests.

When included in Contact, Accept-Contact or Reject-Contact header fields, the value of the g.3gpp.path media feature tag is preceded by "<" and followed by ">" according to IETF RFC 3840 [53] and IETF RFC 3841 [y].
Table C.Y-1: ABNF syntax of values of the g.3gpp.dynamic-STI media feature tag

g-3gpp-dynamic-sti = sti-value | "none"

sti-value = callid-value SEMI totag SEMI fromtagcallid-value = "call-id" EQUAL word [ "@" word ]
totag = "to-tag" EQUAL token

fromtag = "from-tag" EQUAL token
Examples of typical use: Indicating that the user equipment supports obtaining the dynamic STI by means of the media feature tag g.3gpp.dynamic-sti.

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].

***** Next change *****
C.Y
Definition of feature capability indicator g.3gpp.dynamic-sti
Editor's note: this feature capability indicator is to be registered with IANA after the draft-ietf-sipcore-proxy-feature becomes RFC.
Feature capability indicator name: g.3gpp.dynamic-sti
Summary of the feature indicated by this feature capability indicator: 
This feature capability indicator, when included in a Feature-Caps header field as specified in draft-ietf-sipcore-proxy-feature [60] in the initial INVITE request or 1xx and 2xx responses to the initial INVITE request indicates that obtaining of dynamic STI is supported.  

Feature capability indicator specification reference:

3GPP TS 24.237, http://www.3gpp.org/ftp/Specs/archive/24_series/24.237/

Values appropriate for use with this feature capability indicator: 
Strings with an equality relationship. 

The syntax is as described in table C.Y-1 for g-3gpp-dynamic-sti.

The value "<none>" is used when including this feature capability indicator in initial INVITE requests.

The value according to the sti-value is used when including this media feature tag in the Feature-Caps header field in a SIP 1xx or SIP 2xx response to an initial INVITE requests.

Table C.Y-1: ABNF syntax of values of the g-3gpp-dynamic-sti capability indicator

g-3gpp-dynamic-sti = "<" sti-value ">" | "<none>"

sti-value = callid-value SEMI totag SEMI fromtag 
callid-value = "call-id" EQUAL word [ "@" word ]

totag = "to-tag" EQUAL token

fromtag = "from-tag" EQUAL token

The feature capability indicator is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature capability indicator is used to indicate that obtaining of dynamic STI is supported.
Examples of typical use: Indicating the presence and support of obtaining of dynamic STI in initial SIP INVITE request and SIP 1xx and SIP 2xx responses to the initial SIP INVITE request.
Security Considerations: Security considerations for this feature capability indicator are discussed in subclause 9 of draft-ietf-sipcore-proxy-feature [60].

***** End changes *****
