Error! No text of specified style in document.
12
Error! No text of specified style in document.

3GPP TSG-CT WG1 Electronic Meeting #62bis
(
C1-100044

Elbonia, 20-27 January 2010

	CR-Form-v9.6

	CHANGE REQUEST

	

	(

	24.292
	CR
	0086
	(

rev
	-
	(

Current version:
	9.2.0
	(


	

	For HELP on using this form look at the pop-up text over the (
 symbols. Comprehensive instructions on how to use this form can be found at http://www.3gpp.org/specs/CR.htm.

	


	Proposed change affects:
(

	UICC apps(

	
	ME
	X
	Radio Access Network
	
	Core Network
	X


	

	Title:
(

	Clarification on SCC AS PSI DN

	
	

	Source to WG:
(

	Resarch In Motion

	Source to TSG:
(

	C1

	
	

	Work item code:
(

	IMS_SCC-ICS_I1
	
	Date: (

	21/01/2010

	
	
	
	
	

	Category:
(

	F
	
	Release: (

	Rel-9

	
	Use one of the following categories:
F  (correction)
A  (corresponds to a correction in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
R99
(Release 1999)
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)

	
	

	Reason for change:
(

	The definition of PSI DN is misleading and not totally correct.  The PSI DN is allocoated by the SCC AS and when sent to the UE and used by the UE takes different forms that the current defition.  When generated and sent to the UE in an I1 message or Gm message and then subsequently used by the UE is an E.164 number however when it comes into the IMS network it is then transposed into a PSI form as a Tel or SIP URI.

	
	

	Summary of change:
(

	PSI DN is digit string that represents an E.164 number. Expliciti identification of when the PSI DN is used what syntax it shall comply to.

	
	

	Consequences if 
(

not approved:
	Specification is unclear, resulting in different implemenations and in ability to interoperate.

	
	

	Clauses affected:
(

	2, 3.1, 7.2.2, 7.4.2.1, 8.4.2, 9.4.2, 10.2.2.3, 10.4.4, 10.4.6, 10.4.8, 

	
	

	
	Y
	N
	
	

	Other specs
(

	
	X
	 Other core specifications
(

	

	affected:
	
	X
	 Test specifications
	

	
	
	X
	 O&M Specifications
	

	
	

	Other comments:
(

	


2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services".
[3]
3GPP TS 23.002: "Network architecture".
[4]
3GPP TS 23.003: "Numbering, addressing and identification".
[4A]
3GPP TS 23.153: "Out of band transcoder control; Stage 2".

[5]
3GPP TS 23.228: "IP multimedia subsystem; Stage 2".
[6]
3GPP TS 23.292: "IP Multimedia Subsystem (IMS) Centralized Services; Stage 2".
[7]
3GPP TS 24.008: "Mobile radio interface layer 3 specification; Core Network protocols; Stage 3".

[8]
3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

[8A]
3GPP TS 24.167: "3GPP IMS Management Object (MO); Stage 3".
[9]
3GPP TS 24.173: "IMS Multimedia telephony service and supplementary services; Stage 3".
[10]
3GPP TS 24.228 Release 5: "Signalling flows for the IP multimedia call control based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[11]
3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[11A]
3GPP TS 24.301: "Non-Access-Stratum (NAS) protocol for Evolved Packet System (EPS); Stage 3".
[11B]
3GPP TS 24.294: "IMS Centralized Services (ICS) Protocol via I1 Interface; Stage 3".
[12]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[13]
3GPP TS 24.605: "Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[14]
3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[15]
3GPP TS 24.608: "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[16]
3GPP TS 24.610: "Communication HOLD (HOLD) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[17]
3GPP TS 24.611: "Anonymous Communication Rejection (ACR) and Communication Barring (CB); using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[18]
3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol Specification".

[19]
3GPP TS 24.629: "Explicit Communication Transfer (ECT) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[20]
3GPP TS 29.002: "Mobile Application Part (MAP) specification".

[21]
3GPP TS 29.078: "Customised Applications for Mobile network Enhanced Logic (CAMEL) Phase 4; CAMEL Application Part (CAP) specification".
[22]
3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks".
[23]
3GPP TS 29.228: "IP Multimedia (IM) Subsystem Cx and Dx Interfaces; Signalling flows and message contents".
[24]
3GPP TS 29.292: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and MSC Server for IMS Centralized Services (ICS)".

[25]
3GPP TS 29.328: "IP Multimedia Subsystem (IMS) Sh interface; Signalling flows and message contents".

[26]
3GPP TS 29.329: "Sh interface based on the Diameter protocol; Protocol details".
[27]
3GPP TS 32.260: "Telecommunication management; Charging management; IP Multimedia Subsystem (IMS) charging".
[28]
ITU-T Recommendations Q.761 to Q.764 (2000): "Specifications of Signalling System No.7 ISDN User Part (ISUP)".

[29]
ITU-T Recommendations Q.1902.1 to Q.1902.6 (07/2001): "Bearer Independent Call Control".
[30]
IETF RFC 3263 (June 2002): " Session Initiation Protocol (SIP): Locating SIP Servers".
[31]
IETF RFC 3264 (June 2002): "An Offer/Answer Model with Session Description Protocol (SDP)". 
[32]
IETF RFC 3265 (June 2002): "Session Initiation Protocol (SIP) Specific Event Notification".

[33]
IETF RFC 3680 (March 2004): "A Session Initiation Protocol (SIP) Event Package for Registrations".
[34]
IETF RFC 3840 (August 2004): "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)".

[35]
IETF RFC 5628 (October 2009): "Registration Event Package Extension for Session Initiation Protocol (SIP) Globally Routable User Agent URIs (GRUUs)".

[35A]
IETF RFC 3841 (August 2004): "Caller Preferences for the Session Initiation Protocol (SIP)".

[36]
draft-ietf-mmusic-sdp-cs-02 (April 2010): "Session Description Protocol (SDP) Extension For Setting Up Audio and Video Media Streams Over Circuit-Switched Bearers In The Public Switched Telephone Network (PSTN)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[37]
3GPP2 C.S0001-D: "Introduction to cdma2000 Spread Spectrum Systems - Revision D".
[38]
draft-alexeitsev-bliss-alert-info-urns-01 (September 2008): "Alert-Info header URNs for Session Initiation Protocol (SIP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[39]
draft-garcia-mmusic-sdp-misc-cap-00 (October 2008): "Miscellaneous Capabilities Negotiation in the Session Description Protocol (SDP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.  
[40]
draft-ietf-mmusic-sdp-capability-negotiation-09 (July 2008): "SDP Capability Negotiation".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[41]
draft-ietf-mmusic-sdp-media-capabilities-07 (February 2009): "SDP media capabilities Negotiation".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[42]
IETF RFC 3966: "The tel URI for Telephone Numbers".
[43]
3GPP TS 24.286: "IP Multimedia (IM) Core Network (CN) subsystem Centralised Services(ICS); Management Object (MO)".
[xx]
ITU-T Recommendation E.164: "The international public telecommunication numbering plan".
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 TR 21.905 [1].
CS call: A connection established via the circuit switched domain in accordance with the related procedures e.g. such as described in 3GPP TS 24.008 [8], 3GPP2 C.S0001-D [37] and of which the established bearer is only used within a CS connection but not used as a media stream for a related IM CN subsystem session.
CS media: A media stream established through CS signalling (e.g. 3GPP TS 24.008 [8], 3GPP2 C.S0001-D [37]) and transported through the PSTN with a session description defined by draft-ietf-mmusic-sdp-cs [36].
NAS combined attach or TA update: A NAS attach procedure where the EPS attach type is set to combined EPS/IMSI attach or a NAS tracking area update procedure where the EPS update type is set to combined TA/LA updating with IMSI attach. See also 3GPP TS 24.301 [11A].

Successful NAS combined attach or TA update: The successful outcome of a NAS combined attach procedure where for the NAS attach procedure the EPS attach result is combined EPS/IMSI attach or where for the NAS tracking area update procedure the EPS update result is combined TA/LA updated or combined TA/LA updated and ISR activated. See also 3GPP TS 24.301 [11A].

PSI DN: Is a digit string that conforms to ITU-T Recommendation E.164 [xx].
SCC AS enhanced for I1: SCC AS supporting I1 as defined in 3GPP TS 24.294 [11B].
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [6] apply:

ICS UE
Correlation MSISDN

MSC Server enhanced for ICS

SCC AS
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.629 [19] apply:

transferee

transferor

transfer target
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [5] apply:

Public Service Identity (PSI)

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

CS Domain Routeing Number (CSRN)

IP Multimedia Routeing Number (IMRN)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.301 [11A] apply:

EPS attach result

EPS attach type

EPS update result
EPS update type

IMS Voice over PS Session (IMSVoPS) indicator
7.2.2
ICS UE using Gm

There are no ICS specific requirements for the origination of calls that may be subject to ICS.

If ICS is enabled then when the ICS UE originates a call using Gm reference point, the ICS UE shall:
a)
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP INVITE request as follows: 
i)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
the feature tag g.3gpp.ics set to"" principal; and
ii)
the SDP payload proposing an audio stream over a circuit-switched bearer as described by draft-ietf-mmusic-sdp-cs [36], as follows:

-
a "c=" line with the nettype portion set to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
an "m=" line with the media portion set to "audio", port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-"; 
-
an a=setup attribute set to "active"

-
an a=connection attribute set to "new"; and

-
an indication that the related local preconditions for QoS as not met as specified in 3GPP TS 24.229 [11]. In the same, the SDP payload may also be proposing a CS video stream.
b)
when the ICS UE receives a reliable 1xx provisional response from the network including a PSI DN number, the ICS UE shall send a SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the SETUP message for 3GPP systems as follows:

i)
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the 1xx provisional response, in the fmt portion of the "c=" line, appended to the "PSTN" nettype portion as described in draft- draft-ietf-mmusic-sdp-cs [36]; and
ii)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.
c)
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].
When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].
7.4.2
SCC AS for service control over Gm

7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags, Contact header field including associated feature tags, Accept-Contact header field and the received non-audio SDP information.
2)
check if the SDP contains a "c=" line with nettype portion set to "PSTN" along with an "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" along with an a=setup attribute set to "active"and an a=connection attribute set to "new" as described in draft-ietf-mmusic-sdp-cs [36]. If these are all present, the ICS UE is requesting that the media bearer is to be set up over the CS domain and the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, in accordance with draft-ietf-mmusic-sdp-cs [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the fmt portion set to an E.164 number representing a SCC AS PSI DN. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS; 
ii)
an a=setup attribute set to "passive"

iii)
an a=connection attribute set to "new"; and
iv)
indicate local preconditions not met.

3)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN.

4)
When the SCC AS receives an initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request and include the information received in the SIP INVITE received in step 1 with the following exceptions:

a)
if a Privacy type of "id" is received in the SIP INVITE request from the CS domain then the Privacy type shall be set to type of "id"; and 
b)
an SDP offer with the media that combines the stored SDP offer from the ICS UE received in the SIP INVITE request from the ICS UE and the SDP offer received from the CS domain received in SIP INVITE request from the CS domain in accordance with the rules of IETF RFC 3264 [31].
Upon receiving a SIP 18x response from the terminating UE the SCC AS shall:

1)
 send a SIP 18x response towards the ICS UE. If the receiving response includes an SDP answer, the SIP 18x response shall include an SDP answer, and use a different dialog from that of the first SIP 183(Session Progress) response sent by the AS;

2)
send a SIP 18x response towards the CS domain.
The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the terminating UE, the SCC AS shall send a SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].
When the SCC AS receives a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response. on the same dialog on which the second 18x was sent to the ICS UE.
8.4.2
SCC AS actions when UE adds a CS bearer

When the SCC AS receives a SIP re-INVITE request from the ICS UE indicating the addition of a CS bearer on an existing session, the SCC AS shall:

1)
check if the SDP offer in the received SIP INVITE request contains a "c=" line with nettype portion set to "PSTN" along with an "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" along with an a=setup attribute set to "active"and an a=connection attribute set to "new" as described in draft-ietf-mmusic-sdp-cs [36]. If these are all present, the ICS UE is requesting that the media bearer is to be set up over the CS domain and the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

a)
include an SDP answer, in accordance with draft-ietf-mmusic-sdp-cs [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the fmt portion set to an E.164 number representing a SCC AS PSI DN. The SCC AS PSI DN is associated with the SCC AS and identifies the existing session; 
b)
an a=setup attribute set to "passive"

c)
an a=connection attribute set to "new"; and
d)
indicate local preconditions not met for the media over CS bearer.
2)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN; and
3)
When the SCC AS receives the initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

a)
use the SCC AS PSI DN that was allocated to associate SCC-AS-PDN with the existing session and act as a routing B2BUA, and generate SIP INVITE request and include the following information:

i)
a Request-URI set to the contact address of the terminating ICS UE; and

ii)
in the SDP add the SDP offer received from the CS domain in accordance with the rules of. IETF RFC 3264 [31].

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response from the terminating UE includes an SDP answer, the AS shall send an SDP answer towards the originating UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware that preconditions are met on all legs, the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the called party, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31]. When the SCC AS receives a SIP ACK request originated from an MSC Server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.

9.4.2
SCC AS adds a CS bearer
When the SCC AS receives on an existing session a SIP re-INVITE request to add media stream(s) towards the ICS UE the SCC AS shall 

1)
allocate an SCC AS PSI DN associated with the SCC AS and the INVITE request from the originating UE;.

2)
create a SIP INVITE request based upon the request from the originating UE and include the following:

i)
the Request URI set to the earlier received contact address 
ii)
an SDP offer based on the received SDP offer from the originator and including the following:
-
in the SDP offer include additional CS media "m=" line with media portion set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to"-" as described in draft-ietf-mmusic-sdp-cs [36]; 
-
in the SDP offer include, a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the fmt portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1) in accordance with draft-ietf-mmusic-sdp-cs [36];


an a=setup attribute set to "passive";

-
an a=connection attribute set to "new";

-
an indication that preconditions are not met; and

3)
route the created SIP INVITE request towards the terminating ICS UE.

When the SCC AS receives the initial SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 1. If the SCC AS PSI DN valid, the SCC AS shall:

1)
use the SCC AS PSI DN to correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE.
2)
create a response to the CS domain in accordance with 3GGP TS 24.229 [11], indicating local preconditions met and route towards the CS domain.

When the AS has received the 18x response from the terminating ICS UE and the SIP INVITE request with the SCC AS PSI DN number from the CS domain, the SCC AS shall prepare an SDP answer to be sent to the originating UE. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the CS domain. If the "m=" line of the SDP offer from the CS domain includes more than one codecs the SCC AS shall delete the lowest priority codecs. The status line in the response sent to the originating UE shall be the same as received in the 18x response from the terminating ICS UE. The SDP answer sent to the originating UE shall be in accordance with IETF RFC 3264 [31].

When the AS gets aware that the remote precondition is fulfilled on the leg towards the originating UE and on the leg towards the CS domain, the SCC AS shall send an UPDATE request to the terminating UE indicating that precondition is met.

When the SCC AS receives precondition is met from t the leg from the CS domain the SCC AS shall

1)
send a 200 (OK) for the UPDATE request on the leg to the CS domain and

2)
send a 200 (OK) for the INVITE request on the leg to the CS domain.

10.2.2.3
Call control over Gm and voice or voice and video over CS bearer

When the ICS UE receives a SIP INVITE request and the ICS UE terminates a call using the Gm reference point, the ICS UE shall:
-
send a reliable 1xx provisional response towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The UE shall populate the 1xx provisional response as follows:

a)
the SDP payload proposing an audio stream over a circuit-switched bearer as described by draft-ietf-mmusic-sdp-cs [36] ], as follows:

-
a"c=" line with the nettype portion to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
an "m=" line's with the media portion set to "audio", port portion set to "9", proto portion to "PSTN" and fmt portion set to "-", as described in draft-ietf-mmusic-sdp-cs [36]
-
an a=setup attribute set to "active"

-
an a=connection attribute set to "new";

and may also be proposing a CS video stream, and;
b)
an indication that the local preconditions for QoS as not met as specified in 3GPP TS 24.229 [11].
-
send a SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the SETUP message for 3GPP systems as follows:

a)
the called party BCD number information element set to the E.164 number obtained from the fmt portion received in the SDP body of the SIP INVITE request and included in the "c=" line with the nettype portion set to "PSTN" of the audio media, as described in draft-ietf-mmusic-sdp-cs [36] and the selected codec.
b)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.
-
when the resources are available to the UE, and if the UE has already received an indication from the origination side that related local preconditions for QoS as met on the originating side, shall send a 180 Ringing message and continue the call setup as specified in 3GPP TS 24.229 [11].
When the ICS UE receives a SIP INVITE request from the SCC AS indicating that the audio or audio and video media may be transferred over either PS domain or CS domain, the ICS UE shall execute T-ADS to select an appropriate domain for the audio or audio and video media bearer. Once the appropriate domain is selected by executing T-ADS, the ICS UE shall follow the procedures described in subclause 7.2.2 for PS procedures or subclause 7.2.4 for CS procedures to complete the rest of the session setup.

10.4.4
SCC AS for call control over Gm and voice or voice and video over CS

When the SCC AS serving the terminating ICS UE receives an initial SIP INVITE request due to initial filter criteria and the T-ADS results in choosing to deliver media in the CS domain, the SCC AS shall act as a B2BUA, the SCC AS shall:

1)
allocate an SCC AS PSI DN associated with the SCC AS and the SIP INVITE request from the originating UE;

2)
create a SIP INVITE request and include:

a)
a Request-URI set to the value of the Request-URI as received in the incoming SIP INVITE request;

b)
a dedicated Accept-Contact header field with a media feature tag with the value g.3gpp.ics set to principal and append "require" and "explicit";

NOTE 1:
Other feature tags can also be included in the dedicated Accept-Contact header field if the feature tags have the same requirements on the "explicit" and "require" parameter.

b1)
an Accept-Contact header field with the values received in the Accept-Contact header field in the incoming SIP INVITE except for any g.3gpp.ics media feature tags; and 

NOTE 2: 
According to IETF RFC 3841 [35A] when the value of the "explicit" and "require" parameters are different for feature tag values they will be placed in separate Accept-Contact header fields.
c)
an SDP offer based on the received SDP from the originator and including the following:
i)
in the SDP offer towards the terminating ICS UE, include an additional media line with media portion set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-", as described in draft-ietf-mmusic-sdp-cs [36] and may also include a CS video media stream according to the initial SIP INVITE received by the SCC AS;
ii)
a media level "c=" line, , with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the fmt portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1) in accordance with draft-ietf-mmusic-sdp-cs [36]; 
iii)
an a=setup attribute set to "passive"

iv)
an a=connection attribute set to "new"; 

v)
codecs based on local policy and the received SDP offer from the originating UE; and

vi)
an indication that preconditions are not met; and
3)
route the created SIP INVITE request towards the terminating ICS UE. 

When the SCC AS receives a SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 1. If the SCC AS PSI DN is valid, the SCC AS shall:

1)
use the SCC AS PSI DN and correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE; and
2)
create a response in accordance with 3GPP TS 24.229 [11], indicating local preconditions met and route towards CS domain.

Afterwards, when the SCC AS receives a 18x response, the SCC AS shall prepare an SDP answer to be sent to the originating UE. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the CS domain. If the "m=" lines of the SDP offer from the CS domain includes more than one codecs the SCC AS shall delete the lowest priority codecs. The status line in the response sent to the originating UE shall be the same as received in the 18x response from the terminating ICS UE. The SDP answer sent to the originating UE shall be in accordance with IETF RFC 3264 [31].

When the SCC AS receives a 18x response prior to the related SIP INVITE request from the CS domain, the SCC AS shall wait until the SIP INVITE request from the CS domain is received.
When the AS gets aware that the remote precondition is fulfilled on the leg towards the originating UE and on the leg towards the CS domain, the SCC AS shall send an UPDATE request to the terminating UE indicating that precondition is met.

When the SCC AS receives preconditions are met on the leg from the CS domain the SCC AS shall

1)
send a 200 (OK) for the SIP UPDATE request on the leg to the CS domain; and

2)
send a 200 (OK) for the SIP INVITE request on the leg to CS domain.
10.4.6
SCC AS allowing UE to execute T-ADS

When the SCC AS serving the terminating ICS UE receives an initial SIP INVITE request due to initial filter criteria and the T-ADS results in allowing the ICS UE to execute T-ADS, the SCC AS shall act as a B2BUA, the SCC AS shall:

1)
allocate an SCC AS PSI DN associated with the SCC AS and the SIP INVITE request from the originating UE;

2)
create a SIP INVITE request and include the following:

a)
set the Request-URI to the value as received in the Request-URI in the incoming SIP INVITE request;

b)
a dedicated Accept-Contact header field a media feature tag with the value g.3gpp.ics set to principal appended with the value "explicit" and "require";

NOTE 1:
Other feature tags can also be included in the dedicated Accept-Contact header field if the feature tags have the same requirements on the "explicit" and "require" parameter.

b1)

 an Accept-Contact header field with media feature tag  values received in the Accept-Contact header field(s) in the incoming SIP INVITE request except for any g.3gpp.ics media feature tags;  and
NOTE 2: 
According to IETF RFC 3841 [35A] when the value of the "explicit" and "require" parameters are different for feature tag values they will be placed in separate Accept-Contact header fields.
c)
within the SDP offer based on the received SDP from the originator, for every media line indicating audio set the following:
i)
transport protocol within the media line to RTP-based IP bearer;

ii)
related connection line to the value as received from the originator; and

iii)
additional a-lines as defined in draft-ietf-mmusic-sdp-capability-negotiation [40], draft-garcia-mmusic-sdp-misc-cap [39], draft-ietf-mmusic-sdp-cs [36] and draft-ietf-mmusic-sdp-media-capabilities [41] indicating that:

-
the required capability negotiation extensions attribute "creq" set to "med-v0" and "ccap-v0", indicating that the relevant SDP capability negotiation mechanisms must be supported by the terminating UE in order to initiate T-ADS;

-
the media capability attribute "mcap" set to "-";

-
the transport protocol capability attribute "tcap" set to "PSTN";

-
the connection data capability attribute "ccap" set to "PSTN", indicating "E.164" as address type and the e164-address portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1). The SCC AS PSI DN identifies the stored information and is associated with the SCC AS;

-
the related preconditions of the originating side set to not met; and

NOTE 3:
In the case when the UE chooses to use the CS bearer, the resources are not available in the MGCF. Therefore, regardless on the current status of the resource reservation at the originating side, the SCC AS sets the preconditions to not met.

3)
route the created SIP INVITE request towards the terminating ICS UE. 

Upon receipt of a SIP response to this SIP INVITE request, including an SDP answer indicating that the UE has chosen the RTP-based IP bearer, the SCC AS shall proceed in accordance with 3GPP TS 24.229 [11].
When the SCC AS receives a SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5as allocated in the above step 1 and proceed as defined in subclause 10.4.5.
When the SCC AS has received the 18x response from the terminating ICS UE, including an SDP answer indicating that the UE has chosen the CS bearer, the SCC AS shall proceed as defined in subclause 10.4.5.
If the SCC-AS receives a 488 (Not Acceptable Here) response, not including any SDP body or including an SDP body without an m-line indicating audio, the SCC-AS may follow the procedures in subclause 10.4.7 or subclause 10.4.5.
10.4.8
SCC AS for call control over I1 and media over CS
When the SCC AS receives an initial SIP INVITE request from the remote UE destined for the serving UE, and if upon performing the T-ADS, the SCC AS selects to deliver the media via the CS domain using the I1 protocol, the SCC AS shall:
1)
use the information received in the initial SIP INVITE request to generate an I1 Invite message toward the UE in accordance with subclause 6.2.1.3.2a in 3GPP TS 24.294 [11B];

2)
store the information sent in the I1 Invite message and the initial SIP INVITE request received from the remote the UE; and

3)
forward the generated I1 Invite message toward the UE.

When the SCC AS receives a SIP INVITE request from the CS domain, the SCC AS shall: 
0)
check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5as allocated in the above step 2;
1)
correlate the received SCC AS PSI DN contained in the Request URI of the SIP INVITE request received from the CS domain with the information saved in step 2 above;
2)
send an 18x message that contains the SDP answer toward the remote UE. The SDP answer shall be based on the SDP offer received in the SIP INVITE request from the CS domain; and

3)
create a response towards the CS domain in accordance with 3GPP TS 24.229 [11]. The response towards the CS domain shall contain the SDP answer. The SDP answer sent towards the CS domain is based on the SDP offer received in the initial SIP INVITE request previously received from the remote the UE.
If the SCC AS receives an I1 Progress message (with Reason subfield set to either Ringing or Call progressing) over the I1 interface prior to receiving the SIP INVITE request from the CS domain, the SCC AS shall ignore the I1 Progress message and wait until the SIP INVITE request from the CS domain is received.
When the SCC AS receives an indication from the CS domain that the media resources are available (e.g. the SCC AS receives a SIP message from the MGCF) and upon receiving an I1 Progress message with Reason subfield set to Ringing, the SCC AS shall forward a SIP 180 (Ringing) response to the remote UE.
Upon receiving an I1 Success message from the ICS UE, the SCC AS shall forward a SIP 200 (OK) response to the remote UE.

Upon receiving a SIP ACK request from the remote UE, the SCC AS shall send a SIP ACK request towards the CS domain.
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