- 38 -

TD 832 (GEN/11)

	INTERNATIONAL TELECOMMUNICATION UNION
	study group 11

	TELECOMMUNICATION
STANDARDIZATION SECTOR

STUDY PERIOD 2005-2008
	TD 832 (GEN/11)

	
	English only

Original: English

	Question(s):
	2/11, 3/11
	Geneva, 12 September 2008

	

	Source:
	Editors

	Title:
	Draft recommendation of Q.CRT


Abstract

This is the output draft recommendation of Q.CRT that is produced from the Q2 and Q3/11 meetings.
This is a baseline document for CRT service specification, as the meeting decided to separate the original draft recommendation of Q.CRBT_CRT into two recommendations of Q.CRBT and Q.CRT, and one supplement Q.Supp-CRBT_CRT (service flows for CRBT and CRT service).

This document includes editorial changes including the document structure and updated comments from the Q2/13 with the relevance of section 8 and Y.2211.

ITU-T draft Recommendation Q.CRT
The Signalling Requirements and Protocol Profiles for CRT services
Summary
This Recommendation specifies the signalling requirements and protocol profile for NGN Customized multimedia Ringing Tone (CRT).
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12. Scope

This Recommendation specifies signalling requirements and protocol profiles, and signalling procedures of Customized multimedia Ringing Tone (CRT) services.
The CRT service is defined in NGN including IMS and Call server based networks.

This Recommendation covers the protocol profiles over UNI and NNI based on [ITU-T Q.3402] and [ITU-T Q.3401], respectively. In addition it also covers [ITU-T H.248.1] based protocol profile for the interface between the AMG-FE and the service control functions. More detailed protocol profiles for other interfaces may be subject to future specifications.
13. References
The following ITU-T Recommendations and other references contain provisions, which, through reference in this text, constitute provisions of this Recommendation. At the time of publication, the editions indicated were valid. All Recommendations and other references are subject to revision; all users of this Recommendation are therefore encouraged to investigate the possibility of applying the most recent edition of the Recommendations and other references listed below. A list of the currently valid ITU-T Recommendations is regularly published. The reference to a document within this Recommendation does not give it, as a stand-alone document, the status of a Recommendation.
2.1
ITU-T references
[ITU-T JPEG] 
JPEG File Interchange Format, Version 1.02,  September 1, 1992.
[ITU-T E.212]                ITU-T Recommendation E.212 (2004), The international identification plan for mobile terminals and mobile users.
[ITU-T H.248.1]             ITU-T Recommendation H.248.1 (2005), Gateway control protocol: Version 3.
[ITU-T Q.763]
ITU-T Recommendation Q.763 (1999), Formats and codes of the ISDN User Part of Signalling Syst em No. 7.

[ITU-T Q.1912.5]           ITU-T Recommendation Y.2031 (2004), Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control protocol or ISDN User Part.

[ITU-T Q.3401]              ITU-T Recommendation Q.3401 (2008), NGN NNI Signalling Profile (Protocol Set 1).  

[ITU-T Q.3401Amnt1]  ITU-T Recommendation Q.3401 Amendment 1 (2008), Extensions of NGN NNI signalling profile including video and data services.

[ITU-T Q.3402]              ITU-T Recommendation Q.3402 (2008), NGN UNI Signalling Profile (Protocol Set 1).
[ITU-T Q.3030]              ITU-T Recommendation Q.3030 (2008), Signalling Architecture for NGN Service Control Plane.
[ITU-T T.81]
ITU-T Recommendation T.81 (1992), Information technology; Digital compression and coding of continuous-tone still images: Requirements and guidelines.

[ITU-T Y.2012]
ITU-T Recommendation Y.2012 (2006), Functional Requirements and Architecture of the NGN.

[ITU-T Y.2021]
ITU-T Recommendation Y.2021 (2006), IMS for Next Generation Networks.

[ITU-T Y.2031]
ITU-T Recommendation Y.2031 (2006), PSTN/ISDN Emulation Architecture.
[ITU-T Y.2211]
ITU-T Recommendation Y.2211 (2007), IMS based Real-time Conversational Multimedia Services over NGN.
 [ITU-T Y.2701]
ITU-T Recommendations Y.2701 (2006), Security requirements for NGN release 1.
2.2
IETF references

[RFC2083]
IETF RFC 2083 (1997), PNG (Portable Networks Graphics) Specification version 1.0.
[RFC2246]
IETF RFC 2246 (1999), The TLS Protocol Version 1.0.
[RFC2327]    IETF RFC 2327 (1998), SDP: Session Description Protocol.

[RFC2401]
IETF RFC 2401 (1998), Security Architecture for the Internet Protocol.
[RFC2633]
IETF RFC 2633 (1999), S/MIME Version 3 Message Specification.
[RFC2976] 
IETF RFC2976 (2000), The SIP INFO Method.
[RFC3261]
IETF RFC 3261 (2002), SIP: Session Initiation Protocol.
[RFC3262] 
IETF RFC3262 (2002), Reliability of Provisional Responses in the Session Initiation Protocol (SIP).
[RFC3264]
IETF RFC3264 (2002), An Offer/Answer Model with the Session Description Protocol (SDP).
[RFC3311] 
IETF RFC3311 (2002), The Session Initiation Protocol (SIP) UPDATE Method.
[RFC3372]
IETF RFC 3372 (2002), Session Initiation Protocol for Telephones (SIP-T) : Context and Architectures.
[RFC3398] 
IETF RFC3398 (2002), Integrated Services Digital Network (ISDN) User Part (ISUP)to Session Initiation Protocol (SIP) Mapping.
[RFC3515]
IETF RFC 3515 (2003),  The Session Initiation Protocol (SIP) Refer Method.
[RFC3725]
IETF RFC3725 (2004), Best Current Practices for Third Party Call Control (3pcc) in  the Session Initiation Protocol (SIP).
[RFC3959]
IETF RFC 3959  (2004), The Early Session Disposition Type for the Session Initiation Protocol (SIP).
[RFC3960]
IETF RFC 3960 (2004), Early Media and Ringing Tone Generation in the Session Initiation Protocol (SIP).
[RFC4566]    IETF RFC 4566 (2006), SDP: Session Description Protocol.

[RFC5009]
IETF RFC 5009 (2007), Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for Authorization of Early Media.
14. Definitions
14.2 Terms defined in this recommendation
This Recommendation defines the following terms:
Early media for CRT: The early media that is delivered to the callrd party with the media contents configured by service subscriber. It can be generated by the originating network or terminating network depending on the location of service subscriptions.
CRT service user: Called party who experiences the CRT service.
Calling CRT service subscriber: Calling party who subscribes to CRT service.
Called CRT service subscriber: Called party who subscribes to called party configured CRT service.
Calling party configured CRT service: The CRT service that is provided from the calling party’s home network systems.

Called party configured CRT service: The CRT service that is provided from the called party’s home network systems.
 Terms defined in the references
This Recommendation uses the following terms defined in the references:
14.2.1 Home network: The network of the service provider to which a given subscriber is subscribed [ITU-T E.212].
Early media: The media (e.g. audio and video) that is exchanged before a particular session is accepted by called user [RFC3959].
Icon Ring Tone Server (IRT server): Icon Ring Tone Server (IRT) stores ringing tone media such as audio, video and picture files. IRT server behaves as a web server and can be provided by content providers or operators. A user terminal can interact with IRT server via, for example HTTP, to download ringing tone media
15. Abbreviations

This Document uses the following abbreviations.
ACM
Address Complete Message
AGC-FE
Access Gateway Control Functional Entity

AMG-FE
Access Media Gateway Functional Entity
ANM
Answer Message
AS
Application Server
AS-FE 
Application Support Functional Entity

AVP
Audio Video Profile

B2BUA
Back-to-Back User Agent

BGC-FE
Breakout Gateway Control Functional Entity

CDIV
Communication DIVersion

CRT
Customized Ring Back Tone
CRT-O
Customized Ring Back Tone by Originating network
CRT-T
Customized Ring Back Tone by Terminating network
CS
Circuit Switch
ECT
Explicit Communication Transfer

GSM
Global System for Mobile communications

HOLD
Communication HOLD

HTTP
Hypertext Transfer Protocol
IAM
Initial Address Message
IBC-FE
Interconnection Border Gateway Control Functional Entity
I-CSC-FE
Interrogating Call Session Control Functional Entity 

IMS
IP Multimedia Subsystem

IRT 
Icon Ring Tone
ISDN
Integrated Services Digital Network

ISUP
ISDN User Part
MGC-FE
Media Gateway Control Functional Entity

MRC-FE 
Media Resource Control Functional Entity

MRP-FE
Media Resource Processing Functional Entity

NGN
Next Generation Network

NNI
Network-to-Network Interface

OIP
Originating Identification Presentation

OIR
Originating Identification Restriction 

PSTN
Public Switched Telephone Network

RTCP
RTP Control Protocol

RTP
Real-Time Transport Protocol

P-CSC-FE 
Proxy Call Session Control Functional Entity 

POTS
Plain Old Telephone Service

RFC
Request For Comments

S-CSC-FE 
Serving Call Session Control Functional Entity

SDP
Session Description Protocol
SG-FE
Signalling Gateway Functional Entity
SIP
Session Initiation Protocol

SIP UA
SIP User Agent

SUP-FE
Service User Profile Functional Entity

TIP
Terminating Identification Presentation

TIR
Terminating Identification Restriction

TMG-FE
Trunk Media Gateway Functional Entity
UAC
User Agent Client

UAS
User Agent Server

UDP
User Datagram Protocol
UE
User Equipment

UE-A
User Equipment for user A
UE-B
User Equipment for user B
UNI
User-to-Network Interface

URL
Uniform Resource Locator
UUI
User-to-User Information
16. Common Aspects
16.2  Functional Architecture for CRT service
General architecture
The CRT service is defined and provided in NGN release 1 architecture, which is either IMS based or Call server based. Figures 5.1 shows general architecture that are compliant to Y.2012 [ITU-T Y.2012] for providing the CRT service based on IMS based and Call server based networks, respectively.
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Figure 5.1 - CRT service functional architecture
16.2.1 Possible CRT service architectures
IMS based and Call server based possible service architectures for CRT service are shown in Figures 5.2 and 5.3, respectively. And IMS based and Call server based possible scenarios for the calling party configured CRT service are shown in Figures 5.4 and 5.5, respectively. These figures show general scenarios assuming that the originating network is different from the terminating network.

Although the functional architectures are distinguished, service control mechanism has no difference between IMS and Call server based networks. 

[image: image2.png]Originating network

Terminating
network

CRT service user

CRT service
AS-FE

MRC-FE [ S-CSCFE | I-CSCFE !

MRP-FE | | P-CSC-FE L

Terminating
nd User Functior

NGN terminal

egacy terminal

Transport stratum

H Transport stratum





Figure 5.6 - Originating IMS based CRT service architecture 
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Figure 5.7 - Originating Call Server based CRT service architecture 
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Figure 5.8 - Terminating IMS based CRT service architecture 
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Figure 5-9 Terminating Call Server based CRT service architecture 
16.3 Service models
There are three models for ring back tone generations. CRT service is provided based on at least one of these service models, and can be provided with more than one model.
Gateway model is to establish early media sessions in the same way as regular session, using an offer/answer exchanges. The gateway model consists of managing early media sessions using offer/answer exchanges in reliable provisional exchanges, PRACKs, and UPDATEs [RFC3960].
Application Server model is to establish early media by distinguishing early session from regular session using early-session option tag. By indicating early-session disposition type in UAC, the UAS know that they keep offer/answer exchanges for early media (early-session disposition type) separate from regular media (session disposition type) [RFC3960].
HTTP model is to provide web URL of subscriber’s repository for CRT contents. This information is filled by and delivered from CRT service system, within the initial INVITE. 
16.4  Media formats
In order to guarantee a certain level of early media support and compatibility between the calling and called party terminals, appropriate media formats shall be negotiated or selected to play the CRT contents.
Audio
If audio is supported, the codec list shall be as specified in section 8.1 of [ITU-T Q.3401] and [ITU-T Q.3402].
16.4.1 Video
If video is supported, the codec list shall be as specified in section 8.1 of [ITU-T Q.3401] and [ITU-T Q.3402].
16.4.2 Text
If plain text is supported, any character encoding (charset) that contains a subset of the logical characters (e.g., Unicode [Unicode]) may be used. 
16.4.3 Still Image
If still image is supported, ISO/IEC JPEG [ITU-T T.81] together with JFIF [JPEG] shall be supported. Other formats (e.g. GIF([GIF87a],[GIF89a]), PNG([RFC2083]) may be supported.
17. Customized multimedia Ring Back Tone (CRT) service
17.2  General description
Customized multimedia Ringing Tone (CRT) service provides the called party with the calling party’s customized ringing tone.  The service can be subscribed by calling party or called party. The service is  invoked to provide customized ringing tone to called party according to the service configuration. The CRT contents can be multimedia representing avatar, business card, etc. Calling party subscribed CRT is always triggered at originating network’s service system. Otherwise, called party subscribed CRT is always triggered at terminating network’s service system. 

17.3  Signalling Requirements
The following sub-clauses describe signalling requirements specific to provide CRT services in each functional entity.
17.3.1 Requirements for the originating UE
17.3.1.1 Requirements for supporting CRT on Gateway model
If the terminating UE receives an initial INVITE request, and wishes to receive early media, it should 

a)
Send out SDP answer via 18x response to the initial INVITE request towards the originating side. or

b)
Send SDP answer in the response of UPDATE [RFC3311] method.

17.3.1.2 Requirements for supporting CRT on Application Server model
If the terminating UE wishes to receive early media authorization descriptions, as described in [RFC3959], it shall set the "early-session" option tag in the Supported header field, and should set the "100rel" option tag in the Require header field, to the initial INVITE request's 18x provisional response.
17.3.1.3 Requirements for supporting CRT on HTTP model
The terminating UE shall support Alert-Info and/or Call-Info header field as specified by [RFC3261] and [RFC3960].

If the media file indicated in the Alert-Info or Call-Info header field has been downloaded, the terminating UE should play the downloaded information to override locally generated ring information, except that user denies or stops it.
Requirements for supporting multiple CRT service models 
When multiple models are applied, the terminating UE may be configured to determine whether to play downloaded information only and/or early media information if different media type is involved, and if same media type is involved then the preference is set by local policy.
Requirements when user answers the communication
For Gateway model, the terminating UE doesn't need to distinguish early media and regular media before a final answer is received, so there's no requirement for terminating UE in this case.

For Application Server model, if the terminating UE uses different media port and/or connect address for regular media and early media, when user answers the dialog, the UE should stop playing early media information.

In case of HTTP model is applied, the terminating UE should have the local policy to determine whether to keep playing the CRT contents while conversation with the originating UE.
17.3.2 Requirements for the originating P-CSC-FE
For Gateway model, the IBC-FE may add, remove, or modify, the P-Early-Media header field within forwarded SIP requests and responses according to the operator's policy.

For Application Server model, the P-CSC-FE may add, remove, or modify, the early-session SDP within forwarded SIP requests and responses according to procedures in [RFC3959].

For HTTP model, the P-CSC-FE may have a local policy to remove, or modify the Alert-Info, and/or Call-Info header field.
17.3.3 Requirements for the I-CSC-FE
CRT has no impact on this FE.
17.3.4 Requirements for the S-CSC-FE
CRT has no impact on this FE.
17.3.5 Requirements for the IBC-FE
For Gateway model, the IBC-FE may add, remove, or modify, the P-Early-Media header field within forwarded SIP requests and responses according to the operator's policy.
For Application Server model, the IBC-FE may add, remove, or modify, the early-session SDP within forwarded SIP requests and responses according to the operator's policy.

For HTTP model, the IBC-FE may have a local policy to remove, or modify the Alert-Info, and/or Call-Info header field.
 Requirements for the AMG-FE
CRT has no impact on this FE.
17.3.6 Requirements for the Call Server
CRT has no impact on this FE.
17.3.7 Requirements for the AS-FE
The requirements in this clause are for invocation and operation to the CRT service. The activation, deactivation, and configuration of the CRT service are out of scope of this document.

The AS-FE provides CRT service regardless of whether session systems are Call Server or IMS based.
Requirements for providing CRT service by Gateway model

The AS-FE shall apply CRT service after receiving 18x response with SDP answer to the initial INVITE request.

If the CRT service can be applied, the AS-FE shall:

a)
Send CRT SDP offer via PRACK/UPDATE request towards terminating side; and,

b)
If the initial INVITE request carries SDP offer with precondition, send the SDP answer in the 18x response via an 180 response towards originating side;

The AS-FE may not forward the originating side SDP offer in the PRACK/UPDATE request towards terminating side.

And the AS may set all the media types’ bandwidth in the SDP towards originating side to 0, in order to avoid RTCP error.
Requirements for providing CRT service by Application Server model

If the INVITE request's 18x provisional response with "early-session" option tag in Supported header is received, then the AS-FE shall:

a)
If the provisional response has no "100rel" option tag in the Require header field, set "100rel" option tag in the Require header field;

b)
Send the provisional response towards the origination UE.

If a PRACK request to the INVITE request's 18x provisional response is received, according to [RFC3959], the AS-FE shall:

a)
If terminating side doesn't indicate "100rel" in the Require header field, transfer the PRACK request to UPDATE request; 

b)
Acquire SDP for CRT from MRFC;

NOTE -
The SDP for CRT can be acquired by sending an INVITE request without SDP to MRFC.

c)
Add new message body that has early-session disposition type in the PRACK/UPDATE request to contain the acquired SDP;

f)
Set "early-session" option tag in Require header field if it doesn't exist;

g)
Send the PRACK/UPDATE request towards the terminating UE.

If a final answer is received by the AS-FE on a dialog, the AS-FE should stop the early media CRT information on the answering dialog.
 Requirements for providing CRT service by HTTP model
If an initial INVITE request is received, then, according to [RFC3261] and [RFC3960], the CRT AS-FE is required to act as following:

a)
If an iconic photo, photo explanation text, and/or card information need to be presented on the terminating UE's screen, the AS-FE should add a Call-Info header field in the INVITE request, and, according to RFC3261 [x], set the HTTP protocol address of the iconic photo file in the Call-Info header field using "icon" value for the purpose parameter, set the photo explanation text in the Call-Info header field using "info" value for the purpose parameter, and/or set the card information in the Call-Info header field using "card" value for the purpose parameter;

b)
If a multimedia information need to be played on the terminating UE, the AS-FE may add an Alert-Info and/or Call-Info header field, and set the HTTP URL of the multimedia file to the value of the Alert-Info/Call-Info header field;

c)
Shall Send the INVITE request towards the terminating UE.

NOTE -
It is recommended that the size of the multimedia file and photo file are small in order not to delay communication establishment.
17.3.7.1 Requirements for supporting multiple models
In case of gateway model or application server model is applied, AS-FE should have the policy to determine whether to play downloaded information and/or early media information if different media type is involved, and if same media type is involved then the preference is set by policy.

This policy should be configured by calling CRT service subscriber, called CRT service subscriber, the originating network’s operator and the terminating network’s operator.
17.3.7.2  Requirements when user answers the communication 
If the CRT service is provided by AS model/Gateway model, the AS-FE should stop the early media CRT information on the answering dialog.

If the CRT service is provided by Gateway model, before forwarding the final answer, the AS-FE shall:

a)
send originator’s SDP offer via a re-INVITE request towards terminating side, then after getting the SDP answer from terminating side, send it via a “200 OK” response towards the originating side; or,

b)
query terminator’s SDP offer by sending a re-INVITE request without SDP towards terminating side, then after getting the SDP offer, send it via a "200 OK" response towards the originating side.

If the CRT service is provided by HTTP model, there’s no requirement.
17.4 Protocol Profiles
Since the CRT is a SIP based service provided in NGN, the protocol profiles for CRT service should be based on the following NGN signalling recommendations of ITU-T.
Table 6.1 - NGN service protocol profiles and signalling requirements

	Profile
	Interval
	Protocol
	Recommendation

	NGN UNI
	Between IMS-UE and Terminating network
	SIP/SDP
	[ITU-T Q.3402]

	AS-FE and S-CSC-FE Interface (Note 1)
	Between CRT service and service components
	SIP
	[ITU-T Q.Supp-55]

	H.248
	Between AMG-FE and Call Server component in Terminating network
	H.248/SDP
	[ITU-T H.248.1]


NOTE -
[ITU-T Q.Supp-55] provides signalling requirement and do not provide protocol profile.
Figure 6.1 illustrates CRT service signalling interface scope. The protocol profiles are applied for both Terminating IMS/Call Server based and Originating IMS/Call Server based CRT service. And the AS-FE provides CRT services regardless of whether session system is Call Server or IMS based.
17.4.1 IMS based CRT service
17.4.1.1 Protocol Profiles for Gateway model
In order to make early media connection with Gateway model, the UPDATE method is used [RFC3311].

Table 7.2 - CRT service specific methods and headers for Gateway model
(a) Early session establishment

	Early Session establishment
	Method/response
	Header
	Option tag
	References

	Reliable provisional response-based
	UPDATE
	-
	-
	RFC3311


	CRT AS-FE  MRC/P-FE

	Media control
	Request Method
	code
	Header
	code
	Description
	References

	
	INFO
	O
	-
	-
	-
	RFC2976


NOTE 1 -
The media control packages used in Content-Type header and INFO bodies are service providers specific.

(b) Regular session establishment

	Regular session establishment
	Method/response
	Header
	Tag
	Reference

	Single negotiation

(Note 2)
	200 OK
	-
	-
	RFC3398

Q.1912.5

	Double negotiation
	reINVITE – 200 OK
	-
	-
	RFC3261

	
	UPDATE – 200 OK
	-
	-
	RFC3311


NOTE 2 -
Since Gateway model is used for inter-working with legacy systems (e.g. PSTN, PLMN), there are cases that media gateways could not support changing session information by re-INVITE connections.

In order to make regular dialogue after early dialogue finishes, there are two cases are possible:

a)
final response 200 OK delivery regular Answer

b)
re-establishment of session with re-INVITE 

See Appendix III.9 for detailed signalling flows and messages.
17.4.1.2 Protocol Profiles for Application Server model
17.4.1.2.1 SIP profile
Table 7.3 and 7.4 illustrate the SIP methods that shall be supported for the CRT service. Other SIP messages may be supported as specified in [RFC3261].
Table 7.3 - SIP Request methods for CRT for Application Server model
	S-CSC-FE/CRT AS-FE  Terminating UE

	Request Method
	code
	Header
	code
	Description
	Reference

	INVITE


	M
	Supported
	M
	Supported:100rel, early-session
	RFC3262

	
	
	Require
	O
	Require:100rel, early-session if this header is supported
	

	
	
	Content-Type
	M
	Content-Type: multipart/mixed
	


	PRACK
	M
	PAck
	M
	-
	


Table 7.4 - SIP Response for CRT for Application Server model
	S-CSC-FE/CRT AS-FE  Terminating UE

	Response Method
	code
	Header
	code
	Description

	18x


	M
	RSeq
	O
	-

	
	
	Require
	O
	Require:100rel, early-session if this header is supported


In order to make early media session, the originating UE shall support the Supported header and may support the Require header in an INVITE message.

The Supported header shall set the tags "100rel" and "early-session". The Require header shall set these tags if the support is provided.

If early media session is provided, the content type "multipart/mixed" shall be supported to specify different session types (e.g. normal session and early session). Each content type encloses its specification by using the “boundary” tag in this header.

If reliability of provisional response is required, the PRACK header shall be present as specified in [RFC3262].
17.4.1.2.2 SDP profile

The session and media description for the CRT service are based on [RFC4566]. The media negotiation for early media session and regular session are based on [RFC3264].

If early media is provided, the Content-Disposition header shall be as specified in [RFC3959] section 4. The tag value "early-session" shall be supported.

Different types of media such as audio, video, text and image can be utilized as different ring back tones and ringing tones. Each media type shall be specified in “m=” line (i.e. m=text, m=audio, m=video).
17.4.1.3 Protocol Profiles for HTTP model

The CRT URL information is delivered in initial INVITE. It includes Call-Info and Alert-Info headers and ‘purpose’ parameters are used as defined in [RFC3261].

Table 7.5 - CRT service specific methods and headers for HTTP model
	Method/response
	Code
	Header
	Option tag
	Reference

	INVITE
	M
	Call-Info
	purpose
	RFC3261

	
	O
	Alert-Info
	-
	


NOTE -
BNF for each header or example usages need to be included. It is noted

See Appendix I.3 for signalling flows and messages usages.

17.4.2 Call Server based CRT service
17.4.2.1 Protocol Profiles for Gateway model
This model is not applicable to POTS subscribers of Call Server. 
17.4.2.2 Protocol Profiles for Application Sever model
The Call Server based CRT service is provided by an AS-FE connected and controlled with a Call Server. The AS-FE may support AS model regardless of whether session system is Call Server or IMS based one. The Call Server under the control of AS-FE may relay SIP messages for service control to terminating network, or may provide service control for POTS terminal by mapping between the SIP and H.248.1.

In the following cases, the AS model is not applicable:

a)
Terminating network provides Call Server based CRT

b)
Originating network provides Call Server based CRT, and terminating network is Call Server

In the following case, the SIP and SDP profiles described in Section 7.4.1.1 are applicable:

a)
Originating network provides Call Server based CRT, and terminating network is IMS.
17.4.2.3 Protocol Profiles for HTTP model
It may be possible the AMG-FE receiving specific tone information from the AS-FE delivered through Ut1 interface [ITU-T Y.2031], but this usage is FFS.
Otherwise, this model is not applicable to POTS subscribers of Call Server. 
18. Interactions between networks
18.2  Providing PSTN CRT to the terminating UE in IMS domain
For CRT service activated in PSTN, upon receipt  of the IAM with the CRT text in UUI [ITU-T Q.763],
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and if the MGC-FE supports the Call-Info header as a UUI mapping option, and has received the CRT text in the IAM request, then the MGC-FE shall send INVITE with CRT content information in Call-Info header.

Service providers may send service indicator in UUI to MGC-FE, and MGC-FE may retrieve the CRT contents.
 Providing NGN CRT to the called party in PSTN domain 
For CRT service activated in NGN, upon receipt of the INVITE  with the CRT text in Call-Info header,
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and if the MGC-FE supports the UUI as a network option, and has received the CRT text in the INVITE request, then the MGC-FE shall send IAM with a CRT text in UUI.

Service providers may send service indicator in Call-Info header to MGC-FE, and MGC-FE may retrieve the CRT contents.
19. Interactions with other services on NGN
Editor’s note: the following texts should be reviewed by Q2/13 experts before documents completion.
19.2 Originating Identification Presentation (OIP)
No impact on CRT service.

Originating Identification Restriction (OIR)
No impact on CRT service.

19.3 Terminating Identification Presentation (TIP)
If the CRT service is associated with the terminator's id information, the TIP service shall take precedence over CRT service. If the CRT service is not associated with the terminator's id information, CRT and TIP services are provided independently.
19.4 Terminating Identification Restriction (TIR)
If the CRT service is associated with the terminator's id information, the terminating side CRT AS-FE shall not apply the service on the communication if TIR service has restriction rules on the terminating identity information.
19.5 Communication HOLD (HOLD)
In case of B having an existing session with C and B being in HOLD, and A calling B with CRT service: if CRT information includes audio information, then CRT cannot be delivered because B is in HOLD.
Editor’s note: The text of this section is the review result received from Q2/13 and needs to be discussed.
19.6 Communication DIVersion Services (CDIV)
If CRT AS-FE is triggered by an initial INVITE request earlier than CDIV AS-FE, then if the CRT AS-FE receives another 18x provisional response of the INVITE request with early-session SDPs indicating authorized early media, as described in [RFC3959], the CRT AS-FE shall have local policy to determine whether a modification or removing of the early media information is needed or not, and whether the CRT service managed by the AS-FE need to be stopped or not.

19.7 Explicit Communication Transfer Service (ECT)
No impact on CRBT service.
Originating CRT service interact with terminating CRT service
If originating CRT service is triggered and terminating CRT service is also triggered, since both services provide early media to calling party, the conflict occurs.
In this case some priority mechanism is required and the priority mechanism within SIP is for further study.

Other mechanism is to configure the priority between service operators by pre-arrangement. The configuration is set on the service profiles by subscribers or operators. In this case, since the calling party is usually the subscriber of the originating CRT, the originating CRT has higher priority than the terminating CRT.
The service flow for priority service between originating and terminating CRT is presented in [Q.Supp-CRBT_CRT].
Terminating early media services to calling party other than CRT
If originating CRT and terminating early media services toward calling party such as announcement, IVR or VMS are invoked, since both services provide early media to calling party, the conflict occurs.
When a terminating early media service to the calling party is announcement providing network or services information, or IVR services such as prepaid or VMS (Voice Mail Service), terminating early media service is more important than originating CRT. In this case, terminating early media service has priority over originating CRT.
In order to control priority, the terminating early media service may send an indication to the originating system that the terminating service will provide early media toward calling party, in order for originating service to decide its service invocation or not.
A priority mechanism within SIP requires for further study.

On the other hand, if terminating CRT and terminating early media services toward calling party are invoked in parallel, the priority is set according to the service operator’s policy.
20. Security considerations
The CRT service is required to use appropriate security mechanisms to meet the general security requirements of NGN release 1 [ITU-T Y.2701]. 

Also, the CRT service is early media services using the signalling messages such as SIP, the NGN network infrastructure for CRT service should ensure the confidentiality and the integrity of the signalling flows transported on it.

Therefore, it is recommended to provide the transport and/or network security (respectively, e.g. TLS [RFC2246] and/or IPSec [RFC2401]) and/or the application security (such as S/MIME [RFC2633]) for signalling messages using SIP between two endpoints as describes as Security Considerations of the core SIP specification [RFC3261], the Early Media and Ringing Tone Generation specification [RFC3960], and Session Initiation Protocol for Telephones (SIP-T [RFC3372].

In Gateway model and AS model, the transport and network security and/or the application security should be applied.

In HTTP model, the application security should be applied, because that the body of signalling message (e.g., Alert-info of SIP [RFC3261]) contains the web URL in HTTP model. Use of header field in order to provide the containing URL can pose a security risk. If a called party (UE-B) fetches the URLs provided by a malicious caller (UE-A), the called party may be at risk for displaying inappropriate or offensive content, dangerous or illegal content, and so on. Hence, the application security (e.g., S/MIME) should be applied in order to provide the message authentication mechanism.
Annex A
Multi-Dialog model
(This annex forms an integral part of this Recommendation)
A.1
General Description

Multi-Dialog model establishes early media streams in other dialogs during the establishment of the communication, which are different from the dialog for regular media, and these dialogs are correlated, for CRT service, it uses forking mechanism to establish the early dialog for early media. Network controls the dialogs for early media.

A.2
Signalling Requirement
A.2.1
Requirements for the originating UE

If the terminating UE supports the P-Early-Media header, and wishes to receive early media authorization indications as described in [RFC5009], upon receiving a REFER request on the early dialog created by the initial INVITE request, whose Refer-to header field has P-Early-Media header parameter with the value of "supported", the terminating UE shall:

a)
Apply normal REFER handling procedures according to [RFC3515];

b)
Add a P-Early-Media header field with the value of "supported" in the resulting INVITE request;

c)
If user limits the early media type, add a session SDP to the resulting INVITE request, which includes all the media types that the user permits, otherwise, no session SDP is added to the INVITE request;

If user answers a dialog, the terminating UE may send CANCEL request to terminate dialog(s) that result from the REFER request on the early dialog, whose Refer-to header field has P-Early-Media header parameter.
A.2.2
Requirements for the AS-FE

If the INVITE request's 18x provisional response without P-Early-Media header and without "early-session" option tag in Supported header is received, then the AS-FE shall:

a)
Create a REFER request on the dialog created by the provisional response;

b)
Create a CRT Session Identifier URI addressed to this AS-FE. The URI shall be created in such a way that a new dialog set up towards this URI can be easily correlated with the current REFER dialog;

c)
Set the Refer-to header field of the REFER request to the value of the CRT Session Identifier URI, and add a P-Early-Media header parameter with the value of "supported"; (This will help the CRT AS-FE to terminate the early dialog created by the result INVITE request)

d)
Send the REFER request towards the terminating UE.

NOTE 1 -
It is depend on the operator's policy or user configuration whether the CRT information need to be provided to all the terminators, or some terminators, or only one terminator, if the INVITE request has been forked.

If a new initial INVITE request is received targeting at the CRT Session Identifier URI created earlier, according to [RFC5009], the AS-FE shall:

a)
Acquire SDP for CRT from MRFC;

NOTE 2 -
The SDP for CRT can be acquired by sending an INVITE request without SDP to MRFC.

b)
Create an 18x provisional response to the INVITE request;

c)
Add a P-Early-Media header field in the created provisional response, the value of the P-Early-Media header field has one of the following values: "sendonly", or "inactive";

d)
Add a message body that has session disposition type to the created provisional response, if there's no session SDP in the INVITE request, the body will contain the acquired SDP for CRT, otherwise, based on the acquired SDP for CRT, the body will contain the SDP answer to the SDP offer of the INVITE request;

e)
Send the created provisional response towards the terminating UE.

If a final answer is received on a dialog, the AS-FE should stop the early media CRT information on the dialog between terminating UE and a CRT Session Identifier URI, which is correlated to the answering dialog, or, may terminate the correlated dialog by sending a 486 (Busy) response.
Appendix I
Signalling flows
(This appendix does not form an integral part of this Recommendation)
The detailed message examples are not shown for simplicity and most of the headers are shown in the first message include significant ones.
I.1
IMS based CRT service by Gateway model 
Figure I.1 signalling flow shows a CRT service provided by Gateway model scenario:
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NOTE -
Some signalling details are left out of the figure for simplicity.
Figure I.1: CRT service provided by Gateway model

Procedure of SIP signalling is as follows:

S1. INVITE (UE-A to AS)

The INVITE request is sent from the UE-A to S-CSC-FE of originating side. The S-CSC-FE evaluate initial Filter Criteria (The initial Filter Criteria identifies that the requested URI is subscribed to the CRT service.). If that matches, S-CSC-FE will send the request toward the indicated CRT AS-FE. At this time, the Contact value includes UE-A’s SIP URI that contains the IP address. 
	INVITE tel:+1-222-333-4444 SIP/2.0 
Route: <sip:crt@as-fe.orig_ngn.net; lr>, <sip:1.23.233143.24@s-csc-fe.orig_ngn.net;lr>
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>

Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
P-Preferred-Identity: <sip:ue-a@orig_ngn.net>, <tel:+1-222-555-3333>
Privacy: none
Contact: <sip:192.100.200.51:5090>

Supported: timer, early-session
Allow: INVITE, ACK, OPTIONS, BYE, CANCEL, MESSAGE, INFO, REFER, NOTIFY, SUBSCRIBE
Accept: application/sdp
Session-Expires: 3600;refresher=uac
Content-Type: application/sdp 

…


S2-S3. INVITE (AS-FE to UE-B)

INVITE is send toward the UE-B through network elements. The Contact value includes AS-FE’s SIP URI. 
	INVITE sip:192.100.200.52:5080 SIP/2.0

From: <sip:ue-a@orig_ngn.net>;tag=asfe171828

To: <tel:+1-222-333-4444>

Call-ID : asfed03a0sasfe0234123

CSeq: 101 INVITE
Supported : 100rel
Contact: <sip:192.100.100.100:5070> 
Content-Type: application/sdp 

…


S4-S6. 183(UE to AS-FE)

If 100rel option tag is presented, 183 with require/Rseq header SDP and is send toward the AS-FE through network elements. The Contact value includes UE-B’s SIP URI
	SIP/2.0 183 Session Progress
From: <sip:ue-a@orig_ngn.net>;tag=asfe171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : asfed03a0sasfe0234123

Require: 100rel
RSeq: 113
Cseq: 101 INVITE
Contact: <sip:192.100.200.52:5080> 
Content-Type: application/sdp 

…


S7. PRACK (UE-A to AS-FE)

UE-A is requested to send a PRACK request back, in order to acknowledge the provisional 183 (Session in Progress) response.
	 PRACK sip:192.100.100.100:5070 SIP/2.0
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=asfe22222122

Call-ID : ueacb03a0suea00234123

RAck: 113 101 INVITE
Cseq: 102 PRACK
Content-Type: application/sdp
…


S8-S9. PRACK (AS-FE to UE-B)

PRACK is send toward the UE-B through network elements. 
	 PRACK sip:192.100.100.100:5070 SIP/2.0
From: <sip:ue-a@orig_ngn.net>;tag=asfe171828

To: <tel:+1-222-333-4444>;tag=22222122

Call-ID : asfed03a0sasfe0234123

RAck: 113 101 INVITE
Cseq: 102 PRACK
Content-Type: application/sdp
…


S10-S12 200 OK (UE-B to UE-A)

UE-B responds to the PRACK (S11) with a 200 OK. And then 200 OK is send toward the UE-A through network elements.
	SIP/2.0 200 OK 
From: <sip:ue-a@orig_ngn.net>;tag=asfe171828

To: <tel:+1-222-333-4444>;tag=22222122

Call-ID : asfed03a0sasfe0234123

Cseq: 102 PRACK
…


S13. INVITE (AS-FE to MRC-FE)

AS-FE determines providing CRT service with determine process of acknowledge the provisional 183. AS-FE sends the INVITE with No SDP to MRC-FE. The Contact value includes AS-FE’s SIP URI.
	INVITE sip:mrc-fe@term_ngn.net SIP/2.0
To : <sip:mrc-fe@ term_ngn.net >;tag=123123
From : <sip:crt_as-fe@ term_ngn.net >

Call-ID : mrfcreq0012031023012030

CSeq: 1 INVITE
Contact: <sip:192.100.100.100:5070> 
…


S14. 200 OK (MRC-FE to AS)

MRC-FE sends a 200(OK) response to the INVITE request from AS-FE with SDP of MRP-FE. The Contact value includes MRC-FE’s SIP URI.
	SIP/2.0 200 OK
To: <sip:mrc-fe@ term_ngn.net >;tag=123123
From: <sip:crt_as-fe@ term_ngn.net >tag=55555
Call-ID : mrfcreq0012031023012030

Contact: <sip: 192.100.100.200 :5060>

Content-Type: application/sdp
…


S15-16.UPDATE (AS-FE to UE-B)

AS-FE generate UPDATE message with SDP of MRC-FE. UPDATE is send toward the UE-B through network elements. The Contact value includes AS-FE’s SIP URI.
	UPDATE sip:192.100.200.51:5080 SIP/2.0
From: <sip:ue-a@ngn.net>;tag= asfe171828

To: <tel:+1-222-333-4444>;tag= 22222122

Call-ID : asfed03a0sasfe0234123

CSeq: 222 UPDATE
Contact: <sip:192.100.100.100:5070>

Content-Type: application/SDP

…


S17-S18.200 OK (UE-B to S-CSC-FE)

UE-B responds to the UPDATE (S15) with a 200 OK including SDP of UE-A. And then 200 OK is send toward the AS-FE through network elements. The Contact value includes UE-A’s SIP URI.
	SIP/2.0 200 OK 
From: <sip:ue-a@ngn.net>;tag= asfe171828

To: <tel:+1-222-333-4444>;tag= 22222122

Call-ID : asfed03a0sasfe0234123

CSeq: 222 UPDATE
Contact: <sip:192.100.200.51:5090> 
Content-Type: application/SDP




S19. ACK (AS-FE to MRC-FE)

AS-FE responds to the 200 OK with ACK including SDP of UE-A to the MRC-FE.
	ACK sip:192.100.100.200:5060 SIP/2.0
From: <sip:ue-a@ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : mrfcreq0012031023012030

Content-Type: application/sdp
…


S20. INFO (AS-FE to MRC-FE)

AS-FE sends the INFO request to MRC-FE, via the signalling path established by the INVITE request with MRC-FE.  INFO request 
	INFO sip:192.100.100.200:5060SIP/2.0
To : <sip:mrc-fe@ term_ngn.net >;tag=123123
From : <sip:crt_as-fe@ term_ngn.net >;tag=55555
Call-ID : mrfcreq0012031023012030

CSeq: 2 INFO
Content-Type: application/mgcp
…


S21. 200OK (MRC-FE to AS)

MRC-FE responds to the INFO request (20) with a 200 OK. And then MFP-FE plays the CRT.
	SIP/2.0 200 OK 
To : <sip:mrc-fe@ term_ngn.net >;tag=123123
From : <sip:crt_as-fe@ term_ngn.net >;tag=55555
Call-ID : mrfcreq0012031023012030

CSeq: 2 INFO
…


S22-S23. 200OK (UE-B to AS-FE)

When the called party answers, the UE-B sends a 200 OK final response to the INVITE request (S3). S-CSC-FE forwards the 200OK response to AS-FE. The Contact value includes UE-B’s SIP URI
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=asfe171828

To: <tel:+1-222-333-4444>;tag=22222122

Call-ID : asfed03a0sasfe0234123

CSeq: 101 INVITE
Contact: <sip:192.100.200.52:5080> 
Content-Type: application/sdp



S24. BYE(AS-FE to MRC-FE)

AS-FE sends the BYE request to MRC-FE for the CRT RTP session termination.
	BYE sip:192.100.100.200:5060SIP/2.0
From: <sip:mrc-fe@ term_ngn.net >;tag=123123
To: <sip:crt_as-fe@ term_ngn.net >;tag=55555
Call-ID : mrfcreq0012031023012030

CSeq: 3 BYE
…


S24. 200 OK (MRC-FE to AS-FE)
MRC-FE responds to the BYE request (13) with a 200 OK. And then MRP-FE stops the CRT.
	SIP/2.0 200 OK
From: <sip:mrc-fe@ term_ngn.net >;tag=123123
To: <sip:crt_as-fe@ term_ngn.net >;tag=55555
Call-ID : mrfcreq0012031023012030

CSeq: 3 BYE
…


S25-26. 200 OK (AS-FE to UE-A)
S-CSC-FE forwards the 200 OK response to UE-A. The Contact value includes AS-FE’s SIP URI
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag= asfe22222122

Call-ID : ueacb03a0suea00234123

Contact: <sip:192.100.100.100:5070> 
CSeq: 101 INVITE
…


S27-29. ACK (UE-A to UE-B)
UE-A responds to the 200 OK with an ACK request to UE-B. UE-A and UE-B should change the RTP session after re-INVITE transaction.
	ACK sip:192.100.100.100:5070 SIP/2.0
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag= asfe22222122

Call-ID : ueacb03a0suea00234123

CSeq: 101 INVITE
…


I.2
CRT service by Application Server model

Figure I.2 signalling flow shows a CRT service provided by Application Server model scenario: 
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NOTE -
Some signalling details are left out of the figure for simplicity.

Figure I.2: CRT service provided by Application Server model
Procedure of SIP signalling is as follows:
1. INVITE (Originating Side to S-CSC-FE)
The INVITE request is sent from the UE-A to S-CSC-FE of terminating side. The S-CSC-FE evaluate initial Filter Criteria (The initial Filter Criteria identifies that the requested URI is subscribed to the CRBT service.). Therefore the S-CSC-FE forwards the INVITE to the CRBT AS-FE. The Contact value includes UE-A’s SIP URI that contains the IP address.
	INVITE sip:ue-b@term_ngn.net SIP/2.0

Route: <sip:crbt@as-fe.term_ngn.net; lr>, <sip:1.23.233143.23@s-csc-fe.term_ngn.net;lr>
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>

Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
P-Preferred-Identity: <sip:ue-a@orig_ngn.net>, <tel:+1-222-555-3333>
Privacy: none
Contact: <sip:192.100.200.51:5090>
Supported: timer
Allow: INVITE, ACK, OPTIONS, BYE, CANCEL, MESSAGE, INFO, REFER, NOTIFY, SUBSCRIBE
Accept: application/sdp
Session-Expires: 3600;refresher=uac
Content-Type: application/sdp
…


2. INVITE (AS-FE to UE-B)
INVITE is sent toward the UE-B through network elements( AS-FE may be Proxy server). The Contact value includes UE-A’s SIP URI.
	INVITE sip:192.100.200.52:5080 SIP/2.0

From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>

Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Supported: timer, early-session
Contact: <sip:192.100.200.51:5090>

Content-Type: application/sdp 

…


3-4. 183(UE-B to UE-A)
183(Session Progress) is sent toward the AS-FE through network elements. The Contact value includes UE-B’s SIP URI.
	SIP/2.0 183 Session Progress
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Supported: early-session
Contact: <sip:192.100.200.52:5080>
Content-Type: application/sdp
…


5. PRACK (UE-A to AS-FE)
PRACK is sent toward the AS-FE through network elements.
	PRACK sip:ue-b@term_ngn.net SIP/2.0

From: <sip:crbt@as-fe.term_ngn.net>;tag=171828
To: <tel:+1-222-333-4444>; tag=22222122
Call-ID : ueacb03a0suea00234123
CSeq: 1 PRACK
Contact: <sip: 192.100.200.51:5090>

Content-Length: 0


6. INVITE (CRBT AS-FE to MRC/P-FE)
INVITE is sent toward the MRC/P-FE through network elements ( AS-FE may be Proxy server). The Contact value includes CRBT AS-FE’s SIP URI.
	INVITE sip:mrc-fe@term_ngn.net SIP/2.0

From: <sip:crbt@as-fe.term_ngn.net>;tag=171829
To: <sip:mrc-fe@term_ngn.net>

Call-ID : ueacb03a0suea00234124
CSeq: 1 INVITE
Supported: timer, early-session
Contact: <sip:crbt@as-fe.term_ngn.net>

Content-Length: 0


7. 200 (MRC/P-FE to AS-FE)
200(OK) is sent toward the AS-FE through network elements. The Contact value includes MRC-FE’s SIP URI.
	SIP/2.0 200 OK
From: <sip:crbt@as-fe.term_ngn.net>;tag=171829
To: <sip:mrc-fe@term_ngn.net>;tag=22222123
Call-ID : ueacb03a0suea00234124
CSeq: 1 INVITE
Contact: <sip:mfc-fe@term_ngn.net>
Content-Type: application/sdp
…


8. PRACK (AS-FE to UE-B)
AS-FE inserts early-session SDP within PRACK request. PRACK is sent toward the UE-B through network elements.
	PRACK sip:ue-b@term_ngn.net SIP/2.0

From: <sip:crbt@as-fe.term_ngn.net>;tag=171828
To: <tel:+1-222-333-4444>; tag=22222122
Call-ID : ueacb03a0suea00234123
CSeq: 1 PRACK
Require: early-session
Contact: <sip: 192.100.200.51:5090>

Content-Type: application/sdp
Content-Disposition: early-session
…


9. 200 (UE-B to AS-FE)
200 (OK) is sent toward the AS-FE through network elements.
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 PRACK
Contact: <sip:192.100.200.52:5080>
Content-Type: application/sdp
Content-Disposition: early-session
…


10. 200 (AS-FE to UE-A)
200 (OK) is sent toward the UE-A through network elements.
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 PRACK
Contact: <sip:192.100.200.52:5080>
Content-Length: 0


11. ACK (AS-FE to MRC/P-FE)
ACK is sent toward the MRC/P-FE through network elements. The Contact value includes AS-FE’s SIP URI.
	ACK sip:mrc-fe@term_ngn.net SIP/2.0
From: <sip:crbt@as-fe.term_ngn.net>;tag=171829
To: <sip:mrc-fe@term_ngn.net>;tag=22222123
Call-ID : ueacb03a0suea00234124
CSeq: 1 ACK
Contact: <sip:crbt@as-fe.term_ngn.net>
Content-Type: application/sdp
Content-Disposition: session
…


13. 180(AS-FE to UE-A)
180(ringing) is sent toward the UE-A through network elements. The Contact value includes UE-B’s SIP URI.
	SIP/2.0 180 Ringing
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Contact: <sip:192.100.200.52:5080>

…


14-15. 200 (UE-B to UE-A)
200(OK) is sent toward the UE-A through network elements. The Contact value includes UE-B’s SIP URI.
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Contact: <sip:192.100.200.52:5080>
Content-Type: application/sdp
Content-Disposition: session
…


16-17. ACK (UE-A to UE-B)
UE-A responds to the 200 OK with an ACK request to UE-B.
	ACK sip:192.100.200.52:5080 SIP/2.0
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Content-Length: 0


I.3
CRT service by HTTP model

Figure I.3 signalling flow shows a CRT service provided by HTTP model scenario: 
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NOTE -
Some signalling details are left out of the figure for simplicity.

Figure I.3: CRT service provided by HTTP model

Procedure of SIP signalling is as follows:

S1. INVITE (UE-A to AS-FE)

The INVITE request is sent from the UE-A to S-CSC-FE of originating side. The S-CSC-FE evaluates initial Filter Criteria (The initial Filter Criteria identifies that the requested URI is subscribed to the CRT service.). If that matches, S-CSC-FE will send the request toward the indicated CRT AS-FE. At this time, the Contact value includes UE-A’s SIP URI that contains the IP address.
	INVITE tel:+1-222-333-4444 SIP/2.0

Route: <sip:crt@as-fe.orig_ngn.net; lr>, <sip:1.23.233143.24@s-csc-fe.orig_ngn.net;lr>
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>

Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
P-Preferred-Identity: <sip:ue-a@orig_ngn.net>, <tel:+1-222-555-3333>
Privacy: none
Contact: <sip:192.100.200.51:5090>

Supported: timer, early-session
Allow: INVITE, ACK, OPTIONS, BYE, CANCEL, MESSAGE, INFO, REFER, NOTIFY, SUBSCRIBE
Accept: application/sdp
Session-Expires: 3600;refresher=uac
Content-Type: application/sdp 

…


H2-H3 HTTP or SOAP (between AS-FE and CRT HTTP server)

AS-FE gets CRT_URL from HTTP server using TCP based protocol.
S4-S5. INVITE (AS-FE to UE-B)

AS-FE inserts Call-Info header or Alert-Info header within the INVITE request. The Contact value includes UE-A’s SIP URI.
	INVITE sip:192.100.200.52:5080 SIP/2.0

From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>

Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Contact: <sip:192.100.200.51:5090> 
Content-Type: application/SDP 

Call-Info : <http://crt_as.ngn.com/mmcid/bimg20001000000001731.gif>; purpose=icon, 

<http:// crt_as.ngn.com /mmcid/user_info_0251148012.xml>; purpose=info

Alert-Info : http://crt_as.ngn.com/mmcid/bimg20001000000001731.wav

…


S7-S8. 180(UE-B to AS-FE)

180(ringing) is sent toward the UE-A through the network elements. The Contact value includes UE-B’s SIP URI.
	SIP/2.0 180 Ringing
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Contact: <sip:192.100.200.52:5080> 
…


H9-H10. HTTP GET and File downloading (between AS-FE and CRT HTTP server)

UE-B request HTTP GET Message with URL. And then, UE-B downloads and plays the CRT media file.

S11-S13. 200 OK (UE-B to UE-A)

When the called party answers, the UE-B sends a 200 OK (with SDP B) response to the INVITE request. And then UE-B stops the CRT media play. The Contact value includes UE-B’s SIP URI.
	SIP/2.0 200 OK
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
Contact: <sip:192.100.200.52:5080>

Content-Type: application/sdp
…


S14-S16. ACK (UE-A to UE-B)

UE-A responds to the 200 OK with ACK request to UE-B.
	ACK sip:192.100.200.52:5080 SIP/2.0
From: <sip:ue-a@orig_ngn.net>;tag=171828

To: <tel:+1-222-333-4444>;tag=22222122
Call-ID : ueacb03a0suea00234123

CSeq: 1 INVITE
…


I.4
Interaction of CRBT and CRT

Figure I.4 signalling flow shows the interaction of CRBT services and CRT services scenario: 
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Figure I.4: Interaction of CRBT and CRT
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