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FOREWORD

This document National SIP Profiles is a working document of the national standardi-zation group for SIP (Session Initiation Protocol). It contains a summary of specifications to be applied at SIP interfaces between operators. In aim to maintain at least the quality of service of the present PSTN for the basic calls, some of selected specifications are marked as ‘mandatory’ and the others as ‘recommended’. At this phase the document is a draft on which all comments are welcome. 
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1    INTRODUCTION

This specification defines the national SIP Profile. 

This version covers the Basic SIP profile, SIP profile B and SIP profile C defined in the ITU-T Recommendation Q.1912.5 ‘Interworking Between Session Initiation Protocol (SIP) and Bearer Independent Call Control Protocol or ISDN User Part’. 

This specification contains a list of documents to be applied at preceding SIP profiles either as mandatory or as recommended. Short introductory texts related to the contents or significance of the same documents are included in Annex.
2    References 

GFI 0301
ISUP-SIP INTERWORKING PROFILE C

GFI 0303
ISUP-SIP INTERWORKING PROFILE B

Q.1912.5
Interworking between Session Initiation Protocol (SIP) and ISDN User Part 
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Interworking between Session Initiation Protocol (SIP) and ISDN User Part

RFC 2046
Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types
RFC 2327
SDP: Session Description Protocol

RFC 2806
URLs for Telephone Calls

RFC 2833
RTP Payload for DTMF Digits, Telephony Tones and Telephony signals

RFC 2976
The SIP INFO method

RFC 3204
MIME media types for ISUP (and Q.SIG) Objects

RFC 3261
SIP: Session Initiation Protocol

RFC 3262 
Reliability of Provisional Responses in the SIP
RFC 3264
An Offer / Answer Model with the SDP

RFC 3266
Support for IPv6 in SDP

RFC 3311
SIP UPDATE method

RFC 3312
Integration of Resources Management and SIP

RFC 3323
A Privacy Mechanism for the SIP

RFC 3325
Private Extensions to the SIP for Asserted Identity within Trusted Networks

RFC 3326
The Reason Header Field for the SIP

RFC 3329
Security Mechanism Agreement for the SIP

RFC 3389
RTP Payload for Comfort Noise (CN)
RFC 3578
Mapping of ISUP Overlap Signalling to the SIP

RFC 3966 
The tel URI for Telephone Numbers   (replaces gradually RFC 2806)

3    sip PROFILES used at operator interfaces

3.1   Basic SIP

The Basic SIP signalling enables the communication between SIP users and proxies and as well the setup and release of sessions using SIP signalling (i.e. the basic service).

[image: image1.wmf]
3.2 SIP Profile B

The SIP Profile B signalling is used at PSTN/SIP gateway, where all signalling information to be transferred has to be coded from a signalling system to another. At sending – when mandatory information is missing - default values are used, at receiving the incompatible information is deleted.
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3.3    SIP Profile C

The SIP Profile C signalling is used at PSTN/SIP gateway, when the ISUP signalling between two PSTN networks is conveyed over IP using SIP signalling.
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4       application OF SIP SPECIFICATIONS AT SIP PROFILES
	
	Basic SIP
	Profile B
	Profile C

	RFC 2046
	M
	M
	M

	RFC 2327
	M
	M
	M

	RFC 2806
	M
	M
	M

	RFC 2833
	M
	M
	M

	RFC 2976
	-
	-
	M

	RFC 3204
	-
	-
	M

	RFC 3261
	M
	M
	M

	RFC 3262
	R
	R
	R

	RFC 3264
	M
	M
	M

	RFC 3266
	     M  *)
	    M *)
	     M  *)

	RFC 3311
	R
	R
	R

	RFC 3312
	R
	R
	R

	RFC 3323
	-
	M
	-

	RFC 3325
	-
	M
	-

	RFC 3326
	-
	M
	-

	RFC 3329
	R
	R
	R

	RFC 3389
	R
	R
	R

	Q.1912.5
	-
	M
	M

	RFC 3578
	-
	M
	M

	RFC 3966
	M
	M
	M



M    
= 
Mandatory


M*)
= 
Mandatory after the introduction of IPv6


R   
= 
Recommended


-
= 
Irrelevant in this profile

     Table 1/GFI 0502    Necessity of common SIP documents in Basic, B- and C- profiles


ANNEX
SHORT INTRODUCTIONS TO ESSENTIAL SIP SPECIFICATIONS
RFC 2046

Multipurpose Internet Mail Extensions (MIME) PartTwo:Media Types
This document defines the general structure of the Multipurpose Internet Mail Extension (MIME) media typing system and defines an initial set of media types. 

RFC 2327
  SDP: Session Description Protocol

The purpose of SDP is to convey information about media streams in multimedia sessions to allow the recipients of a session description to participate in the session. 

RFC 2806
  URLs for Telephone Calls   (gradually obsoleted by RFC 3966)

This document specifies URL (Uniform Resource Locator) schemes "tel", "fax" and "modem" intended for describing a terminal that can be contacted using the telephone network. The description includes the subscriber (telephone) number of the terminal and the necessary parameters to be able to successfully connect to that terminal.
RFC 2833
  RTP Payload for DTMF Digits, Telephony Tones and Telephony signals

This document defines two payload formats, one for carrying dual-tone multi-frequency (DTMF) digits, other trunk and line signals and second one for general multi-frequency tones in RTP packets. Separate RTP payload formats are needed since low-rate voice codecs can not quarantee reproducing of tone signals for auto-matic recognition. In addition, simple equipments like IP phones etc. can emulate DTMF functionality without need to generate or recognize precise tone pairs 

RFC 2976
  The SIP INFO method

The SIP protocol defines session control messages used during the setup and tear down stages of a SIP controlled session. There is no general-purpose mechanism to carry session control information along the SIP signaling path during the session. RFC 2976 defines a new method INFO. The purpose of which is to carry application level information along the SIP signalling path. The INFO method is not used to change the state of SIP calls, or the parameters of the sessions SIP initiates. It me-rely sends optional application layer information, generally related to the session. 

RFC 3204
  MIME media types for ISUP (and Q.SIG) Objects

There are configurations in which ISUP-encoded signaling information needs to be transported between SIP entities as part of the payload of SIP messages, where the preservation of ISUP data is necessary for the proper operation of PSTN features.

This document is specific to this usage and this media types is intended for ISUP application information that is used within the context of a SIP session.

RFC 3261
  SIP: Session Initiation Protocol

This document is the base document for description of Session Initiation Protocol (SIP), an application-layer control (signaling) protocol for creating, modifying, and terminating sessions with one or more participants. These sessions include Internet telephone calls, multimedia distribution, and multimedia conferences. 


RFC 3262 
Reliability of Provisional Responses in the SIP

The Session Initiation Protocol specified in RFC 3261 is a request-response protocol for initiating and managing communications sessions. SIP defines two types of responses, provisional and final. Final responses convey the result of the request processing, and are sent reliably. Provisional responses provide information on the progress of the request processing, but are not sent reliably in RFC 3261. However, the reliability is important in several cases including interoperability scenarios with the PSTN. Therefore, an optional capability is needed to support reliable transmission of provisional responses. That capability is provided in RFC 3262.

RFC 3264
  An Offer / Answer Model with the SDP

This document defines a mechanism by which two entities can make use of the Session Description Protocol (SDP) to arrive at a common view of a multimedia session between them. In the model, one participant offers the other a description of the desired session from their perspective, and the other participant answers with the desired session from their perspective. The offer/answer model is used by protocols like the Session Initiation Protocol (SIP). 

RFC 3266
  Support for IPv6 in SDP

This document describes the use of Internet Protocol Version 6 (IPv6) addresses in conjunction with the Session Description Protocol (SDP). Specifically, this document clarifies existing text in SDP with regards to the syntax of IPv6 addresses. 
RFC 3311
  SIP UPDATE method

The Session Initiation Protocol defines the INVITE method for the initiation and modification of sessions. The INVITE method impacts both the session (the media streams SIP sets up) and the dialog (the state that SIP itself defines). There are cases where this causes complications: it may be necessary to modify the session before the initial INVITE has been answered - as an example "early media", a condition where the session is established, for the purpose of conveying progress of the call, but before the INVITE itself is accepted. A solution is needed that allows the user to provide updated session information before a final response to the initial INVITE request is generated. The UPDATE method, defined in RFC 3311, fulfils that need. It can be sent by a user within a dialog to update session parameters without impacting the dialog state itself. 

RFC 3312
  Integration of Resources Management and SIP

This document defines a generic framework for preconditions. It also discusses how network quality of service can be made a precondition for establishment of sessions initiated by the SIP. These preconditions require that the participant reserve network resources before continuing with the session.  It does not define new quality of service reservation mechanisms; these preconditions simply require a participant to use existing resource reservation mechanisms before beginning the session.

RFC 3323
  A Privacy Mechanism for the SIP

This document provides privacy requirements and mechanisms for the Session Initiation Protocol (SIP). Privacy is defined in this document as the withholding of the identity of a person (and related personal information) from one or more parties in an exchange of communications, specifically a SIP dialog. 




RFC 3325 Private Extensions to the SIP for Asserted Identity within Trusted Networks

This document describes private extensions to the Session Initiation Protocol (SIP) that enable a network of trusted SIP servers to assert the identity of authenticated users, and the application of existing privacy mechanisms to the identity problem. The use of these extensions is only applicable inside an administrative domain with previously agreed-upon policies for generation, transport and usage of such information. 


RFC 3326
  The Reason Header Field for the SIP

For creating services, it is often useful to know why a Session Initiation Protocol (SIP) request was issued. This document defines a header field, Reason, that provides this information. The Reason header field is also intended to be used to encapsulate a final status code in a provisional response. 


RFC 3329
  Security Mechanism Agreement for the SIP

Defines new functionality for negotiating the security mechanisms used between a Session Initiation Protocol (SIP) user agent and its next-hop SIP entity. This functionality supplements the existing methods of choosing security mechanisms between SIP entities.


RFC 3389
  RTP Payload for Comfort Noise (CN)

Comfort Noise (CN) is applied for indication to human ear that the call is continuing   during silent moments.This document describes a Real-time Transport Protocol (RTP) payload format for transporting comfort noise within audio codecs that do not support transmission of noise when speech is not recognized.  


Q.1912.5
  Interworking between Session Initiation Protocol (SIP) and ISDN User Part

This document replaces the IETF document RFC 3398 (Mapping of ISUP Signalling to the SIP), where - among others - overlap signaling in SIP is excluded.

RFC 3578
  Mapping of ISUP Overlap Signalling to the SIP

A mapping between ISUP and SIP is described in RFC 3398. Which only takes into consideration ISUP en-bloc signalling consisting of sending the complete telephone number of the callee in the first signalling message. However, the PSTN in Finland uses overlap signalling consisting of sending only some digits of the callee's number in the first signalling message. Further digits are sent in subsequent signalling messages. Some form of overlap signalling has to be used in the SIP network to minimize the call setup delay. RFC 3578 analyzes - among other things - the issues related to the use of overlap signalling in a SIP network and describes ways to deal with them in some particular network scenarios where the use of overlap signalling in the SIP network is unacceptable.

RFC 3966
  The tel URI for Telephone Numbers   (replaces gradually RFC 2806)

This document specifies the URI (Uniform Resource Identifier) scheme "tel". The "tel" URI describes resources identified by telephone numbers. This document obsoletes RFC 2806. 
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