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0
Abstract

This contribution summarises the current SIP documentation within IETF that deal with SIP. This contribution represents those IETF RFCs and drafts that have been allocated to the SIP working group half of the original SIP working group.
1
Introduction

SIP is defined in one completed RFC, and is currently being revised. A number of extensions are also in process of definition. The documentation structure is getting very complex. This contribution represents those IETF RFCs and drafts that have been allocated to the SIP working group half of the original SIP working group.
2
Completed request for comments

Each distinct version of an Internet standards-related specification is published as part of the "Request for Comments" (RFC) document series. This archival series is the official publication channel for Internet standards documents and other publications of the IESG, IAB, and Internet community. 

Some RFCs document Internet Standards.  These RFCs form the 'STD' subseries of the RFC series [4].  When a specification has been adopted as an Internet Standard, it is given the additional label "STDxxx", but it keeps its RFC number and its place in the RFC series.

Note that certain standards bodies insist that an RFC must be an Internet Standard before it can be referenced in a published standard.

3
Internet drafts identified as work items by the working group or as chartered items

Editor’s note: During the run up to an IETF meeting, there may be a delay between the submission of an internet draft, and the formal posting of the internet draft. I have adopted the policy of identifying only those versions that have been officially posted, although this may delay inclusion in this document by a few days.

During the development of a specification, draft versions of the document are made available for informal review and comment by placing them in the IETF's "Internet-Drafts" directory, which is replicated on a number of Internet hosts.  This makes an evolving working document readily available to a wide audience, facilitating the process of review and revision.

An Internet-Draft that is published as an RFC, or that has remained unchanged in the Internet-Drafts directory for more than six months without being recommended by the IESG for publication as an RFC, is simply removed from the Internet-Drafts directory.  At any time, an Internet-Draft may be replaced by a more recent version of the same specification, restarting the six-month timeout period.

An Internet-Draft is NOT a means of "publishing" a specification; specifications are published through the RFC mechanism described in the previous section.  Internet-Drafts have no formal status, and are subject to change or removal at any time.

Under no circumstances should an Internet-Draft be referenced by any paper, report, or Request-for-Proposal, nor should a vendor claim compliance with an Internet-Draft.

Note: It is acceptable to reference a standards-track specification that may reasonably be expected to be published as an RFC using the phrase "Work in Progress"  without referencing an Internet-Draft. This may also be done in a standards track document itself  as long as the specification in which the reference is made would stand as a complete and understandable document with or without the reference to the "Work in Progress".

3.1
SIP telephony call flow examples

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-call-flows-03.txt 

Expires: September 2001

Type: Usage 

Charter item: general

This document gives examples of SIP (Session Initiation Protocol) call flows for IP telephony. Elements in these call flows include SIP User Agents and Clients, SIP Proxy and Redirect Servers, and Gateways to the PSTN (Public Switch Telephone Network). IP telephony scenarios include SIP Registration, SIP to SIP calling, SIP to Gateway, Gateway to SIP, and Gateway to Gateway via SIP.  Call flow diagrams and message details are shown.  PSTN telephony protocols are illustrated using ISDN (Integrated Services Digital Network), ANSI ISUP (ISDN User Part), and FGB (Feature Group B) circuit associated signaling. PSTN calls are illustrated using global telephone numbers from the PSTN and private extensions served on by a PBX (Private Branch Exchange).  Example SIP messages used for testing during SIP "bakeoff" events include SIP "torture test" messages, and messages with invalid parameters, methods, and tags.

This document does not define any part of the SIP protocol. This may be a basis for some call flows work with WG CN1. The document does show interworking with ISDN and private network capabilities, but these flows tend to be oriented to signalling systems in use in the US market. Interworking is probably outside the scope of WG CN1.

Proposed to become an informational RFC. Agreed to move forward to last call.

3.2
SIP call control transfer

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-cc-transfer-04.txt 

Expires: August 2001

Type: Extension 

Charter item: callcontrol

This document defines a SIP extension within the Call Control Framework and demonstrates its use to provide Call Transfer capabilities. 

This document defines the REFER method and two new headers Refer-to and Referred-by.
Author's message: This draft is destined to be split into two (separating the definition of REFER from is use to achieve transfer). I've kept them as one for this iteration primarily to make sure the changes to the use of NOTIFY were available in the draft repository before the March meeting.
A part of this draft describing the operation of call transfer will go to the SIPPING group.
3.3
DHCP option for SIP servers

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-dhcp-04.txt 

Expires: June 2001

Type: Usage 

Charter item: general

This document defines a DHCP option that contains a pointers to one or more SIP servers. This is one of the many methods that a SIP client can use to obtain the addresses of a local oubound SIP server.

This document does not define parts of the SIP protocol. Rather it defines a manner in which SIP servers can user DHCP. As such, WG CN1 needs to decide whether such work is within its scope, or whether these capabilies should be specified by some other group.

3.4
MIME media types for ISUP and QSIG objects

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-isup-mime-09.txt 

Expires: September 2001

Type: Usage 

Charter item: general
This document describes MIME types for application/ISUP and application/QSIG objects for use in SIP applications, according to the rules defined in RFC 2048 [1].  These types can be used to identify ISUP and QSIG objects within a SIP message such as INVITE or INFO, as might be implemented when using SIP between legacy systems.

This defines a MIME type of a message body for encapsulating either ISUP or QSIG PDUs, such that they may be used for later processing by a receiving application. It is not considered that this would be used for access protocols to the IP multimedia subsystem. It is however an integral part of the SIP BCP document.

Has now passed working group last call.

IESG last call 23rd February 2001.

3.5
SIP extensions for media authorization

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-call-auth-01.txt 

Expires: September 2001

Type: Extension 

Charter item: aaa, media

This document describes the need for call authorization and offers a mechanism for call authorization that can be used for admission control and against denial of service attacks.

This document defines a new Media-Authorisation header.

Accepted as a SIP WG item at the 48th IETF. Depends of 2543 bis draft as uses 183 response.

3.6
SIP: Session Initiation Protocol -- Locating SIP Servers

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-srv-02.txt 

Expires: September 2001

Type: Usage 

Charter item: general

This document describes how a SIP client locates a SIP server based on the Request-URI or a preconfigured outbound proxy server. This document updates the process described in RFC 2543.

This document updates Sections 1.3 and 1.4.2 and supercedes Appendix D of RFC 2543. Inter alia, it defines the term outbound proxy and replaces references to the obsoleted RFC 2052 with current references to RFC 2782.

This document does not contain any extensions to the SIP protocol, but is solely concerned with locating SIP servers before onward routeing of SIP requests.

Working group last call initiated 18th January 2001.

3.7
SIP Telephony Service Examples

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-service-examples-01.txt 

Expires: September 2001

Type: Usage 

Charter item: general

This document gives examples of SIP (Session Initiation Protocol) telephony services. This covers most features offered in so-called Centrex offerings from local exchange carriers and PBX (Private Branch Exchange) features. Most of the services shown in this document are implemented in the SIP User Agents, although some require the assistance of a SIP Proxy. Some require some extensions to SIP including third party call control (3pcc) extensions such as the REFER method. These features are not intented to be an exhaustive set, but rather show implementations of common features likely to be implemented on SIP IP Telephones in a business environment.
Intended to become an informational RFC.
3.8
ISUP to SIP Mapping

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sip-isup-00.txt
Expires: May 2001

Type: ---

Charter item: sipt

This document describes a way to perform the mapping between two signalling protocols: SIP and ISUP.

Intended to become an informational RFC. The ISUP used is the old Recommendation Q.767 International ISUP, which is not the one in current common use worldwide.

4
Internet drafts in process to become informational RFCs, but not working group items

4.1
Architectural considerations for providing carrier-class telephony services utilizing SIP-based distributed call-control mechanisms

Text contained in http://search.ietf.org/internet-drafts/draft-dcsgroup-sip-arch-04.txt
Expires: September 2001

Type: Framework 

Charter item: sipt

This document provides an overview of a SIP-based Distributed Call Signaling (DCS) architecture to support carrier class packet-based voice, video, and other real time multimedia services. Companion documents [3,4,5,6] address a specific set of SIP 2.0 protocol extensions and usage rules that are necessary to implement the DCS architecture in an interoperable fashion. The DCS architecture takes advantage of endpoint intelligence in supporting telephony services without sacrificing the network's ability to provide value through mechanisms such as resource management, lookup of directory information and translation databases, routing services, security, and privacy enforcement. At the same time, the architecture provides flexibility to allow evolution in the services that may be provided by endpoints and the network. DCS also takes into account the need to manage access to network resources and account for resource usage. The SIP usage rules defined in the accompanying IDs specifically address the coordination between Distributed Call Signaling and dynamic quality of service control mechanisms for managing resources over the access network. In addition, the DCS architecture defines the interaction needed between network provided call controllers, known as a "DCS- proxy" for supporting these services.

4.2
SIP proxy-to-proxy extensions for supporting DCS

Text contained in http://search.ietf.org/internet-drafts/draft-dcsgroup-sip-proxy-proxy-04.txt
Expires: September 2001

Type: Extension 

Charter item: sipt

In order to deploy a residential telephone service at very large scale across different domains, it is necessary for trusted elements owned by different service providers to exchange trusted information that conveys customer-specific information and expectations about the parties involved in the call. This document describes extensions to the Session Initiation Protocol (RFC2543) for supporting the exchange of customer information and billing information between trusted entities in the architecture described in <draft-dcsgroup- sip-arch-02.txt>.

5
Internet drafts not yet identified as work items by the working group

Editor’s note: During the run up to an IETF meeting, there may be a delay between the submission of an internet draft, and the formal posting of the internet draft. I have adopted the policy of identifying only those versions that have been officially posted, although this may delay inclusion in this document by a few days.

The following internet drafts have been submitted, have not yet expired, but have not yet been accepted as work items by the working group. This does not preclude them currently being worked upon and being accepted as RFCs by the IESG.

Some of these may be quietly allowed to die, some may have been incorporated into another draft, and some may be under active discussion even though they have not been adopted by the working group.

Label
Title
Expires
Type
Charter item

http://search.ietf.org/internet-drafts/draft-gearhart-sip-deaf-req-00.txt
A Proposed Set of Requirements for SIP Support for Deaf or Speech Impaired Customers
April 2001
Discussed at 49th IETF Framework 
hearing

http://search.ietf.org/internet-drafts/draft-calhoun-sip-aaa-reqs-01.txt 
AAA Requirements for IP Telephony / Multimedia
May 2001 
Discussed at 49th IETF Framework 
aaa, 3G

http://www.ietf.org/internet-drafts/draft-rosenberg-sip-app-components-00.txt
An Application Server Component Architecture for SIP
May 2001
Discussed at 49th IETF Framework 
media

http://www.ietf.org/internet-drafts/draft-campbell-sip-service-control-03.txt 
Control of Service Context using SIP Request-URI
July 2001
Usage 
general

http://www.ietf.org/internet-drafts/draft-gross-cops-sip-00.txt
COPS Usage for SIP 
May 2001
Discussed at 49th IETF Usage 
aaa

http://www.ietf.org/internet-drafts/draft-campbell-sip-e164-00.txt
E.164 Resolution in SIP
May 2001
Usage 
sipt

http://www.ietf.org/internet-drafts/draft-yu-tel-url-02.txt
Extensions to the "tel" and "fax" URLs to Support Number Portability and Freephone Service 

NOTE:
Not addressed to SIP working group.
August 2001
---
sipt

http://search.ietf.org/internet-drafts/draft-moyer-sip-appliances-framework-01.txt 
Framework Draft for Networked Appliances Using the Session Initiation Protocol
May 2001
Framework
OUT OF SCOPE

http://search.ietf.org/internet-drafts/draft-campbell-sip-cc-framework-01.txt 
Framework for SIP Call Control Extensions
January 2001
Framework 
Call Control

http://www.ietf.org/internet-drafts/draft-odoherty-sip-java-enhanced-02.txt
Java enhanced SIP (JES)
June 2001
Extension 
OUT OF SCOPE

http://www.ietf.org/internet-drafts/draft-itsumo-sip-mobility-req-02.txt
Mobility Management in a SIP Environment Requirements, Functions and Issues 
June 2001
Framework 
3G

http://www.ietf.org/internet-drafts/draft-rosenberg-sip-conferencing-models-00.txt
Models for Multi Party Conferencing in SIP
May 2001 
Discussed at 49th IETF Framework
callcontrol

http://www.ietf.org/internet-drafts/draft-johnston-sip-osp-token-01.txt
OSP Authorization Token Header for SIP
June 2001
Extension 
aaa

http://search.ietf.org/internet-drafts/draft-schulzrinne-sip-911-00.txt 
Providing Emergency Call Services for SIP-based Internet Telephony
December 2000
Usage 
sipt

http://www.ietf.org/internet-drafts/draft-gross-sipaq-00.txt 
QoS and AAA Usage with SIP Based IP Communications 
May 2001
Discussed at 49th IETF Usage 
aaa

http://www.ietf.org/internet-drafts/draft-roach-voip-ringtone-00.txt
Ringback tones in SIP-Based Telephony
May 2001
Usage 
sipt

http://www.ietf.org/internet-drafts/draft-hamer-sip-session-auth-00.txt
Session setup with media authorization 
May 2001
Discussed at 49th IETF Framework 
aaa

http://search.ietf.org/internet-drafts/draft-byerly-sip-radius-00.txt 
SIP Authentication using CHAP-Password
March 2001
Discussed at 49th IETF Extension 
aaa

http://search.ietf.org/internet-drafts/draft-rosenberg-sip-hearingimpaired-00.txt 
SIP Enabled Services to Support the Hearing Impaired
January 2001 
Discussed at 49th IETF Usage 
hearing

http://search.ietf.org/internet-drafts/draft-mahy-sip-message-waiting-01.txt 
SIP Extensions for Message Waiting Indication
July 2001
 Extension 
mwi

http://search.ietf.org/internet-drafts/draft-thernelius-sip-firewall-solution-00.txt 
SIP Firewall Solution
January 2001
Usage 
firewall

http://search.ietf.org/internet-drafts/draft-vemuri-sip-t-context-02.txt 
SIP for Telephones (SIP-T): Context and Architectures
September 2001
Intended as informational RFC Framework 
sipt

http://www.ietf.org/internet-drafts/draft-van-doorselaer-sip-xcast-00.txt 
SIP for the establishment of xcast-based multiparty conferences
January 2001
Usage 
multiparty

http://search.ietf.org/internet-drafts/draft-schulzrinne-sip-register-00.txt 
SIP Registration
February 2001
Usage 
general

http://www.ietf.org/internet-drafts/draft-kroeselberg-sip-3g-security-req-00.txt
SIP security requirements from 3G wireless networks
July 2001
---
security, 3G

http://www.ietf.org/internet-drafts/draft-mule-sip-t38callflows-01.txt 
SIP T.38 Call Flow Examples And Best Current Practice
April 2001
Usage 
fax

http://www.ietf.org/internet-drafts/draft-rosenberg-sip-entfw-01.txt 
SIP Traversal through Residential and Enterprise NATs and Firewalls
May 2001
Discussed at 49th IETF Usage 
firewall

http://search.ietf.org/internet-drafts/draft-agrawal-sip-h323-interworking-reqs-02
SIP-H.323 Interworking Requirements
August 2001
Framework 
H323

http://www.ietf.org/internet-drafts/draft-itsumo-sip-mobility-multimedia-00.txt
Supporting Mobility for Multimedia with SIP 
June 2001
Framework 
3G

http://www.ietf.org/internet-drafts/draft-itsumo-sip-mobility-tcp-00.txt
Supporting Mobility for TCP with SIP
June 2001
Usage 
3G

http://search.ietf.org/internet-drafts/draft-itsumo-sip-mobility-service-00.txt
Supporting Service Mobility with SIP
June 2001
Usage 
3G

http://search.ietf.org/internet-drafts/draft-thomas-sip-mime-osp-token-00.txt 
The application/osp-token MIME type
January 2001
Usage 
aaa

http://www.ietf.org/internet-drafts/draft-lennox-sip-reg-payload-01.txt
Transporting User Control Information in SIP REGISTER Payloads
April 2001
Discussed at 49th IETF Extension 
general

http://www.ietf.org/internet-drafts/draft-jfp-sip-isup-header-00.txt
Mapping of ISUP parameters to SIP headers in SIP-T
August 2001
---
sipt

http://www.ietf.org/internet-drafts/draft-sterman-sip-radius-00.txt
Digest Authentication in SIP using RADIUS
August 2001
---
aaa

draft-agrawal-sip-h323-interworking-00.txt
SIP-H.323 Interworking
September 2001
Framework 
H323

draft-haerens-sip-in-00.txt
SIP-IN Interworking Protocol Architecture and Procedures
August 2001
---
sipt

draft-levin-sip-for-video-00.txt
SIP Requirements for support of Multimedia and Video
August 2001
---
general

draft-mahy-sip-signaled-digits-00.txt
Signaled Digits in SIP
August 2001
---
sipt

draft-polk-sip-mlpp-mapping-01.txt
SIP Extension for MLPP
September 2001
---
sipt

draft-rosenberg-sip-firewalls-00.txt
###deleted###
???
Framework 
firewall

draft-tsang-appliances-reqs-00.txt
Requirements for Networked Appliances
March 2001
Framework 
OUT OF CHARTER

draft-tsang-sip-appliances-do-00.txt
SIP Extensions for Communicating with Networked Appliances
May 2001
Extension 
OUT OF CHARTER

Proposal

This document is for information and should therefore be noted.

