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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.

Sections highlighed in YELLOW indicate documents that are currently required by 3GPP to complete Release 5.

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
Models for Multi Party Conferencing in SIP

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-conferencing-models-00.txt

Expires: May 2002

Type: use

Charter item: MP

The Session Initiation Protocol (SIP) can support multi-party conferencing in many different ways. In this draft, we define the various multi-party conferencing models, and for each, discuss how they are used and then analyze their relative benefits and drawbacks.

3.2
Resolution of E.164 numbers in SIP Applications

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-e164-00.txt

Expires: May 2002

Type: use

Charter item: PSTN

This document describes how SIP may use the DNS to resolve services associated with E.164 numbers. 

3.3
SIP for Telephones (SIP-T): Context and Architectures

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-sipt-00.txt

Expires: May 2002

Type: fwk

Charter item: PSTN

SIP-T (earlier referred to as 'SIP-BCP-T') is a mechanism that uses SIP to facilitate the interconnection of the PSTN with SIP networks. This document explains the context and the architectures in which SIP-T may be used.

Polling chairs.

3.4
ISUP to SIP Mapping

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-isup-00.txt
Expires: May 2002

Type: use

Charter item: PSTN

This document describes a way to perform the mapping between two signaling protocols: the Session Initiation Protocol (SIP) and the ISDN User Part (ISUP) of SS7. This mechanism might be implemented when using SIP in an environment where part of the call involves interworking with the Public Switched Telephone Network (PSTN).

The ISUP used is the old Recommendation Q.767 International ISUP, which is not the one in current common use worldwide.

Open list discussion announced. Getting ready to close.

4
Internet drafts in process to become informational RFCs

4.1
SIP telephony call flow examples

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-call-flows-05.txt 

Expires: December 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.

WGLC announced on list and will be closed on 24Sep01. This draft's LC review has been weak. There has been little response from reviewers and the list.

4.2
SIP call control transfer

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sip-cc-transfer-05.txt 

Expires: January 2002

Type: Usage

Charter item: 

This document describes providing Call Transfer capabilites in SIP. Transfer capabilities. This work is part of the Call Control Framework.

Requesting go ahead from chairs. Also contacted NITS reviewer.

4.3
SIP Telephony Service Examples

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

Expires: May 2002

Type: Usage 

Charter item: general

This informational 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 the REFER method and the Replaces header. 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.

4.4
Mapping of ISUP Overlap Signalling to SIP

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-overlap-00.txt
Expires: July 2002

Type: Usage

Charter item: sipt

This document describes a way to map ISUP overlap signalling to SIP.

4.5
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-05.txt
Expires: February 2002

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.

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

IESG last call
Usage 
TSV

http://www.ietf.org/internet-drafts/draft-agrawal-sip-h323-interworking-01.txt
SIP-H.323 Interworking
January 2002

IESG last call
Usage 
H323

http://www.ietf.org/internet-drafts/draft-bharatia-sipping-redirect-00.txt
Redirection Service Capability in SIP 
May 2002
req
PSTN

http://www.ietf.org/internet-drafts/draft-bhatia-sip-h323-interworking-3pcc-00.txt
Third Party Call Control in SIP-H.323 Interworking
April 2002



http://www.ietf.org/internet-drafts/draft-bhatia-sipping-sip-php-00.txt
PHP: Hypertext Preprocessor for SIP 
January 2002
Usage


http://www.ietf.org/internet-drafts/draft-burger-sipping-msuri-01.txt
SIP URI Conventions for Media Servers 
May 2002
Use
Media

http://www.ietf.org/internet-drafts/draft-burger-sipping-netann-01.txt
Network Announcements with SIP 
May 2002
Use
Media

http://www.ietf.org/internet-drafts/draft-charlton-deaf-req-00.txt
User Requirements for SIP in support of deaf, hard of hearing and speech-impaired individuals
April 2002



http://www.ietf.org/internet-drafts/draft-donovan-publish-requirements-01.txt
Requirements for Publication of SIP related service data
May 2002
req


 http://www.ietf.org/internet-drafts/draft-garcia-sipping-3gpp-reqs-02.txt
3GPP requirements on SIP
May 2002
req
PSTN

http://www.ietf.org/internet-drafts/draft-koskelainen-sip-group-00.txt
Group Messaging in SIP
January 2002
discuss
Msg

http://www.ietf.org/internet-drafts/draft-lass-sip-remote-call-setup-00.txt
Remote Call Setup
January 2002
Use
PSTN

http://www.ietf.org/internet-drafts/draft-lebovits-sip-in-input-00.txt
SIP/IN Interworking
January 2002



http://www.ietf.org/internet-drafts/draft-mahy-sip-cc-models-01.txt
A Call Control Model for SIP
May 2002
ext
MP

http://www.ietf.org/internet-drafts/draft-mahy-sip-cc-uri-params-00.txt
URI Parameters for SIP Call Control
May 2002
use
MP

http://www.ietf.org/internet-drafts/draft-mahy-sipping-join-and-fork-00.txt
The SIP Join and Fork Headers
May 2002
use
MP

http://www.ietf.org/internet-drafts/draft-mahy-sipping-message-waiting-00.txt
SIP Event Package for Message Waiting Indication
May 2002
 Discussion 
mwi

http://www.ietf.org/internet-drafts/draft-mahy-sipping-signaled-digits-00.txt
Signaled Digits in SIP
May 2002
discussion
Msg

http://www.ietf.org/internet-drafts/draft-moran-sipping-filter-00.txt
Event Notification Filters 
May 2002
use
Msg

http://www.ietf.org/internet-drafts/draft-mule-sip-t38callflows-02.txt 
SIP T.38 Call Flow Examples And Best Current Practice
April 2002
Use
PSTN

http://www.ietf.org/internet-drafts/draft-pierce-sipping-assured-service-00.txt
Requirements for Assured Service Capabilities in Voice over IP
May 2002
req
PSTN

http://www.ietf.org/internet-drafts/draft-robinson-mrcp-sip-00.txt
Using Media Resource Control Protocol over SIP
July 2002



http://www.ietf.org/internet-drafts/draft-rosenberg-sip-app-components-01.txt
An Application Server Component Architecture for SIP
September 2001
fwk
media

http://www.ietf.org/internet-drafts/draft-rosenberg-sip-call-package-00.txt
SIP Event Packages for Call Leg and Conference State
February 2002
reg
Msg







http://www.ietf.org/internet-drafts/draft-rosenberg-sip-reconstitute-00.txt
Reconsituting Call State in SIP User Agents
February 2002
Usage


http://www.ietf.org/internet-drafts/draft-rosenberg-sip-vxml-00.txt
A SIP Interface to VoiceXML Dialog Servers
February 2002
use
Media

http://www.ietf.org/internet-drafts/draft-schulzrinne-sip-911-01.txt 
Providing Emergency Call Services for SIP-based Internet Telephony
December 2001
Discussion 
PSTN

http://www.ietf.org/internet-drafts/draft-schulzrinne-sipping-sos-00.txt
Universal Emergency Address for SIP-based Internet Telephony
December 2001
discuss
PSTN

http://www.ietf.org/internet-drafts/draft-schulzrinne-sip-register-01.txt 
SIP Registration
October 2001
use
none

http://www.ietf.org/internet-drafts/draft-sen-sipping-onehop-digest-00.txt
Single Hop Message Authentication in SIP 
May 2002
use


http://www.ietf.org/internet-drafts/draft-sijben-rtp-proxy-00.txt
RTP proxies for firewall traversal
January 2002
use
Media

http://www.ietf.org/internet-drafts/draft-sparks-sip-mimetypes-01.txt
Internet Media Types message/sip and message/sipfrag
March 2002
reg


http://www.ietf.org/internet-drafts/draft-stucker-sipping-publish-00.txt
SIP-Specific Network Service Publishing
May 2002
ext
Msg

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


http://www.ietf.org/internet-drafts/draft-vanwijk-sipping-deaf-req-00.txt
SIP Support for Hearing and Speech Impaired Users
December 2001
requirements
hearing

http://www.ietf.org/internet-drafts/draft-yu-sip-np-00.txt
Using SIP to Support NP and Freephone Service 
May 2002
use
PSTN

Not yet included in status list. Some of these may end up as SIP items.

Label
Title
Expires
Type
Charter item

http://www.ietf.org/internet-drafts/draft-burger-sipping-em-rqt-00.txt
Why Early Media in SIP




http://www.ietf.org/internet-drafts/draft-calhoun-sip-aaa-reqs-03.txt
Effective Mobility Support Extension to the Session Initiation Protocol (SIP) 
March 2002



http://www.ietf.org/internet-drafts/draft-chang-sipping-bicc-network-00.txt
BICC extension of SIP in Internetwork Configuration




http://www.ietf.org/internet-drafts/draft-harsha-sip-00.txt
Effective Mobility Support Extension to the Session Initiation Protocol (SIP) 
January 2002



http://www.ietf.org/internet-drafts/draft-khartabil-sip-conferencing-00.txt
Conferencing using SIP
February 2002



http://www.ietf.org/internet-drafts/draft-levy-sip-diversion-03.txt
Diversion Indication in SIP
June 2002



http://www.ietf.org/internet-drafts/draft-polk-sip-mlpp-mapping-01.txt
SIP Extension for MLPP
September 2001
Discussion
sipt

http://www.ietf.org/internet-drafts/draft-schulzrinne-sip-reason-00.txt
The Reason Header Field for the Session Initiation Protocol
May 2001



http://www.ietf.org/internet-drafts/draft-veltri-sip-qsip-00.txt
SIP Extensions for QoS support in Diffserv Networks
April 2002



http://www.ietf.org/internet-drafts/draft-wu-sipping-webshare-00.txt
Use SIP MESSAGE method for shared web browsing




Proposal

This document is for information and should therefore be noted.

