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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 SIPPING 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.

2.1
User Requirements for SIP in support of deaf, hard of hearing and speech-impaired individuals

Text contained in http://www.ietf.org/rfc/rfc3351.txt
This document presents a set of Session Initiation Protocol (SIP) user requirements that support communications for deaf, hard of hearing and speech-impaired individuals.  These user requirements address the current difficulties of deaf, hard of hearing and speech-impaired individuals in using communications facilities, while acknowledging the multi-functional potential of SIP-based communications.

A number of issues related to these user requirements are further raised in this document.

Also included are some real world scenarios and some technical requirements to show the robustness of these requirements on a concept-level.
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-01.txt

Expires: January 2003
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
Using ENUM SIP Applications

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-e164-01.txt

Expires: August 2002

Type: use

Charter item: PSTN

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

Discussed in the ENUM group at IETF #53

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

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

Expires: November 2002
Type: fwk

Charter item: PSTN

The popularity of gateways that interwork between the PSTN and SIP networks has motivated the publication of a set of common practices that can assure consistent behavior across implementations. This document taxonomizes the uses of PSTN-SIP gateways, provides uses cases, and identifies mechanisms necessary for interworking. The mechanisms detail how SIP provides for both 'encapsulation' (bridging of PSTN signaling across a SIP network) and translation (gatewaying).
IESG last call announced 03/05/02 completing 17th May 2002. IESG approval as a BCP announced 9th July 2002.
3.4
ISUP to SIP Mapping

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-isup-06.txt
Expires: February 2003
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.

IESG last call announced 8th July 2002 to finish 5th August 2002.
IESG approved publication 3rd September 2002.









3.5
A Multi-party Application Framework for SIP

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-cc-framework-01.txt
Expires: December 2002
Type:

Charter item: 

This document defines a framework and requirements for multi-party applications in SIP. To enable discussion of multi-party applications we define an abstract call model for describing the media relationships required by many of these applications. The model and actions described here are specifically chosen to be independent of the SIP signaling and/or mixing approach chosen to actually setup the media relationships. In addition to its dialog manipulation aspect, this framework includes requirements for communicating related information and events such as conference and session state, and session history. This framework also describes other goals which embody the spirit of SIP applications as used on the Internet.

3.6
Best Current Practices for Third Party Call Control in the Session Initiation Protocol
Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-3pcc-02.txt

Expires: December 2002
Type:

Charter item: 

Third party call control refers to the ability of one entity to create a call in which communications is actually between other parties. Third party call control is possible using the mechanisms specified within the Session Initiation Protocol (SIP). However, there are several possible approaches, each with different benefits and drawbacks. This document discusses best current practices for the usage of the SIP for third party call control.
Private notification of http://www.jdrosen.net/papers/draft-ietf-sipping-3pcc-00.txt to replace rosenberg draft
IESG last call comments requested by 3rd June 2002 as BCP.
3.7
The Session Initiation Protocol (SIP) and Session Description Protocol (SDP) static dictionary for Signaling Compression (SigComp)
Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-sigcomp-sip-dictionary-04.txt
Expires: February 2003
Type:

Charter item: 
The Session Initiation Protocol (SIP) [2] is a text-based protocol for initiating and managing communication sessions. The protocol can be compressed by using Signaling Compression (SigComp) [1]. Similarly, the Session Description Protocol (SDP) [24] is a text-based protocol intended for describing multimedia sessions for the purposes of session announcement, session invitation, and other forms of multimedia session initiation. This memo defines a SIP/SDP-specific static dictionary that SigComp can use in order to achieve higher efficiency. The dictionary is compression algorithm independent.
WGLC commenced 3rd September 2002 to close 20th Semptember 2002.
3.8
Short Term Requirements for Network Asserted Identity
Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-nai-reqs-02.txt
Expires: December 2002
Type: ##

Usage: ##
There is no requirement for identities asserted by a UA in a SIP message to be anything other than the user's desired alias. A Network Asserted Identity is an identity initially derived by a SIP network intermediary as a result of an authentication process.  This draft describes short term requirements for the exchange of Network Asserted Identities within networks of securely interconnected trusted nodes and to User Agents securely connected to such networks.
IESG last call announced 30th May 2002 with comments requested by June 13th 2002.

IESG announce approval 24th June 2002 as proposed standard.

3.9
A Session Initiation Protocol (SIP) Event Package for Conference State
Text contained in:  http://www.ietf.org/internet-drafts/draft-ietf-sipping-conference-package-00.txt
Expires: December 2002

Type: ##

Usage: ##

This document defines a conference event package for the SIP Events architecture, along with a data format used in notifications for this package. The conference package allows users to subscribe to a SIP URI that is associated with a conference. Notifications are sent about changes in the membership of this conference, changes in active speaker, and media mixing information.
3.10
Requirements for Content Indirection in SIP Messages
Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-content-indirect-01.txt 

Expires: January 2003
Type: ##

Usage: ##

Various applications of the Session Initiation Protocol (SIP) require the exchange of information between endpoints that is potentially too large to reasonably send directly in a SIP message.  This Internet-Draft defines requirements for a mechanism to indirectly specify such information so that a more appropriate non-SIP channel may be used for the transfer.
WGLC on -01 closes 5th September 2002
3.11
A Session Initiation Protocol (SIP) Event Package for Dialog State

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-dialog-package-00.txt
Expires: December 2002

Type: ##

Usage: ##

This document defines a dialog event package for the SIP Events architecture, along with a data format used in notifications for this package. The dialog package allows users to subscribe to another user, an receive notifications about the changes in state of INVITE initiated dialogs that the user is involved in.
3.12
A Message Summary and Message Waiting Indication Event Package for the Session Initiation Protocol (SIP)

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

Type: ##

Usage: ##

This draft proposes a SIP event package to carry message waiting status and message summaries from a messaging system to an interested User Agent.
3.13
NAT and Firewall Scenarios and Solutions for SIP

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-nat-scenarios-00.txt
Expires: December 2002

Type: ##

Usage: ##
The problem of firewall and nat traversal for SIP is a complex one, due, in part, to the large number of different scenarios and the multitude of solutions developed to solve them. In this draft, we enumerate the various scenarios which can arise, and for each, point to some of the existing solutions for that scenario, and present call flows and explanations for how it works.


3.14
Authentication, Authorization and Accounting Requirements for the Session Initiation Protocol
Text contained in: http://www.jdrosen.net/papers/draft-ietf-sipping-aaa-req-00.txt
Expires: March 2003
Type: ##

Usage: ##
As SIP services are deployed on the Internet, there is a need forauthentication, authorization and accounting of SIP sessions. Thisdocument sets out the basic requirements for this work.
4
Internet drafts in process to become informational RFCs

4.1
Session Initiation Protocol Call Flow Examples
Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-call-flows-01.txt 

Expires: February 2003
Type: Usage 

Charter item: general

This informational document gives examples of Session Initiation Protocol (SIP) call flows.  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).  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 interoperability test 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.

Subsequent WGLC announced ending 19th April 2002.








4.2
SIP Service Examples

Text contained in: http://www.ietf.org/internet-drafts/draft-ietf-sipping-service-examples-02.txt 

Expires: December 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.

4.3
Mapping of ISUP Overlap Signalling to SIP

Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-overlap-03.txt

Expires: February 2003
Type: Usage

Charter item: sipt

This document describes a way to map ISUP overlap signalling to SIP. 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).
Working group last call closes 12th June 2002. IESG last call announced 8th July 2002 to finish 5th August 2002.







4.4
SIP Support for Real-Time Fax: Call Flow Examples And Best Current Practice

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

Expires: August 2002

Type: 

Charter item: 

The Session Initiation Protocol (SIP) allows the establishment of real-time Internet fax communications.  Real-time facsimile communications over IP may follow 2 modes of operation: T.38 fax relay as defined by the ITU-T T.38 recommendation or fax pass-through.  This document clarifies the options available to Internet telephony gateway vendors to handle real-time fax calls using SIP.  While our primary focus is to address the more reliable real-time T.38 Group 3 fax mode, we briefly cover the fax pass-through mode to enable fallback operations and super G3 fax communications using SIP.  We also give examples of SIP call flows for real-time Internet fax gateways or SIP proxy redirect servers.  Elements in these call flows include SIP User Agents, SIP Proxy Servers, and Gateways to the PSTN (Public Switch Telephone Network). 

This document introduces best current practices for SIP T.38 fax and SIP fax pass-through sessions.  A session starts with audio capabilities, and, upon fax tone detection, T.38 fax capabilities are negotiated; upon successful negotiation, the session continues with fax capabilities and the media termination hosts exchange T.38 Internet fax packets.  The T.38 fax call scenarios include various aspects of the call sequence: the detection of fax transmission, the usage of the T.38 session description attributes, the optional fallback into fax pass-through mode and the session termination. The fax pass-through call scenarios involve some specific SDP media attributes to enable proper fax transmission. 

Fax transmission can be detected by the receiving side, the emitting side or both (in the latter case, a 'glare' effect may appear).  This document only covers the case when the fax transmission is detected by the receiving side: it is the most common practice and the other cases do not represent any particular challenges and are therefore left for future discussions).  Call flow diagrams and message details are shown.  A list of IANA defined SDP attribute names for T.38 is summarized in section 7.

4.5
Session Initiation Protocol Basic Call Flow Examples
Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-basic-call-flows-00.txt

Expires: February 2003
Type: 

Charter item: 

This informational document gives examples of Session Initiation Protocol (SIP) call flows.  Elements in these call flows include SIP User Agents and Clients, SIP Proxy and Redirect Servers.  Scenarios include SIP Registration and SIP session establishment.  Call flow diagrams and message details are shown.
Publication as informational RFC requested 29th August 2002
4.6
Session Initiation Protocol PSTN Call Flows
Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-pstn-call-flows-00.txt

Expires: February 2003
Type: 

Charter item: 

This informational document gives examples of Session Initiation Protocol (SIP) call flows.  Elements in these call flows include SIP User Agents and Clients, SIP Proxy and Redirect Servers.  Scenarios include SIP Registration and SIP session establishment.  Call flow diagrams and message details are shown.

This informational document gives examples of Session Initiation Protocol (SIP) call flows showing interworking with the Public Switched Telephone Network (PSTN).  Elements in these call flows include SIP User Agents and Clients, SIP Proxy Servers, and PSTN Gateways.  Scenarios include SIP to PSTN, PSTN to SIP, and PSTN to PSTN via SIP.  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). Call flow diagrams and message details are shown.
Publication as informational RFC requested 29th August 2002

4.7
SIP Generic Request History Capability û Requirements
Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-req-history-00.txt

Expires: February 2003
Type: 

Charter item: 

Many services that SIP is anticipated to support require the ability to determine why and how the call arrived at a specific application. Examples of such services include (but are not limited to) sessions initiated to call centers via 'click to talk' SIP URLs on a web page, 'call history/logging' style services within intelligent 'call management' software for SIP UAs and calls to voicemail servers and call centers.  While SIP implicitly provides the redirect/retarget capabilities that enable calls to be routed to chosen applications, there is currently no standard mechanism within SIP for communicating the history of such a request. This 'request history' information allows the receiving application to determine hints about how and why the call arrived at the application/user.     

This draft discusses the motivations in support of a mechanism for recording the 'request history', and proposes detailed requirements for such a generic 'request history' capability.
4.8
Session Initiation Protocol Torture Test Messages
Text contained in http://www.ietf.org/internet-drafts/draft-ietf-sipping-torture-tests-00.txt

Expires: February 2003
Type: 

Charter item: 

This informational document gives examples of Session Initiation Protocol (SIP) test messages designed to exercise and 'torture' a parser.  They were developed as part of the SIPit SIP interoperability testing events.
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-burger-sipping-netann-02.txt
	Basic Network Media Services with SIP
	December 2002
	Use
	Media

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-garcia-sipping-3gpp-reqs-03.txt
	3GPP requirements on SIP
	August 2002
	---
	---

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-mahy-sipping-signaled-digits-01.txt
	Signaled Digits in SIP
	December 2002
	discussion
	Msg

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-pierce-sipping-assured-service-02.txt
	Requirements for Assured Service Capabilities in Voice over IP
	October 2002
	req
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	http://www.ietf.org/internet-drafts/draft-schulzrinne-sipping-sos-02.txt
	Universal Emergency Address for SIP-based Internet Telephony
	November 2002
	discuss
	PSTN

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-niemi-sipping-digest-aka-00.txt
	HTTP Digest Authentication Using AKA
	August 2002
	
	

	http://www.ietf.org/internet-drafts/draft-culpepper-sipping-app-interact-reqs-01.txt
	Network Application Interaction Requirements
	November 2002
	---
	---

	
	
	
	
	

	
	
	
	
	


	http://www.ietf.org/internet-drafts/draft-uusitalo-sipping-authentication-00.txt
	3GPP requirements for SIP authentication
	August 2002
	
	

	http://www.ietf.org/internet-drafts/draft-sinnreich-sipping-device-requirements-00.txt
	SIP Telephony Device Requirements
	August 2002
	
	

	http://www.ietf.org/internet-drafts/draft-wu-sipping-floor-control-01.txt
	Use SIP and SOAP for conference floor control
	October 2002
	
	

	http://www.ietf.org/internet-drafts/draft-uusitalo-sipping-delegation-00.txt
	Requirements for Delegation of Message Protection for SIP
	August 2002
	
	

	http://www.ietf.org/internet-drafts/draft-uusitalo-sipping-algorithm-agreement-00.txt
	Requirements for SIP Security Mechanism Agreement
	August 2002
	
	

	http://www.ietf.org/internet-drafts/draft-even-sipping-conference-scenarios-00.txt
	SIP Conferencing Scenarios
	February 2003
	
	

	http://www.ietf.org/internet-drafts/draft-narayanan-sipping-aaa-diameter-00.txt
	A Diameter accounting application for the Session Initiation Protocol
	February 2003
	
	

	http://www.ietf.org/internet-drafts/draft-roychowdhury-sipping-pathtrace-reqts-00.txt
	Requirement for Analysis of SIP Paths
	February 2003
	
	

	http://www.ietf.org/internet-drafts/draft-fujimoto-sipping-header-lang-00.txt
	SIP Header Language Information Extension
	March 2003
	
	



	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-alexiou-sipping-allocate-00.txt
	The SIP ALLOCATE Method
	August 2002
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-camarillo-sipping-reason-00.txt
	Session Initiation Protocol: Requirements on Reason Information beyond the Status Code
	September 2002
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-polk-sipping-resource-01.txt
	SIP Communications Resource Priority Header
	August 2002
	
	

	
	
	

	
	

	http://www.ietf.org/internet-drafts/draft-schulzrinne-sipping-radius-accounting-00.txt
	RADIUS accounting for SIP servers
	July 2002
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-stredicke-sipping-ep-config-00.txt
	SIP End Point Configuration Data Format
	August 2002
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-elwell-sipping-qsig2sip-02.txt
	Interworking between SIP and QSIG
	December 2002
	---
	---

	http://www.ietf.org/internet-drafts/draft-levin-sipping-conferencing-requirements-01.txt
	Requirements for Tightly Coupled SIP Conferencing
	January 2003
	
	

	
	
	

	
	

	http://www.ietf.org/internet-drafts/draft-moran-sipping-filter-arch-00.txt
	Architecture for Event Notification Filters
	October 2002
	
	

	http://www.ietf.org/internet-drafts/draft-rosenberg-sipping-markup-00.txt
	A Framework for Stimulus Signaling in SIP Using Markup
	October 2002
	
	

	
	
	

	
	

	http://www.ietf.org/internet-drafts/draft-pierce-sipping-assured-service-arch-00.txt
	Architecture for Assured Service Capabilities in Voice over IP
	October 2002
	
	

	http://www.ietf.org/internet-drafts/draft-pierce-sipping-pref-treat-examples-00.txt
	Examples for Provision of Preferential Treatment in Voice over IP
	October 2002
	
	

	http://www.ietf.org/internet-drafts/draft-koskelainen-sipping-conf-requirements-00.txt
	Additional Requirements to Conferencing
	October 2002
	
	

	
	
	
	
	

	http://www.ietf.org/internet-drafts/draft-rosenberg-sipping-session-policy-00.txt
	Supporting Intermediary Session Policies in SIP
	November 2002
	
	

	http://www.ietf.org/internet-drafts/draft-dcsgroup-sipping-proxy-proxy-00.txt
	Private SIP Proxy-to-Proxy Extensions for Supporting DCS
	November 2002
	---
	---
Expert review requested 11th June 2002

	http://www.ietf.org/internet-drafts/draft-fairlie-sipping-netapp-session-00.txt
	Network Application Session Framework
	November 2002
	---
	---

	http://www.ietf.org/internet-drafts/draft-petrie-sipping-config-framework-00.txt
	A Framework for SIP User Agent Configuration
	December 2002
	
	

	http://www.ietf.org/internet-drafts/draft-petrie-sipping-ua-prof-framewk-reqs-00.txt
	Requirements for SIP User Agent Profile Delivery Framework
	December 2002
	
	

	http://www.ietf.org/internet-drafts/draft-beck-sipping-svc-charging-req-00.txt
	SIP endpoint service charging requirements
	December 2002
	
	

	http://www.ietf.org/internet-drafts/draft-garcia-sipping-3gpp-p-headers-01.txt
	Private Extensions to the Session Initiation Protocol (SIP) for the 3rd-Generation Partnership Project (3GPP)
	February 2003
	---
	---

	http://www.ietf.org/internet-drafts/draft-mahy-sipping-connect-reuse-reqs-00.txt
	Requirements for Connection Reuse in the Session Initiation Protocol (SIP)
	December 2002
	
	

	http://www.ietf.org/internet-drafts/draft-deason-sipping-soap-sessions-00.txt
	SIP for SOAP Sessions
	October 2002
	
	

	http://www.ietf.org/internet-drafts/draft-dcsgroup-sipping-arch-00.txt
	Architectural Considerations for Providing Carrier Class Telephony Services Utilizing SIP-based Distributed Call Control Mechanisms
	November 2002
	PSTN
	fwk

Pursue as individual

	http://www.ietf.org/internet-drafts/draft-sen-sipping-intrarealm-stun-00.txt
	Identifying Intra-realm Calls using STUN
	##
	
	


Proposal

This document is for information and should therefore be noted.

