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Dear IETF, Dear Mr. Camarillo, 

We approach you in your position as appointed IETF Liaison Manager for 3GPP issues (noting that there is no such function for ETSI liaisons), as well as Director of the Real-time Applications and Infrastructure Area.
Technical Committee Human Factors (TC HF) of the European Telecommunication Standards Institute (ETSI) is responsible for producing standards and other deliverables that set the criteria necessary to ensure the widest possible accessibility of converging information and communication technologies.
The committee has the responsibility to cover human factors issues in all areas of telecommunications and the responsibility to ensure that ETSI takes account of the needs of all users (including those with functional limitations).

We have developed a draft technical specification, ETSI DTS 102 575, “Human Factors: Mobile and IP-based Text Telephony: Requirements and Specification”. We intend to approve and publish this document in the October- November 2010 timeframe. 

The intention with this specification is to provide an open, freely accessible, standardized description of a system currently used in all Nordic countries, except Iceland, handling several hundreds of thousands of calls a year (e.g. in Denmark (200.000 calls/year), Finland (60.000 calls/year), Germany (nation-wide deployment), Norway (150.000 calls/year), Sweden and others). 

The document specifies user, functional and interoperability requirements on mobile and IP-based text telephony experienced as real-time by the users, supporting the use of mainstream devices regardless of the network infrastructure.
The specification will be mainly applicable to environments where IMS-based services are not fully available yet and is based on:
· ITU-T Recommendation T.140, used to enable deaf and hard of hearing users to communicate with other people through mainstream, non-customized mobile devices and communication systems and IP-based text telephony clients, with the capability of acting as a text communication device, providing connectivity to legacy text telephones;
· User feedback from trials in several European countries; and

· The ETSI Standard on Harmonized Relay Services, ES 202 975 and the associated background information provided to it in ETSI TR 102 974.

DTS 102 575 is complementing the above referenced documents with specific user, service and interoperability requirements applicable to mobile and IP-based services and their specific context of use, in order to support text telephony between analogue text telephones, Internet-connected computers and off-the-shelf mobile devices. 
During the development of our specification, we have encountered two issues we would like to bring to your attention, for your advice and processing. These are described below. 
1. Header registration (P or other type)

In Annex A2 of our deliverable, we specify the use of a proprietary header. 

Before initiating the registration process, we would need to ask for advice on the interpretation of RFC 5727, “Change Process for the Session Initiation Protocol (SIP) and the Real-time Applications and Infrastructure Area”.

The document specifies that new proposals to document SIP header fields of an experimental or private nature shall not use the "P-" prefix, “unless existing deployments or standards use the prefix already, in which case they may be admitted as grandfathered cases at the discretion of the Designated Expert”.
As a matter of fact, the headers in question used to previously consist of two unregistered P-headers, used in numerous deployments on the market since 2006, handling several hundreds of thousands of calls, with current deployments including those in Denmark (200.000 calls/year), Finland (60.000 calls/year), Germany (nation-wide deployment), Norway (150.000 calls/year), Sweden and others. 

Our intention is to register the private header used, according to one of the following options: 

· As two P-headers (preferred, if possible, as it removes the need to upgrade all current installations), or 

· As a Q-header.

We are open to follow your advice, as it seems to be a matter of interpretations of RFC 5727.

The proposed header(s), as required by RFC 5727, do not undermine SIP security in any sense –on the contrary! This request is to guarantee full delivery of all characters in the text strings, as well as the integrity of the communicating parties.
2. Information on the use of RFC 3428

The SIP extensions specified in the ETSI TS make no assumptions about the surrounding technical environment, except for requiring a SIP-compliant UAC and UAS. 

A UAS not implementing the mechanism described in Annex A of the ETSI TS can safely ignore the (P-or-Q)-header described. The extensions are only applicable where SIP Message Requests are sent within an existing SIP Dialog. 

That SIP Message Requests must be sent within an existing SIP Dialog, to ensure the integrity of the calling parties in the best possible way. To send SIP Message Requests outside of a dialogue does not guarantee that the message will arrive only at the intended end point of the SIP Dialog, but it can be presented as an IM message in any other SIP client logged in, using the same SIP address.
Furthermore, Annex A of the ETSI draft deliverable describes a way to address the requirement to let characters appear in near real-time (as they are typed), instead of as a block of text after it is written (as in an IM or SMS application) is specified. The implementation must not send more than three (3) SIP Message Requests per second, in order to minimize the risk of congestion in the IP network (in the spirit of RFC 3428). Note that these Messages may contain one or more characters.

This specification provides a header used to mimic this behaviour using plain SIP Message requests. The obvious drawback of this method is its chattiness and its obvious advantage is its simplicity. Since this method uses the SIP signalling path instead of the speech path to transfer text, it also achieves a higher degree of reliability.
However, RFC 3428, published in 2002, contains the following advice regarding its use:

 “The authors recognize that there may be valid reasons to send MESSAGE requests in the context of a dialog. For example, one participant in a voice session may wish to send an IM to another participant, and associate that IM with the session. But implementations SHOULD NOT create dialogs for the primary purpose of associating MESSAGE requests with one another.
Note that this statement does not prohibit using SIP to initiate a media session made up of IMs, just like any other session. Indeed, we expect the solution for IM sessions to use that metaphor. The reader should avoid confusing the concepts of a SIP dialog and a media session.”
The stated reason to this recommendation is to avoid SIP server overload and congestion. No other reasons are stated in your document.

Empirical evidence from all market deployments studied does not indicate any issues with overloaded SIP servers. Most probably, the evolution of server technology has decreased the need for the above recommendation.

However, in order to be absolutely certain that there are no SIP server capacity issues, system load tests are being specified and will be performed during July 2010. The results will be reported to IETF.
We feel that we should inform IETF about this matter. In the mean time, it is our hope that given the circumstances, such a use is not regarded as an abuse and can be either endorsed or at least, allowed by IETF. Please confirm!
We will be glad to provide any further information or details that you may require. We are also willing and intend to engage with any Working Group activities you would recommend, to discuss, clarify or develop our request, as well as to attend the upcoming IETF Summer 2010 meeting (Maastricht, the Netherlands, July 25- 30), hoping for a quick progress of this request.

We look forward to your reply!

Best regards,

Bruno von Niman

ETSI Work Item Rapporteur

Vice Chairman/ Acting co-Chairman, ETSI TC HF
Lead Expert, vonniman consulting
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