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Foreword

This draft ETSI Technical Specification (TS) has been produced by ETSI Technical Committee Human Factors, TC HF.

Introduction

Information and Communication Technologies (ICT) play an increasingly important role in the everyday life of many people. The maturity and capabilities offered by mobile systems and devices evolve continuously and considerable progress has been achieved with regard to optimizing the user experience and accessibility offered to all users.

Devices with increasingly advanced capabilities, operating over mobile networks with instant access to the Internet and the Web, in combination with ever-increasing penetration enable the development and uptake of a new generation of mobile and IP-based services. 

Conventional fixed-line text telephone services provide considerable communication benefits for many people with hearing and/or speech impairments and are largely used by these groups in several European countries (e.g. Denmark, Italy, Finland, France, Germany, the Netherlands, Norway, Spain and UK). This technology has however lagged behind and the users are desk-bound, required to use a fixed PSTN landline, as their communication devices, the text telephones use modem technology from the 1970s. Clear evidence from recent trials reported in [i.1] suggests that users have a clear need for real time text communication when on the move, with support for some additional services (e.g. the capability to communicate with other text telephones or provide access to emergency services).

Mobility has become an increasingly important user requirement, due to changing demographics and habits, supported by capabilities offered through modern ICT technologies. Young people with functional limitations wish to be provided with full access through mainstream technologies such as mobile communication devices attached to mobile networks and the Internet, instead of outdated, fixed-line text phones at often-larger costs. 

Mobile communication offers a good global coverage and interoperability at affordable costs. It is accessed through increasingly more capable devices offering a good user experience with interaction in the user’s language. In this environment, it is difficult to restrict people to fixed-line bound communication services, while the available mainstream mobile complements would be text messaging, e-mail or various instant messaging systems (offering options that should be regarded as complements to real-time communication (such as voice calls), rather than full alternatives). 

In order to achieve this longer-term goal, some common regional service requirements have been developed [i.7], while the mobile industry has developed the necessary specifications for the integrated support of real-time communication services over emerging mainstream technologies [i.8, i.27]. These all-IP, IMS-based multimedia telephony (MMTel) standards will be used for offering VoIP-based, telephony-grade and multimedia services. However, these specifications are mostly applicable to IP-based, IMS-enabled mobile network environments that will be typically supported in mature 3G and 4G networks. Protocols such as RTP using NAT when transiting to the Internet are not optimal for use in 2G mobile networks, as support for RTP is not provided in earlier versions and NAT traversal may still cause functional difficulties [i.6], even if the technology has matured.. As the mass-market availability of new technology deployment takes time and during the necessary transition until these will become available, reliable and well spread, there is a need to provide mobile and IP-based text telephony services over the currently available mobile infrastructures in some standardized and interoperable way, in order to provide end users with the required access and functionality. In the same time, end users are offered the free choice of mainstream communication devices at a reduced cost that may lead to more varied usage and the creation of new services and concepts. 

A consequence of the fast development of mobile communication services offered is end users’ desire (in mature markets) to be able to extend their use of text communication services experienced as real-time to the mobile environment (meaning anything away from the desk-based text telephone), including support for termination against other text telephony services between (e.g. v.21-based in the fixed network, voice and signing/video relay services supporting a multitude of devices or emergency services). Previously well-established standards and technologies such as v.18, v.21 and RFC 4103 ([n.6- n.7], [i.12]) and others provide a good, basic framework but multiple studies have confirmed the user requirements on the mobile functional extension, including user experience aspects. Users require that the text communication should be available between mobile device clients, Internet and v.21 text telephones with reasonable security, reliability and IP control characteristics [i.1], [i.9].

Ensuring the best possible access to mobile communication services for all is a common goal. Furthermore, it is important to consider the use of market-driven solutions that utilize mainstream technologies and offer access to all at the lowest possible service complexity and cost.

Aligned with the intentions of ETSI ES 202 975 [n.1], the present document intends to further support user needs and interoperability by providing complementing specifications for the mobile and Internet-based contexts of use. 
1 
Scope

The present 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 present document is mainly applicable to environments where IMS-based services are not fully available yet and is based on:
· ITU-T Recommendation T.140 [n.3]), 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 [i.1]; and

· ETSI ES 202 975 [n.1] and the background information provided to it in ETSI TR 102 974 [i.8].

The present document is complementing these documents with specific user, service and interoperability requirements applicable to mobile and IP-based services and their specific context of use, in order to enable text calls between analogue text telephones, Internet-connected computers and mobile devices. 
2
References

References are either specific (identified by date of publication and/or edition number or version number) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· Non-specific reference may be made only to a complete document or a part thereof and only in the following cases: 

· if it is accepted that it will be possible to use all future changes of the referenced document for the purposes of the referring document; 

· for informative references.

Referenced documents which are not found to be publicly available in the expected location might be found at http://docbox.etsi.org/Reference.

For online referenced documents, information sufficient to identify and locate the source shall be provided. Preferably, the primary source of the referenced document should be cited, in order to ensure traceability. Furthermore, the reference should, as far as possible, remain valid for the expected life of the document. The reference shall include the method of access to the referenced document and the full network address, with the same punctuation and use of upper case and lower case letters.
NOTE:
While any hyperlinks included in this clause were valid at the time of publication ETSI cannot guarantee their long-term validity.

2.1
Normative references

The following referenced documents are indispensable for the application of the present document. For dated references, only the edition cited applies. For non-specific references, the latest edition of the referenced document (including any amendments) applies.

[n.1]
ETSI ES 202 975: “Human Factors (HF); Harmonised relay services”.

[n.2]
ITU-T Recommendation V.18: “Operational and interworking requirements for modems operating in the text telephone mode”.

[n.3]
ITU-T Recommendation T.140: Text conversion protocol for multimedia applications.

[n.4]
ETSI EG 202 416: “Human Factors (HF); User Interfaces; Set-up procedure design guidelines for mobile terminals and services”.
[n.5]
ETSI EG 202 417: “Human Factors (HF); User education guidelines for mobile terminals and services”.
[n.6]
ETSI ES 202 130: “Human Factors (HF); User Interfaces; Character repertoires, ordering rules and assignments to the 12-key telephone keypad”.

[n.7]
ETSI EG 202 116: “Human Factors (HF); Guidelines for ICT products and services; “Design for All””.
[n.8]
ETSI EG 202 191: “Human Factors (HF); Multimodal interaction, communication and navigation guidelines”.

[n.9]
ETSI EG 202 423: “Human Factors (HF); Guidelines for the design and deployment of ICT products and services used by children”.

[n.10]
W3C: “Web Content Accessibility Guidelines (WCAG) 2.0”.

NOTE: http://www.w3.org/TR/WCAG20/ 

[n.11]
ITU-T Recommendation F.703: “Multimedia conversational services”. 
[n.12] 

ETSI TS 126 114: “Universal Mobile Telecommunications System (UMTS); LTE; IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction (3GPP TS 26.114 version 9.1.0 Release 9)”.

[i.12]
IETF RFC 4103: “RTP Payload for Text Conversation”, RFC 4103, June 2005. 

[i.13]
IETF RFC 3428: “Session Initiation Protocol (SIP) Extension for Instant Messaging”.

[i.14] 



IETF RFC 3261: “SIP: Session Initiation Protocol”.
[i.15] 



IETF RFC 5012: “Requirements for Emergency Context Resolution with Internet Technologies”.
2.2
Informative references

The following referenced documents are not essential to the use of the ETSI deliverable but they assist the user with regard to a particular subject area. For non-specific references, the latest version of the referenced document (including any amendments) applies.
[i.1]
Örebro Läns Landsting: ”Försöksprojekt FLEXITEXT – Flexibel texttelefoni” (in Swedish; in translation:” Örebro County Council: The FLEXITEXT trial project – Flexible text telephony”). 

NOTE: http://www.pts.se 
[i.2]
Ericsson White paper: “MMTel – a standard for multimedia services over IMS” (284 23-3121 Uen Rev A, October 2008).

NOTE:
http://www.ericsson.com/technology/whitepapers/pdf/MMTel-multimedia-services.pdf 
[i.3]
World Wide Web Consortium (W3C): Web Accessibility Initiative. 

NOTE: http://www.w3.org/WAI/ 

[i.4]
ETSI ETR 095: “Human Factors (HF); Guide for usability evaluations of telecommunications systems and services”.

[i.5]

ISO/DIS 9241-20: “Ergonomics of human-system interaction —Part 20: Accessibility guidelines for information/communication technology (ICT) equipment and services”.

[i.6]
ETSI EG 202 320: “Human Factors; Duplex Universal Speech and Text (DUST) communications”.
[i.7]
Nordic Forum for Telecommunication Accessibility: “Nordic guidelines for Telecommunications relay services”. 
[i.8]

ETSI TR 102 974: “Telecommunications relay services; Background information to Draft ES 202 975 (2008)”.

[i.9]
ETSI TR 102 548: “Human Factors (HF); User Experience; 3G and Mobile Broadband Interoperability Plugtest: Approach, scenarios and test specification; Outcomes, conclusions and recommendations”. 

[i.10]
IETF RFC 5194: “Framework for Real-Time Text over IP Using the Session Initiation Protocol (SIP)”.
[i.11]
IETF RFC 2119: “Key words for use in RFCs to Indicate Requirement Levels”, BCP 14, RFC 2119, March 1997.
3
Definitions, symbols and abbreviations

3.1
Definitions

client: device (or application) that initiates a request for a connection and interaction with a server
emergency call: call from a user to an emergency control centre

end user: See user.
Impairment: any reduction or loss of psychological, physiological or anatomical function or structure of a user (environmental included)

real-time text: alpha numeric characters perceived as being transmitted in real time over a communications network
device: physical device which interfaces with a telecommunications network, and hence to a service provider, to enable access to a telecommunications service

NOTE:
A device also provides an interface to the user to enable the interchange of control actions and information between the user and the device, network or service provider.

Relay service: a telecommunications service that enables users of different modes of communication to interact by providing conversion between the modes of communication

signing (or video) relay service: a service that enables sign language users and other users to interact by providing conversion between the two modes of communication in substantially real time, typically provided by a human operator 

text relay service: a telecommunications service that enables text telephone users and voice telephone users to interact by providing conversion between the two modes of communication in substantially real time, typically provided by a human operator

text telephone: a terminal offering text telephony functions, either as a stand-alone unit or as an addition to a voice telephone or as an application in a multi-function computer based terminal

text telephony: A telecommunications facility offering real time text conversation through telecommunication networks. Text telephony may be combined with voice telephony
usability: effectiveness, efficiency and satisfaction with which specified users can achieve specified goals (tasks) in a specified context and particular environments, see ETR 095 [i.4] and ISO 9241-11 [i.5]
NOTE:
In telecommunications, usability should also include the concepts of learnability and flexibility; and reference to the interaction of more than one user (the A and B parties) with each other and with the devices and the telecommunications system.
User: person who uses a telecommunications device to gain access to and control of a telecommunications service or application

NOTE:
The user may or may not be the person who has subscribed to the provision of the service or owns the device. Also, the user may or may not be a person with impairments.

User Interface (UI): physical and logical interface through which a user communicates with a telecommunications device or via a device to a telecommunications service (also called man-machine interface, MMI)

NOTE:
The communication is bi-directional in real time and the interface includes control, display, audio, haptic or other elements, in software or hardware.

User requirements: requirements made by users, based on their needs and capabilities, on a telecommunication service and any of its supporting components, devices and interfaces, in order to make use of this service in the easiest, safest, most efficient and most secure way
V.18 protocols: protocols in accordance with ITU-T Recommendation V.18 [n.2]. The text telephones supported by V.18 are EDT, 5-bit (or Baudot), DTMF, V.21, V.23, Bell 103 and V.18 based devices

3.2 Abbreviations

2G
2nd generation, GSM-based mobile networks (see GSM)

2G+
evolved 2nd generation, GSM-based, GPRS and/or EDGE-enabled mobile networks

3G
3rd generation mobile networks (see UMTS)

3G+
evolved 3rd generation, HSPA-enabled 3G networks (see UMTS and HSPA)

Flexitext
Name of MMX-based service under trial in Sweden

GPRS
General Packet Radio Service

GSM
Global System for Mobile telecommunication
GSM+
See 2G+

HCO 
Hear Carry Over
HSPA
High-Speed Packet Access

ICT
Information and Communication Technologies
IMS 
IP Multimedia Subsystem

ITU-T
International Telecommunications Union – Telecommunication standardization sector
LTE
Long-Term Evolution (of 3G/UMTS mobile networks)

MIDP
Mobile Information Device Profile

MMI
Man-Machine Interface
MMTel
MultiMedia Telephony
PIN
Personal Identity Number
SMS
Short Message Service
UAC
(SIP) User Agent, Client side

UAS
(SIP) User Agent, Server side
UI
User Interface

UMTS
Universal Mobile Telecommunication System

VCO 
Voice Carry Over 

WCDMA
Wideband Code Division Multiple Access
W3C
World Wide Web Consortium 

4.
Technology development, user requirements and structuring

4.1 
Technology development: from local availability toward mainstream integration 

The availability of public telephony networks, their digitalization and evolution, later complemented by mobile networks and Internet dial-up and broadband access have created the most favorable communication environment experienced so far, supporting the inclusion of all users. 

ITU-T Recommendation F.703 “Multimedia conversational services” [n.11] describes the text telephony and total conversation services in general terms, applicable to a full-IP-enabled ecosystem. Services created according to this specification shall meet the requirements of F.703 with applicable media. 

Furthermore, the definition of the preferred way to ensure a smooth introduction and delivery of voice, SMS and real-time text services on Long Term Evolution (LTE) networks worldwide has been agreed.
Open collaborative discussions have concluded that the IP Multimedia Subsystem (IMS) based solution, as defined by 3GPP, is the most applicable approach to meeting the consumers’ expectations for service quality, reliability and availability when moving from existing circuit switched telephony services to IP-based LTE services. This approach is expected to open the path to service convergence, as IMS is able to simultaneously serve broadband wireline and LTE wireless networks. 

The present document is intended to be used in environments where IMS-based services are not fully available yet.

The large-scale deployment and availability of IP Multimedia Subsystem (IMS) and the MultiMedia Telephony (MMTel) standards in mobile networks is foreseen to enable the widespread use of mainstream solutions and the creation of mass markets, as real-time text communication is specified among the features of MMTel and is suitable for the creation of IP-based text telephony services. 

However, it is necessary to provide a solution that can be used in the IP-enabled networks currently available, with mainstream devices (e.g. [i.1]), which also offers third parties the opportunity to develop compatible products.

4.2
Generic, context-specific user requirements

Conventional fixed-line text telephone services provide considerable communication benefits for many people with hearing and/or speech deficiencies and are largely used by these groups in several European countries (e.g. Denmark, Italy, Finland, France, Germany, the Netherlands, Norway, Spain and UK). However, this technology has lagged behind and the users are desk-bound, required to use a fixed PSTN landline, as their communication devices – the text telephones –use modem technology from the 1970s. 

In order to guide the development of real-time text communication in modern communications environments, ETSI has developed a Guide, ETSI EG 202 320, Duplex Universal Speech and Text Communications [i.6], describing user needs and some available solutions, as well as descriptions of available international standards, defined for use in the IP- based call control environments expected to replace PSTN technology. 

ETSI ES 202 975 [n.1] and [i.6] provide functional service requirements on relay services, of importance for many text telephony users. The mobile and IP based text telephony services implemented according to the present specification should be possible to use for access to relay services meeting these requirements. 

Support for mobility, as in most areas of ICT, has become an increasingly important user requirement. Younger people with functional limitations prefer full access to communication services through mainstream systems (mobile devices in mobile networks and through the Internet), rather than desk-bound text phones.

Mobile communication provides a good, global coverage and reasonable interoperability at affordable costs, while increasingly capable devices offer state-of-the-art user experience. In such an environment, it is becoming increasingly difficult to restrict users to fixed-line-bound accessibility services. Some services offered through mainstream technologies (such as SMS, e-mail and various chat/messaging systems) are regarded complements to real-time communication (such as voice calls), rather than full alternatives. 

User requirements related to data integrity and the efficiency, cost and user experience of call centre cueing and synchronization are outside the scope of the present document.

Users should be able to communicate over any public network, and any combinations of public networks and communication modalities using compatible devices.

Users should be provided the ability to communicate via any available relay service addressing them. 

Users should be provided the ability to reach emergency call services both directly and through relay services.
Mainstream, non-customized, off-the-shelf mobile terminals and Internet text telephony clients with the capability of acting as a text communication device should be supported.

Users should be able to have calls with commonly used legacy text telephones in the target country or region.

Interoperability with other real-time text telephony services should always be aimed for; see clause 5.3 for further details.

User education, installation, setup, configuration and error handling should, to the largest possible extent, follow guidelines applicable to main stream products such as those specified in [n.4] and [n.5], with a special emphasis on their accessibility across all stages.

Client installation should be available over the Internet, e.g. clients should be accessed from a URL and downloaded to a computer and/or mobile handset. It should be possible to customize the setup for different services, e.g. peer-to-peer communication, relay services, access to emergency call services, etc.

Server configuration should enable service providers to fine-tune the service for communication with specific devices, such as national text phones, voice carry over (also known as alternating or simultaneous text and voice), relay services, emergency services etc. A service administrator should be able set other parameters like language settings, national characters, charging, statistics, and other service parameters. 

Current networks may imply complex firewall rules, which may to some extent or even completely block text and/or voice communication. The service platform should take this into consideration and provide users with automatic solution proposals or clear, accessible information regarding firewall settings and limitations, when necessary. This may mean that firewall problems may at times block the desired functionality; however, a minimum level of communication should be ensured whenever this is in agreement with policies in the involved networks (such as text in block mode, so that the parties involved can establish a dialogue). 

Service and interaction design, personalization and localization options should, to the largest applicable extent, follow the guidelines and recommendations in [n.4] – [n.9]. The support of user preferences through user profiles should be supported, once standardized and if applicable. Error handling should be provided using good, established practices (e.g. as specified in [n.4]), with a special emphasis on accessible error handling.

Client customization should take into consideration specific needs of the users including font size, background color, connection to alerting devices, supported input and output alternatives and connection to external software for deaf-blind people (text to speech technology, TTS), zoom view, etc.

The need for roaming services should be examined and if required and feasible, it should be supported (with well communicated regional and possible functional limitations, if necessary). 

If roaming is supported and the service is offered through mobile data access where a minimum, session-based cost may be applied every time the mobile terminal initiates communication with a mobile network, means to minimize this cost should be considered (e.g. through the use of alternative networks, tariff plans or adjusted communication frequency).

4.3
Document structuring
With regard to the structure of the present document, it must be stated that the distinction between mobile and IP-based implementation presented in clauses 6 and 7 is not as obvious by the time of publication as it was when the work began. The ongoing fixed-mobile convergence, the migration toward an all-IP ecosystem and the device development toward ever-smarter terminals using open platforms is making many commonly agreed references and categorizations less relevant, in the mean time enabling new, user-centered functionality (e.g. Internet access anytime, anywhere). In the mean time, however, it is a well-accepted fact that several generations of telecommunication systems will co-exist for many years to come; it is therefore of considerable importance to ensure full interoperability.

5
Text telephony requirements

5.1
Capabilities, benefits and limitations

The service may require registration of its users for the following purposes: to provide its users with a number plan, and to be enable charging, e.g. when calls are made through relay services to charged numbers (land/mobile lines, charging numbers, etc.). 

Interconnection to other services, such as relay and emergency services (e.g. 112) and/or to legacy equipment such as voice phones and text telephones and other IP-based text telephony services should be made via gateway functions. 

Open standards shall be used for text and voice communication, such as the SIP protocol. 

Call control communication between clients should be handled through 
a server. 

The clear benefit is that the population that need supportive devices should benefit from using mainstream devices for their communication needs. This way, more people will be able to benefit from the services offered and familiar equipment and services, such as mobile handsets and the Internet, are used thus minimizing the learning needs (and preferably supporting transfer of knowledge).

Users accessing the service shall be able to communicate with each other using the service, or with users of other compatible services or compatible devices. In many cases though, relay services will have to be used (e.g. if one party needs text and voice to communicate, but the other party only has a voice phone at hand).. 

5.2
Functional requirements

Text conversation should be fluent, experienced as occurring in real time and transmitted character-by-character, word-by-word or block-by-block (matter of user preferences and technical capabilities).

Predictive text input methods shall be supported (on the service user interface level) and shall not be regarded as breaking the real-time text performance requirements. 

5.3
Compatibility and interoperability

Text telephony should be interoperable between (most major) mobile terminals and their operating systems, networks, computers and legacy equipment.

Relay services enable assisted connectivity between users with hearing or speech impairments, deaf users and deaf-blind users. Text telephony functionality should be publicly available and supported between any combination of mobile terminals, Web clients over the Internet and V.18 subset legacy text telephones. For further details and requirements, see clause 5 about text relay services in [n.1].

To increase compatibility and interoperability with a larger number of vendors, relay services, text telephone gateways and other legacy equipment, gateways should be implemented in the server to ensure that the service is compatible with legacy equipment, as well as new open-standard mainstream services, becoming widely available and used. 

Since interoperability is available via gateways connected to the server, when changes made to the external services (e.g. corrective updates, new communication settings, or support for new text telephone models available), the service provider can upgrade or update the gateways to ensure interoperability.

Interoperability with legacy PSTN text phones should not anymore be seen as the main form of interoperability. More important are the IP based standards mentioned above: ETSI 202 320 [i.6], IETF RFC 5194 [i.10] and ETSI TS 126 114 [n.12].

It should be possible to perform calls including real-time text between users of systems compliant with this specification, and users of other providers by means of the following protocols through IP networks:

· Addressing by phone number or SIP address;

· Call control according to IETF RFC 3261 Session Initiation Protocol (SIP);

· Negotiating for real-time text and transmission of real-time text, as specified in RFC 4103 [i.12], as described in Annex A (normative) – or equivalent?;

· Negotiating for audio and transmission of audio, as specified in ITU-T G.711. This codec may be complemented with other suitable audio codecs for improved interoperability and functionality.

It should also be possible to use this set of protocols and codecs in calls with relay services.

It should also be possible to use this set of protocols and codecs in calls with emergency services (112), as required in IETF RFC 5012 [i.15].

Implementations should allow calls to be set up with common media and codecs, even if the offer includes media and codecs that are not supported by both parties (e.g. video).

When interoperability with IMS is implemented, the interaction with the IMS system should be made according to ETSI TS 126 114 [n.12]. 

Further information on the background and use of these protocols is found in ETSI 202 320 [i.6], IETF RFC 5194 [i.10] and ETSI TS 126 114 [n.12].
Considerable deviations from recommended system latencies (e.g. due to overloaded systems) should be communicated to the user.

5.4
Mobility

The following requirements shall apply to the technical methods for mobile and IP-based text telephony specified in the present document:

· It shall be possible to implement text telephony applications that can use the mobile Internet access networks currently offered by any mobile operator.

· It shall be possible to implement text telephony applications in different mobile and IP-based systems and devices.

Additional regulatory or procurement-specific requirements may be applied on a country-by-country or regional basis.

Different client versions that operate with common mobile device operating systems should be offered, as well as software that can be downloaded onto lower-end devices.
An IP-based and a mobile-based application should be available, to support mobility requirements. For users that require assistive technology support through the connection of additional software and/or hardware to be connected to the client (e.g. a Braille keypad or TTS software), alternative solutions should be made available.

Mainstream mobile terminals should be able to download a software application client (over the air and/or a wired connection).

5.5
Internet connectivity

Computers with Internet connectivity should be able to download a software application client (over the air and/or a wired connection).

The requirement for broadband is limited when transmitting text. For mobile handsets and/or mobile Internet connections, GPRS-enabled GSM (GSM+ or 2.5 G supporting 56 Kbit/s data transmission rates) is enough when communicating using text. 

The WAI and WCAG 2.0 Web Accessibility Guidelines developed by W3C, presented in [i.3] and specified in [n.10] should be supported, when applicable (e.g. in product information offered through the Web to end users). Further guidance may be found in the W3C draft under development on “Accessible Web Browsing: Ways to Using Your Computer System More Effectively and Making Web Browsing More Enjoyable”, see http://www.w3.org/WAI/EO/Drafts/adaptive/strategies.
5.6
Terminal devices and dependencies

It is important to deliver services to the user in compliance with what users expect, in their applicable contexts of use. Therefore, technical support should be provided to the user with regard to the applicable contexts of use. 
The service should be compatible with the most used versions of the most widely used Web browsers, without restricting the offered functionality.

As a general principle, this may mean supporting the most widely used computer browsers (those with the highest penetration on the market, according to some independent sources (e.g. http://gs.statcounter.com/ or http://www.w3schools.com/browsers/browsers_stats.asp or http://gs.statcounter.com/ or http://www.w3counter.com/globalstats.php or http://www.webreference.com/stats/browser.html). 

These principles also apply to mobile devices and their native or added browsers. 
Given the short lifecycle of mobile devices, often receiving several software upgrades during their lifetime makes testing and recommendation or approval of handsets a difficult task. On top of that, WAP gateways and firewall rules provided and implemented by mobile vendors and operators may differ not only from country to country but also from operator to operator. This may result in the fact that one mobile handset may work well with one operator in one country, but not with another operator. The result, as pointed out above, may mean that some models and/or mobile operators may offer limited functionality. 

It should be a goal of the service provider to test, verify and recommend a specific software version for at least the major device models and operative systems to ensure the widest possible device availability with proven support for the offered functionality. Furthermore, disabled users would benefit from and should therefore be provided a specification of accessibility characteristics of a mobile device, declared following some common industry format. 

Official and minority language(s) and other languages used in a country (or across Europe) and the necessary character repertoires, keypad assignments and sorting orders should be supported by the service, as specified in [i.2].

5.7 Operation and maintenance

It should be possible to perform user account administration through a Web interface, on-site or remotely, by the service provider.

The Web interface should be accessible, following the recommendations provided by [i.3] and [n.10].

Users should be able to retrieve and at a minimum, view (but possibly also update, if supported by the service provider policy) their personal details to some reasonable extent.

Logs and statistics should be created automatically and/or upon request.

It should be possible to perform (“push out”) automatic updates and provide messages to the users of both the Web and mobile clients.
6
Mobile-specific system and client requirements 
6.1
Mobile-specific functionality

The main objective of the service is to offer deaf and hard-of-hearing users an IP-based text phone that can be accessed through a computer and an IP client or mobile handset (GSM+/ 3G). 

Users who use text primarily for remote communication will have easy access to IP-based communication that can be used for effectively contacting each other, authorities or relatives and relay or emergency services, which have a text phone interface or other compatible devices.

6.1.1
System aspects

The following features should be supported by a system with mobile devices supporting IP clients:

· Text telephony to and from mobile user terminals;
· Text telephony to and from IP clients;
· Simultaneous voice and real-time text;
· Text telephony between different types of clients: mobile phone, Internet and text phone;
· Text transportation with IP control and targeted level of security (as defined by the service provider) for establishing communication. 

The following features should be made available through the service, e.g. a central platform:

· Database with customer information;
· Latest software versions for the users (IP client and mobile text client);
· Communication with external devices, e.g. via gateways (PSTN/PLMN or other protocols such as H.323, SIP, etc.) This enables communication with text phones (TTYs), voice phones (land lines, mobiles and VoIP) and total conversation devices;
· The Charging Data Record (CDR) file generation for statistics and charging;
· Presence information the clients (busy, logged in, available for calls, unavailable, or hidden).
Charging should be implemented in subsystems outside the platform. Therefore, it should be possible to save calling records and transfer them for further actions. For further recommendations, see clause 8.1 in [1].

6.1.2
Client aspects

The client(s) necessary to support the communication should be natively available in the mobile device, or made available for download and installation via the Internet through a wired, wireless or mobile connection or over the air and installed via a wired, wireless or mobile connection.

Furthermore, clients should be updatable and accessible.

 The mobile-based client may be standard software (e.g. Java midlet or similar), provided natively in the device or downloaded over the air to the mobile phone from a URL/Web page. 

The mobile text client transmits via the mobile data channel (GSM+ or 3G). 

Voice communication (VCO/HCO) can be achieved via SIP or by using the handset’s voice channel. 

The following features should be available in the mobile client:
· The client should offer a consistent functionality and look-and-feel, regardless the device;

· Make and receive calls from text phones, mobile text clients and Web clients;
· The phone vibrates to alert for incoming calls;
· The client can access a phone book where the numbers of other mobile text clients, Web clients and text phone numbers;
· The client can use the dictionary function for spelling (e.g. T9 or similar, offering selectable language and multi-lingual support and the possibility to add own words by the usage frequency);
· The text part of calls can be saved on the mobile phone;

· If the handset allows (e.g. through the relevant screen size, memory size, network capabilities), the text conversation should be fluent and perceived as occurring in real time (see clause 5.4). Block mode should be used if real-time text is not possible in the handset, if motivated by roaming tariff charges or if the user uses assisted text input in the mobile device.
Specifics regarding the client for VCO and HCO functionality should be supported (without limiting voice simultaneity).

6.2 Session initiation and media handling
For session initiation and media handling, see clauses 7.2 and 7.3.
6.3
Service provisioning

Service provisioning should be available over the Internet, to increase service availability. 

After successful registration, users should be provided with a password to access the service and/or download the client software (if necessary), obtain further information about his/her account, and obtain access to support. Personal services may be offered to provide for even wider accessibility.

The charging of the related costs, if applicable, may be on a monthly basis or on a pre-payment basis. Lowered rates for data transmission over the Internet and lower telephone rates for land-lines in most European countries have led to the offering of fixed or flat rates for data services, while some countries offer the service on a subscription basis, whereas phone calls to land lines are charged on a per-minute basis and provided to customers together with their telephone invoices.
6.3.1
System aspects

The mainstream gateway service or application server should support the following services: 
· Web portal: a Web portal is recommended for registration and other administrative requirements, such as change customer preferences at log in (passwords, etc.), FAQ, support issues, publish technical information and other information relevant to the service.

· Database with user information: the availability of user information is essential to the service, since it is used for providing the customer with a proper account for billing. The call data record should be based on user information.

· Presence information: presence information is useful, so that the system can be used as a standard telephone system, thus enabling common patterns (e.g. busy tones, messaging features and presence information (e.g. available/not available, invisible, out of the office, busy, etc.)).
6.3.2
Client aspects
Clients should be downloadable through a Web page (IP clients and/or mobile clients), using an individual username and password, assigned upon registration to the service, if required.

After registration, the user should be provided with a username and password (e.g. via e-mail). The password should be encrypted, in order to ensure user privacy and that the information is secured.

The user should be able to perform outgoing text calls even without registration, if allowed by the service provider and unless otherwise requested by national or regional policies.

Emergency text calls should be possible to perform without registration or before log-in to the service. 

With that information, the user can log into the service. Following the log-on, the user should be able to select the media to be used, the preferred screen resolution and the optimal text size for the menu and the buttons.

Mobile phones used to make text calls should support standard Java MIDP 2.0 or similar.

To download the client, the user should perform the following:

· Connect to a link provided by the service provider;
· Download the software (midlet) to the mobile device; and
· The software should be started from the file where it was saved (e.g. “program”), unless automatic installation is supported. Manual installation and input requirements should be kept to the possible minimum, while individual user preferences should be supported and remembered.

The text phone client, once installed, should always start automatically upon powering up the handset. If this is not possible, easily accessible manual start should be supported, also during an incoming text call.

It should be possible to save a text call and later retrieve, save or delete it. 

7
IP- specific system and client requirements 

7.1
Functionality

The main objective of the service is to offer deaf and hard-of-hearing users a computer-based text phone client that can be accessed through a computer or an IP client or a mobile handset (GSM+/3G). 

Users who use text primarily for remote communication will have easy access to IP-based communication that can be used for effectively contacting each other, authorities or relatives and alarm services, which have a text phone interface or other compatible devices.

7.1.1
System aspects

A server-based platform, with client-server communication, is recommended, as it is beneficial to:

· Firewall transpassing for text communication;

· Compatibility with external clients (IP and/or legacy text phones); and

· Flexibility and interoperability, e.g. update the client and/or gateway.

Gateways provided through the platform may contribute to the compatibility with legacy text phones (also in other countries), relay services and SOS emergency services.

7.1.2
Client aspects
The IP client can be an applet typically running on Java environment. 

Unless factory-installed, the clients should be made available for download, installation, updates and access via the Internet through a wired, wireless or mobile connection or over the air and installed via a wired, wireless or mobile connection.

The most widely used operating systems should be supported. 

Specific consideration should be given to the user preferences of computer platform and operating system used. 

The IP-based client may be a piece of software to be installed in the computer, or a Java-based applet, flash client or similar. The following features should be offered to the user:

· Make and receive calls from text phones, mobile text phones, other IP-clients;

· Access an address book;

· Text windows should be adjustable for text size, typeface and background colour (also matter of the preferred Web browser);

· Connection to an external alerting device (e.g. via a USB connector);
· The text conversation should be fluent and perceived as occurring in real time (matter of the user’s preference for the use of assistive text input).

IP clients should be able to make and receive calls to each other and to mobile or legacy text phones, as well. Text calls to relay services and other services that use legacy modems can be possible as well.

When new versions of the software are available in the server (e.g. new features. Software corrections, etc.), the user should be notified and/or, if there is a pre-authorization, the client should be updated automatically. This is to ensure wide availability and lower support costs.

The provision of technical support to the user, in her contexts of use is considered to be the primary requirement. It is important to deliver services to the user in compliance with what users expect, in their applicable contexts of use. 

The service should be compatible with the most used versions of the most widely used Web browsers. As a general rule, this may mean support for the most widely used computer browsers (those with the highest penetration on the market, according to some independent sources, e.g. http://www.w3schools.com/browsers/browsers_stats.asp). 
For further details, see clause 5.6.
7.2
Session initiation

Addressing by the phone number or SIP address should be supported.

Call control should be performed according to IETF RFC 3261 Session Initiation Protocol (SIP) [i.14].
7.3
Media negotiation and transmission of real-time text
An IETF-specified, RTP-based method for real-time text transmission is described in section 7.3.2. The alternative method described in section 7.3.1 has not been specified by IETF but is used by several publicly available services. 

The RTP standard defines a pair of protocols, RTP and the Real-time Transport Control Protocol (RTCP). RTP is used for transfer of multimedia data, and the RTCP is used to periodically send control information and QoS parameters.

The Transmission Control Protocol (TCP), although standardized for RTP use (see RFC 4571), is not often used by RTP because of inherent latency introduced by connection establishment and error correction, instead the majority of the RTP implementations are built on the User Datagram Protocol (UDP).

An RTP sender captures the multimedia data, which are then encoded as frames and transmitted as RTP packets, with appropriate timestamps and increasing sequence numbers. 

A complete network based system will include a variety of other protocols and standards in conjunction with RTP (e.g. SIP, RTSP, H.225 and H.245 are used for session initiation, control and termination) and other standards (e.g. H.264, MPEG, H.263 etc.), used to encode the payload data (specified via the RTP Profile).

One implementation variant for both computer based and mobile implementations is SIP with real-time text, as specified in RFC 4103 [i.13].

The following general requirements apply for the media negotiation and transmission of real-time text:
· Communication of real-time text shall be supported. 

· Communication of audio should be supported.

· Calls must not be denied, even if unsupported media is offered (e.g. if the caller offers real-time text and video and the answering party only supports real-time text, the session shall be established and only the common real-time text medium enabled).

· Negotiation of codecs and details of the media transmission shall be made through the session control protocol.

· If audio is supported, the ITU-T G.711 codec shall be among the supported codecs. Negotiation of audio codec to be used shall be performed through SDP in the session control transactions.

· Real-time text support for communication within the system and its terminals may be implemented in one or more ways that should be expressed in the session control protocol simultaneously, so that the answering part has an opportunity to respond with one or more declared methods.

· In order to ease interoperability, the supported methods for real-time text communication shall be coded and presented as specified in ITU-T T.140 [n.6].

7.3.1 
SIP Message-based transmission of real-time text

A method for negotiating and transmitting real-time text based on IETF RFC 3428 [i.13] is described in Annex A (normative). This has not been specified by IETF but is used by several publicly available services. Audio media based on RTP transmission can be used in the same session.
7.3.2 
RTP-based transmission of real-time text
IP-based text telephone terminals should be able to handle calls using SIP for call control, and including RTP-based real-time text according to:

· Negotiating for real-time text and transmission of real-time text, as specified in RFC 4103 [i.12] or alternatively, as described in Annex A (normative); and
· Negotiating for audio and transmission of audio at least as specified in ITU-T G.711. This codec may be complemented with other suitable audio codecs for improved interoperability and functionality.

Implementations should allow calls to be set up with common media and codecs, even if the offer includes media and codecs that are not supported by both parties (e.g. video).

Further information on the background and use of these protocols can be found in ETSI 202 320 [i.6], IETF RFC 5194 [i.10] and ETSI TS 126 114 [n.12]. 

In the case of more than one protocol for real-time text being supported by a terminal, the RTP-based protocol should always be offered at call setup, or when adding the real-time text medium to the session.
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7.4
Service provision

Service provisioning should be available over the Internet, to increase service availability. 

After successful registration, users should be provided with a password to access the service and/or download the client software (as necessary), obtain further information about his/her account, and obtain access to support. 

Personalized services may be offered to ensure the best possible accessibility support.

The charging of the related costs, if applicable, may be on a monthly basis or on a pre-payment basis and should be presented to the user together with their telephone invoices.
Annex A (normative): Specification of sending text experienced as real-time, using private headers and SIP message
As discussed in clause 5.2, text conversation should be fluent and experienced by the users as occurring in real time.

In the past, only fixed-line connected text phones could support the communication needs of hard of hearing users. In order to simulate the experience of a natural conversation and provide presence indication, users required text to be transmitted on a character-by-character basis that does not necessarily have to apply any more. 

With the advent of mobile terminals, the keys on the keypad used to enter characters got smaller by the physical size and less dedicated by means of functionality (e.g. not always marked with all characters they could generate). Therefore, predictive text input methods were developed and provided together with most mobile devices to assist the user to enter words in a more efficient way. Users used to this functionality may wish to use this interaction paradigm, regardless of the application area. 

Therefore, text prediction in real-time text communication should be supported in a seamlessly integrated way and be user selectable (to turn on or off, select the supported language(s) and use dictionaries supporting the inclusion of additional own or other frequently used words as additions).

The appropriateness of a word-by-word model should be carefully considered, as users’ preferences may vary or be in the process of changing across generations, due to technological development; supporting the user’s preferences should be the main requirement. Trial data from the ongoing development project in Sweden (see www.flexitext.net, http://www.pts.se/sv/Funktionshinder/Utvecklingsprojekt/Flexitext---tillganglig-texttelefoni/ and Annex B (Informative) indicates that 43% of the users of the system did not have hearing and speech impairments!

In the below, we provide a specification for the near real-time text transmission functionality using SIP Message requests. The purpose is to present the text typed by the sender as soon as possible on the device used by the receiver. The method is typically implemented in the UAC by sending a Message request as soon as possible, after the detection of relevant user input (so that the UAC doesn’t wait for the user to hit the return key before sending, instead every typed character can be sent individually). The network congestion considerations raised in A.1 below should however be considered, where applicable.
Note: An ongoing investigation has been launched to collect and analyze empirical data from real-life use, as well as to perform capacity measurements. The results will be reported late May- early June 2010.
The SIP Message transmissions shall contain text coded as specified in ITU-T T.140, and specify use of “Content-Type: text/plain; charset=utf-8”.
The P-header specified is used to facilitate a simple negotiation procedure, where the UAC and UAS indicate their support for this method of sending text.

When the exchange of the header has completed, the contents of the received SIP Message shall be presented consecutively in the text presentation area, without the automatic insertion of line breaks.
A.1
Overall applicability

The SIP extensions specified in this document 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 this Annex can safely ignore the P-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 logged-in SIP client using the same SIP address (that may be a serious threat to user integrity).
In this Annex A (normative), 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), e.g. as implemented currently in Sweden [i.1], 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 [i.13]). Note that these Messages may contain one or more characters.
Since this method uses the SIP signalling path instead of the speech path to transfer text, it achieves a higher degree of reliability.

A.2
The P-X-text header and syntax
Note: The registration of the below header (P-X-text-offer and P-X-text-response are being renamed and merged into one header) is being initiated with IETF.

The purpose of the P-X-Text-Offer header field is to provide an indication from a SIP UAC that it supports the X way of sending text experienced as real-time. If used, the header must be present in the SIP INVITE request.

The syntax of the P-X-Text-Offer header is described as an augmented Backus-Naur Form (BNF) [i.11]: 

P-X-Text-Offer = “P-X-Text-Offer”

The purpose of the P-X-Text-Response header field is for a SIP UAS to confirm the support for sending text the X way. If used, this header field must occur in a final 200 OK Response to an Invite Request.

The syntax of the P-X-Text-Response header is described as an augmented Backus-Naur Form (BNF) [i.11]:

P-X-Text-Response = “P-X-Text-Response”
Annex B (informative): Main feedback reported from trials

Under review and updating.

In Denmark, TDC has implemented mobile and IP-based text telephony since 2005, under the name TDC Webtekst. The service is offered to its customers on a commercial basis. The price levels are equal to those of standard IP-based voice telephony. The results have been very positive, as over half of the traditional text telephone users have returned their text phones to TDC and use the IP-based service, combined with mobile access. This also implies a considerable cost saving, replacing expensive, dedicated terminals.

In Finland, such services have been limited to the possibility to call the relay service via the Web. Such services have been available since 2004. 

Germany also offers IP-based relay services since 2006. Both service providers are considering increasing the availability of their services and offering communication on a wider basis, such as it is being done in Denmark and Sweden.

Gateways for intercommunication with legacy systems and other communication standards have been an important feature of the services offered. The gateways are placed centrally in the platform to allow for scalability.

The usage of gateways has proven successful in those countries where the platform has been available. Most important when launched, the gateways have provided for compatibility with legacy systems, such as text telephony. Furthermore, they have enabled the services to be compatible with mainstream text-based services, which are mostly SIP based and use block mode. 
Based on feedback from end users and technology development, planned service updates under development, to be offered in the Nordic countries, may include: 

· Support for the use of simultaneous voice and data communication; and 

· Special software for users that need to connect their client to external, assistive software and/or hardware (e.g. a Braille keyboard, TTS software, etc.).

The most detailed insight is originating from Sweden, where such services are offered based on the MMX technology, following a development project sponsored by the regulator responsible for the provision of publicly available accessibility services, the Swedish Post and Telecom Agency, under the brand name Flexitext. 

There are other technologies (add reference) not addressed by the present document, nor the trials.

The service has been offered on a trial basis since 2005, with a commercial launch under consideration. Results of end user surveys conducted during the project and reported in [i.1] indicate that:

· 65% of the users were men;

· 49% of all users were born deaf, while 10% have become deaf as adults and 31% of all users did not have a disability;

· the number of active users has increased seven-fold during the first year, with most usage taking place during 07.00 until 22.00 during work days (dropping 60% during weekends). 

· A large majority of the users has used the service (79%), finding it easy or very easy to register (100%), download the necessary software and install it (92%). They also considered that the user experience the service offered was generally good (71%, with 25% of the users having comments regarding the speed of texting on the mobile device). System slow – addressed; to be reported? Survey and handset UI updates of relevance.

· Those who have used the service say that the service has been very useful and important for them and have provided suggestions for future improvements.

In addition, the present clause provides some specific details applicable to the mobile and computer-based usage context (including user, service and compatibility requirements), based on the feedback received during operational trials and deployments, for consideration: 

· Generic, context-dependent user requirements applicable to the specific contexts of use;

· The results reported by Örebro County Council and www.textelefoni.se in [i.1], carrying out trials with flexible text communication services (for the Swedish Post and Telecom Agency (PTS)). The results reported include user experience surveys based on several years of service use (for full details, see Annex B (Informative)); and
· Experiences from other countries and other services (e.g. Australia, Denmark, Finland, Germany, Norway and others), where such services are deployed (in trials or commercial operation mode).

Evidence from recent trials reported in [i.1] concludes that:

· Users perceive that real time text communication services offered through a computer and/or a mobile terminal considerably increases the accessibility of their communication environment;

· Most users (93%) believe that the services offered are usable as text phone replacements;

· Users require access to emergency call services (e.g. 112).
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