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Foreword

This Technical Specification has been produced by the 3GPP.

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of this TR, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
Indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the specification;

Introduction

1 Scope

This 3GPP Technical Specification defines the stage 2 description of the real time Text Conversation Feature called Global Text Telephony, GTT. GTT. Stage 2 identifies the functional capabilities and information flows needed to support the service described in stage 1.

GTT offers interworking with current and emerging text telephone features in the fixed networks and other mobile networks.

This TS contains the core functions for a real time Text Conversation Feature GTT, to be used in combination with voice, data or multimedia services.

This TS includes information applicable to network operators, service providers and terminal, switch and database manufacturers.

GTT uses a number of functional entities to realise the requirements of the stage 1 description (3G TS 22.226). This TS describes how the service requirements are realised with these functional entities, and gives an indication of the interfaces and protocols used between them. As far as possible existing protocols shall be used for the realisation of the Global Text Telephony Feature. This may include e.g. cs voice, MultiCall, H.324M, SIP as protocol environments, and , GPRS, AL1 and RTP/text as transmission protocols. It also means  usage of existing text presentation format T.140.

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

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

-
For a non-specific reference, the latest version applies.

-
A non-specific reference to an ETS shall also be taken to refer to later versions published as an EN with the same number.

[1]
3G TS 22.101: “Service Principles”

[2]
3G TS 22.121: “The Virtual home Environment”

[3]
3G TS 22.226: "Global Text Telephony " Stage 1 service description.

[4]
ITU-T V.18

[5]
"Wireless Application Environment Specification", WAP Forum, April 30th, 1998. URL: http://www.wapforum.org/

[6]
"Wireless Session Protocol", WAP Forum, April 30, 1998. URL: http://www.wapforum.org/

[7]
ITU-T T.140

[8]
ITU-T H.324

[9]


[10]


[11]
ITU-T H.248 Annex F, Facsimile, Text Conversation and Call Discrimination Packages

[12]


[13]
IETF RFC 2793  RTP-Text. RTP Payload for Text Conversation. 

[14]
IETF SIP

[15]
3G TS 24.226 CTM Cellular Text telephony Modem.

[16]
TIA ballot for PN 4721 – Minimum Performance Standards for Text Telephone Signal Detector and Text Telephone Signal Regenerator
[17]
H.248 packages for CTM and digital data transport of text for GTT. [TBD] 

3 Definitions and abbreviations

3.1 Definitions

3.2 Abbreviations

For the purposes of this document the following abbreviations apply in addition to those defined in [3]:

GTT
Global Text Telephony

CTM
Cellular Text telephone Modem

4 General Architecture

4.1 Overview
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Figure 1: General view of GTT feature provision within the different networks

Figure 1 shows a generalised view of the Global Text Telephony Feature architecture for a third generation conversation service  system. It shall combine different networks and  network types and shall integrate text conversation systems already existent within these networks. The terminal operates with  the Global Text Telephony Feature Environment, GTTFE. This environment may comprise 2G and 3G networks, 3G networks with islands of coverage within a 2G network and roamed networks. The GTTFE provides all the necessary service elements, e.g. feature registration, feature precence detection, feature request detection, feature request, protocol conversion, feature negotiation, call control, text transmission and alerting functionality. These service elements could be located within one network or distributed across several networks or network types. 

Global Text Telephony is a 3GPP Feature that can be included in 3GPP conversation services such as circuit switched voice telephony, IP telephony, circuit switched multimedia and IP multimedia conversation. It makes use of the infrastructure of the host service and adds elements necessary for GTT in these environments.  

The following description and figures describe the text specific parts and leave out many details of the conversation service where text is attached.

4.2 Involved GTT Elements 
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Figure 2 : GTT Architecture Overview
· GTT Terminal
- Any arrangement of terminal functions enabling Global Text Telephony.

· GTT Interworking Facility – Functions for translations between different forms of text conversation

· GTT Interworking Control – Functions for invoking the text feature in a call

· GTT Subscription Database – Users of GTT may be registered in the subscription database to get most efficient support for the feature.

· HLR – Home Location Register – With records for existence of GTT functionality in the mobile stations.

4.2.1 Terminal functional elements

4.2.1.1 Feature presence detection and reporting

Functions for detecting that the needed functionality for GTT is present and activated. The presence is reported to the GTT Interworking control. Presence can also be interrogated from the network to maintain its view of the status.

4.2.1.2 Text input

Functions for entering text and coding it for transmission according to ITU-T T.140.

4.2.1.3 Text display

Functions for making received text available to the user. Depending on the purpose of the terminal, this can be arranged on a display or any other desired way.

4.2.1.4 Text feature request detection

Functions in the terminal for detection of a desire of any of the parties involved in a call to start using text.

4.2.1.5 Text feature request

Functions for placing a request to invoke support for the text feature in a call. The form of a request may be different if it is issued in the call setup or during the call.

4.2.1.6 Text transmission negotiation

Functions for finding out what text transport should be used for this text session.

4.2.1.7 Text transmission open

Opening of a selected channel for text transmission

4.2.1.8 Text transmission 

Transmission of the text in the radio interface with the selected mechanism

4.2.1.9 Voice co-ordination

Some text transmission methods allow only alternating between text and voice. The alternating between text and voice is co-ordinated for transmission.

4.2.1.10 Call progress indication

Call progress information is made available in a form that can be displayed to the user for example by means of visual or tactile elements.

4.2.1.11 Emergency service considerations

The text feature shall be possible to invoke in an emergency call. Special considerations for this requirement place some functional requirements on the GTTFE.

4.2.1.12 Legacy mode texphone attachment and conversion

A terminal may optionally (or regionally required) be designed for attachment of a legacy mode text telephone for PSTN. For that purpose, code and signal converters and attachment interfaces are included.

4.2.2 Network functional elements

4.2.2.1 Feature registration

Registration of a user as user of the feature should be possible. The registration is available in the user data. 

4.2.2.2 Feature presence detection and reporting

Functions for detecting that the functionality for GTT is present and activated. The presence is reported to the GTT Interworking control, that makes a note of its state in the active user data. The state information is maintained by interrogation at call setup and other specific events.

4.2.2.3 Text feature request detection

Functions in the text interworking facility for detection of a desire of any of the parties involved in a call to start using text.

4.2.2.4 Text feature request

Functions for placing a request to invoke support for the text feature in a call. The form of a request may be different if it is issued in the call setup or during the call.

4.2.2.5 Text transmission negotiation

Functions for finding out what text transport method should be used for this text session.

4.2.2.6 Text transmission opening

Opening of a selected channel for text transmission

4.2.2.7 Text transmission 

Transmission of the text in the radio interface with the selected mechanism

4.2.2.8 Conversion

Text communication with different GTT terminals and different legacy mode terminals is accomplished through conversion functions in the Text Interworking Facility.

4.2.2.9 Voice co-ordination

Some text transmission methods allow only alternating between text and voice. The alternating between text and voice is co-ordinated for transmission.

4.2.2.10 Call progress indication

Call progress information is made available in a form that can be displayed to the user for example by means of visual or tactile elements. The network contains functions for providing the call progress information.

4.2.2.11 Emergency service considerations

The text feature shall be possible to invoke in an emergency call. Special considerations for this requirement place some functional requirements on the GTTFE.

4.2.2.12 Mulitmedia Messaging interworking

Implementation of GTT may be arranged so, that interworking with the Multimedia Messaging services is accomplished. This interworking is of interest both for Text Capable terminals accessing GTT, and for native GTT terminals. 

The interworking should be accomplished by offering a T.140 text based user interface to MMS.

4.3 Feature invocation overview

This is a brief overview over how a call is set up to have a text path active for the user to use for text telephony.

1. The terminal user activates the text addition part.

2. This activation is reported to the HLR, and stored as active user information.

3. For a call from PSTN, the user data is interrogated for presence of the text feature. If present, the call is routed through a text interworking facility.

4. When the answering user starts typing, a transmission method for text is selected, depending on the capabilities and the mode the call is made in. Preference order should be IP rtp/text, CS multimedia text, data text and CTM text.

5. The text is transmitted with the selected method and converted in the text interworking facility. It is transmitted through the V.18 functionality, in order to convert to the mode used in PSTN.

If text features were not present before the call, it is placed in voice mode. The following is the functionality for that case:

1. When the terminal user activates the text functionality during the call, it starts the detection of text requests. 

2. When a text request is detected, transfer of the call is requested, through a text interworking facility, that reconnects with the user terminal from its other port.

3. Once included in the path, the interworking facility translates between different methods of text transmission.

4.4 Involved GTTE Interfaces
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Figure 3 : GTTE system Interfaces
The overall architecture for supporting text telephony  is depicted in Figure 3,   5 and 6. 

4.4.1 General text transmission functions
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Figure 4 : GTTE general text transmission functions

A chain of GTT functions are invoked during text conversation. The general view in figure 4 is applicable to varying transport mechanisms and network environments.

Call Control
Before text conversation can begin, a call must be established. That is done with general call control functions. The desire of the user to use text in a call can either be indicated from the beginning of the call, or indicated by starting typing during a call. GTT Elements detect the desire to establish a text channel, negotiates a suitable transport mechanism, and activates transmission functions. 

Text User Interface
The Text User Interface allows the user to input text for transmission character by character. Transmitted characters and received characters are normally displayed to the user. 

|-------------------------------------------------------|

|         Anne           |            Eve               |

|-------------------------------------------------------|

|Hi, this is Anne.       |                              |

|                        |Oh, hello Anne, I am glad you |

|                        |are calling!                  |

|Have you heard that I   |                              |

|will come to Paris in   |                              |

|November?               |No, that was new to me. What  |

|                        |brings you here?              |

|-------------------------------------------------------|

Figure 5: Possible display of a one to one text conversation.

The user interface also displays call progress information and any status information about the call that supports good user control over the calls, keeping in mind that many GTT users have no use of audible signals and need visible or tactile signals corresponding to audible information.

Presentation coding
For interworking with all kinds of text capable terminals, the text in GTT is coded in a common presentation protocol, T.140 [7], and if necessary converted to or from any legacy mode character code. 

Transport and transmission within GTTFE
The activation of text transmission selects a suitable transmission method over the radio interface. The appropriate method to use is selected after capability exchange and a priorited selection. The following transmission methods are selected for GTT:

1. IP Multimedia and IP Telephony, according to IETF SIP [14], with text coded according to ITU-T T.140 and transported with IETF RTP-text [13], allowing simultaneous voice and text conversation, and optionally video.

2. Circuit Switched Multimedia according to ITU-T H.324 [8] with 3GPP application specifications. Text is T.140 coded and transported in an AL1 channel. 

3. Digital data transmission in an out-of-band channel in connection to a voice call. The text is coded according to ITU-T T.140. The digital data transmission method is TBD.
Editors note: The following data transports are current candidates:

- User-to-user signaling during voice call.

- Open high speed data communication channel in one call and put voice call on hold while using text.

- GPRS IP data transmission during voice call with MultiCall service, using RTP-Text as transport.

- WAP in MultiCall service with voice.   

4. Voice channel transmission using CTM; Cellular Text telephone Modem [15] alternating with voice. Text is coded according to ITU-T T.140.

Multiplexing
The text transport is multiplexed in the radio interface according to normal procedures for the selected method.

Conversion.
For text conversation with text telephones and text capable terminals in different networks or using different transport mechanisms, a conversion function is used,  acting on all necessary levels. The functionality of the conversion function is described in ITU-T H.248 Annex F, packages for Text telephony, Text Conversation and Call Type Discrimination.

 Package specification for the  GTT specific transport mechanisms for text according to point 1 and 2 above  is specified in “H.248 packages for CTM and digital data transport of text for GTT. [TBD]”  [17]. 

Text capable terminal
By using the described GTT functions, a real time text conversation session can be conducted between any GTT supported mobile Text Capable Terminal. and any fixed or IP based Text Capable Terminal. Different combinations give different capabilities regarding combinations of text with voice and video.

5 Protocol Framework

5.1 Text transmission protocols
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Figure 8: Protocol Framework for the text transmission in GTT

To provide implementation flexibility, integration of existing and new services together with interoperability across different networks and terminals, the GTT shall make use of the transmission protocol framework outlined in Figure 8. In this framework the GTT Text Terminal communicates through the GTT conversion with the Text Capable Terminal. This GTT conversion shall provide convergence functionality between the endpoints and thus enabling the integration of  different terminal types across different networks. There is flexibility for placement of the conversion function in different locations in the network.

5.1.1 GTT Transfer protocol A 

The GTT transfer protocol A shall be one of the GTT supported ones mentioned in section 4.3.1. 

If more than one of these protocols are supported by both the terminal and the network, a terminal user preference may be used to decide what protocol to use. If a user preference is missing, the protocol to use shall be selected in the same order as they are presented in this section.

5.1.1.1 IETF SIP with rtp/t140.

For IP multimedia and IP text telephony, the text session shall be opened as a text stream in a multimedia call specified as text/t140, controlled by the SIP protocol. The text stream shall be coded according to ITU-T T.140, packetized and transported according to RFC 2793.

5.1.1.2 CS Multimedia according to 3G-324M with T.140.

For CS Multimedia, the text session shall be opened and conducted as an AL1 channel for T.140 by a H.245 procedure. This use for text conversation is described in ITU-T H.234, H.245 and 3GPP 26.110.

5.1.1.3 Data channel transfer of T.140

Digital data transmission in an out-of-band channel in connection to a voice call. The text is coded according to ITU-T T.140. The digital data transmission method is TBD.
Editors note: The following data transports are current candidates:

- User-to-user signaling during voice call.

- Open high speed data communication channel in one call and put voice call on hold while using text.

- GPRS IP data transmission during voice call with MultiCall service, using RTP-Text as transport.

- WAP in MultiCall service with voice.   

Assuming we select an IP-based solution ( GPRS ). The description below should be modified when the channel type is selected.

The text is transmitted in the GPRS IP channel using RTP with text coded as T.140 and packetized according to RTP/T140 RFC 2793. Co-ordination of voice and text is made with a package for voice and GPRS text according to the H.248 Annex F functionality.

5.1.1.4 Voice channel coding of T.140 text

When no data channel is available for standardised transmission of T.140 sessions, the text is transmitted with a coding in the voice channel. The coding is called Cellular Text telephony Modem. This is an error resilient method for data transmission in the voice channel. 

5.1.2 GTT Transfer protocol B

The GTT transfer protocol B is used between the GTT Interworking facility and the text capable terminal. This may be another text capable GTT terminal or any supported text capable terminal. 

The valid choices are any of the supported protocols in GTT Transfer protocol A, 

Any of the legacy PSTN text phone methods supported by V.18. 

Native V.18 with V.21 as the modulation for text only and alternate text and voice operation. 

Native V.18 with V.61 as the modulation for simultaneous text and voice operation.

Packet switched Multimedia Terminals including IP textphones operating with H.323 Annex G for the text part.

Packet switched multimedia terminals including IP textphones operating with IETF SIP and text/t140 for text.

H.320 ISDN multimedia with T.140 text in H.224 client = 02.

H.324 Multimedia terminal in PSTN with T.140 text in AL1 channel.

Any text conversation protocol converted into T.140 by a custom H.248 package.

5.1.3 GTT Transfer protocol C

Optionally, facilities for local connection of a legacy mode text telephone to the terminal can be provided as indicated on the left hand side of Figure 8. The intention of this locally connected text telephone is to provide a text user interface for GTT operation. When this way to provide a user interface is not used, the user interface is provided directly by GTT presentation in the terminal.

Terminal Conversion and GTT Transfer protocol C may support the functionality of terminations implementing the packages “ctyp” and “txp” of ITU-T H.248 Annex F, or a subset supporting a specific attached text telephone type.

The “Text telephone” may implement ITU-T V.18 or the specific subset of transfer protocols selected to be implemented by Terminal Conversion function.

5.1.3.1 Regulatory requirements note

US regulatory requirements call for support of the Baudot 45 transfer protocol for Transfer Protocol C, and a plain cable with specified 2-pole connectors to be used for the lower layer connection. See 3GPP 22.226. 

5.2 Text feature invocation protocols

The text feature have many ways to be invoked. In many cases they can be used intermixed. The different transfer protocols are invoked with different protocols.

5.2.1 Text feature announcement

When text feature support is started in a terminal, it should announce the availability of the feature to the network. 

This is done by sending a “text feature present announcement” to the network, with parameters indicating the supported GTT Transfer protocols. The information is used to store information about the terminal in the network. 

5.2.2 Text feature interrogation

When the network needs to verify text feature availability in a terminal, it transmits a “text feature interrogation” command to the terminal. The terminal that has text feature support present and enabled, responds with the “text feature announcement”. 

5.2.3 Text feature request

When any user has indicated that text conversation is wanted in a call, either by default preferences, or by specific action, a text feature request is submitted from the initiating user. This request can take many forms. One is simply to start typing on the text keyboard. Another is to start a carrier type legacy text telephone.

5.2.4 Text feature invocation request

When any GTTFE component has discovered a text feature request, the network and call path might need preparation for the text session. If the call is not yet placed, the call establishment is made in such a way that the call passes the text interworking facility. If the call is already placed, a request is placed to the network to redirect the call through the text interworking faccility, or in some other way ensure that text capable functions are available in the path.

5.2.5 Text feature channel opening and closing

Once prepared for, the text channels must be established, following the protocol for each GTT Transfer channel and each text capable terminal. 

That means using the following protocols:

1. For SIP, Use SDP to start a text channel for an RTP channnel using the media text/t140.

2. For 3G-324M, use H.245 and issue an open logical channel request for an AL1 channel with T.140.

3. For the text in a data channel, start an RTP channel with text/t140 contents, in the GPRS service. (If that is decided for the data channel mode)
4. For a voice channel presumably using CTM, send an initial CTM burst, and expect a response with a CTM burst. If no indication of CTM support is received, signals from the plain text telephone mode from pstn is transmitted as a last resort to the other endpoint. 

5.3 Addressing

GTT shall support the use of both SIP URL:s for IP based GTT terminals and E.164 numbers for SC connected terminals according to the hosting conversation service.

5.4 Protocols for Multimedia messaging interworking

For interworking with Multimedia Messaging(MMS), from the GTT capable terminal, MMS is operated from the same user interface as the GTT functionality. 

For interworking with Multimedia Messaging(MMS), from the text capable terminal, MMS is operated through the T.140 text based protocol. 

6 Functional Description of Involved GTT Elements

6.1 Text Capable Terminal

....

In order to guarantee a minimum support and compatibility between multimedia terminals, there shall be the following multimedia formats to be agreed. 

6.2 GTT Conversion

This GTT Conversion shall provide convergence functionality between GTT terminals and other Text Capable Terminals thus enabling the integration of  different terminal types across different networks.

6.3 GTT Subscription database

· maintain user subscription information

· controls access to the GTT

· controls the extent of available service capability 

6.4 HLR

· inform the GTT about availability and changes in the state of availability of the GTT Terminal

· ffs

7 GTTE Interfaces

... this section is to be developed further.... 

7.1.1 GTT Presentation 
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