ATIS-0x0000x

ATIS-1000xxx

Technical Report on
Support of TTY Service over IP using Global Text Telephony
ABSTRACT

This Technical Report (TR) describes the means that the Teletypewriter (TTY) service can be provided over IP between operators’ networks through the use of the Global Text Telephony capability which enables simultaneous audio and/or video with text media stream.
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1 INTRODUCTION
Teletypewriter (TTY) service allows real time conversation in text between two persons having a TTY device. This basic service has been extended to support the Teletypewriter Relay Service (TRS) which allows a person using telephone service to communicate with a person using a TTY device by means of an intermediate communication agent that translates between the spoken voice and text. This service level is supported through the circuit public network. While new internet technologies have reduced the need for this service, it is still plays an important role, especially for emergency 911 calls.
Real Time Text (RTT) is a term used to define the ability to instantly communicate text as it is typed, as opposed to after a sentence or thought to completed in the manner of instant messaging. This term has now been replaced with Fast Text. RTT can now be signalled over IP networks. RTT can be optionally combined in any combination with voice and/or video. When this combined service is provided by an IMS network, it is referred to a Global Text Telephony (GTT). GTT is supported in IMS networks via the RTT using IETF SIP/SDP for the negotiation of the text media stream and IETF RFC 4103 [124] RTP-text for transport, with text coded according to ITU-T Recommendation T.140 [123].

Figure 1 shows a generalized view of the GTT feature architecture. It combines different networks and network types and integrates text conversation systems already existent within these networks.

.
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2 Definitions

3 Scope

4 Abbreviations

ATIS
Alliance for Telecommunications Industry Solutions 
GTT
Global Text Telephony.

RTT
Real Time Text
TRS
TTY Relay Service
TTY
Teletypewriter.

5 SUPPORT OF TTY USING GLOBAL TEXT TELEPHONY (GTT)
5.1 Overview
The support of the TTY service is a regulatory requirement for North American public networks. As these networks migrate to packet technologies the TTY service must also be migrated to IP. Global Text Telephony (GTT) offers real time conversation in text, optionally combined with voice and/or video. GTT is mainly used for distant conversation with hearing or speech impaired users. 
In the PSTN, different systems for text telephony exist and are used in different regions, e.g. Baudot (in US), or EDT, V.21, Bell103, Minitel and V.18 in other countries. They all use different modem technologies within PCM and different character coding for the transmission of text. They are described in the annexes of ITU-T Recommendation V.18 [125]. Baudot is a protocol used to signal a limited set of uni-case letters and figures represented by five bit codes at a rate of 45 baud in the U.S. No error correction is provided. Any party of a GTT call may at any time initiate text or send voice. Speech and text may be used in an alternating manner during a conversation on the PSTN. It is also possible that speech is transferred in one direction and text in the opposite direction. However, speech and text cannot be used in the same direction at the same time.

In the 3G radio interface, a dedicated CTM modem is used (see 3GPP TS 26.226 [126]), which is terminated within the CS domain and interworked to PTSN an in-band text telephony format. 

Interworking between Real-Time Text over RTP from packet networks with CS network text telephony is provided an Interworking Unit (IWU) (e.g., the MGCF and IM-MGW for IMS) triggering the insertion of an Interworking (conversion) function within the MGW. 

The Interworking function in the MGW supports the detection of text modem signals on the CS side and the conversion between text/modem signals and Real-Time Text over RTP. 
The procedures to detect and convert text/modem involve expensive MGW resources. The GTT interworking procedures are intended to allow cost effective implementations by avoiding additional load or resources in MGW for calls not using text telephony (which represent most of the calls).

It is assumed that SIP terminals supporting text media will not automatically offer text media, but that this will be instead governed by SIP terminal configuration options and user interactions to suit the communication preferences and abilities of the user. However, a SIP terminal desiring to set up a GTT call will offer Real-Time Text media, possibly in parallel to voice and/or video media. The interworking MGW then provides the conversion between Real-Time Text over RTP and text/modem signals. On the contrary, if the mobile does not request Real-Time Text support, no Interworking function is necessary. An IMS Multimedia SIP terminal configured to use Real-Time Text Telephony but receiving an SDP offer for voice-only media will accept this offer and then send its own subsequent SDP offer adding text media. When receiving such a subsequent offer for text media, the MGW will provide the conversion between Real-Time Text over RTP and text/modem signals at the CS interface. On the contrary, if the mobile does not offer Real-Time Text, no Interworking function is necessary. 

The text in RTT shall be coded in a common presentation protocol, ITU‑T Recommendation T.140 [5]. If necessary this presentation protocol shall be converted to or from any legacy mode character code used in other networks.

By using the described GTT functions, a real time text conversation session can be conducted between GTT supported mobile text capable terminals. Different terminal function combinations and GTT host environments give different opportunities regarding combinations of text with voice and video. Valid combinations are:

-
text only,

-
alternating text and voice,

-
simultaneous text and voice,

-
simultaneous text and video,

-
simultaneous text, video and voice.

5.2 Control Plane

A SIP terminal should offer AVP for all media streams containing text. Only in cases where there is an explicit demand for the AVPF RTCP reporting timing or feedback messages AVPF shall be used. 

An SIP terminal configured to automatically enable RTT, e.g. because the SIP terminal is used by a deaf or hearing-impaired person or a person wanting to communicate with such an impaired person, shall accept an initial INVITE request for a SIP dialogue if the SDP offer does not include real time text media. It shall then send a new SDP offer (e.g. in a SIP UPDATE request during call establishment) adding text media for RTT conversation.

NOTE:
As one example, incoming calls from a PSTN interworked by an IWU will not contain media for real time text conversation in the initial SDP offer. The new offer adding media for real time text conversation enables the transport of real time text towards the SIP terminal.

Below is an example of SDP, that shows the use of RTT with T.140 encoding:

m=text 11000 RTP/AVP 98

a=rtpmap:98 t140/1000

In order to avoid lost data, it is recommended that some form or redundancy be provided. The default method for the support of redundancy is through the use of IETF RFC 2198 procedures that allows for the transmission of the original text, plus redundant data.
The following is an example showing the optional use of redundancy per IETF RFC 2198 showing the use of two levels of redundancy.
m=text 11000 RTP/AVP 98 100

a=rtpmap:98 t140/1000

a=rtpmap:100 red/1000

a=fmtp:100 98/98/98

5.3 User Plane

Use of the redundancy coding variant specified in IETF RFC 4103 [49] is recommended for error resilience.

Real time text media type RTP payload format for ITU-T Recommendation T.140 is specified in [xx]. Redundant transmission provided by the RTP payload format is recommended in error prone channel.

The RTT stream is defined as T.140/RTP/UDP/IP.
	T.140

	RTP

	UDP

	IP


5.4 GTT Procedures

5.4.1 General

Two GTT capable devices will be able to interconnect using standard SIP signalling and SDP offer/answer procedures. The resulting established session will consist of one RTT stream and optionally separate audio and/or video streams. Since the RTT stream is separate from the audio and video streams it is possible that the users are able to communicate by switching between text and audio/video or simultaneously using text and/or video.
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Figure 1: Interconnecting GTT Clients
5.4.2 Originating GTT Calls

When originating calls, if the user wishes to immediately offer RTT, the initial INVITE can be sent including the text media type; audio and/or video may optionally also be included. Assuming the terminating party also supports and accepts the offer with RTT, it will return the response including the SDP answer including the text media type and other accepted media types.
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Figure 2: GTT call flow with text in initial offer

If the terminating party does not support RTT or wishes not to use it, it can accept the audio/video stream of the offer and reject just the text media stream by setting the port of the Text stream to zero. The call can continue successfully using only audio/video.


[image: image4.emf]UEo NTWK1

SIP: INVITE

[SDP offer: Audio/Video + Text]

UEt

SIP: INVITE

[SDP offer: Audio/Video + Text]

SIP: 180 Ringing

[SDP answer: Audio/Video + 

Text,port=0]

SIP: 180 Ringing

[SDP answer: Audio/Video + 

Text,port=0]

SIP: PRACK

SIP: PRACK

SIP: 200 OK (PRACK)

SIP: 200 OK (PRACK)

SIP: 200 OK (INVITE)

SIP: 200 OK (INVITE)

SIP: ACK

SIP: ACK

SIP: 100 Trying

SIP: 100 Trying

Audio/Video

NTWK2

SIP: INVITE

[SDP offer: Audio/Video + Text]

SIP: 180 Ringing

[SDP answer: Audio/Video + 

Text,port=0]

SIP: PRACK

SIP: 200 OK (PRACK)

SIP: 200 OK (INVITE)

SIP: ACK

SIP: 100 Trying


Figure 3: GTT call flow with text initial offer rejected

If the originating party does not know if the terminating party supports RTT or if they do not want to initially offer RTT, the originating party can send the initial INVITE request with an offer containing only audio/video media streams. If upon receiving the incoming call, the terminating party wishes to add text media, it must first accept the initial offer and then send a subsequent offer adding the new text media stream.
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Figure 4: GTT call flow with text in subsequent offer

5.4.3 Incoming Call Interworking

When starting the session setup signaling from a CS based network towards a packet network, the Interworking Unit (IWU) has no knowledge whether the CS side SIP terminal supports and will accept to use text telephony. 

The IWU offers only audio media when setting up a call towards the SIP terminal and waits the SIP terminal desiring RTT media to send a new offer adding RTT media attribute prior to inserting an Interworking function in the MGW. 

The following shows an example call flow.
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Figure5: CS originated session - Initial INVITE offering audio only

Upon receipt of an IAM request for a speech or 3.1 Khz audio call the Interworking Node (MGCF) starts the call set-up by sending an INVITE request offering audio media applying the interworking procedures. 

SIP terminals supporting RTT and configured to use it will send a new SDP offer including an audio and a RTT media line within a subsequent UPDATE or re-INVITE request.

When RTT interworking between IP and CS networks is required, the IWU shall reserve corresponding RTT media resources in the MGW and thereby request the insertion of the Interworking function, and if resources were available, return an SDP answer with audio and RTT media attributes. 
5.4.4 Outgoing Call Interworking
Figure 6 shows an example call flow where the SIP terminal requests RTT by sending an SDP offer including one audio line and one text media line within an initial INVITE message.
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Figure 6: SIP Terminal originated session - Initial INVITE offering audio and text

Upon receipt of a SIP INVITE request offering text media (possibly combined with audio media) the Interworking Node starts the call set-up at the CS side by sending an IAM requesting a speech with G.711 codec only or 3.1 Khz bearer, and completes the call setup on IP and CS side , but returning an SDP answer including RTT media (possibly combined with audio media if audio media has been offered).

The IWU triggers the insertion an Interworking function in the MGW for the duration of the call if a RTT media stream is established.

The IWU reserves corresponding RTT media resources in the MGW and activate the Interworking function, and if resources were available, return an SDP answer with audio and RTT.

5.4.5 Subsequent SDP Offer/Answer Exchange Adding Text To An Existing Session
If only audio and/or video media has been offered in the initial SDP offer, the SIP terminal can also request GTT support by sending a new SDP offer including audio/video and RTT when a SIP dialogue (early or confirmed) has already been established. 

The IWU will then trigger the insertion of an Interworking function in the MGW. 
5.5 Media Gateway Conversion Procedures

5.5.1 General

Before text conversation can begin, a call shall first be established between end users. The SIP user may request a text connection from the beginning of a call, or add request for Real-Time Text media at a later stage in a call that was originally established with audio and/or video only.

In addition to the control plane interworking between using SIP and ISUP (when interworking with CS network), the network shall support the negotiation of the RTT payload type (T.140 Text Conversation MIME media type as specified by IETF RFC 4103 [124]) in a distinct SDP m-line for text media.

Interworking between RTT and PSTN TTY is provided by introducing conversion in the IWU between IP-based RTT via RTP and modem based transmission of real-time text using ITU‑T Recommendation V.18 [4] or any of its specific sub-modes.
The conversion function can be seen as a context containing a Text/RTP termination plus a voice/RTP termination and an ITU‑T Recommendation V.18 [4] text telephony termination with multiplexed V.18 and voice via PCM.

It can be symbolically documented as follows.
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Figure 7: MGW Conversion Model
If the SIP terminal requests Real-Time Text telephony, the call shall be setup with the RTT media type in parallel to the voice media, and the IWU / MGW will insert the Interworking function between RTT and V.18. On the contrary, if the SIP terminal does not request RTT support, no Interworking function is necessary (which would represent majority of calls).
5.6 Interactions with other services

5.6.1 Emergency service considerations

If an operator implementing GTT selects to offer access to Emergency Services through this feature for a specific host environment, the following must be considered.

If the emergency services only has limited types of text conversation devices, conversion from the users host environment to the one used by the emergency service may be configured.

If the calling party address and location information are provided in voice emergency calls, this information must be preserved also in text emergency calls, and not changed by any conversion or routing mechanisms introduced.

Other host environment specific considerations for emergency calls are described in sections below.

Support for Multi-Media Emergency Sessions is documented in ATIS-0700015. The following is an example call flows for GTT terminating to a packet based NG911-PSAP.
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Figure 8: GTT emergency call to NG911-PSAP
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