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ITU-T Recommendation V.151 

Procedures for the end-to-end connection of analogue PSTN text  
telephones over an IP network utilizing text relay 

 

 

 

Summary 
This Recommendation defines the inter-operation of two PSTN to IP Network gateways that 
facilitate the end-to-end connection of analogue text telephone terminals over an IP network utilizing 
text relay. 

Amendment 1 introduces Annex E, which defines the RTP payload format for the transport of text as 
T.140 character data over IP networks, removing the need to make a reference to an historic RFC 
published by the IETF. It also includes minor editorial changes throughout the document to make 
references to the newly introduced Annex, removing references to the RFC. 

 

 

 

Source 
ITU-T Recommendation V.151 was approved on 29 May 2006 by ITU-T Study Group 16 
(2005-2008) under the ITU-T Recommendation A.8 procedure. 

This release includes new Annex E introduced by V.151 (2006) Amendment 1, approved on 
29 August 2007 by ITU-T Study Group 16 (2005-2008) under the ITU-T 
Recommendation A.8 procedure 
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FOREWORD 

The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of 
telecommunications. The ITU Telecommunication Standardization Sector (ITU-T) is a permanent organ of 
ITU. ITU-T is responsible for studying technical, operating and tariff questions and issuing 
Recommendations on them with a view to standardizing telecommunications on a worldwide basis. 

The World Telecommunication Standardization Assembly (WTSA), which meets every four years, 
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on 
these topics. 

The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1. 

In some areas of information technology which fall within ITU-T's purview, the necessary standards are 
prepared on a collaborative basis with ISO and IEC. 

 

 

 

NOTE 

In this Recommendation, the expression "Administration" is used for conciseness to indicate both a 
telecommunication administration and a recognized operating agency. 

Compliance with this Recommendation is voluntary. However, the Recommendation may contain certain 
mandatory provisions (to ensure e.g. interoperability or applicability) and compliance with the 
Recommendation is achieved when all of these mandatory provisions are met. The words "shall" or some 
other obligatory language such as "must" and the negative equivalents are used to express requirements. The 
use of such words does not suggest that compliance with the Recommendation is required of any party. 
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validity or applicability of claimed Intellectual Property Rights, whether asserted by ITU members or others 
outside of the Recommendation development process. 

As of the date of approval of this Recommendation, ITU had received notice of intellectual property, 
protected by patents, which may be required to implement this Recommendation. However, implementors 
are cautioned that this may not represent the latest information and are therefore strongly urged to consult the 
TSB patent database. 
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ITU-T Recommendation V.151 

Procedures for the end-to-end connection of analogue PSTN text  
telephones over an IP network utilizing text relay 

1 Scope 
This Recommendation defines the interoperation of two PSTN to IP Network gateways that 
facilitate the end-to-end connection of analogue text telephone terminals over an IP network. 

2 References 
The following ITU-T Recommendations and other references contain provisions which, through 
reference in this text, constitute provisions of this Recommendation. At the time of publication, the 
editions indicated were valid. All Recommendations and other references are subject to revision; 
users of this Recommendation are therefore encouraged to investigate the possibility of applying the 
most recent edition of the Recommendations and other references listed below. A list of the 
currently valid ITU-T Recommendations is regularly published. The reference to a document within 
this Recommendation does not give it, as a stand-alone document, the status of a Recommendation. 

[ITU-T F.700] ITU-T Recommendation F.700 (2000), Framework Recommendation for 
multimedia services. 

[ITU-T F.703] ITU-T Recommendation F.703 (2000), Multimedia conversational services. 

[ITU-T G.177] ITU-T Recommendation G.177 (1999), Transmission planning for 
voiceband services over hybrid Internet/PSTN connections. 

[ITU-T G.711] ITU-T Recommendation G.711 (1998), Pulse code modulation (PCM) of 
voice frequencies. 

[ITU-T H.245] ITU-T Recommendation H.245 (2006), Control protocol for multimedia 
communication. 

[ITU-T H.248.1] ITU-T Recommendation H.248.1 (2005), Gateway control protocol: 
Version 3. 

[ITU-T  H.323 Ann.P] ITU-T Recommendation H.323 (2003), Packet-based multimedia 
communications systems, Annex P: Transfer of modem signals over H.323. 

[ITU-T V.8] ITU-T Recommendation V.8 (2000), Procedures for starting sessions of 
data transmission over the public switched telephone network. 

[ITU-T V.8 bis] ITU-T Recommendation V.8 bis (2000), Procedures for the identification 
and selection of common modes of operation between data circuit-
terminating equipments (DCEs) and between data terminal equipments 
(DTEs) over the general switched telephone network and on leased point-to-
point telephone-type circuits. 

[ITU-T V.18] ITU-T Recommendation V.18 (2000), Operational and interworking 
requirements for DCEs operating in the text telephone mode. 

[ITU-T V.21] ITU-T Recommendation V.21 (1988), 300 bits per second duplex modem 
standardized for use in the general switched telephone network. 

[ITU-T V.150.0] ITU-T Recommendation V.150.0 (2003), Modem-over-IP networks: 
Foundation. 
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2 ITU-T Rec. V.151 (05/2006) 

[ITU-T V.150.1] ITU-T Recommendation V.150.1 (2003), Modem-over-IP networks: 
Procedures for the end-to-end connection of V-series DCEs. 

[ITU-T V.152] ITU-T Recommendation V.152 (2005), Procedures for supporting 
voice-band data over IP networks. 

[IETF RFC 2198] IETF RFC 2198 (1997), RTP Payload for Redundant Audio Data. 

[IETF RFC 2327] IETF RFC 2327 (1998), SDP: Session Description Protocol. 

[IETF RFC 2733] IETF RFC 2733 (1999), An RTP Payload Format for Generic Forward 
Error Correction. 

[IETF RFC 2833] IETF RFC 2833 (2000), RTP Payload for DTMF Digits, Telephony Tones 
and Telephony Signals. 

[IETF RFC 3407] IETF RFC 3407 (2002), Session Description Protocol (SDP) Simple 
Capability Declaration. 

3 Definitions 
This Recommendation defines the following terms: 

3.1 Baudot: A five-bit code formerly used in Teletype machines including those text 
telephones that operate per TIA-825-A standard. The use of the term "Baudot" in this 
Recommendation is expanded to also include the modulation used by text telephones complying 
with TIA-825-A. 

3.2 constant carrier PTP: A PSTN Textphone (PTP) modulation that uses a carrier signal 
whose transmission is maintained in-between text spurts. Examples of constant carrier 
PTP modulations schemes include PTPs that utilize V.21 and V.23 modulations. Constant carrier 
modulations are also referred to as full duplex (FDX) modulations in this Recommendation. 

3.3 gateway: A gateway converts media provided in one type of network to the format required 
in another type of network. For example, a gateway could terminate bearer channels from a 
switched circuit network (e.g., DS0s) and media streams from a packet network (e.g., RTP streams 
in an IP network). 

3.4 IP text device: Native IP device that supports text communications and provides text 
communications interoperability with V.151-compliant gateways. Examples include IP-based 
IVR systems, voicemail systems, and IP phones. 

3.5 non-constant carrier PTP: A PTP modulation that uses a carrier that is only transmitted 
during a text spurt (and possibly for a period before the text spurt as a preamble). An example of 
non-constant carrier PTP modulations schemes is that used by EDT-based PTP devices. 
Non-constant carrier modulations are also referred to as half-duplex (HDX) modulations in this 
Recommendation. 

3.6 PSTN textphone: Term used in this Recommendation to represent all classes of text 
telephones, including TDD devices. 

3.7 protocol conversion: The interworking of dissimilar PTP terminals performed by the 
ToIP gateways. 

3.8 telecommunications terminal for the deaf: A term used in the USA for equipment that 
provides text telephony. It is synonymous to text telephone. 

3.9 text over IP: The dependable transport of analogue PSTN text telephones signals over 
IP networks using the methods and procedures as defined in this Recommendation. 

3.10 text spurt: A sequence of one or more characters transmitted in a text telephony signal 
without loss of carrier. 
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  ITU-T Rec. V.151 (05/2006) 3 

3.11 text telephone mode: The operational mode when two devices are interconnected to 
provide text telephone communications. 

3.12 text telephone: A device incorporating text telephony functions. 

3.13 text telephony: A telecommunications capability that supports real-time text conversation 
on communication networks. 

3.14 voice-band data: The transport of modem signals over a voice channel of a packet network 
with the encoding appropriate for modem signals. 

3.15 Conventions 
This Recommendation includes mandatory requirements, recommendations and options; these are 
designated by the words "shall," "should," and "may" respectively. 

A State Signalling Event (SSE) message is indicated using SSE:<X>(<code>), where <X> is one of 
the defined media states and <code> is the applicable reason code. 

4 Abbreviations 
This Recommendation uses the following abbreviations: 

ANS  V.25 Answer Tone  

ASNam  V.8 Answer Tone 

ASN.1  Abstract Syntax Notation One 

CI  V.8 Call Indicator 

DS0  Digital Signal level 0 

DCE  Data Circuit-terminating Equipment (Modem) 

DTE  Data Terminal Equipment  

FEC  Forward Error Correction 

FDX  Full Duplex 

FoIP  Fax over Internet Protocol 

G1  On-Ramp Gateway 

G2  Off-Ramp Gateway 

HDX  Half Duplex 

I1  Originating end-point IP Text telephone 

I2  Answering end-point IP Text telephone 

IP  Internet Protocol 

IP-TLP  IP Transport Layer Protocol 

ITD  IP Text Device 

IVR  Interactive Voice Response 

MoIP  Modem over Internet Protocol 

PCM  Pulse Code Modulation 

PHY  Physical transport layer of modem connection 

PSTN  Public Switched Telephone Network 
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PTP  PSTN Textphone 

QoS  Quality of Service 

RIC  Reason Identifier Code 

RTP  Real Time Protocol  

SPRT  Simple Packet Relay Transport (Annex B of [ITU-T V.150.1]) 

SSE  State Signalling Events 

SSRC  Synchronization Source 

T1  Originating end-point analogue PSTN Text Telephone 

T2  Answering end-point analogue PSTN Text Telephone 

TDD  Telecommunications Devices for the Deaf 

TDM  Time division multiplex(ing) 

ToIP  Text Telephony over IP 

UDP  User Datagram Protocol 

VBD  Voice Band Data Mode 

VoIP  Voice over Internet Protocol 

XCI  Signal used in V.18 

5 Introduction 

5.1 Overview of Text over IP 
Text Telephony over IP (ToIP) is the dependable transport of analogue modulated signals generated 
by PSTN text telephone over an IP Network. The types of such text telephones and the 
characteristics of their line signals are described in [ITU-T V.18]. There are three basic models that 
can be considered for support of this application. These models are dependent upon the 
transmission characteristics and Quality of Service of the IP network in which the text telephone 
conversation is being established. The models can be summarized as: 
a) Support of text telephony over VoIP connections (i.e., utilizing audio mode transport). This 

model is outside the scope of this Recommendation. 
b) Support of text telephony utilizing Voice Band Data (VBD) transport as defined in 

[ITU-T V.152]. 
c) Support of text telephony utilizing Text Relay transport with VBD fallback according to 

this Recommendation. 

This Recommendation includes support for PSTN Textphone (PTP) devices that utilize modulations 
covered in [ITU-T V.18], including its Annexes A through G. Gateways compliant to this 
Recommendation are required to support full re-modulation/demodulation of one or more of these 
PTP modulations in order to transport the data using text relay. The remaining modulations shall be 
supported using VBD transport. The text relay procedures described in this Recommendation cover 
the entire set of PTP modulations and can be scaled down for specific implementations that support 
a subset of the modulations described in [ITU-T V.18]. 

5.2 ToIP system architecture 
Architecturally, this Recommendation primarily considers the support of a PSTN to IP to PSTN 
structure otherwise called a hybrid Internet/PSTN connection as defined in [ITU-T G.177]. 
Figure 5-1 illustrates a typical Text Telephony over IP application.  
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Figure 5-1 – Typical ToIP applications 

The possible connection combinations are: 
a) PSTN Text Telephone to PSTN Text Telephone; 
b) PSTN Text Telephone to IP Text Telephone. 

This Recommendation deals with PSTN Text Telephone to PSTN Text Telephone operation. PSTN 
Text Telephone to IP Text Devices that support the protocol defined in Annex E is described in 
Annex D. 

5.3 Compliance requirements 
This Recommendation does not require behaviour that is inconsistent with other Recommendations, 
or with national regulatory requirements, and shall be interpreted accordingly. Neither does it 
preclude the use of proprietary or non-standard text telephones; however, it does caution that if such 
devices are used, then care should be taken so as not to harm the functionality and procedures 
defined herein.  

In order to be compliant with this Recommendation, an implementation must provide functionality 
that is defined as mandatory.  

5.4 Relationship with other V.15x Recommendations 
The V.15x series of Recommendations (currently including [ITU-T V.150.1] and [ITU-T V.152]) 
define the support of data modems (using VBD or relay) and facsimile modems (using VBD) over 
IP networks. Modem over IP (MoIP) support is either through modem-relay mode or voiceband 
data mode. Since PTP endpoints utilize data modems at the physical layer, there may be interaction 
between the procedures defined by the various V.15x-series Recommendations for the case when 
the gateway has implemented and successfully negotiated the support with the remote gateway. For 
each V.15x Recommendation, there is a requirement that the support for it be successfully 
negotiated with the remote gateway during the signalling phase of the call for the procedures 
defined in the Recommendation to be used by the gateway. 

Gateways compliant with this Recommendation may also concurrently implement data MoIP 
support via [ITU-T V.150.1] and/or VBD support via [ITU-T V.152].  
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6 Text telephone-over-IP functions 
Figure 6-1 provides a conceptual reference model for a ToIP gateway. The model shows two stacks 
conjoined by the ToIP application. The left-hand stack is that of a typical text telephone which has a 
signal converter (modulation). The right-hand stack represents the IP networking functions of a 
ToIP Gateway. The ToIP application as indicated in Figure 6-1 is defined by the normative contents 
of this Recommendation.  

 

Figure 6-1 – ToIP gateway reference model 

7 Connection and network scenarios 
Figure 7-1 below provides a reference diagram which matches that of Figure 5-1. It adds the 
concepts that a Text Telephone may be connected via a PSTN telephone or an IP telephone as well 
through acoustic couplers. 

V.151(06)_F7-1
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Interconnect #3

IP endpoint
(IP phone)

IP endpoint 
(IP media
gateway)
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Figure 7-1 – Reference diagram for a Text-over-IP network architecture 
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Interconnect #1 is an acoustic coupling between a PTP device to an analogue PSTN phone. 
Interconnect #2 is the connection between the PSTN phone that is acoustically coupled to the 
PTP device. The IP gateway connected at the interconnect #2 point shall support the transmission of 
text signals from the end PTP device using this Recommendation. 

Interconnect #3 is an acoustic coupling of a PTP device to an IP endpoint (e.g., an IP phone). The 
support of the transport of the PTP signals over IP in this interconnect is described in Annex D. 

Interconnect #4 is the direct interconnection of a PTP device to a gateway via the PSTN or other 
time division multiplexing (TDM) network (e.g., an enterprise TDM network). The IP gateway 
connect at the interconnect #4 point shall support the transmission of text signals from the end 
PTP device using this Recommendation. 

7.1 Service and performance requirements for ToIP 

7.1.1 Applicability of [ITU-T F.703] to ToIP 
[ITU-T F.703] describes the end-user performance requirements for PTP devices operating in the 
PSTN. Gateways compliant to this Recommendation, when inserted between two end PTP devices, 
should be designed to maintain the user experience as defined in [ITU-T F.703]. 

7.1.2 Gateway performance  
In order to maintain the end-user performance to that specified in [ITU-T F.703], gateways should 
consider the appropriate design and use of: 
• modulator/demodulators; 
• jitter buffer operation and jitter buffer sizes; 
• fault-tolerant schemes to compensate for IP network impairments when appropriate. 

Fault-tolerant schemes that should be used include [IETF RFC 2198] redundancy, 
[IETF RFC 2733] FEC, or SPRT; 

• minimizing delay through gateway while maintaining performance related to character loss. 

The performance of ToIP can be dependent upon the performance of the IP network connecting the 
two gateways. Gateways compliant to this Recommendation should utilize supplementary fault-
tolerance schemes in order to meet the performance requirements given the network conditions that 
they are operating under. In environments with network QoS that does not achieve the end-to-end 
performance requirements, there is a need to supplement text telephone connections with fault-
tolerance schemes such as [IETF RFC 2198] redundancy, [IETF RFC 2733] FEC, or SPRT. 

7.1.3 Support of simultaneous voice and text 
[ITU-T V.18] describes the application of [ITU-T V.61] for the simultaneous transmission of voice 
and text. The support of this mode of operation is for further study. 

7.1.4 Interoperability of various text telephone types 
PTP devices can use one of a number of modulations and character encodings as described in 
[ITU-T V.18]. This Recommendation makes allowances for the interconnection of PTP devices that 
utilize different modulations and/or character encodings through the use of text relay. As described 
further in clause 20, if the gateways support the modulation of their local PTP devices, the 
connection may result in use of Text Relay mode achieving protocol conversion scenario. If the 
connection results in use of VBD mode for PTP signal transport, the PTP devices must have a 
common capability or else the connection will not be established between the PTP devices. 

7.2 Audio and text functionality 
Many PTP schemes on the PSTN support alternating between voice and text during the call. For the 
hearing impaired, a common use scenario of PTP is for the hearing-impaired user to speak to the 

Copyright International Telecommunication Union/ITU Telcommunication Sector 
Provided by IHS Markit under license with ITU-T Licensee=/, User=, 

Not for Resale, No reproduction or networking permitted without license from IHS

--`,,```,,,,````-`-`,,`,,`,`,,`---

Full document details: ITU-T V.151 2006

http://www.avadocuments.com/doc/itu-t-v-151-2006
http://www.avadocuments.com/doc/itu-t-v-151-2006


 

8 ITU-T Rec. V.151 (05/2006) 

remote user but receive responses using text telephony. Another common use scenario of PTP for 
persons with a speech disability is to use text telephony to transmit while receiving voice responses. 
Other scenarios include interactive voice response (IVR) systems where network voice 
announcements may be preceded by a short burst of text, with the voice announcement followed by 
a longer burst of text telephony. For all PTP types, alternation between text and voice is 
bidirectional; i.e., there will never be text in one direction while speech is being sent in the other 
direction. Systems that are constant carrier-based will drop carrier during portions of the call that 
speech is being sent. Systems that are not based on constant carrier for text will alternate between 
text spurts and speech spurts during the call. 

This Recommendation provides support for alternating between voice and text spurts as long as 
both end-point PTPs are operating in a mode that supports voice and text. 

7.2.1 Interactive voice response system support 
In interactive voice response (IVR) applications that support text telephony, the IVR system will 
generate voice and text announcements to the end user. The end user may generate DTMF signals 
in response to these voice and/or text announcements. Gateways that are compliant to 
[ITU-T V.151] shall support IVR applications which include text signalling as described in this 
clause. 

For support of IVR, a gateway shall enable its DTMF receiver processing concurrently with the 
ToIP support. If a DTMF digit is received while the gateway is regenerating a text message, the 
gateway shall signal this DTMF digit to the remote gateway using the pre-negotiated method for 
DTMF signalling across the IP network (e.g., voice encoded or [IETF RFC 2833]) while continuing 
to play out all the remaining text of the message out the PSTN link. 

Since DTMF ToIP is supported using normal DTMF signalling methods across the IP network, the 
gateway shall be able to support DTMF text-based IVR applications without any additional 
procedures. 

8 Transport methods 
This clause provides an overview of the transport modes with which a ToIP gateway could be 
operating. Gateways that are compliant to this Recommendation shall support ToIP utilizing either 
text relay or VBD mode. 

8.1 Audio mode 
In this mode, the channel processes speech signals. This mode may include the use of compression 
algorithms and other processing functions that are not suitable for the transport of text telephony 
signals. This mode of operation may be considered suitable for the purposes of transporting text 
telephony signals if the speech processing is benign to those signals. Depending upon the QoS of 
the network, the use of fault-tolerant mechanisms such as FEC and redundancy may be appropriate. 

Gateways operating per this Recommendation shall not use Audio mode for the transport of text 
telephony signals. 

8.2 VBD mode 

Voice Band Data mode (VBD) of operation is defined in [ITU-T V.152]. VBD mode is suitable for 
the transport of text telephony signals. Depending upon the QoS of the network the use of fault-
tolerant mechanisms such as FEC and redundancy may be appropriate. 

Since VBD mode is also suitable for the transport of non-text signals (e.g., speech), gateways may 
choose to stay in VBD mode for the duration of the call after the transition to ToIP, including 
possibly periods of speech interspersed with the text telephony signals. Gateways negotiate the 
capability to leave VBD mode during call set-up procedures as defined in clause 15.1.2. If the 
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negotiation of this operation fails, gateways shall not transition out of VBD mode when PTP signals 
are no longer present (see clause 8.4.4). 

A V.151-compliant gateway may use VBD mode for the transport of PTP signals for the following 
conditions: 
1) The PTP signal modulation detected is one that is not supported for text relay by both 

gateways. 
2) Probing sequence timeouts as specified in clause 20. 

Since VBD mode provides a transport of the PTP signals without the demodulation of these signals, 
interworking of dissimilar PTP types (i.e., protocol conversion) is not supported when using 
VBD mode. 

8.3 Text relay mode 
Text relay mode of operation is characterized by the termination of the text telephone physical layer 
function at the gateway and the transport of the text characters between gateways. 

Text relay gateways demodulate the text telephony signals and present the user data to the 
gateway's ToIP application. The format of this data can be variable. This user data is then encoded 
as defined by [ITU-T T.140]. Once the characters are encoded, they may be relayed over the 
IP network using a suitable transport protocol (i.e., an IP Transport Layer Protocol, IP-TLP). The 
default IP-TLP for this Recommendation is defined in Annex E. Depending upon the QoS of the 
network the use of fault-tolerant mechanisms (redundancy and/or FEC) may be appropriate. The 
optional use of SPRT as defined in [ITU-T V.150.1] as the IP-TLP is also supported by this 
Recommendation. 

8.3.1 Supported modes in text relay 
FDX text telephony modes are those modes that have a constant carrier present. For V.18 modes, 
FDX modes supported by this Recommendation include: 
a) ITU V.18 text telephony utilizing V.21 modulation. 
b) Bell 103 based text telephony modems. 
c) ITU V.23 Videotex terminals ("Minitel"). 
d) ITU V.21 encoded per ITU T.50. 

HDX-based text telephony modes do not have a carrier present while not transmitting text. For 
V.18 modes, HDX modes supported by this Recommendation include: 
• EDT (European Deaf Telephone) utilizing V.21 frequencies at 110 bit/s; 
• 5-bit FSK Baudot terminals at 45.45 bit/s or at 50 bit/s. 

Gateways shall support one or more of the modes specified above using text relay. The modes 
supported by the gateway shall be advertised in the call signalling protocols as described in their 
appropriate annexes. If the gateway only supports a single mode for text relay, this mode should be 
a mode that is commonly used in the region in which the gateway is deployed. 

DTMF is used for text telephony in some PTP devices in addition to other purposes for DTMF 
(e.g., address signalling, control of voice mail). DTMF is not supported as a text relay method by 
gateways following this Recommendation. DTMF is supported by using normal DTMF transport 
over IP schemes as described in clause 12. DTMF support using text relay and interoperability of 
DTMF PTP devices with PTP devices that are currently supported using text relay is for further 
study. 
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8.4 Switching between transport modes 
This clause describes the requirements for switching between the transport modes described above. 

For alternating text and voice, text shall be given priority. The gateway shall use text mode as long 
as there is text to be transmitted and played out.  

When the gateway is in connection with an HDX text telephone, voice can be conveyed between 
bursts of text without further consideration. 

When the gateway is in connection with an FDX-based text telephone, detection of a drop in carrier 
from the text telephone shall cause the gateway to also drop the carrier and go to voice mode. 
Detection of carrier again, or text arriving from the IP side shall cause the gateway to start sending 
carrier again and entering text mode. Reception of a command between the gateways for changing 
mode to voice may cause the gateway to change mode to voice.  

8.4.1 Payload type indication method 
The default method for switching between transport modes is using RTP payload types to indicate a 
transition from one mode to another. 

For SPRT, the payload type field in the SPRT header can be used for indication of a media switch 
to SPRT. 

A gateway can initiate a switch to a new transport mode (initiator gateway) by generating packets 
encoded in the new transport mode and using the payload type indicating the transport mode being 
switched to. The initiator gateway will then discard incoming packets that arrive that do not use the 
new payload type encoding. These packets may be received until the remote gateway receives the 
new payload type encoding and switches to the new transport mode. The remote gateway 
(responder gateway), upon receiving packets with the new payload type, will immediately transition 
to the new transport mode and generate packets (if required) using the new encoding and proper 
payload type. 

8.4.2 SSE method 
State signalling event (SSE) protocol may optionally be used to control transitions between 
transport methods. Use of SSE protocol for transport mode transitions is determined at call set-up 
through the gateways indicating the capability of SSEs. If both gateways indicate the 
SSE capability, SSEs shall be used to control the transition of transport methods. If either gateway 
does not indicate SSE capability, the default method of payload type indication shall be used. 

The optional SSE protocol is given in Annex C of [ITU-T V.150.1]. For the purposes of ToIP, the 
accepted media states used are audio, voice band data (VBD), text relay probing and text relay. 

When the SSE protocol is being used, the optional Reason Identifier Code (RIC) field in the 
SSE payload shall be sent and filled in with the appropriate code.  

8.4.3 Transitioning to ToIP transport 
This clause provides the requirements at the gateway when transitioning to a non-audio transport 
mode that will be used to carry the text telephony signal over the IP network. 

The ToIP gateway should minimize as much as possible the leakage (audio encoding) of the 
PTP signals into the IP network. If more than 50% of a bit of a character is leaked into the 
IP network, an extraneous character may be generated to the remote PTP device. 

To minimize the possibility of an erroneous character due to signal leakage in audio mode, the 
regenerating gateway should wait one character time from the onset of the possible leakage to 
regenerate the character. Silence may be generated when the gateway introduces this delay. 
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The first character received on the PSTN interface of the gateway shall be transmitted only once to 
the IP network, i.e., it shall not be lost nor erroneously repeated by the gateway. 

8.4.4 Transitioning from ToIP transport 
Upon detection of loss of carrier or other signal event indicating that the local PTP device is no 
longer in the connected state, the gateways shall initiate a transition out of text relay mode and into 
audio mode. For payload type switching protocol, the gateways shall encode incoming signals using 
the RTP audio encoding. For the SSE protocol, the gateway shall initiate a switch to Audio mode by 
generating an SSE(AUDIO) to the remote gateway. 

When a gateway detects that the remote gateway has initiated a switch out of text relay mode and 
into audio mode, it shall drop carrier with its local PTP device (if carrier is still being generated by 
the gateway) and transition to audio mode transport. 

8.4.5 Modulation support scenarios for text relay 
To be compliant with this Recommendation, a gateway shall support full physical layer 
modulation/demodulation for at least one of the modes used by PTP devices as described in 
clause 8.3.1. The gateway shall also support the detection of signals used for all the 
PTP modulations listed in clause 8.3.1. This detection capability is used by the call discrimination 
procedures for the initiation of transitioning to VBD mode so that VBD can be used between the 
PTP devices even if the modulation is not fully supported by the gateway. 

The transition to text relay not only depends on the modulation being supported by the local 
gateway and PTP device, but also on the modulation supported by the remote gateway and the 
modulation used by the remote PTP device; in other words, even though the local gateway and the 
local PTP support the same modulation, text relay might not be the mode that is used. VBD could 
be the mode decided on instead. The call discrimination procedures defined in clause 20 use the 
knowledge of the modulations supported by both gateways and the signals observed from the 
PTP devices in determining whether text relay can be used. The overall goal of the call 
discrimination procedures is to ensure connectivity of the PTP devices with the use of text relay as 
the secondary goal. 

In the case where the PTP devices do not support a common modulation, the call discrimination 
procedures may still result in the use of text relay mode if the gateways do support their local 
PTP modulations. This scenario is what is referred to as protocol conversion throughout this 
Recommendation. 

Since the optional SSE protocol includes the mandatory indication of the signals that are being 
detected which caused the SSE to be generated, call discrimination procedures that use SSE will 
have additional flexibility resulting in more cases of using text relay in protocol conversion 
scenarios. 

9 ToIP operational modes 

PTP signals shall either be carried using VBD mode or Text Relay mode. The call discrimination 
procedures defined in clause 20 define how the gateways shall transition from audio mode to either 
VBD or text relay mode when PTP signals are present. In the case where text relay mode is used, 
there still might be a stage where VBD is used during the call discrimination phase. 

The call discrimination procedures will guarantee that PTP devices will communicate if they are 
able to communicate over a PSTN connection, either through the preferred mode of text relay or 
using the fallback VBD mode. Additionally, the call discrimination procedures may result in the use 
of text relay mode to allow for connectivity of PTP devices that would not normally connect in a 
PSTN connection through the use of protocol conversion. 
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10 Text Relay PHY layer operation  
This clause describes the functionality and expected behaviour of the Text Relay PHY. The PHY in 
this context is defined as the physical layer of the PSTN text telephone to gateway connection and 
does not include the IP physical layer. 

The goal of ToIP is to ensure connectivity of analogue PSTN text telephony terminals on 
IP networks. This Recommendation does not require nor preclude the use of non-standard 
mechanisms. The ToIP procedures take into account that there are two independent PSTN 
connections to be established in order to provide a single end-to-end connection of the end-point 
text telephony terminals. The establishment of the text telephone physical layer consists of two 
stages. The first stage involves call discrimination including the detection and discrimination of the 
text telephony signals on the PSTN interface of the gateway. The second stage involves the 
establishment of the physical layer connection between the gateway and the text telephony terminal. 
The procedures that define this process are described in clause 20.  

The overall connection physical layer may be selectively transported in either VBD or text relay. 
The call discrimination and mode selection procedures define the rules for this choice.  

Text relay supports the ability for each gateway to connect with text telephones using different 
modulation modes. This allows for the possible interoperability of dissimilar text telephony devices 
across the IP network, although there are some limitations to this mode of interoperation. It is also 
possible to match the modulations on each PSTN link if necessary.  

To aid the call discrimination process, gateways exchange their preference for call discrimination 
and their supported modulation capability set. This exchange happens during call set-up using 
signalling mechanisms. 

The call discrimination procedures include mechanisms that attempt to match the modulation used 
on each PSTN call leg. This is not guaranteed, though, so differing modulations and differing 
signalling rates may result. In the case that the signalling rates differ on each PSTN call leg in text 
relay mode, buffer management and flow control may be required; Appendix IV provides relevant 
information on text buffering and transmission. 

11 IP transport for text relay 
This Recommendation assumes that the IP protocol conforms to the following standards: 
[IETF RFC 791], [IETF RFC 950], [IETF RFC 919] and [IETF RFC 920]. This Recommendation 
does not impact any IP network topology, IP packet distribution and routing protocols, which are 
independent of this Recommendation. 

The default IP Transport Layer Protocol for this Recommendation shall be the protocol defined in 
Annex E. Optionally, the simple packet transport protocol (SPRT) as defined in Annex B of 
[ITU-T V.150.1] may be used if mutually negotiated. The use of other IP transport protocols is for 
further study. 

Since Annex E specifies transport of T.140-encoded data on RTP, it inherits the same reliability 
characteristics of any RTP media stream. Improved transport reliability may be achieved by 
utilizing [IETF RFC 2198] (Redundancy) and or [IETF RFC 2733] (Forward Error Correction). The 
use of these is optional but encouraged. Appendix III provides guidance for the use of 
[IETF RFC 2198] and [IETF RFC 2733]. 

If using RTP for text relay transport, audio/t140c media type shall be supported by the gateway. Use 
of text/t140 media type for interoperability with non-V.151 devices that also use text/t140 is for 
further study. 
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[IETF RFC 2198] (RTP redundancy) shall be implemented by gateways compliant to this 
Recommendation. [IETF RFC 2733] (RTP FEC) and SPRT may also be implemented by the 
gateway. Use of one or more of these mechanisms during a ToIP session is required if network 
conditions are such that acceptable performance cannot be achieved without them. Appendix III 
provides guidance on the use of [IETF RFC 2198]. 

11.1 Single and dual port operation of text relay 
Text relay packets shall be transmitted in the IP network on the same UDP port used for non 
text-relay packet (e.g., voice). Transmission of text relay packets on a separate UDP port is for 
further study.  

11.2 Text relay throughput 
Gateways compliant to this Recommendation shall support PTPs operating at their full character 
speed. 

Characters received by the gateway from the PTP shall be transmitted to the IP network character 
by character. Characters should be sent into the IP network by the receiving gateway without delay. 
In the case that flow control is required (e.g., to honour the IP network character per second (CPS) 
value provided by the remote gateway through external signalling), some buffering of the character 
data before transmission into the IP or PSTN network may be required. 

Appendix IV provides information on how a gateway should handle buffering for the case when 
different signalling rates are used on the different PSTN call legs. 

12 Support of DTMF in ToIP 
PTP devices that utilize DTMF tones to transmit characters as per Annex B of [ITU-T V.18] are 
supported by this Recommendation. DTMF tones should be carried in the IP network using 
[IETF RFC 2833], but may be supported using UserInputIndication H.245 messages for systems 
based on [ITU-T H.245]. Since DTMF PTP is only supported through the transmission of DTMF 
digits through the IP network without the discrimination of PTP DTMF digits from DTMF digits 
used for other purposes during the call (e.g., voice mail control, IVR), both end PTP devices must 
operate in DTMF mode for the end-to-end PTP connection to work. 

13 Transition out of text relay 
A gateway receiving PTP signals shall initiate a switch to audio mode from text relay mode upon 
detection of loss of carrier. A gateway may implement a silence guard time between detection of 
loss of carrier and the initiation of a switch to audio mode to avoid multiple mode transitions in the 
case of two closely-timed text spurts. This silence guard time is recommended to be between 700 
and 1000 ms. If non-carrier signals are detected in this guard time, the gateway should immediately 
initiate a switch to audio mode. 

For payload type switching, the gateway transitions to audio by encoding signals using the audio 
encoding and audio payload type. 

For the SSE protocol, the gateway will generate an SSE(AUDIO) to the remote gateway to initiate 
the switch to audio mode (see clause 20). 

The remote gateway, upon detecting the switch to audio mode initiated by the local gateway, shall 
stop generating carrier and transition to audio encoding, generating acknowledgement 
SSE(AUDIO) if SSE protocol is being used. 
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14 T.140 encoding of text relay 
Annex E requires the encoding of all text data using [ITU-T T.140]. For consistency and ensuring 
compatibility, all transport of text, whether it uses RTP, SPRT or some other IP-TLP, shall use 
[ITU-T T.140]. 

14.1 Character set support 
Gateways compliant with this Recommendation shall support 7-bit T.50 characters and 5-bit 
characters in Annex A of [ITU-T V.18] if the associated PTP mode is supported by the gateway for 
text relay. If the character set is supported, the gateway shall have the capability of mapping the 
T.50 or V.18 Annex A character set to T.140 upon demodulation of the PTP signal. The gateway 
shall also support the mapping of T.140 to T.50 or V.18 Annex A when remodulating the signal to 
the local PTP device. The mapping of the 5-bit character codes to 7-bit T.50 characters is described 
in Annex A of [ITU-T V.18]. 

For PTP modes that utilizes a character set other than T.50 or V.18 Annex A, issues may arise 
between mapping of certain national characters to a character set other than the PTP's character set. 
This may lead to the inability to map characters correctly for the case when using protocol 
conversion between two different national PTP modes. Mapping between national character sets is 
not addressed in [ITU-T V.18]. Support of character sets other than T.50 and 5-bit characters in 
Annex A of [ITU-T V.18] and for mapping between national character sets is for further study. 

14.2 TIA-825A and T.50 encoding requirements 
These requirements are required for gateways that support TIA-825A and T.50 Text telephones.  

For the case where a gateway is receiving text data from a peer gateway which in turn is connected 
to a TIA-825A or T.50 Text telephone and if for some reason that gateway detects the loss of a 
character in the packet network (e.g., due to congestion or packet loss) then it shall use the 
apostrophe character to replace the missed character if no other mechanisms for determining the lost 
character value are used. Also, if the T.140 lost character (0xFFFD hexadecimal) is received, then it 
too shall be translated to an apostrophe when playing out the character to a TIA-825A or 
T.50 receiver. 

Note that [ITU-T T.140] specifies that the 'new line' character is encoded as 0x2028 hexadecimal. If 
received by a gateway from a peer gateway and it is to be encoded to TIA-825A or T.50, the 
character shall be encoded as the two characters 'CR' 'LF' (Carriage Return and Line Feed). 

15 Gateway-to-gateway protocol definitions and procedures 

15.1 Gateway capability and call set-up messages 
This clause defines the functionality of the messages that are exchanged between gateways during 
the call set-up phase. These definitions are used by the following protocols: Annex G of 
[ITU-T H.323], [ITU-T H.245] and SIP/SDP. The values shown in this set of messages represent 
what should be functionally indicated by the signalling protocol. 
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15.1.1 Text telephone modulation support 
A list of the modulations supported in text relay mode by the gateway is shown in Table 15-1. 
Gateways compliant to this Recommendation shall advertise the support for at least one of these 
modulations. 

Table 15-1 – PTP modulations 

Modulation Description  

V18 V.18 "native mode" V.21 modulation 
BELL103 Bell 103 based PTP modems (Annex D of [ITU-T V.18]) 
V23 Videotext terminals ("Minitel"; see Annex E of [ITU-T V.18]) 
V21 V.21 encoded per [ITU-T T.50] (Annex F of [ITU-T V.18]) 
EDT European Deaf Telephone utilizing V.21 frequencies at 110 bit/s (Annex C of [ITU-T V.18]) 
TIA825 Baudot terminals at 45.45 bit/s or at 50 bit/s (Annex A of [ITU-T V.18]) 

15.1.2 Remain in VBD preference 
This capability indicates the preference of the gateway to switch out of VBD mode when text 
signals are no longer present when using VBD for text transport. Both gateways must indicate this 
preference for it to be used in the call. Table 15-2 shows the valid values for VBD mode preference. 

Table 15-2 – VBD mode preference 

VBD mode preference Description  

False (default) Stay in VBD mode for the duration of the call. 
True Switch back to AUDIO mode when text signals are no longer present. 

15.1.3 Characters per second (CPS) 
This optional parameter is an indication of the maximum number of characters per second that may 
be received in a session. If this parameter is not received by a gateway during the signalling of the 
call, a value of 30 shall be used. Gateways shall utilize this parameter to implement flow control 
with their local PTP device so as not to exceed transmission of characters into the IP network at a 
rate higher than indicated. 

15.1.4 VBD parameters 
The specification of the VBD parameters is found in [ITU-T V.152]. 
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15.1.5 SSE parameters 
If the optional SSE protocol is to be used, parameters are signalled as per clause E.1.3 of 
[ITU-T V.150.1] for SDP and clause F.6 of [ITU-T V.150.1] for H.245. To use the SSE protocol 
instead of the default payload type switching protocol for mode control, both gateways must signal 
the support for all of the SSE event encodings defined in Table 15-3. 

Table 15-3 – Required SSE event encodings 

Event encoding 
(Decimal) Indicated media state  

1 Initial Audio  
2 Voice Band Data (VBD)  
5 Text Relay  
6 Text Relay Probing 

15.1.6 SPRT parameters 
If the optional IP-TLP SPRT is to be used, then the following parameters are required to be 
indicated: 
 Maximum payload size of SPRT channels 0 to 2, and maximum window size for 

SPRT channels 1 and 2. SPRT channel 3 shall not be used, so no configuration of it is 
required. 

15.2 Gateway call discrimination messages  

15.2.1 SSE reason identifier codes 
Reason Identifier Codes to be used with the optional SSE protocol are defined in Table 12 of 
[ITU-T V.150.1]. The appropriate SSE RIC shall be sent with the SSE messages when the 
SSE protocol has been successfully negotiated between the gateways. 

16 Start-up mode of operation 

ToIP gateways will need to co-exist with other "over-IP" mechanisms. (For example Voice over IP, 
Facsimile over IP, and Modem over IP.) The entry into Text over IP mode corresponding to the 
beginning of the call discrimination procedures defined in clause 20 happens when certain signals 
are detected while the gateway is operating in Voice over IP mode. Text over IP mode may also be 
entered from the Modem over IP (V.150.1) call discrimination procedures as described in 
clause 16.1. 

16.1 Inter-relationship with V.150.1 
If V.150.1 support is implemented and successfully negotiated by the gateway (in addition to V.151 
support), text relay mode as described in this Recommendation shall be entered into using the 
SSE protocol procedures as described in clause 18 of [ITU-T V.150.1] for supported PTP types that 
utilize answer tones. For supported PTP types that do not use answer tones, the procedures defined 
in this Recommendation shall be used. 

16.2 Inter-relation with V.152  
If V.152 support is implemented and successfully negotiated by the gateway (in addition to V.151 
support) and V.150.1 support is not successfully negotiated or implemented by the gateway, the 
procedures described in this Recommendation shall take precedence over those defined in 
[ITU-T V.152] for signal stimuli that represents V.151 text relay mode supported PTP types. For 
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non-PTP signal stimuli that would initiate use of VBD operation, procedures defined in 
[ITU-T V.152] shall be used. 

17 Voiceband data modem interworking requirements 
Certain PTP modes are indistinguishable from voiceband data applications. Examples of this 
include PTP modes that utilize V.21 and V.23 modulations. Call discrimination procedures defined 
in clause 20 have been designed so that if both end devices are voiceband data modems that use 
such modulations, the connection will result in use of text relay between the two end modems if 
V.151 text relay using these modulations is supported by both gateways. If either gateway does not 
support the modulation for text relay, the connection will result in VBD mode between the two 
gateways. 

In the case that the connection results in text relay, the modem data will be encoded utilizing T.140 
encoding. Data integrity between the end modems will be ensured as long as the data modems are 
using 8-bit character sizes (including parity). For other character sizes, the data will be corrupted 
due to the assumption that the data is encoded using T.140. 

So as not to corrupt the data in the case that text relay mode is used for voiceband data modems, the 
CPS (character per second) value advertised by the gateway in the call signalling parameters should 
be greater than or equal to the highest signalling rate for all modulations supported by the gateway. 

18 Facsimile interworking requirements 
Facsimile uses similar signals to those used by certain PTP devices, including V.8 start-up sequence 
and answer tone. If ToIP is supported for modulations that use signals also used for facsimile, the 
procedures defined in this Recommendation may be exited and facsimile processing procedures 
entered (e.g., relay or VBD) upon detection of the signal being generated by a facsimile instead of a 
PTP. Examples of these detection events include recognition of the CM call function as indicating 
facsimile, or the existence of a V.21 flag sequence. 

19 Call set-up procedures 
The call set-up procedures are defined in Annexes B and C of this Recommendation and in 
Annex G of [ITU-T H.323]. 

20 Call discrimination procedures 

The following clause defines the procedures to be used by a ToIP gateway during the call 
discrimination phase of the connection. The call discrimination phase starts when text telephony 
signals are first present on the PSTN interface of either gateway. The call discrimination phase ends 
when end-to-end connectivity using V.151 is established between the two terminal PTP devices. 

20.1 V.8 bis processing 

In all operating modes (e.g., audio, VBD), ToIP gateways shall monitor and detect V.8 bis dual tone 
on the PSTN link and prevent further V.8 bis signals from being transmitted into the IP network, 
thereby disabling V.8 bis protocol between the PTP devices. The support of V.8 bis by the 
PTP devices is for further study. 

20.2 V.8 CI/XCI processing 

V.8 CI/XCI signals can be carried in audio mode or, optionally, cause initiation of a transition to 
VBD mode. If CI/XCI is carried in voice mode, there is a probability that the CI/XCI will not 
successfully be detected by the remote PTP. This misdetection is due to the possible corruption of 
the signal by the voice codec and other signal processing distortions implicit in voice mode. 
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[ITU-T V.8] does not treat CI/XCI as reliable signals (i.e., V.8 allows for the loss or 
non-transmission of CI/XCI in the protocol definition), so carriage of these signals using voice 
mode is acceptable. If CI/XCI is not detected properly by the remote PTP device, there can be up to 
an additional 3 seconds of delay for the ANSam tone generation relative to the case where CI/XCI 
is detected. 

20.3 Call discrimination overview 
Gateways compliant to this Recommendation shall transport PTP signals that they are capable of 
detecting and discriminating using either text relay transport or VBD transport. Text relay is the 
preferred mode of transport for the support PTP signals with VBD the fallback mode of transport. 
The fallback to VBD may occur because the end-to-end establishment of a PTP connection was not 
possible due to the lack of support of the local PTP modulation type at one or both of the gateways, 
or the inability to negotiate to text relay mode based on the procedures defined in this clause. 

Appendix II provides flow diagrams of example call discrimination scenarios that are useful in 
understanding the call discrimination procedures described in this clause. These call flows are 
examples only. The text and SDL diagrams provided in this clause provide the normative 
description of the call discrimination for ToIP. 

Depending on the type of modulation supported by the PTPs and the gateways, this 
Recommendation supports several call discrimination procedures. 

A gateway that supports a subset of the V.18 PTP modulations may scale down the procedures 
defined in this clause. The scaled-down procedures will fully support text relay for the modulations 
supported by the gateway, with VBD support for those modulations not supported by the gateway. 

20.4 Call discrimination SDL diagrams 
This clause provides the SDL processing description for the procedures defined by the call 
discrimination call flows as described in Appendix II. 

The SDL diagrams define the procedures at the gateway for call discrimination processing. These 
SDL diagrams are derived from the call discrimination call flows given in Appendix II. The 
symbols used in the SDL diagrams are defined in Figure 20-1 below. 

V.151(06)_F20-1

Start procedure call

statereceived IP
message

sent IP
message

received
signal

processing
primitive

sent signal
processing
primitive

decision

 

Figure 20-1 – SDL diagram definition 
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20.4.1 Detection of PTP signals 
Table 20-1 describes the signals that shall be detected by the gateway for the purpose of 
transitioning to either VBD or text relay mode per the SDLs. 

Table 20-1 – Signal detection criteria 

Signal detected Detected TTY mode SSE RIC 

390-Hz tone for 1 second V.23 Annex E of [ITU-T V.18] call mode V.23 Low channel 
1300-Hz tone for 1 second V.23 Annex E of [ITU-T V.18] answer mode V.23 High channel 
980-Hz tone for 1 second V.21 Annex F of [ITU-T V.18] call mode V.21 Ch1 
1650-Hz tone for 1 second V.21 Annex F of [ITU-T V.18] answer mode V.21 Ch2 
V.21 low-band modulated 
character, 110 bit/s 

EDT Annex C of [ITU-T V.18] V.21 Ch1 

1270-Hz tone for 1 second Bell 103 Annex D of [ITU-T V.18] call mode Bell 103 modem 
1400-Hz mark, 1800-Hz space 
FSK signals 

Baudot Annex A of [ITU-T V.18] TIA-825A (50 bit/s) 
TIA-825A (45.45 bit/s) 

A PTP conforming to Annex C of [ITU-T V.18] can send a 980-Hz tone for 1 second after the last 
character transmitted in a burst of characters. Since, in this case, the 980-Hz tone follows a valid 
character sequence that indicates Annex C of [ITU-T V.18], the gateway should not use this signal 
to incorrectly designate the PTP as an Annex F of [ITU-T V.18] PTP. 

The Bell 103 high-band mark tone (2225 Hz) is treated the same as ANS in the call discrimination 
procedures, not as a PTP mark tone. This is because a Bell 212 data modem connection will start 
out with a 2225-Hz tone as well, but a 1270-Hz tone will never be received, so the connection 
should stay in VBD. 

The 1300-Hz V.23 mark should not be confused with a calling tone using the same frequency 
(duration of 0.5-0.7 s on). Implementations shall take care not to initiate transitions to VBD/text 
relay based on a calling tone. 

Further details on the requirements for the detection of PTP characters for the purpose of mode 
transitions are given in clause 8.4.3. 

20.4.2 SDL state variables 
The SDLs make use of the tty_mode state variable to track the PTP modulation type detected by the 
gateway. This state variable is local to each gateway and is initialized to "unknown" at the start of 
the procedures. 

20.4.3 Payload type switching SDL diagrams 
The following SDL diagrams define the procedures at the gateway for call discrimination 
processing when using payload type switching. These SDL diagrams are derived from the call 
discrimination call flows given in Appendix II. The symbols used in the SDL diagrams are defined 
in Figure 20-1. 
NOTE 1 – In the following diagrams (Figure 20-2) for payload type switching SDLs, the paths are only used 
when both gateways have indicated support for native V.18 text relay. 
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V.151(06)_F05
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Figure 20-2 – SDL for payload type switching (sheet 1 of 6) 

 

Figure 20-2 – SDL for payload type switching (sheet 2 of 6) 
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Figure 20-2 – SDL for payload type switching (sheet 3 of 6) 

 

Figure 20-2 – SDL for payload type switching (sheet 4 of 6) 
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Figure 20-2 – SDL for payload type switching (sheet 5 of 6) 
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Figure 20-2 – SDL for payload type switching (sheet 6 of 6) 

20.4.3.1 HDX character 
This event corresponds to the detection of an HDX PTP signal as per clause 20.4.1. 

20.4.3.2 FDX answering carrier detect 
This event corresponds to the detection of a carrier generated by an FDX PTP device as described 
in clause 20.4.1. 

20.4.3.3 Connect with local PTP 
This procedure box is entered when a TR payload type is received while the connection is in audio 
mode. This is the case when an HDX modulation has been detected by the remote gateway and both 
gateways support this HDX modulation. The gateway entering this procedure box shall attempt to 
connect with its local PTP device using an HDX modulation. 

20.4.3.4 Connect 
In this procedure box, the gateway shall attempt to connect with its local PTP device using 
modulations that it supports. The gateway should be able to connect to its local PTP device since 
the remote gateway would not have sent the TR payload unless the PTP modulation that it detected 
was also supported for text relay by the local gateway. It is assumed for this case that the 
PTP devices are compatible. 

The gateway shall perform the automode probing as defined in Figure 2b of [ITU-T V.18] and its 
corresponding text. The gateway shall not generate the ANSam signal at the beginning of these 
procedures, i.e., it shall skip over the generate ANSam block in Figure 2b of [ITU-T V.18] and go 
straight to the probing flows. The gateway shall only probe for modulations that it supports for text 
relay. 

In order to allow for data modem connections over text relay, the gateway shall probe for supported 
FDX modulations before probing for supported HDX modulations. 

20.4.3.5 Modem X detected 
This event corresponds to the detection of a PTP modulation as per clause 20.4.1. 

20.4.3.6 Connect with PTP using X 
The gateway shall connect with its local PTP device using the modulation detected and transition 
the channel to text relay mode through the generation of TR encoded RTP packets to the remote 
gateway. 
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