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Problems and remedies for PSTN textphone transmission in modern networks
Purpose: Information and proposal

Abstract: 

The attached document analyzes and reports on severe transmission problems very often appearing for PSTN textphone users when their modem based transmission is taken through modern communication network equipment, e.g. IP network terminations. The study shows that the main problem for carrier based text telephony is caused by echo cancellers or hybrid cirquits not converging in presence of constant carrier tones and their echoes, resulting in severe distorsion or self oscillation. 

It is disussed that there seems to be good reasons to maintain G.168 echo cancellers active during low speed carrier based textphone operation, and make sure that the echo cancellers and hybrid circuits pass G.168 Test 14 under the operational conditions of carriers, echo, noise and delays appearing in practice.

The study also shows that there are many factors influencing the disturbancies, and that proper selection of G.168 echo cancellers with suitable setting can vastly reduce the problems. It is equally important to have the PSTN located textphones well adapted to the impedance of their network connections. 
The study was made on V.21 Text telephony, used in the Nordic countries, UK and the Check republic.

The findings are in contrast with reports of similar problem levels for carrier-less textphone types (e.g. V.18 Annex A = TIA 825 A ), where packet loss and jitter have been suggested to be the main source of transmission problems.

Proposal:  
Emphasize more in Recommendation G.168 the importance of passing test 14 in conditions appearing in practice. Discourage from cancelling G.168 echo cancellers based on plain ANS, because disabling one echo canceller can cause the working contitions of other echo cancellers and hybrids to go out of their configured boundaries for normal operation. Investigate further the exact source of the reported problems. 

Attached report:
Legacy text telephone transmission in modern telecommunications networks - problems and remedies
Summary

Users of legacy text telephones complain that the communication works irregularly nowadays, and especially if IP transmission of audio is used between the textphones. This document shows that the explanation for most of the observed problems with analogue textphone transmission over IP are that there are echo cancellers and hybrid circuits in the transmission path. They are often not designed to handle textphone communication well. The study is focused on textphone communication based on the V.21 modem standard, mainly used in the Nordic countries and UK. 
In order to work well for text telephony, the echo cancellers shall be active during the text calls, but not influence the signal quality negatively. They must not be disabled by the answer tone ANS as often is done currently. 

In the echo canceller standard ITU-T G.168, test 14 describes tests to pass for verifying the echo canceller function when using low speed modems such as the V.21 300 bps modem. 
Echo cancellers that are used in circuits where text telephony is used must pass G.168 Test 14. This requirement is valid for echo cancellers in network gateways operated by the VoIP operators and in Analogue Terminal Adapters (ATA) used by textphone users as well as for echo cancellers in points of conversion between 2-wire transmission and channel separated transmission in the PSTN.
The risks for self oscillation in hybrids and echo cancellers in presence of echo is previously documented. The risks are highest when the transmission contains even tones in both directions and a certain level of echo, as in the V.21 case. Thus equipment that perform well for voice may mistreat the V.21 tones and cause the observed problems. Installations of hybrids and echo cancellers must be verified and tuned to handle textphone tones well in the real production environment 

Textphones in the PSTN network must also be verified to not send strong echo of received signals. They need to be well adapted to the impedance of the network access. If needed they must be equipped with local echo reduction means to be able to be used in the modern telecommunications environment. 
Background

Many textphone users have complained about severe problems to use legacy PSTN text telephony when part of the call is carried in audio form over an IP network. Increasing and similar problems are also reported from settings where there are no obvious route through any IP network. The errors can appear as corrupted characters, or no connection at all. The appearance of the errors seem hard to predict, but is anyway quite stable, as if there is some relation that is hard to find, that controls the error appearance to become different for each case. It can for example be problems if one person is the caller, but not when the same person answers. There may be problems in communication with some users, but not with the text relay service etc.

This document is valid for observations on text telephony based on the modem standard V.21.  V.21 text telephony is used in Sweden, Norway, Finland, Denmark, the Check republic and UK. Similar observations have been announced from other countries, where other modem standards are used for text telephony.

The problem is known since around year 2000. The ITU-T  standards V.151 and V.152 are available intended to solve IP communication of textphone tones, but they are not commonly implemented in networks and products. Therefore, observations if these standards solve the problem are scarce. These standards also aim at eliminating errors caused by jitter and packet loss, that hardly can cause the total failures reported by Swedish textphone users. Therefore an analysis of the real reasons behind the problem was needed.  
This document is intended to explain the reasons behind this problem and describe actions to avoid them. It is based on investigations made by Omnitor during 2008.
General descriptions on real-time text communication, are found in ETSI EG 202 320 "Duplex Universal Speech and Text" [EG 202 320] and IETF RFC 5194 "Framework for Real-time Text over IP" [RFC 5194]. 
Problem observations.

This section describes some of the observed problems.

A set of tests were performed with a textphone gateway. The result is reported below in the table. The tests were performed with the following chain of equipment and networks:

Figure: Test setup for text gateway testing.

Apart from the observations reported in the table below, there are many reports about similar behaviour in calls between two textphones when at least one of the them has a VoIP connection. and use regular analogue connection for the textphone.

The reports indicate that the result varies with what part is the calling party, and that the error frequency is different in different directions of the call, but that the error frequency does not vary by time of day.

The errors can be anything from a corrupted character now and then to totally impossible to even get carrier contact.

Comments about the components: 

· Two different VoIP gateways were used in the test. One small ATA with two-wire access, here called ATA1 and one operator located gateway with channel separated ISDN PRI access, here called VoIPgwy1.

· ATA1 is a small IP VoIP Gateway with a 2-wire FXO port to PSTN. It has an echo canceller that is designed to be disabled by a plain ANS. 

· VoIPgwy1 is located at a VoIP operator, having trunk connections to PSTN. This gateway uses a PSTN access board with an echo canceller hardware module. 

· The Text gateway is a gateway converting between data coded text according to RFC 4103 and V.21 coded text in IP connections. There are no echo cancellers involved since this is a pure "4-wire" transmission.

· The textphone types are all V.21 based, with 2-wire connection to a PSTN line. All these  send ANS when they answer.
	Textphone type
	Connected to
	IP audio gateway
	IP-network
	Calling party
	Text quality to textphone

	Text

quality from textphone

	TXP1
	PSTN
	ATA1
	Local
	Textgwy
	8
	0

	TXP2
	PSTN
	ATA1
	Local
	Textgwy
	1
	0

	TXP3
	PSTN
	ATA1
	Local
	Textgwy
	10
	0

	TXP4
	PSTN
	ATA1
	Local
	Textgwy
	10
	0

	TXP1
	PSTN
	ATA1
	Local
	Textphone
	8
	1

	TXP2
	PSTN
	ATA1
	Local
	Textphone
	1
	0

	TXP3
	PSTN
	ATA1
	Local
	Textphone
	1
	0

	TXP4
	PSTN
	ATA1
	Local
	Textphone
	10
	0

	TXP1
	PSTN
	VoIPgwy1
	Ext
	Textgwy
	1
	10

	TXP2
	PSTN
	VoIPgwy1
	Ext
	Textgwy
	1
	1

	TXP3
	PSTN
	VoIPgwy1
	Ext
	Textgwy
	10
	10

	TXP4
	PSTN
	VoIPgwy1
	Ext
	Textgwy
	1
	10

	TXP1
	PSTN
	VoIPgwy1
	Ext
	Textphone
	1
	10

	TXP2
	PSTN
	VoIPgwy1
	Ext
	Textphone
	10
	10

	TXP3
	PSTN
	VoIPgwy1
	Ext
	Textphone
	0
	0

	TXP4
	PSTN
	VoIPgwy1
	Ext
	Textphone
	8
	10

	Varying
	IP-telephony 
	Varying 
	Ext 
	Varying 
	0-10 
	0-10 


Table: Text quality with V.21 text telephony over IP and varying components.
Possible causes of the errors

There is a lot written about possible causes of these error observations, but few proven solutions.

The following causes are mentioned:

1. Packet loss in the IP network.

2. Jitter in the IP-network ( different transmission times for different packets make the stream of packets uneven)

3. Error correction for jitter, optimised for voice usage destroys the audio for modem usage.

4. Bad conversion to digital form when the audio is packetized.

5. Bad control of audio level so that the full amplitude is not utilized in the digital coding of the audio.

6. Disturbing from other audio sources mixed into the path.

7. Echo ( appearing in conversion between 2-wire and channel separated transmission.)
8. Erroneous behaviour from echo cancellers or hybrid circuits at the border between analogue and IP telephony.

9. Erroneous behaviour from echo cancellers or hybrid circuits at the border between 2-wire and channel separated telephony.

Reasoning about causes

	No
	Cause
	Plausibility
	Motivation

	1
	Packet loss
	No
	The packet loss levels are very low in today's networks. 
But with the same good network, the transmission errors vary between 0 and 100%. The packet loss does not vary.

	2
	Jitter
	No
	The jitter does not vary between the same components but there are huge variations in error rate. Furthermore, the reception in the digital text gateway is independent of jitter, and it is anyway struck by errors. However, jitter handling need to be good in order to achieve optimal quality.

	3
	Destroying error correction
	No
	Error correction is introduced to adjust for jitter. But jitter cannot be the main source of the problem as mentioned under 2. Therefore, correction is not likely the source of the problems.

	4
	Unsuitable audio coding
	No
	The same equipment with the same coding gives widely varying error levels in both directions. On this case, only G.711 was used in the IP gateways, G.711 is commonly known to be suitable for this purpose.

	5
	Bad level control
	Some
	In order to use the maximum quality of the audio signal, the amplitude level needs to be represented by 8 bits. A good automatic level control is needed. This may be a contributing factor, but not the only one.

	6
	Disturbing audio
	No
	If there was external disturbing audio, the disturbance would likely have a more even distribution among the types of  connections.

	7
	Echo
	No
	It is very common with echoes in the transition between channel separated transmission and two-wire transmission. 

It can also be echoes in the transition between various technologies along the telephone call path.

The modem transmission V.21 is originally insensitive to echo, because quite different transmission frequencies are used in the different directions. The level of any echo being echoed twice is too low to cause a direct influence of the observed level. Thus, the echo as such, if just received by the transmitting modem cannot be the source of the problem. 
Both ATA1 and VoIPgwy1 gateways contain echo cancellers, but it is a risk that they are disabled by the ANS tone. 

	8
	Improper behaviour from echo cancellers or hybrid circuits at the border between PSTN and IP.
	Yes
	There are reports and analysis of echo cancellers and hybrid circuits made for speech indicating that they may behave badly when handling modem tones.

They may for example choke the audio in the forward direction by mistaking original audio for an echo. This can happen when they detect long even tones as the V.21 carrier. This effect is very much depending on the level of the original audio, the level of any echoes, the design of the echo canceller and hybrid, the delay in the audio path etc.

Different textphones may have different line impedances and other line characteristics that may cause such differences in behaviour of the signal and the echo. It is very likely that this is the biggest source of the problem. 
It is also very common that the ANS tone is used to disable echo cancellers. That is wrong behaviour for V.21 that does not have any built-in echo cancellation.     

	9
	Improper behaviour from analogue echo cancellers or hybrid circuits in the PSTN.
	Yes
	There may be echo cancellers or hybrid circuits along the telephone lines that may cause errors. In IP communication, a long and varying delay is introduced that is far longer than what the analogue echo cancellers are designed to work with. There may be strange effects in them that cause the problems. 


Discussion about the most likely causes

The analysis thus shows that the most likely reason is erroneously behaving echo cancellers and hybrid circuits. Echo cancellers are for example situated on the PSTN side of the IP gateway and in the ATA at the user site in a VoIp connection, but may also exist in the analogue network. Hybrid circuits are found in every point where the telephone connection is transformed between two-wire and channel separated transmission.
Why some modems shall disable echo cancellers

Modem transmission for higher speeds requires that the lines have no echo cancellers. They transmit and receive with the same frequencies and have their own functions for discriminating signal from echo. 

Therefore these devices send a signal, "ANS with phase reversals", that is supposed to turn off the echo cancellers and let them be off as long as there is energy over a specific level in the call. The standard ITU-T V.25 describes "ANS with phase reversals", and the echo canceller standards ITU-T G.165 and G.168 specify its use.
V.21 should not be disturbed by echo or echo cancelling

V.21 has a simple design, with different frequencies for the different transmission directions. It is therefore itself agnostic to echoes in the opposite direction. It should in principle be possible to have echo cancellers both on and off. That should not cause any difference for the signal quality as long as echo itself does not change transmission conditions on the line, or gets echoed twice strongly so that it appears in the original transmission direction.

Use of ANS to disable echo cancellers

The answer tone used with V.21 textphones is the 2100 Hz ANS. Many specifications of transmission equipment says that they turn off echo cancellers when they detect ANS, while some do it only when detecting the different signal called "ANS with phase reversals"( ANS\ ). Since V.21 textphones usually do not have any built-in echo cancellers, they would require the network equipment to not disable echo cancellers when detecting ANS.

Digital echo cancellers used in VoIP gateways and ATAs follow the standard G.168. In that standard it is specified that it shall be disabled by ANS with phase reversals (ANS\), but not by plain ANS. A test, Test 14, is also specified in G.168 for checking that an enabled echo canceller does not destroy the signal for a list of low speed modems. V.21 and other textphone modems are included in the list over low speed standards.
ITU-T G.168 states about test 14:

"This test is meant to ensure that echo cancellers will not impair the performance of data modems and text telephones that do not disable, or allow the re-enabling of the network echo cancellers."
Earlier efforts to control echoes in telephone connections resulted in the G.164 Echo suppressor standard. Echo suppressors mute one direction of the communication when risk for echo appears. That is clearly not acceptable for V.21 full duplex communication. The plain ANS tone is intended to disable G.164 echo suppressors during modem communication. If any G.164 echo suppressors are still used on connections used for V.21 text telephony, it would be correct behaviour to disable them by the ANS tone.

Thus it is clear that plain ANS shall disable G.164 echo suppressors, but not G.165 and G.168 echo cancellers. 

Most test cases in the table of tests above using the ATA1 have likely echo cancellers off, because the design of that device is to turn off echo cancellers when plain ANS is detected. That indicates that it might be echo that disturbs the transmission. However, many calling textphones send a carrier already initially in the call that might disturb ANS detection and therefore it is unsure if cancellers are turned off or not.   
The need to have cancellers enabled during V.21 textphone calls

Some text telephony users want to alternate between voice and text during the call. It is very disturbing if there is echo on the line during speech. Therefore, for text telephony use, echo cancelling must always be enabled, at least during voice usage. When text is started again, it is not preceded by ANS. If a canceller is used that is automatically enabled when carrier ceases, then it will not be disabled by any ANS in the following text periods. Thus, this will only work with G.168 echo cancellers which are enabled during the whole call and who are carefully validated that they do not destroy V.21 signals in the actual configurations.
Some echo cancellers are erroneously disabled by ANS. Without echo cancelling, there will be a continuous echo from the carrier tone of the modem. This echo is at risk of disturbing the proper transmission of the original signal as described furter below. One disabled echo canceller in a call path can cause problems in another by increasing the echo level. 

It is apparent that proper cancelling of echoes of V.21 modem tones is an important part of a solution.

The risk that echo cancellers or hybrid circuits destroy the original signal

The risk for echo appears at every conversion between two-wire communication and channel separated communication along the phone call path. The circuits making this conversion are called hybrid circuits. Good balancing of these hybrid circuits and echo cancellers are both means to keep echo at an acceptable low level.

It is reported that long even tones can cause echo cancellers and adaptive hybrid circuits to malfunction. Severe clipping, choking and ringing effects have been observed, totally destroying communication. V.21 use such even tones and is therefore sensitive to this kind of misbehaviour. G.168 test 14 is intended to indicate if an echo canceller design is made so that this risk is avoided. Therefore it is very important to verify that an echo canceller used for text telephony stays active during the call and complies with G.168 Test 14.

One report about this problem is found in the research article : "An algorithm for identification of FIR systems with bounded frequency response", Trump, T. Acoustics, Speech, and Signal Processing, 2002. Proceedings. (ICASSP apos;02). IEEE International Conference on...  Volume 2, Issue , 2002 Page(s):1713 - 1716. [Trump, 2002]  An algorithm for detecting the risk for distortion of carrier based modem traffic is included in the article, and methods for avoidance is proposed. It is shown that the case when an echo canceller is active in one end of the connection, but no one in the other end, causes a high risk of problems from echo cancellers attenuating and distorting the original signal. Avoidance of these risks are key elements for passing G.168 Test 14. 
Many other reports of risks for self-oscillation in echo cancellers and hybrid circuits exist. 

In the description of a patent, "US Patent 5446787 - Method for avoiding self-oscillation in conjunction with echo cancellation", available at 

http://www.patentstorm.us/patents/5446787/description.html
it is said: 
" It has also been found that when the signals are narrow band signals, e.g.
when they are comprised of pure tones, a weak near-end signal may also
have a pronounced disturbing effect on the adaptive filter, and therewith
result in self-oscillation. Tone signalling is found, for instance, in
modem traffic. Consequently, when applying the known method there is a

risk that self-oscillation cannot be avoided when transmitting narrow band
signals."

Similar indications are found in many research reports about the risks of long tones causing risks for oscillation in both echo cancellers and adaptive hybrids. 

The double-talk detector is another component of the adaptive hybrid that may be disturbed by even tones and echo. When the double-talk detector detects signals in both directions simultaneously, it is used to change the characteristics of the hybrid or echo canceller. There are reports that this action also has a risk of malfunction when handling long tones as in the V.21.   
Conclusion

It is very likely that the observed errors are introduced by adaptive hybrid circuits or echo cancellers which do not pass Test 14 of G.168 for V.21 text telephony in their operating environment. The problems may also be worsened by the erroneous disabling of the echo cancellers by the ANS signal. 
The PSTN text telephones themselves can also contribute to the problem by causing an echo of the received signals higher than anticipated. 

The behaviour of the problem is that when a V.21 carrier tone is transmitted through the hybrid or echo canceller and then received as an echo from the line or the other end terminal, together with the other V.21 carrier from the other terminal, then the conditions for self-oscillation or other corruption of the signals appear, and the hybrid circuit or echo canceller destroys the signal instead of cleaning it from echoes.

Thus, improved robustness against the self-oscillation is needed in all hybrids and echo cancellers along the call path, as well as assertion that no echo cancellers are disabled by a plain ANS signal.

In order to perform well, there will also be a need for good jitter buffer handling in the gateway that translates packetized audio to audio in analogue telephony, but jitter buffer handling cannot be the main reason behind the observed errors.

Actions

In order to eliminate the problems, there is a need to first validate the conclusion in practice, and then act to delete the problems.

Verification
For verifying the conclusions, the following setup was arranged:




Figure: Test setup to observe textphone communication problems. 

Note: The lines called PSTN are local 2-wire phone extensions in the small VoIP gateways.

With this setup, the Textphones can be varied and the VoIP gateways and their settings, giving a relatively controlled environment for observations.

The TXP4, and the TXP3 V.21 textphones were used for this verification. Brief tests were also made with TXP5 set in V.21 or Baudot mode.

VoIP gateways used were ATA1, ATA2 and VoIPgwy2 with analogue 2-wire access..
Verifying that ANS erroneously disables many echo cancellers

From the discussion above, it is an error to let a plain ANS disable echo cancellers.

In the settings of both the ATA1 and the ATA2 gateways, there are settings for selection of echo canceller disabling by ANS. The normal position of this setting is that the canceller is disabled by ANS. 

The correct behaviour would be to only disable echo cancellers on detection of ANS with phase reversals.

Tests were run with logging of events in the ATA1. Using the default settings, in many cases the gateway closest to the textphone detected the ANS and turned off its echo canceller, while the other gateway did not detect the ANS, and left its echo canceller on. This behaviour caused transmission problems in many cases. The most common type was self-oscillations, easily detected by a flickering carrier-indicator on the V.21 textphones.

Also the ATA2 with its default settings easily created bad text quality when one of the textphones used was a TXP3. With the default setting, echo cancelling is disabled by ANS, and that opens for full loop echoes causing disturbed V.21 transmission, likely by misbehaving adaptive hybrid circuits.

Disabling echo cancellers also created problems with annoying echo when trying to use the link for voice alternating with text.

So, it was confirmed that echo cancellers shall be on during textphone use, and that many VoIP gateways and ATAs erroneously disable them at detection of plain ANS.

Verifying that echo cancellers destroy V.21 signals.

According to [Trump, 2002] there is a risk that echo cancellers will destroy V.21 signals by clipping and choking. 

The VoIP gateways were set to not detect ANS, and to always have echo cancelling on.

It was verified that the ATA1 had a high risk of destroying the V.21 signal, but especially high when the textphone type TXP3 was used. The behaviour varied largely depending on what textphone type was used, and on various amplification settings.

A picture of a textphone carrier tone destroyed by echo canceller clipping is shown below.
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Figure: Spectral image from V.21 textphone carrier clipped by echo canceller in ATA1.

The gaps in the lower yellow lines are clippings made by the echo canceller closest to the TXP3 textphone.

With the ATA2, the risk of destroying the signal was lower. Using the TXP3 textphone and setting an unusually high amplification of 6 dB higher than normal on the incoming signal from the textphone was needed to make it malfunction. When it failed it was with a typical self-oscillating behaviour on the transmitted signal, causing the connection indicator on the receiving textphone to flicker and reception to be destroyed.

The settings in the ATA2 was:  

Echo cancelling and extra echo cancelling on. 

No FAX detection, no CED detection. 

Always force G.711 audio coding, use fixed 100 ms Jitter buffer. 

Verifying that a good echo canceller gives good textphone transmission

The PSTN access board of the VoIPgwy2 has an echo cancelling module on the board. It is specified to pass test 14 of G.168.

A test setup was made with VoIPgwy2, and ATA2 with settings to keep the echo canceller enabled during the call.  Local 2-wire connected textphones directly to the gateway were used for this case.

With this test setup no errors were observed with any textphone combination, of  both TXP4 and TXP3.

Amplification of both outgoing and incoming audio with 5 dB was introduced in VoIPgwy2, in order to try to force errors, but the text quality was still good. 

This result indicates that echo cancellers passing G.168 Test 14 in the actual working conditions and staying active during V.21 transmission can solve the textphone transmission problem in environments were also other transmission parameters are properly set within the working condition limits of the echo cancellers and hybrid circuits..
Verifying the conclusions in a real PSTN network.

The tests in 4.1.3 above were made with local PSTN-type equipment and short local extensions.

In order to verify the conclusion and that solutions are feasible, tests were also performed with one terminal placed in an external PSTN network.


Figure: test setup for tests with external PSTN

The VoIP audio gw was the VoIPgwy2 gateway, equipped with the G.168 test 14 compliant echo canceller. This was the same as used in the local tests in section 4.1.3.

Initial tests were discouraging. With the default settings for the echo canceller module in the VoIP gateway, very irregular behaviour was noticed from call to call with the same visible test components.  When malfunctioning, it was the modem sound from the PSTN textphone to the text/audio gateway that was severely destroyed by self-oscillation by the hybrid or echo canceller in the Asterisk based VoIP Audio gwy. 

The conclusion was that the conditions of echo and relative strength of the carrier signals were on the border to cause self-oscillation, and small variations in echo or signal amplitude in the PSTN caused failure versus success. 

The destructive self-oscillation even sometimes struck the ANS tone from the PSTN textphone, but more often the carrier tone.
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Figure: V.21 carrier severely chopped by hybrid or echo canceller.

Adjusting gain settings, and especially turning off non linear processing in the echo canceller in Asterisk resulted in much more reliable performance. 

Echo from textphones

After these settings, failures were common only when the V.21 textphone TXP3 was used on the PSTN side. The reason for this may be that the TXP3 has a stronger echo towards the network than the other types. When used in local calls without echo cancellers, such factors have no noticeable effect, but it can cause this type of malfunction of the echo cancellers or hybrids that are used in modern telecommunication circuits. This remaining problem required a solution by the textphone. An attenuator of 2 dB was inserted in series with the TXP3 textphone. With this configuration all tests passed. It is known that this kind of attenuation can be a remedy for self-oscillating echo cancellers and hybrid circuits. 

Impedance balancing is important to achieve good echo conditions from a hybrid. The textphones and the line connections used in the test were examined for their impedance and echo return.

The balance impedance of the PSTN interface was 900 ohm/60 nF..

The textphones used in this test were TXP2 and TXP3. They had the following characteristics.

	Textphone type
	Transmission
level against 600 ohm
	Echo return loss 
against 900 ohm/60nF 
	Echo return loss against
Zr (270+750 Ohm//150nF) 
	Impedance

	TXP2
	-11 dBm
	24 dB
	10
	600 Ohm

	TXP3
	-17 dBm
	10 dB
	24
	Zr


Against the used PSTN interface, TXP2 wich seems to be optimized for 600 Ohms performed a mean return loss of 24 dB.. while TXP3, which seems to be optimized for the European standard impedance Zr (270 Ohm + 750 Ohm //150 nF) performed a mean echo return loss of 10 dB.

The higher echo and weaker signal from TXP3 are likely strongly contributing factors to the observed higher failure rate with the TXP3 textphone. An adaptation of the PSTN textphones to the actual line impedances seems to be an important action to reduce the problems.

Conclusions of the validation

The validation shows that good V.21 communication through combinations of IP and PSTN networks can be achieved if the following is followed:


1. Echo cancellers must be maintained on the line even if ANS is transmitted. Otherwise the risks for self-oscillation in other cancellers are increased.

2. Proper settings of gain and echo cancelling method must be used in the echo cancellers. The risk for self-oscillations in presence of steady carrier tones and echo must be limited. In our case it was needed to turn off non-linear processing. This solution might differ in different makes of echo cancellers.

3. PSTN textphones must have good echo cancellation and adaptation to the line so that they do not contribute to creation of self-oscillations in echo cancellers along the call path. One of the textphone types used in the trials required a 2dB attenuation to be possible to use without errors.
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Figure: A text character properly transmitted over IP audio channel with well behaving echo cancellers.

Complication related to fax

Many solutions for fax over IP build on detecting ANS, and inactivation of echo cancellers. When modifying the behaviour to handle text telephony well, it must also be verified that fax transmission has not been influenced negatively. 

Complications related to the ANS signal

Complication from a modified definition of V.25

The ANS signal is defined in ITU-T V.25. This standard is initially intended for automatic connection of modem equipment to the line. Text telephony is a manual connection of modem to the line, and therefore it seems not needed to activate the procedures described in V.25. Consequently, some textphones do not generate any ANS signal when they start. The manual operation of the textphone also includes a risk of not transmitting any ANS. 

However, some problems with echo cancellers destroying V.21 signals were detected after they were introduced in large numbers. So, in 2002, an amendment on the ITU-T V.25 standard was published. The kernel of that amendment was a note saying:

"NOTE – Experience in the field has indicated that, when connecting on circuits fitted with some network echo cancellers, there is a potential for failure to connect if the phase reversal option of answer tone is not used."
In this note, it is said that the ANS with phase reversals should be used. However, for text telephony, where we want to be able to alternate between text and voice, we want well performing echo cancellers to be included in the call all the time, and therefore would not originally intend to use the ANS with phase reversals.  Thus text telephone equipment cannot be expected to follow the advice, and instead apparently risk to meet malfunctioning echo cancellers.
Complication from network components requiring ANS to select transmission method

Many network devices take the ANS as an indication that audio coding and other transmission characteristics for modem transmission shall be engaged on the line. Without this action, they may select compression algorithms and audio treatment that is good for hearing audio, but not good for carrying modem tones. 
If there are echo suppressors on the line, these must be disabled by the ANS tone, because echo suppressors allow only transmission in one direction at a time, and that behaviour is incompatible with the full duplex transmission of carrier tones in V.21. 

With text telephony, there are some risks that make ANS detection unreliable. 

One risk is related to the fact that the textphone can be manually operated together with a telephone. Manual actions are required to start the answering procedure in the textphone, and manual actions are needed to connect the textphone to the line instead of the telephone. There is a risk that the ANS generation is started and the textphone not connected to the line until the transmission of ANS is done.

Another risk is related to the fact that many textphones do not use the intermittent V.25 calling tone when calling, but instead start sending the steady V.21 carrier tone as soon as they are put on line. ITU-T V.25 requires silence during detection of ANS. The detection of ANS may be disturbed by the V.21 carrier. One simple example of such disturbing is if there are echo suppressors on the line, that already have opened for transmission of this carrier, but blocks ANS in the other direction.   

These risks emerge from the time when V.21 textphones were invented. No considerations for echo suppressors were needed in the national telephone networks then, and thus it was not important to get ANS properly transferred. 

Since these risks for non-detection of the ANS signal cannot be avoided, other methods must be used for setting appropriate modes in network devices. In the tests presented above, the effects of such problems were eliminated or kept low by manual setting of the base mode of communication in the gateways. ( ITU-T G.711 was used ).
Action proposals

The solution is that components with a risk to create echo in the textphone transmission chain shall contain echo cancellers that are not shut off by ANS, and pass Test 14 in G.168 for the textphone standards in use. This is thus valid for ATAs, VoIP gateways, echo cancellers in the PSTN, PSTN textphones and line interfaces in main switches. 

These components must also use audio coding suitable for modem tone transmission (e.g. G.711) and handling of jitter buffers that do not disturb transmission. A large fixed jitter buffer size is the traditional method for modem tone traversal. 
Text gateways in IP networks, converting between text coded text and audio coded text shall be connected to an operator who has jitter buffer handling and echo cancellers with proper characteristics in its VoIP gateway.

Textphone users who want to use analogue text telephony in a VoIP connection must have either a good ATA, with the right kind of echo cancellers and the right settings, or a gateway to IP based text telephony. That gateway also need the right echo cancelling. Further considerations are needed to make sure that their calls go through proper gateways when that call is with a native IP real-time text terminal.
Manufacturers of ATA-boxes, IP-gateways and echo cancellers as well as VoIP operators should all be encouraged to make sure that test 14 is passed for all textphone types and that echo cancelling is not disabled just by ANS.
If other means of transmitting textphone calls are implemented, e.g. using  ITU-T V.151 or V.152 transmission standards, the echo canceller precautions from this study are still valid, because the risks for malfunction pointed out here are in the PSTN or PSTN borderline and not in the IP transmission.

All textphones used in the PSTN must be verified for low echo and low level of disturbing signals. It should be investigated if simple two-wire echo cancellers could be inserted in series with the PSTN textphones. Modern networks require all components to be echo free.
Non constant carrier textphones

The study above is made on carrier based full duplex textphones. 

Other textphone types are non-constant carrier based, transmitting carrier just when there is text available for transmission. This kind of communication is used by Baudot textphones in USA and EDT textphones in central Europe.
It is less likely that these types cause misbehaving echo cancellers, but that needs to be validated with similar tests as done here for V.21.
A brief test was done with the TXP5 textphone set in Baudot mode with the test setup in section 5.1 with the ATA1 gateway. No problem was experienced. Baudot transmission is very sensitive to packet loss, and it may be so that the problems reported for Baudot is mainly related to packet loss. This assumption needs to be validated. 

A description of ways to transmit legacy text telephony in IP networks, mainly aiming at the packet loss problem is found in the book "Fax, Modem, and Text for IP Telephony" [Hanes, 2008]. The echo problem is not covered in this book.
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� Quality figure notation: 0=No connection or no characters right, 1=some characters right but less than 99%, 8=at least 99% characters right, 10=at least 99,5 % characters right. 





