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Abstract 
Hearing impaired people have trouble speaking on the phone because they cannot use 
lipreading. This thesis project develops a prototype of an audio-visual telephone with a 
synthetic face that can be used for lipreading. The prototype is developed using an existing 
speech recognizer and synthetic face. The purpose is to visualize the concept and 
investigate what is required of a newly developed speech recognizer and an improved face 
that will be developed in the Synface project.  

The application uses a voice modem that can be used to communicate on the normal 
telephony net, as this is what most people have at home. Other ways could have been 
using ISDN or IP telephony. 

The finished prototype should be useful to give a good idea about the concept but it has a 
number of different problems. The performance is not good enough, a faster speech 
recognizer and a better way of recording and playing audio is needed to create a useful 
application. A delay in the incoming sound also indicates that some other way of dealing 
with audio than using the Java sound package is needed. 

Sammanfattning 

Användargränssnitt för Synface-projektet 
Hörselskadade har problem med att tala i telefon eftersom de inte kan använda 
läppläsning. Detta examensarbete utvecklar en prototyp av en audiovisuell telefon med ett 
syntetiskt ansikte som kan användas för läppläsning. Prototypen utvecklas med en 
existerande taligenkännare och syntetiskt ansikte. Syftet är att visualisera konceptet och 
undersöka vad som krävs av en nyutvecklad taligenkännare och ett förbättrat ansikte som 
kommer att bli utvecklade i Synface-projektet.  

Programmet använder ett röstmodem som kan användas för att kommunicera på det 
vanliga telenätet eftersom de allra flesta har det hemma. Andra sätt hade kunnat vara att 
använda ISDN eller IP-telefoni. 

Den färdiga prototypen borde vara användbar för att visa konceptet men den har ett antal 
olika problem. Prestandan är inte tillräckligt bra, det behövs en snabbare taligenkännare 
och ett bättre sätt att spela in och upp ljud för att kunna skapa en användbar applikation. 
En fördröjning av det inkommande talet visar också på att det behövs ett annat sätt att 
hantera ljudet än att använda Javas ljudpaket. 
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Preface 
This thesis project was done as a part of the Synface project and performed at the 
Department of Speech, Music and Hearing (TMH) at the Royal Institute of Technology 
(KTH), Stockholm, Sweden between October 2001 and April 2002. Examiner was Björn 
Granström. 
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Introduction 
If you are hearing impaired you can compensate for some of the impairment by using 
lipreading. But what if, for some reason, the person you want to talk to is unable to meet 
you face to face? If you talk on the telephone you can’t lipread, and may miss out on what 
is being said. This thesis project aims at developing a prototype that can be used for 
lipreading on the telephone. 

Project background 

Teleface 
The Teleface project [1, 2] at TMH [3] was a project dealing with multimodal speech 
technology for hearing impaired people, in this case natural speech and a synthetic face for 
lip reading purposes. In evaluations of the synthetic face it was found that combining the 
face with natural speech gave a higher intelligibility than natural speech alone. A 
demonstration program in form of a telephony application with the synthetic face 
synchronized with telephone speech was planned in a second part of the project but it was 
never implemented. 

Synface 
In October 2001 the Synface project started. It is a continuation of the Teleface project 
with partners from the UK and Holland in the form of an EU project [4]. One part of this 
project is a prototype telephone for user evaluation with a hearing-impaired user group.  

Purpose 
The purpose of this thesis project is to develop an early prototype, using speech 
recognition [5] and face models existing at the time being [6]. A new speech recognizer and 
improved face models will be developed within the Synface project and the user evaluation 
prototype will use these. 

The reason for developing this early prototype is to get an idea of what the Synface 
telephone would be like (proof of concept) and what is required of the speech recognizer 
and the face models. 

Scope 
The telephone application developed should have basic telephone functionality using the 
ordinary telephony net and should use existing speech recognition and face models. The 
solution should use a laptop computer and as little external hardware as possible. The 
computer should be used for controlling the calls, i.e. an additional telephone should not 
be needed. For the application to be usable as little delay as possible should be introduced.  

One problem that this thesis project will not deal with is the synchronization between 
telephone speech and synthetic face. It is expected that a non-optimized implementation 
will be good enough for this version of the Synface telephone. 

Related work 
No other work has been identified with the exact concept of Synface, a telephone aid for 
the hearing impaired that uses speech recognition and a synthetic face that shows lip 
movement possible to lipread. 
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There are however a lot of other synthetic faces [3,5], projects that use speech recognition 
and synthetic sign language as an aid for the hearing impaired [8] and projects that deal 
with speech recognition as telephone aids [9]. 

Background 

Communication issues 

Turntaking 
Turntaking is something we do every time we communicate with other people. The 
persons communicating take turns talking (or writing or something else, depending on the 
type of communication). There can be different ways of knowing that a turn is finished, it 
can be known from the spoken words, “What do you think?”, from a pause or from eye 
contact, a person who has finished what he/she had to say can look at the other person to 
signal that it’s his/her turn. 

Delay 
In many remote communication technologies today a delay may be present. The person 
listening does not immediately hear what the other person is saying. Even a delay of less 
than a second can severely disrupt turntaking. The delay affects the perceived length of 
pauses between utterances and might also cause different perceptions of the order of 
utterances for the different persons. 

If the delay is 0.5 seconds a person saying something and expecting an answer will have to 
wait 0.5 seconds for his message to reach the other person, some time for the other person 
to decide what to answer and 0.5 seconds for the answer to come back. This may make the 
first person go on speaking, perhaps filling in more information. The conversation will 
however be perceived differently on the different sides, the second person will hear the 
question, start answering it and get interrupted by the first person. The first person might 
think of the second as a bit slow, and the second might perceive the first as impatient. 
People may however learn to deal with delay. Being aware that there is a delay can be a 
good start. [12] 

Synchronization 
One problem that can occur in communication involving both audio and images is that the 
audio and images may be unsynchronized, the sound of “Hi” can come before or after the 
image of someone saying “Hi” instead of at the same time. In face-to-face communication 
the delay is too small to affect us, but in technology mediated communications the delay 
can be larger. A delay between audio and images above about 250 ms will make it hard for 
the listener to integrate the two sources of information. [5] 

Communication for hearing impaired people 
The target group for the Synface project is the hearing impaired. A person using the 
Synface telephone needs to be able to speak, and to have some hearing but not be able to 
speak on the phone only using a normal hearing aid. The hearing impaired have many 
different means of real-time communication today, for face-to-face communication many 
use lipreading, and for distance communication text- or video telephones. Many who are 
hard-of-hearing also use normal telephones with high volume or a hearing aid.  
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Lipreading 
A hard-of-hearing person can communicate with a hearing person by using lipreading. A 
person who lipreads can’t just look at the lips and mouth, he/she needs to watch the 
whole face of the speaker. Facial expressions and body language give many clues to what is 
being said and the emotions of the speaker. [13] 

The visual information available when lipreading may not be sufficient to fully understand 
what is being said, but combined with context information, and perhaps some hearing, it 
will be a good complement. 

Video telephones 
For distance communication hard-of-hearing or deaf people can use video telephones. 
Each person that is involved in the communication needs to have a camera and a 
microphone. They also need some means of sending sound and images to the other 
person. This can be a special video telephony system or a computer application. The 
advantage of using video telephones is that lipreading, sign language or text can be used. 
The disadvantages are that often the video quality is not good enough (often because of 
low bandwidth) and that special equipment is needed. [10] 

Text communication 
Hard-of-hearing and deaf people can also use text to communicate, either by using a real-
time computer chat or by using a text telephone that is a special system for communicating 
with text and that doesn’t use a computer. Just as with video telephony each person 
involved in a text telephony conversation needs to have special hardware, in this case a text 
telephone. 

Interpreters 
There are different kinds of interpreters available for the hard-of-hearing. One common 
example is sign language interpreters. Two forms of interpretation related to the Synface 
project are lipspeaking and type-talk. 

A lipspeaker is a person who repeats what a speaker says to a lipreader, the lipreader may 
or may not use his/her own voice. This can be useful if the speaker is hard to lipread or if 
the lipreader cannot see the speaker, for example if the speaker is facing another way or in 
a telephone conversation. A lipspeaker can also convey information about stressed words 
and emotions. [14] 

A hearing person who doesn’t have a text telephone can still communicate with a hard-of-
hearing/deaf person who is using a relay service (or type-talk) [15]. A relay service uses a 
communications operator who listens to what the hearing person says and types it so that 
the hard-of-hearing/deaf person can read and speaks to the hearing person what the hard-
of-hearing/deaf person writes if that is needed. The operator will type everything he/she 
hears and may also transmit tone of voice. What may be a disadvantage is that the 
conversation is not private. 

Synthetic faces and lipreading 
A synthetic face in this context means a computer-generated face or rather head, in three 
dimensions. 

There is a great deal of synthetic faces, or even whole bodies, but not all of them are 
intended or useful for lipreading. The animation of lip movement in movies such as Toy 
Story is only supposed to look good, but it may not be at all possible to lipread. 
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The Teleface project dealt with synthetic faces that were intended to be used for 
lipreading. In a study it was found that a natural face combined with a natural voice was 
easiest to understand, but that a synthetic face and a natural voice was better than the 
natural voice alone. A synthetic face combined with a synthetic voice was better than just 
the synthetic voice, but inferior to all combinations with the natural voice [1]. Similar 
results have also been found in other studies. [7, 16] 

Development of the Synface telephone 

The Synface telephone concept 
The Synface telephone is designed to be a multimodal telephone for hearing impaired 
people combining natural speech from a telephone with a synthetic face showing lip 
movements derived from the speech.  

It can actually be said to be a synthetic lipspeaker that is in synchrony with the speaker’s 
voice and for the special use of telephone conversation.  

The big advantage of the Synface telephone is that only the hearing impaired person needs 
to use it, the other person can use a normal telephone. Compared to a relay service or a 
lipspeaker the conversation using the Synface telephone will be private. 

The disadvantage compared to face-to-face lipreading is that the Synface telephone doesn’t 
show facial expressions or gestures although it might be possible to add at a later stage. 

Prerequisites 
Existing when this project starts are a speech recognizer [5] producing phonemes1 and a 
synthetic face that takes phonemes as input and forms its lips and tongue to the 
corresponding shapes, the shapes that a person’s lips and tongue typically have when 
he/she is pronouncing that phoneme [6]. A person will for example round his/her lips 
saying “O” and put the tongue at the back of the teeth when saying “L”.  The speech 
recognizer is implemented in Java and the face in OpenGL/C and Tcl/Tk. Also existing is 
a program connecting recognizer and face, which was implemented to use as a 
demonstration program. The user speaks into a microphone and sees an animated face on 
a screen forming the words just spoken.  

New additions 
The new things that are needed for creating the Synface telephone is a telephony 
connection and a graphical user interface for controlling the telephone and the other 
functions. 

The telephone functionality should include being able to make and answer calls. Caller ID 
(a telephone service that on an incoming call shows the number or name of the caller) 
would be nice but is not necessary and will not be developed because the telephone 
connection available during this project did not support it. Call waiting (another service 
that makes it possible to receive another incoming call while speaking on the phone 
already) and other advanced features will not be implemented. 

The only other necessary feature is the synthetic face with synchronized speech from the 
telephone even though the synchronization will not be dealt with.  

                                                 
1 It’s really phones [10] but the term phoneme will be used as to not confuse the linguistic term phone with 
the shorter term phone for telephone.  
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Other possible features are a volume control, a n audio level display and the choice 
between different appearances of the face. 

Audio formats 
There are a number of ways of representing an analog audio signal as digital bits. There 
can be different frequencies (or audio samples per second), number of bits per audio 
sample, mono or stereo and different ways of coding the data where PCM (or Pulse Code 
Modulation) is a common coding [33]. 

Telephony 
The telephone part of the Synface telephone deals with the problem of making and 
answering calls and getting the telephone sound into the computer in order to process it 
with the speech recognizer. It could be developed in different ways. At first there’s a 
choice between ordinary analog telephony, digital ISDN or IP telephony. The preferred 
solution for the Synface project is analog telephony because a major part of all households 
already have that installed. ISDN and IP telephony do however have some advantages. 
The disadvantage mentioned with video telephony that special hardware is needed is 
applicable on ISDN and IP telephony as well, but only the Synface user needs to have the 
special hardware. 

Analog telephony 
The PSTN, Public Switched Telephone Network [17], is what we normally think of as the 
telephony net. Another name is POTS, Plain Old Telephone Service. It originates from 
Alexander Graham Bell and his invention of the telephone. Nowadays the most parts of 
the PSTN are digital, but the connections from the telephone relay stations and into our 
homes are analog.  

Analog telephony has the big advantage that it is installed in almost every home. One 
disadvantage is that the audio quality might not be good enough for the speech recognizer.  

The audio format used on the PSTN is PCM 8000 Hz, 16 Bit, Mono, which is the same 
format as the data used to train the speech recognizer. 

ISDN 
ISDN stands for Integrated Services Digital Network and is a standard for sending voice, 
video and data over both digital phone lines and normal analog telephone lines. ISDN can 
give a better audio quality. It is, however, not at all as common as PSTN but the service 
exists and both ISDN modems and telephones are available. [18] 

IP telephony 
IP (or Internet) telephony uses the Internet to transmit telephone calls. There are currently 
two standards, H.323 and SIP. IP telephony is mostly used to make calls between 
computers, but it’s also possible to make calls between computers and ordinary telephones 
using a bridge. Calls between computers are free of charge, but most suppliers of 
computer-phone bridges charge money, it can however be cheaper than using a normal 
phone to for example call abroad. [19] 

IP telephony requires lower bandwidth than video telephony which means that an Internet 
connection that is to slow for video telephony could work well with IP telephony 
combined with the Synface telephone. 
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Hardware 
There are several hardware alternatives for analog telephony, they vary in features, audio 
quality and price. 

Voice modems 
A voice modem is a modem that can send and receive audio over the telephone line. Voice 
modems have basic telephone functionality but are not good at recognizing when a call is 
answered or hung up at the other end. One big advantage with voice modems is that they 
are cheap. [20] 

Telephony cards 
A telephony card is hardware designed for doing voice processing over telephone lines. 
Two common brands are Dialogic/Intel and Brooktrout. A telephony card provides a 
better audio quality and better control of calls. It can have multiple phone lines on the 
same card and it is typically what is used in commercial systems such as telephone banking. 
Two disadvantages of telephony cards are that they are expensive and that no telephony 
cards are available for laptop computers. [20] 

Telerecorders 
A third way of getting the telephone sound into the computer is with a device that 
connects to a normal telephone or telephone cord [21]. Some of these are rather cheap and 
some are a little more expensive. The disadvantages are that they show different behavior 
on different telephones or might not work at all, and that extra hardware for making and 
answering calls is still needed. 

Possible problems 
One possible problem is that the audio quality might not be good enough for the speech 
recognizer. The speech recognizer has been trained with speech of a certain audio quality 
and may not be able to produce a good result with a lower audio quality. 

Another problem that might arise is that of side tone. Side tone is a phenomenon that 
means that a person speaking in a telephone can hear him/herself as well as the person at 
the other end. In a telephone it might not be possible to get rid of all side tone, but some 
side tone is actually kept as feedback for the benefit of the person using the telephone. 

Another issue with distance communication is that the communication may or may not be 
full duplex. Full duplex means that both parties can speak at the same time, duplex means 
that they can speak one at a time, and simplex means that it only is possible to 
communicate in one direction [22]. This could be a problem if the modem is not suited for 
full duplex communication, there must for example be a way of getting what the user is 
saying through to the person at the other end. 

Selected solution 
The ideal solution would be a laptop and a telephone cord from the wall connected 
directly into it. Because it is cheap and has the basic telephone functionality needed, a 
voice modem is first choice. There are different types of voice modems, ISA/PCI for use 
in desktop computers, PC-card for use in laptop computers and external modems for both 
desktop and laptop computers that connect either to the serial port or the USB port. The 
best choice would of course be a PC-card modem that fits into a slot in a laptop computer, 
but an external modem has the possibility of connecting microphone and speaker cables 
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directly. A serial voice modem from D-Link Systems was selected because it is a well-
known brand and available in a Swedish store.  

As for the possible problems, the audio quality is probably good enough. The modem 
works in full duplex but it has a small side tone problem.  

Software 
There are several software alternatives for voice modems, the software will be used for 
controlling the telephone functionality and getting hold of the telephone signal. 

Using an existing telephony program 
It could be possible to use software that is already available on the market. There are many 
telephone dialers and answering machine software for use with modems. One advantage is 
that it would be possible to get extra features included that would take unnecessary time to 
implement specifically for this project. It might also be that a lot of different software 
would be possible to use and the user could choose his/her own favorite one. Most 
software is also likely to work with different modems. The problem is that these programs 
were not designed to use for this particular purpose, many of them can record sound to a 
wav-file, but that wouldn’t work with this application because it needs audio input in real 
time. The software that records audio also records both incoming and outgoing sound, a 
typical application is an answering machine where there is no outgoing sound, or a 
conversation recorder where both speaking parties should be recorded. 

TAPI 
TAPI stands for Telephony Application Programming Interface and was developed by 
Microsoft and Intel in 1994 [23]. It connects telephony devices such as modems to 
desktop computers. TAPI supports call handling (dialing, answering calls and call 
transfers) and caller ID information. It also provides means of handling different media 
(e.g. voice, data, or rather it can be combined with other Windows API’s that can handle 
the media) and works on many different hardware platforms, including voice modems and 
telephony cards. The big advantage of TAPI is that it is a standard that works for many 
different types of hardware. The disadvantage is that TAPI functionality exists for 
languages such as C, C++ and Visual Basic but not for Java or Tcl, which are the two 
languages used so far in the project. 

JTAPI 
JTAPI stands for Java Telephony API (or Java Telephony Application Programming 
Interface) [24]. It was developed by among others Intel and Sun Microsystems as a 
portable API for computer telephony. JTAPI is the interface between computer telephony 
applications and telephony services. The telephony services can involve for example 
telephony cards or IP telephony. Using JTAPI for this project would have been ideal but 
unfortunately no implementation that could be used with a voice modem could be found. 

AT commands 
AT commands (or The Hayes Command Set) is a standard for communicating with 
modems [25]. Most modems today comply with the Hayes standard, although all modems 
may not have all the functionality included in the command set. A typical command is 
ATDT<number>, AT stands for attention and tells the modem that a command is to be 
expected, D stands for dial, and T for tone (P means pulse). Some things can be done 
easily using AT commands, for example dialing and answering calls, but when it comes to 
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more complex problems it can be hard to master all the different commands and settings 
that are possible.  

One disadvantage with using AT commands is that although it is a standard, modems can 
differ some in functionality, the basic commands are the same for all modems, but some 
more advanced commands can mean different things on different modems, which means 
that a solution with AT commands and a specific modem might not work with a different 
modem. 

Possible problems 
What both TAPI and AT commands focus on is controlling the telephone functionality 
such as making calls, but playing and recording sound seems to be something that is much 
up to the programmer. It could take a lot of time to implement recording sound from the 
telephone and get the right audio format. The audio formats used in the telephone 
network can be converted to a format that is easy to use with the speech recognizer but a 
way of doing this conversion in Java might have to be found or implemented.  

Full duplex might be a problem also in software, it must be possible to send and receive 
audio at the same time. 

Selected solution 
It proved hard to find telephony software that would be usable in the project. Most of the 
programs found had functionality that was not quite right for this application. After a 
search for open software that could be used in the project it turned out that modems are 
an ageing technology and IP telephony was used in a major part of all software projects. 

Using TAPI would mean using yet another language, (C, C++, C# or Visual Basic) and 
that would also include a connection between one of these languages and either Java or 
Tcl. A connection between Java and Tcl is already needed and as TAPI offers little extra 
functionality over AT commands it is not worth using an extra programming language. 

The final decision was to implement a new solution using AT commands in Java. The 
reason for choosing to implement the telephony part in Java and not in Tcl is that the 
speech recognizer is implemented in Java and connecting the sound from the telephone 
with the speech recognizer will be easier. 

The two telephony problems to solve were making and answering calls and retrieving the 
telephone sound for the speech recognizer. The first part turned out to be rather easy but 
recording telephone sound was a little harder. No useful source code doing this could be 
found and a first attempt implementing it gave an indication that it might take a lot of time 
making a good solution. The purchased modem did however have speakerphone 
functionality, which means tha t a certain modem setting makes its possible to use the 
modem with a connected microphone and speaker, or headphones. This setting means 
that full duplex is possible. Connecting an audio cable from the modem’s speaker jack to 
the microphone jack of the computer would allow the recording of telephone sound 
without any extra programming effort. This would mean that the telephone functionality 
doesn’t need to be implemented in Java. A later version might however use a programmed 
solution instead of a cable one so the telephone part is implemented in Java.  

Getting full duplex with the cable solution is easy, if AT commands or TAPI were used it 
could be difficult to record from the modem and sending audio to it at the same time in an 
efficient way. With the selected modem that connected to the serial port the bandwidth 
would probably be to low to be able to send and receive audio data of a good enough 
quality. If the modem had connected to the USB port or had been an internal or a PC card 
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modem it might work to send and receive the audio digitally and not through have to use 
the audio cable to the soundcard. 

 
Figure 1. Hardware setup 

Implementation 
The application is made up by two parts, the speech recognizer and telephone functionality 
written in Java, and the synthetic face and the graphical user interface written in Tcl. The 
graphical user interface could have been implemented in two parts, where the interface for 
using telephone functionality would have been in Java and Tcl would just have been used 
for the synthetic face. But to make the application look uniform the decision was made to 
make the whole graphical user interface in Tcl and its graphical toolkit Tk. 

Program structure 

 
Figure 2. Structure of the Tcl part 

The Tcl part consists of a number of tcl-files, synface.tcl is the starting point and makes 
use of the other files. The telephone.tcl and socketRecognizer.tcl acts as proxies to the 
Java part. 
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Figure 3. Structure of the Java part 

The Java part consists of a number of classes where the Synface class has the main 
function and initiates the other classes.  

The speech recognizer and audio 
AudioFrontend and AudioSource handle the audio data and are used together with the 
recognizer which actually consists of several classes. These two classes are new Synface 
version of the original classes in the ACE recognizer [5] to be able to control their 
behavior and add playback functionality in the AudioSource class.  
 

 
Figure 4. Audio data sequence 

As synchronization is not an issue in this thesis project the audio is played back as soon as 
it is recorded and also kept so that the speech recognizer can use it. The data is recorded in 
blocks and not as a stream and is therefore played back in blocks. This can be a problem if 
the playback loop doesn’t get audio data fast enough. 

Connection between Java and Tcl 
The demonstration program connecting the speech recognizer and the synthetic face use a 
socket for the communication between Java and Tcl. The speech recognizer in the Java 
program writes phonemes that the synthetic face in the Tcl program reads and uses to 
create the shape of the face. 
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The speech recognizer and the telephone functionality are implemented as two separate 
programs, this means that apart from sending phonemes the Synface telephone also needs 
to send telephone requests and events. The Tcl user interface needs to tell the Java 
telephone to make a call to a certain number and the Java telephone needs to tell Tcl that 
there is an incoming call. A more closely connected solution might be good.  

A search for Java + Tcl on the Internet results in finding Jacl and Tclblend [26]. Jacl makes 
it possible to use Tcl in Java and Tclblend makes it possible to use Java in Tcl. As Tclblend 
seemed to be easier to use than Jacl a performance test was implemented using Tclblend. 
A Java function running a loop that reversed a string a large number of times was run both 
directly from Java and from Tclblend. Compared to running the Java function directly 
from Java, Tclblend was about five times slower. Although Jacl might have been a possible 
solution perhaps without performance problems a decision was made to use sockets for 
communication. 

Two sockets are used, one for sending phonemes and one for sending and receiving 
telephone requests and events. Another socket was initially used for sending audio level 
information, but this was removed because it was rather unnecessary compared to the 
extra computer power it used to send and show the information. 

The telephone functionality 
The telephone functionality that can be implemented using a voice modem very much 
resembles the functionality of an ordinary telephone. It can be thought of as having a 
virtual receiver that can be on or off the hook. It can be ringing, but instead of ringing 
with sound it rings with text (“RING”). When using a telephone you have to listen to 
know if the person at the other end has answered your call or hung up the phone. This is 
also true when using a voice modem. The program could possibly be doing this listening, 
but this has not been implemented, and the only way of knowing that someone has hung 
up on you is that no one is talking, but this could also happen in the middle of a 
conversation and the program should not hang up the phone then.  

The telephone functionality implemented will therefore notify the user that the call is 
connected when the dialing has finished and the modem replies “VCON” which means 
that it is in the “voice online” mode and the telephone at the other end should be ringing. 
The user will then have to wait for the person at the other end to answer, and hang up if 
no one answers. When a conversation is finished the user will have to hang up the phone 
because the modem will not notice that the other person hung up. 

The telephone functionality is implemented by sending AT commands directly to the 
modem using a serial connection and the Java Communications API [27]. The functions 
that are implemented are: Dial number, Send touch-tones, Lift receiver and Hang up. 
Sending touch-tones can be useful when calling automated answering services e.g. a 
telephone bank. 

Also implemented is a controller that starts every time there is a new incoming call, the 
program is notified of this by the modem sending a “RING”. As long as the call is not 
answered and the person calling does not hang up a new RING is received approximately 
every five to ten seconds. If a new RING is not received after ten seconds the controller 
tells other parts of the application that the incoming call has stopped. 

The telephone can be in different states, “onhook” (the virtual receiver is not lifted), 
“offhook” (the virtual receiver is lifted, and a call might be active) and “ringing”. Both Java 
and Tcl keep track of the state of the telephone, Java to be able to do know what 
commands the modem will accept and Tcl to be able to visualize the status in the graphical 
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interface. Even if Tcl should have the wrong idea about the state Java won’t call the 
modem with the wrong commands. 

 

 
Figure 5. The different states of the telephone 

When sending commands to the modem, it’s necessary to know if the modem is ready to 
accept them. After sending a command to the modem it can for example answer 
“OK<newline>”. But it’s not possible to wait for <newline> to know when the modem is 
ready as some answers do not include one. The current solution is to send a command to 
the modem and then call the waitForReturnCode function with the expected response, 
for example “OK<newline>” or “h”. The waitForReturnCode function will then run a 
loop waiting until this answer is received and then return true. If the loop has been 
running for too long it will stop and the function returns false. None of the functions 
using waitForReturnCode cares about the return value though and the solution would 
need to be reconsidered. No real error handling has been implemented, if something goes 
wrong the user would probably need to restart the program.  

The telephone socket sends telephone requests from Tcl to Java and telephone events 
from Java to Tcl, a specification of the possible request can be found in the appendix.  

Threading 
Several things are happening in parallel in the application. In the Java part, one thread 
deals with recording the telephone speech, one thread with playing it, and one thread with 
running the speech recognizer. There are also threads waiting for something to come 
through the sockets. Parallel to Java runs Tcl where the reading of socket data happens in 
parallel to the calculation of the appearance of the face and to the graphical user interface 
that responds to the user actions. The audio data is shared between several threads and is 
therefore synchronized meaning that only one thread at a time can access it. 

 

 
Figure 6. The parallel activities in the program 
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The graphical user interface 
The graphical user interface (or GUI) actually consists of three parts, the synthetic face, 
the telephone interface and a phonebook. 

Design 
No user tests were included in this thesis project so the GUI was developed to be what 
was thought to be easy to use. Every function is directly accessible from the main view. 
The three parts, or functions, of the GUI are separated spatially to show that they are 
different functions although they work together. Some of the buttons have icons and some 
have text, this is mainly because no appropriate icons were found, a further development 
of the program could perhaps create a whole new set of icons that will be more intuitive 
and more coherent. [28] 

 
Figure 7. The graphical user interface of the Synface telephone 

The face 
The rightmost part of the graphical user interface shows the synthetic face and two 
controls. One control that makes it possible to turn off the movements of the face, which 
could be useful if for example a fax machine is called by accident, and one control for 
choosing between different appearances for the face. 

Below the face is also a volume control that controls the playback volume.  

The telephone 
The center part of the graphical user interface controls the telephone. It includes buttons 
for the digits 0-9 and for * and #, a text area for the number to call and a generic 
telephone button that changes appearance and behavior according to the current state of 
the telephone. Along with the text area are also a button for retrieving the last dialed 
number and a button for clearing the text area. 

When the telephone is onhook pressing a digit, * or # button will just insert one of 0-9, * 
or # at the end of the text area. If the telephone is offhook pressing the same buttons will 
result in the corresponding digit being sent as a touch-tone. To the left and right of the 
text area are two buttons, the one on the left for retrieving the last dialed number, and the 
one on the right for clearing the text area. 

Pressing the telephone button in the onhook state will make the program call the number 
in the text area if there is one, it firsts checks if the number is valid which means consisting 
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of only 0-9, * or #. If no number exists the virtual receiver will just be lifted. In the ringing 
state pressing the same button will answer the call. In the offhook state the button will 
hang up the call.  

When there’s an incoming call a new window will appear on the screen flashing in 
different colors, displaying the text “Phone ringing”, a picture of ringing telephone and 
two buttons, one that will answer the call and one that will ignore the call. This window 
will disappear when the user chooses to answer or ignore the call or when the ringing has 
stopped. 

The phonebook 
The leftmost part of the graphical user interface is the phonebook. It was added because it 
is a nice feature that makes use of the fact that the Synface telephone is a computer 
program.  

It consists of a scrollable list of names and three buttons for manipulating the phonebook 
entries. One button adds a new entry, one removes the entry selected in the list and one 
changes the selected entry. An entry consists of a name, a telephone number and a face 
appearance. When an entry is selected in the list the corresponding number is displayed in 
the text area and the corresponding face appearance is applied to the synthetic face. When 
the application is started a filename representing a phonebook file can be given as a 
command line argument, if no such argument is given a default filename is used. Every 
time the user adds, removes or changes entries the phonebook is saved to file. 

The file consists of one line for each phonebook entry on the form: 

<name> : <number> : <name of face model> 

The status bar 
At the bottom of the graphical user interface is a status bar that tells the status of the 
telephone and gives the user hints about what to do.  

When the application starts the status bar displays the text “Input number or choose from 
phonebook”. If the user inputs a number by pressing the digit buttons or using the 
keyboard the status bar displays “Press the telephone button to call <number>”. If the 
user chooses to press the telephone button the status bar displays “Dialing <number>”. 
When the call is connected it displays “Call connected” and when the user has hung up it 
displays “Call disconnected” for one second, and then goes back to showing either “Input 
number or choose from phonebook” or “Press the telephone button to call <number>” 
depending on whether if the text area contains a number or not. When there’s an incoming 
call the status bar displays “Phone ringing”. 

Tool tips 
The user receives a little extra help from tool tips that appear when the cursor is held of 
items such as buttons. The tool tip text will for example explain what will happen if a 
certain button is pressed, if the telephone is in the offhook mode, holding the mouse over 
the telephone button will result in a tool tip with the text “Hangs up receiver” being 
shown. 

 
Figure 8. Tool tip 
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Menu 
The status bar and tool tips can only give short instructions and hints to the user, but in 
the menu the user can choose to look at a more extensive help and also at a short 
information text about the program. 

Several languages 
As the Synface project involves three countries the idea came up to have more than 
language in the interface. Depending on the language set when starting the application the 
text on the buttons, in the status bar, menu and on the tool tips may be in Swedish or 
English. This is accomplished by using abstract texts like “chooseNumber” and looking up 
the corresponding real text in the table for the specified language. The real text in this case 
is “Input number or choose from phonebook” in English or “Skriv in nummer eller välj 
från telefonboken” in Swedish. Someone with knowledge of Dutch could quite easily add 
texts for Dutch. 

Using the Synface telephone 
To run the program a relatively fast (see Discussion) computer with a serial port and the 
possibility to connect a microphone and headphones is needed. Also needed is a D-Link 
modem of the same model used for the project, a microphone, headphones and an audio 
cable to connect between the modem’s speaker jack and the computer’s microphone jack. 

The program uses Java 1.3.1 and Tcl 8.3.4. 

The application is started with a batch-file that starts a Java program. The Java program 
starts the speech recognizer, initializes the modem and starts a new batch-file that runs the 
Tcl program. Command line arguments can be given to the first batch-file and they will be 
sent through to the Tcl program except the first one that should be the audio frequency 
used by Java Sound for recording. The other arguments can be a filename for the 
phonebook or the language used on buttons and tool tips. If no arguments are given the 
default filename is telephonebook.tpb and the default language is English. 

The Synface telephone will work just like other telephones. It’s possible to use normal 
telephones together with the Synface telephone, for example answer a call in a normal 
telephone and transfer it to the Synface telephone by lifting the virtual receiver in Synface 
and then hanging up the other telephone.  

Discussion 
The Synface telephone concept turned out to be possible to implement, it could use a 
cheap voice modem and a straightforward and (hopefully) easy to use user interface. It 
should be useful to demonstrate the Synface concept, but to be of any real use for the 
hard-of-hearing it needs more work. 

Problems 
The Synface telephone in its present state has a number of problems. All of the problems 
should be possible to solve but they will not be dealt with in this thesis project. A new 
speech recognizer and an improved synthetic face might be developed in the Synface 
project, and then some of these problems will disappear. 

Performance 
The main problem is that neither the sound nor the face seems to run smoothly. The 
sound is somewhat distorted, sounding almost like someone having hiccups twice every 
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second and the face just doesn’t look as good as it could. Both these problems are most 
likely mainly due to performance problems. 

When the program is running a performance meter shows that the program is using 
somewhere between 90 and 99% of the processing power on a computer with an 850 
MHZ processor. Of the total processing power used by the program the Java part takes 
around 60% and Tcl 40%. 

Running a trial version of Jprobe Profiler [29] showed that the initiation of the speech 
recognizer takes about 23% of the CPU time and the actual running of the speech 
recognizer takes about 73%. The profiler measures the Java part of the program. If the 
program would be run longer the initiation should have a lower percentage and the speech 
recognizer a higher, the run that these percentages were taken from included only one 
short telephone call. The speech recognizer is the only program part that should use 
processing power so these are not really strange results. 

A measurement of clock time instead of CPU time showed that some functions that do a 
lot of waiting used the most clock time, for example a function that waited for the Tcl 
process started from Java to finish. These used almost no CPU time. 

A qualified guess at what is using CPU in the Tcl part says that it is the calculation of the 
face shapes from phonemes. The rendering of the face uses virtually no CPU provided 
that the computer has a good 3D graphics card. The frame-rate of the face is requested to 
be 10 frames per second and the actual refresh-rate of the face is between 9 and 11. 
Compared to television, which is 25 or 30, a frame-rate of 10 probably isn’t good enough 
but a higher frame-rate would mean an even heavier load on the CPU. 

 If no phonemes are received the refresh-rate is set to 0 until new phonemes arrive, but as 
normal use would mean that persons were speaking and the face was getting phonemes 
this has no big impact on the problem. 

The effect of the heavy CPU load is that other things trying to run may not get as much 
CPU as they would need to run smoothly. One of these is the playback of the sound. It is 
implemented to play small parts of the sound, one at a time, and when it doesn’t get 
enough processing power a very short pause will occur between two sound segments, 
causing the “hiccups effect”. If the face and the speech recognizer are turned off the 
sound being played sounds normal. 

The playback functions a bit better when using the lower frequency of 8 kHz audio instead 
of 11 kHz, probably because the Java sound engine has to deal with a smaller amount of 
audio data. The only reason that the program currently uses 11 kHz is that the computer 
used suddenly stopped being able to record 8 kHz sound from Java, probably due to some 
hardware failure. The program has been tested on other computers that could use 8 kHz 
audio with a more normal sound as a result but just changing to 8 kHz doesn’t solve the 
whole problem. It can be that the Java sound engine just isn’t suitable for this type of 
application but some more optimizations and tweaks could perhaps be tested. 

Solution 
The performance problems would probably benefit the most from a new speech 
recognizer and face, but there may be other things that can be done before then. 

The problem with the strange sound might be dealt with by some other implementation of 
the playback functionality using Java Sound in a smarter way, but using another sound 
engine might be more successful. It could for example be possible to use Java Native 
Interface [30] and a sound implementation closer to hardware in C or C++. Another way 
could be to record and play sound in Tcl with the Snack toolkit [30] and send the audio 
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data over a socket to the speech recognizer. Both of these solutions would only require 
writing a new AudioSource class on the Java side and of course the appropriate source 
code on the C or Tcl side. 

An attempt was made to send the audio from Java to Snack for playback, but it wasn’t 
possible to make it work well enough to be better than playing the audio in Java.  

Other solutions to the performance problem are of course to use a faster computer, 
making a faster speech recognizer or a faster way of calculating the face shapes from 
phones. 

Delay 
Another problem with the program is that there seems to about two seconds delay 
between the person at the other end saying something and the user hearing it. The delay 
seems to occur both with and without the recognizer and face switched on. It does not 
seem to be caused be the modem, a test using Hyperterm (a program that can be used to 
write commands directly to the modem and see what the modem replies ) indicates this. A 
simple program in Java that only records what is spoken into the microphone and plays it 
directly back also has a delay of two seconds. This means that either Java Sound (or the 
implementation using it) or the soundcard causes this delay. Testing on a non-laptop 
computer with the same result indicates that the likely cause of the delay is Java Sound and 
not the sound card. It also seems as if recording sound causes the main part of the delay. 

One thing worth noting is that there is only delay on the incoming sound. The person at 
the other end hears what the Synface user says without delay but there will still be an 
experienced delay between for example a question and an answer. 

The Synface telephone could probably be used with the delay even though it would be 
annoying.  

Solution 
Java uses some audio buffers and it is possible that it would make a big difference to lessen 
the size of the recording buffer. 
Recording directly from the modem using AT commands that will make the modem send 
the audio data through the serial port and using Java Sound only for playback might lessen 
the delay if the recording causes the main part of the delay but it might also introduce 
other problems. A similar solution would be using TAPI. 

A more fruitful way is to use the same solution as to the performance problem. If Java 
Sound is the big problem another sound engine might be a lot faster. 

Audio quality 
Although the audio quality from the voice modem seems to be good enough it may not be 
as good as it could get with some other technology. The audio contains some noise, some 
of it probably from the telephony net, some from the modem and some from the 
connection from the modem to the soundcard. 

Solution 
The telephony net doesn’t have very good audio quality to begin with but the audio quality 
might be better with a telephony card or a better modem. It could also be better with 
ISDN or IP telephony. 
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As some part of the noise could come from the “cable solution” recording the audio 
digitally through for example USB as mentioned in the solution to the delay problem 
might work better.  

Side tone 
The modem has some side tone that causes a worse result from the speech recognizer 
because the speech signal contains two persons speaking instead of one. The side tone 
problem disappeared mysteriously some time in the middle of the project only to return 
just as mysteriously at the end. The side tone returned when the modem was installed on a 
new computer, it is possible that this change some setting in the modem that caused the 
side tone to reappear. This setting is not something that has been found documented for 
the modem, but it could very well exist anyway. 

Solution 
There might be some setting for the modem that gets rid of the side tone, or perhaps 
another modem wouldn’t have this problem. Otherwise a solution with ISDN or IP 
telephony would work. If the user doesn’t speak when the other person speaks the 
problem should be somewhat reduced but the user would still see the synthetic face 
miming what he/she was saying.  

Synchronization 
Even though synchronization of the face and sound wasn’t included in the scope for this 
thesis project it could be interesting to discuss. 

Since the audio is distorted and the face has a low refresh-rate it’s rather hard to see how 
synchronized the face and audio are. For an untrained eye it looks reasonable, but it’s hard 
to tell how good it would be if the audio and face worked smoothly. It’s also possible that 
fixing the audio would change the synchronization since it’s not being controlled at all but 
is just a result of playing the audio as soon as possible and some other way of 
recording/playing the sound may change that. 

As the face is controlled in the Tcl program it would probably be easier to synchronize if 
the sound was played in Tcl as well. 

Other issues 

Hardware specific 
The current program has only been tested with the D-Link modem mentioned earlier and 
with a modem borrowed from Intertex [32]. The solution with the audio cable from the 
modem’s speaker jack to the soundcard only worked with the D-link modem. This means 
that the program is not likely to work with any voice modem, for one thing all voice 
modems may not have a speaker exit to connect the cable to, or they may not have the 
special setting that will output audio through the speaker and input audio from a 
microphone into the modem and out on the telephone line. For this thesis project this is 
not a big problem, but in a future application it might be nice not to be constrained to 
using only a certain modem depending on how the system will be sold or distributed. 

Solution 
One solution could be to record the audio directly from the modem as mentioned in 
solutions to the delay problem. This might be a more standardized way of doing things 
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than connecting audio cables. Another solution could be using TAPI as it might be more 
standardized for this purpose.  

Using some other kind of hardware, for example a telephony card or an ISDN modem 
would not get rid of the problem of only being able to use one specific hardware product, 
but it might solve other problems as mentioned earlier.  

A whole other way completely would of course be to use IP-telephony instead of the 
normal telephony net. In this case no extra hardware is even needed. But as one of the 
basic ideas with the Synface project is to use a technology that everyone already has at 
home this solution is not suitable. 

Platform specific 
The current program has only been tested on the Windows 2000 platform. As it is using 
Java and Tcl – two languages that are supposed to be platform independent – the program 
should, in theory, be able to be run anywhere. However, if tested on for example the Linux 
platform it is most likely that it would not work without some minor (or major) changes. 
Naming the serial ports is one thing that is not platform independent, in Windows the com 
port the modem is using is named “COM1”, and on Linux “dev/ttyS0”. Since most 
potential users probably use Windows the platform dependence isn't a big issue in the case 
of this thesis project, this is possibly the case even for the Synface project. However, the 
later Synface prototype should preferably run on more Windows versions than Windows 
2000. This should be tested and fixed if it doesn’t work. 

Stability 
The program has not been tested for all possible things that can happen, and there are 
even some things that are known to cause the program to fail.  

The modem might get called with the wrong command when it is in a certain state that 
might just show as an error message or will make the whole program stop working. If the 
program is used in a normal way this should not happen, but a number of external events 
makes it possible anyhow. If the telephone cable isn’t connected to the telephone line and 
the user tries to make a phone call the program will first show an error message and give 
the user the option of restarting the program because the program won’t work in a normal 
way if the cable is connected after this error. 

There is no check for the command line arguments, if the arguments are provided the 
program will not work, it might throw a Java exception or just behave strangely. 

The phonebook file is supposed to be in a certain format so if the user edits the file by 
hand it might not work or at least look a little strange. 

Some of these issues must be dealt with before the prototype can be considered to be 
finished, but in some ways it is not part of the nature of a prototype to be failsafe. A future 
consumer product would of course have to be much more thoroughly tested. 

GUI 
One issue with the GUI is that no users have tested it. Some parts of the GUI may not be 
obvious to all users, for example the buttons that controls the face.  

Another thing is that it might be confusing to lipread a face that still isn’t a “real” face that 
can show emotions and make gestures. It would be interesting to find out how 
communicating using the face compares to pure telephone communication and real face-
to-face. 
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Source code quality 
Since the largest part of this thesis project has been spent trying to get everything to work 
the quality of the source code has mostly been ignored. Some time has been spent 
improving the code but before the project is finished more effort will be put into making 
the code more readable and useful for those who might use it to develop a new version of 
the program. 

Conclusion 
The implementation of the Synface telephone developed in this thesis project points out a 
number of issues. It shows that the idea is possible to implement, and that it seems to 
work with a cheap voice modem. 

The critical part of the Synface telephone turned out to be computer power. The speech 
recognizer and the calculation of the face configuration use a bit too much processing 
power for the telephone to be run successfully on the laptop computer used for 
development. The part of the program that suffers most from this is unfortunately the 
playing of the sound, and that is an essential part of the whole idea. 

The application needs a top of the line computer which means that the cost of the modem 
is insignificant. 

Creating a telephony computer program gives the possibility to implement many features 
that a normal telephone doesn’t have. But the hardware and performance is still the most 
important part, a nice user interface without suitable functionality is of no real use to a 
hard-of-hearing person. 

With a faster speech recognizer developed in the Synface project and an improved face the 
Synface telephone can become a useful aid for hearing impaired telephone users.  

Future work 
Apart from using a new speech recognizer and face and resolving the other problem 
mentioned earlier other things could be done to make the Synface telephone even better. 

It would be nice if the face could show some prosodic cues, like nodding at stressed 
words. It might also show emotions by smiling if the person at the other end sounded 
happy if this could be possible for the speech recognizer to make out. 

It could be interesting to investigate if it would be better to introduce a delay and letting 
the speech recognizer look at incoming speech after the phoneme before it decided which 
phoneme was spoken. The same idea could also be applied to the face. If the face could 
take more phonemes into account it might be able to create more appropriate tongue and 
lip movement. 

If the delay is so large that it disrupts turntaking an audio level display could be useful so 
the user can see that the other person is speaking even though he/she can’t hear it yet. 

One thing that could be added is some way of controlling the degree of facial movements 
from subtle to exaggerated [34]. 

A nice feature would be if the user could customize the appearances of the faces, perhaps 
starting from a number of different face models and changing color of the eyes, hair and 
skin. A basic set of face models would be one model each for woman, man, boy and girl. 
This would make it possible to create a face for each person in the phonebook. It would 
be interesting to find out if it was easier to lipread if the face looks more like the real 
person. 
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Another thing that could be useful is Caller ID, combined with customizable faces the 
program could automatically change the face if the number calling was in the phonebook. 
Another way of finding out who was calling could be to use speaker recognition.  

A further development of the Synface telephone to a consumer product would need to 
consider if it should be a computer application or a standalone hardware unit only used for 
the Synface telephone. 
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Epilogue 
After the first version of this thesis was completed some changes was made in the 
solution. First and foremost the speech recognizer was changed to a new one developed in 
C#. The new speech recognizer was made especially for phoneme recognition while the 
previous one was a word recognizer with some adjustments. The new recognizer also uses 
more low level routines for accessing the audio and is much more optimized and uses only 
a small percentage of the CPU. 

 Other than the new speech recognizer the telephone functionality was moved to the Tcl 
part so that the only thing left in Java was the speech recognizer. This also led to that it’s 
very easy to switch between the two recognizers. The functionality was also altered so that 
instead of waiting for “OK” after sending a command before sending a new command the 
new implementation send the command and waits a few hundred milliseconds before 
sending the next 

The command line arguments that were used in the old solution were moved to a file 
except the ones used for the Java speech recognizer. 

The new speech recognizer does not yet playback the audio, for testing purposes this was 
solved by replaying the audio coming in to the microphone jack in the soundcard directly 
out on the speakers. This creates a bad synchronization but some other way of playing the 
audio so it will be synchronized will be implemented. This can be done in the C# part or 
in the Tcl part depending on which makes the synchronization easiest. 

The new solution solves two of the problems mentioned in the Discussion section. The 
performance is better although not on the laptop which didn’t seem to be suited for the 
optimization and there was no real performance gain compared to the old recognizer. As 
the Synface projects proceeds new and better laptop will be available. The delay that 
occurred in the old solution most likely due to Java audio buffers is reduced to a 
minimum. 

 
Figure 9. New program structure 
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Appendix 

Protocol for telephone requests and events 
The telephone socket sends telephone requests from Tcl to Java and telephone events 
from Java to Tcl.  

Tcl can send the following requests: 

hangup, tells Java to put the telephone in the onhook state. 

dial <number>, tells Java to dial number if the telephone is onhook, and to send 
touchtones if the telephone is offhook. 

liftreceiver, tells Java to put the telephone in the offhook state, if there’s an incoming 
call this will result in this call being answered. 

Java can send the following events, (all events except HUNGUP and STOPPED_RINGING are 
taken directly from what the modem returns): 

HUNGUP, tells Tcl that the telephone is in the onhook state. 

RING, tells Tcl that there’s an incoming call. 

STOPPED_RINGING, tells Tcl that the incoming call stopped. 

BUSY, tells Tcl that the number called is busy. 

NO_CARRIER, tells Tcl that the modem returned NO CARRIER, this can happen when a 
command is performed in the onhook state that can only be performed when a call is 
connected. This will most likely not happen with the Synface telephone but if it does it 
might be nice for the user to know. 

NO_DIALTONE, tells Tcl that there’s no dial tone.  

VCON, tells Tcl that the call is connected, meaning the call has been placed, and not that 
someone has answered. The V in VCON stands for Voice. 

NO_TOUCHTONES, tells Tcl that it’s not possible to send touch-tones with the modem in 
use. 

ERROR, tells Tcl that a modem error has occurred, this may have many different causes. 

 
 


