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ABSTRACT
Electro-palatograph systems that allow time-synchronous capture of high-quality stereo sound interface.
the EPG data and the corresponding speech signal, typically require a
special interface card for the connection to a computer. This makes
them dependent on the type of computer and its operating system. Most modern modem techniques cannot be used for our purpose

Most computers used in speech research are nowadays equipped because they rely on bi-directional communication between trans-
with high-quality 16-bit stereo analogue I/O. We therefore explored mitter and receiver for phase synchronization and for error detection
encoding the digital EPG data in an analogue signal within the and correction. Since we also would like to implement the coder in
bandwidth and the dynamic range required for a high-quality speech relatively easy to build hardware, we have to turn to basic modem
recording. This analogue EPG signal may then be recorded on any techniques. These consist of modulating one or more of the three
PC, MAC or workstation having such a sound interface. Recording it parameters of a sine wave:  amplitude, frequency and phase. From the
in stereo with the speech signal ensures perfect time-synchronization. abundance of possibilities we eventually chose multi-tone modulation
System-dependency is thus reduced to the decoding and display with block coding. I.e., all bits from one scan of the electro-
software. palatograph are encoded in the amplitudes and frequencies of the

We illustrate the coding and decoding principles by describing an components of a brief complex signal. Short pauses separate the
experimental hardware implementation of the coder and the decoding signal blocks for each scan. We do not claim that this is the only
software. possibility or even the best, but it is easy to implement in hardware

1. INTRODUCTION
Whereas in clinical applications of electro-palatography a real-time Next, the timing and coding parameter values have to be
display of the EPG data is required, in phonetic research and established. For this we take the electro-palatograph developed at
education it is desireable to have a time-aligned computer recording IPDS [5] as example. It has been designed for artificial palates with
of the EPG data and the corresponding speech signal. Because the 70 contacts and scans these in 7 ms. A 1ms pause preceeds each scan
EPG data are digital and the speech signal is analogue, recording for synchronization purposes. A scan is normally started by the end of
them in a computer would require two different interfaces. Synchro- the previous scan but may also be triggered by an external signal. The
nizing these interfaces is very difficult if not impossible. The solution 1ms pause appeared to be too short for our hardware to switch the
to this problem is to convert one of the signals to the domain of the amplitudes and frequencies of the tones. We therefore reduced the
other and use one interface to record them. Thusfar, the choice has scan rate to 100 Hz and selected the EPG frames to consist of 8ms
been to digitize the speech signal. data blocks, separated by 2ms pauses.

The only manufacturers we know of, that offer synchronous The length of the data block gives us the next parameter, viz.,
recording are Kay Elemetrics [1, 2] and Reading/Millgrant Wells [3]. the minimum frequency difference between adjacent tones. It can be
Both produce a system for a PC with external A/D conversion for the shown that for adjacent tones not to significantly influence each
speech signal and a special digital interface card. A drawback of these other’s amplitude in a short-term frequency analysis, they must differ
systems is that this card restricts their use to PCs and often to a single by at least 500 Hz. To reduce signal distortion resulting from the
machine. switching to and from pauses, we also decided to have the tones start

With its latest product, the EPG3+ [4], Reading took to and stop at a zero-crossing. This restricts their frequencies to integral
converting the EPG data to the analogue domain. Now, a stereo multiples of 62.5 Hz. A reference is necessary to decode the
sound interface, available on most computers used in speech research, amplitudes of the tones especially if more than 2 bits are used in the
could in principle be used to record the signals. Unfortunately, they amplitude code. We therefore included an extra tone with a fixed
chose to encode the EPG data by modulation of the amplitude of a frequency and amplitude. This reference tone also facilitates detection
square wave. The band-pass filtering (DC-decoupling and anti- of the data blocks. 
aliasing) incorporated in a standard sound interface distorts such a  We can now compute the number of tones needed to encode the
signal beyond recovery. A special sound interface, which has no such 70 bits as a function of the number of bits used for amplitude and for
filtering, and external band-pass filtering of the speech signal is there- frequency coding. This also gives us values for the bandwidth and
fore required. Again, the use of this system is restricted to those dynamic range of the coded EPG signal. Tendencies are that in-
computers to which such an interface can be connected. creasing the number of bits in the amplitude code decreases the

Developments in modem techniques have shown that it is bandwidth but increases the dynamic range. Increasing the number of
possible to transfer digital data at relatively high rates over the bits in the frequency code results in a steady decrease of the dynamic
analogue telephone channel. We therefore explored whether such a range. The effect on the bandwidth depends strongly on the number
technique could be used to encode the EPG data into an analogue of bits in the amplitude code. It turns out that a combination of a 5-bit
signal within the bandwidth and the dynamic range of a speech amplitude with a 2-bit frequency code is about optimal. The
recording. If this would be the case, the encoded EPG data could be corresponding bandwidth is just below 7 kHz, allowing a sampling

recorded together with the speech signal on any computer having a

2. CODING PRINCIPLE

and decoding, including retrieval of the scan clock, is relatively
simple. 
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rate of 16 kHz for the recording. The dynamic range is 57 dB, which
is still within the 60 dB SNR reported for some PC soundcards.

3. A HARDWARE CODER information for one of the generators GEN1 ... GEN10. Two bits are
We implemented an experimental hardware coder (see block diagram
Figure 1.). It essentially consists of a set of sine generators with
digitally controlled frequencies and amplitudes, and a microcontroller
with some peripheral electronics to read the EPG data and set the
generators accordingly. 

Figure 1. Block diagram of the experimental hardware coder. 

3.1. Coder Structure. 
The eleven generators (GEN1...GEN10, GENR) are identical. Each
one consists of an integrated precision sine generator (with a signal-
to-noise&distortion ratio better than 45 dB) [6] and a multiplying
8-bit D/A converter. The generator chip may be set to a discrete
frequency, its output acts as reference voltage to the DAC. Thus, a
tone with digitally controllable frequency and amplitude is generated.

Ten generators (GEN1 ...GEN10) produce tones with frequen-
cies and amplitudes varying from frame to frame, depending on the
input EPG data. One generator (GENR) acts as reference signal
source with fixed frequency and amplitude. The generator signals
(Sine1... Sine10, SineR) are fed into a summing amplifier which
outputs the analogue EPG signal.

The BASIC-Tiger microcontroller (manufactured by Wilke
Technology [7, 8]) is a small self-contained processor with a number
of I/O ports, 128 kByte on-chip data RAM and 128 kByte code
FLASH-ROM. It may be connected to a PC via a serial port (not
shown in Figure 1.) for easy software download. The microcontroller
is programmed in a BASIC dialect. A development system with
extensive editing, compilation, download and debugging facilities,
ensuring fast software development cycles, is available on a PC under
WINDOWS 3.1 or WINDOWS 95.

Two blocks of peripheral electronics are connected to the
microcontroller. The timing and control unit establishes the EPG
frame timing and allows user control of different operation modes
(see below). The EPG interface converts the serial EPG data into
byte-parallel input to the microcontroller.

3.2. Operation. 
The timing and control unit issues the hardware defined periodic Sync
signal which establishes the EPG frame timing: Whithin the frame
duration of 10 ms the generators output sine signals during 8 ms
(‘active phase’). During the remaining 2 ms (‘pause phase’) the
generator outputs are switched to zero. The EPGtrig signal is output
at the appropriate time within the frame cycle to trigger the EPG
equipment to start a scan of the artificial palate contacts. The result is
the serial signal EPGdata, with EPGclock as its serial clock.

The 70 bit per frame of EPGdata are converted into ten 7-bit
portions by the EPG interface and input to the microcontroller. Each
portion is used by the program as frequency and amplitude

used to select one of four possible frequency codes for a generator
from a table, the remaining five bits are used as the five MSB of its
D/A converter. The three LSB are always set to binary 100, thus
maintaining a generator amplitude greater than zero which is
necessary for the decoding software to detect the frequency.

Figure 2. shows a typical FFT spectrum of the coder output
during the ‘active phase’. The signal consist of eleven discrete sine
components. GENR is always running at maximum amplitude
(approx. 62 dB). In this frame, GEN3, GEN6, GEN7 and GEN8 are
running at the minimum amplitude (approx. 33 dB).

All data for the generators are processed and stored during the
‘active phase’ of Sync. They are conveyed to the respective generator
(GData) during the ‘pause phase’. Also at that time the reference
generator GENR is set to a fixed frequency and maximum amplitude.
During the next ‘active phase’ the generators run with these values.
Thus, the analogue EPG signal contains the coding of the previous
EPG frame. This time delay of one frame is cared for in the decoding
software.

                  GEN1  GEN2  GEN3  GEN4  GEN5  GEN6  GEN7  GEN8  GEN9  GEN10  GENR

Figure 2. Typical FFT spectrum of the coder output.

The coder may be operated in one of two modes: In the ‘run’
mode the coder processes the incoming EPG data as described above.
In the ‘calibration’ mode it produces a periodic signal with a fixed
sequence of 64 frames, each with selected combinations of
frequencies at maximum amplitude (see 6. CALIBRATION).

The analogue EPG signal is recorded together with the speech
signal into a stereo signal file with 16 kHz sampling frequency and 16
bit resolution. For the user’s convenience a microphone preamplifier
is built into the coder device. Any common speech file format (raw
PCM, RIFF-WAVE, AIFF) will be accepted by the decoding
software.

page 2256 ICPhS99          San Francisco



Figure 3. Xassp palatogram display of the word sickly in the utterance This meal has a sickly taste.

4. DECODING SOFTWARE
After splitting the stereo recording into speech and EPG signals, the chosen such that it can very easily be processed further and,
first task of the decoding software is to establish the boundaries of the intrinsically, carries information about the lay-out of the contacts on
data blocks. This is not only necessary for time alignment with the the artificial palate. It is plain ASCII with one line per scan. Each line
speech signal, but also for a proper placement of the analysis consists of fields, separated by tabulator stops. The first field gives the
windows. To this end, the EPG signal is passed through a resonance reference time of the scan, the other the data per row of contacts on
filter tuned to the reference frequency, followed by a short-term the palate. Each data field contains 0s and 1s separated by a single
energy detector. Significant dips in the energy countour reveal the space, giving the state of the contacts in that particular row.
location of the pauses between the data blocks. Using the -known-
duration of a data block, a first estimate is made of their boundaries.
To reduce the jitter in these boundaries, a long-term average of the A palatogram display has been added to our speech processing
distance between adjacent data blocks is calculated. Then, that program Xassp [9]. The height and width of a palate image are
reference point is established, where a grid, based on this average user-defineable and the display will show as many images as fit the
distance, best matches the first estimates of the boundaries. The use window. One may therefore choose between displaying a single, large
of a measured average distance rather than a fixed distance based on image or one or more rows of smaller ones (Figure 3.). The palato-
the coder’s timing, also compensates for any drift in the boundaries gram display may be attached to a display of the speech waveform, in
due a mismatch between the timing clock of the coder and the which case it follows the cursor position in the speech window. That
sampling clock of the sound interface. is, the palate image corresponding to the cursor time is put in the

Next, the intervals in the original EPG signal, corresponding to centre of the window and is highlighted. The palatogram display may
the data blocks, are subjected to a short-term frequency analysis. The also be frozen. Then, when the cursor is in the palatogram window,
signal interval is multiplied by a window function and its amplitude the corresponding position in the speech window will be marked. The
spectrum is calculated using an FFT. Because the frequencies of each display may be combined with other displays such as spectrogram,
tone are such that they coincide with FFT frequency points, decoding section and labels. 
consists of scanning these points for the one with the highest
amplitude. This delivers both the frequency and the amplitude of the
tone. Retrieval of the corresponding code values is by table look-up Since multiple tones are used, the frequency response of the sound
for the frequency value. For the amplitude code, the amplitude of the interface may influence the amplitudes of the tones. The coder
reference tone (which corresponds to the maximum code value) is therefore has a mode to generate a calibration signal the frequency
used for the conversion. response can be measured with. This signal has the same temporal

Finally, taking the coding delay into account, the retrieved EPG structure as the EPG signal, but the amplitudes of all tones are fixed
data are aligned with the speech signal and both are trimmed to cover at their maximum value and their frequencies are varied system-

the same time interval. The output format for the EPG data has been

5. DISPLAY

6. CALIBRATION
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atically. The decoder also has an option to evaluate such a calibration This results from the fact that all information regarding the coding
signal. Here, the processing steps are identical up to the evaluation of and the layout of the artificial palate are kept in a configuration file of
the amplitude of the tones. Rather than decoding them, the average the decoder software. Also, that the display software takes its
value is determined for each frequency of each tone. Correction information from the format of the EPG file. All that is needed
factors with respect to the average amplitude of the reference tone are therefore is an adapter cable for the connection to our palatograph
calculated and stored in a file. In normal decoding mode, this file is and an appropriate configuration file.
read first and the correction factors are applied prior to the amplitude To use an artificial palate with fewer contacts than ours, e.g.
decoding. from Reading (62 contacts) or RION (63 contacts), the easiest way is
 Since the frequency response of the sound interface will not to leave one tone (and, for the Reading palate, one frequency of
change much over time, recording and decoding a calibration signal another tone) unspecified in the configuration file. The adapter
need only be done once in a while. In fact, one may even wait until should leave the corresponding leads to the palatograph open. For
the decoder starts reporting or producing unreliable results. A positive palates with more contacts, like Kay (96 contacts), one has to decide
side-effect with respect to our hardware coder is that its frequeny which ones to leave unconnected. Finally, the configuration tables
response is included in the calibration. There is therefore no need to containing the layout of the palate and the correspondence between
match the amplitudes of the tone generators very carefully. The the contacts and the code bits have to be adjusted. 
calibration signal further contains frequent occurrences of the maxi-
mum amplitude an EPG signal can reach. It is therefore ideally suited
to set the recording level for the EPG signal to a near optimal value.

7. DISCUSSION principle. Further development aims at implementing the coding
We have shown that it is possible to encode EPG data in an analogue
signal that may be recorded in stereo with the speech signal on a
computer’s sound interface. We have also shown that the coder can
relatively easy be implemented in hardware. Several other aspects of
this set-up will be discussed below.

7.1 Decoding reliability. speech and analogue EPG signals in stereo.
Software emulation of the coder in combination with the decoding
software has shown that decoding random data is error-free up to
SNRs nearing the 57dB dynamic range of the coder signal.
Emulation of all distortions present in an actual sound interface,
placed in a noisy computer environment, is very difficult. Our
estimates of the reliability are therefore based on visual inspection of
palatogram displays and on trace output of the decoding software.
The latter gives information on the shape of the peaks in the FFT
spectra and on the difference between the measured amplitudes and
the post-hoc expected values. We have thusfar tested the system with
four sound interfaces: two PC soundcards and the built-in interfaces
of a PC notebook and an SGI O2 workstation. Of these, distinct
errors were only found for one of the PC soundcards. Although the
actual bit error rates are very low at less than 0.05%, they affect the
impressionistic trustworthyness of the palatogram display. We have
not yet been able to pin-point the source of these errors, except that,
in processing the EPG signal, the soundcard appears to produce
strong low-frequency distortion.

7.2 System-independency. 
Our main aim was to make synchronous recording as system-
independent as possible . From the above, it may be concluded that
recording is indeed not restricted to a single type of computer. It
should be noticed that the three phases (recording, decoding and post-
processing, like display) may be done on completely different
systems. We, for example, use a recording tool on a PC under
WINDOWS 95, then transfer the signal file to PC Linux or SGI IRIX
for decoding and display under X-Window. The decoding software
has been written in ANSI-C and should therefore be portable to most
computers. The only restriction lies thus in the display software.

7.3 Using other artificial palates. 
Artificial palates constructed for other electro-palatographs, may be
used with our system with very little effort. Neither the palatograph,
the coder nor the decoding and display software has to be changed.

7.4 Further developments. 
The hardware coder ist still experimental with hardware generators
and easy-to-change software to test various aspects of the coding

totally in software. This will require a sufficiently fast microcontroller
which is able to compute the complete output signal from a sine table
within the given frame duration of 10 ms. 

One goal would be to integrate this coder with the EPG
multiplexer hardware into a small portable device to which an
artificial palate and a microphone is connected and which outputs the

Other applications of the coding principle within the range of
phonetic laboratory use can be thought of. Whenever digital signals of
moderate data rate (< 7 kbit/sec) have to be recorded synchronously
with the speech signal, this coding principle would be feasible. One
example is the reaction of test persons pressing buttons during
listening experiments.
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