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ABSTRACT

A new system for speech enhancement named '"fast expansion," has
been designed, developed and demonstrated. It removes reverberating
tails and low amplitude noise from speech. The system developed has
two channels under minicomputer control and can be expanded to more
channels. The minicomputer allows great flexibility, and threshold
level can be adjusted independently for each channel. The completed

system gives the expected results, and this hopefully will open a new

venue for research in speech enhancement.
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CHAPTER I
INTRODUCTION

The problems of measuring and iﬁproving the intelligibility of
speech are as old as speech communication itself. Speech signals which
have been combined with noise often become unintelligible, yet the
understanding of contaminated speech 1s essential in many practical
situations.

Extensive research in this general area has been performed by many
investigators including Professor Igor Nabelek of the UTK Audiology and
Speech Pathology Department. He recognized the need and usefulness of
studying the effects of a new technique of enhancing speech intelligi-
bility called "fast expansion." However, a computer-aided search of
the literature revealed that no work on this specific subject has been
published.

This thesis describes the development of a system to investigate
fast expansion as a tool for improving the intelligibility and quality of
an audio signal. It begins by presenting history‘and background materfal
on the general area of speech intelligibility in Chapter II. The next
chapter describes fast expansion and the overall structure of the system,
Chapter IV describes the speech processing system. In Chapter V results

are evaluated. Finally a summary, conclusions and suggestions for further

study are presented in Chapter VI.



CHAPTER T1I
REVIEW OF DEVELOPMENTS IN SPEECH PROCESSING
I. ERAS OF ADVANCEMENT

Although the problems of measuring and improving the intelligibility
of speech are as o0ld as speech communication itself, very few scientific
investigations were undertaken until the telephoﬁe was invented. Ancient
theaters used reflectors and resonators to improve audibility, but there
seems to have been no work for speech enhancement (improving intelligi-
bility of speech). Medievel buildings had reflectors and daises (raised
platforms), but little attempt was made to suppress echos or to find their
effects on intelligibility until the nineteenth century. Spoken word
testing for deafness began in the sixteenth century or earlier, but there
were no scientific tests of hearing loss for speech until the twentieth
century.

Then the field seems to break rather conveniently into three eras,
each with a dominant academic discipline, each with a new device that
made major advances possible. The first period is that of the physicists,
the vacuum tube amplifier, and the telephone laboratories; the second is
that of psychologists and otologists, the tape recorders and the
university laboratories. And the third is that of the stored program
digital computers and its engineers.

The first period extends from before World War I to the middle of

World War II. World War I created new problems. Two early patents for




noise-canceling, pressure gradient microphones specifically cite airplane
noise as the origin of the requirement (1). Soon the vacuum tube amplifier
and its associated electrical components allowed investigators for the
first time to control and to measure accurately and easily the levels
at which signals and noise are received, transmitted, and presented to
listeners over a wide variety of transducers. Before that, voices
could be made to sound louder to the listener only by speaking more
loudly. This procedure changes the spectrum, timing and pronunciation
of the speech and the distribution of the sound field around the head of
the talker or listeners. Now, losses due to transmission or filtering
could be compensated, spectra shaped, and noise introduced in controlled
amounts at various points in the experiments. The whole field of signal-
to-noise and band-width experiments was open to investigators. The
investigators who generally had been trained in physics departments were
learning and doing things that today are more likely to be taught in
engineering, audiology or psychology departments. The laboratories of
telephone organizations were dominant. A conspicious and important
establishment was the Bell Telephone Laboratores in the United States
of America. A great deal of pioneer research on speech and hearing has
been done there.

The second period in the field extends from the middle of World War
IT to the early 1960's. Although during the war all nations had the
same problem of communication in noise in ships' engine rooms, armoured

vehicles, and aircrafts (where high altitude and oxygen masks introduced

additional problems), the USA was the only nation that placed a high




priority on the problems and had sufficient scientific resources to

allow considerable concentration of work on them by several laboratories
and training stations. As a result, at the end of the war there was a
reserve of research and development achievements and manpower trained in
this branch. In this period an important development was the tape
recorder (2), a device as well suited to encourage research in experimental
audiology as the amplifier had been in physics. The device made possible
for the first time the easy and accurate reproduction of noise and speech,
precisely the same every time, or with changes in sequence duration,
intensity, phase, frequency, or other modifications all precisely
controlled. No doubt disc recording had permitted some of these controls
but discs did not permit as many variations in technique as tape recorders
did.

In the early 1960's the digital computer became an important tool in
speech intelligibility research. First as a controller, analyzer, and
synthesizer of speech itself and then as a controller of experiments and
as an analyzer of the results. The physicists, engineers, and audiologists
learned to use the machines for their purposes but the chief contributions
during this period have come from the investigators who are sufficiently
familiar with the computers to be able to identify themselves as computer
engineers. We are living in this period and it seems that research and

development on the intelligibility of speech will continue to show great

progress.




I1. TECHNIQUES FOR MEASURING AND IMPROVING
INTELLIGIBILITY

Speech signals which have been combined with noise often become
unintelligible but the understanding of speech contaminated by the
presence of noise is an important consideration in many practical
communication situations. For example, factory workers who receive
information from public address systems or pilots who require accurate
instructions from ground stations need to obtain intelligible signals.
One method for improving the intelligibility of speech in noise 1s to
simply decrease the output level of the noilse generating source. Another
procedure involves increasing the volume of the speech signal, thereby
producing a more favorable signal-to-noise ratio. But sometimes these
techniques are not feasible or economical.

Human sensory perception is facilitated by the brain's processing
of information transmitted to it along nerve bundles from peripheral
organs. In auditory perception it is known that a stimulating acoustic
waveform i1s first processed by auditory mechanisms which are peripheral
to the brain. This peripheral processing ultimately converts acoustic
energy into neural impulses. Neural information is then transmitted
along the auditory nerve into a complex of ascending neural pathways
reaching to the auditory cortex of the brain (3).

The idea of acoustic signal processing is to identify the type of
distortion present and to do something electrically to the signal that
is equal but opposite to that distortion. This approach, when effective,

accomplishes what has sometimes been called the "transparent amplifier" (4).




In principle it is possible to undo in advance, electronically, the
damage that is going to be done to the signal when it gets into the ear
of an impaired listener. To determine exactly what distortions would
take place in the ear, clinical tests are required such as those
reported in the case of Mary Ann Mirmelstein of Newport News, Virginia (5).
She became strangely unresponsive after a bout with measles when she
was three years old. She went through a long series of tests and at
last was declared as deaf. Then at age 27, she met Charles I. Berlin,
an audiologist who heads the Kresey Hearing Research Laboratory of the
South in New Orleans. Using special equipment Berlin was able for the
first time to provide a precise diagnosis of her problem as "ultra-
audiometric" hearing (which is very uncommon) the capacity to hear, but
only at extremely high frequencies. Once the problem was identified,
Berlin developed a device that "translates" low frequency sounds into
the range at which ultra-audiometrics could hear them.

In most situations which require speech processing, the redundancy
of human speech is exploited. Figure 1 1is from the old experiments by
French and Steinbert (6). Using various filters, they determined how much
speech information was in the high frequencies and in the low frequencies,
finding a crossover point at about 1900 hz. As it can be seen, about
70% intelligibility if the filter passes everything above 1900 hz, and
about 707% if passes everything below. If there were no redundancy,
the figures would be 50% above and below.

Figure 2 says essentially the same thing, showing the cumulative

relative intelligibility attributed to frequency. The ordinate, the
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articulation index, departs from zero at about 250 Hz and reaches an
asymptote at about 7,000 Hz, implying that there is no speech information
below 250 Hz or above 7,000 Hz. Thus, when speech is completely filtered
below 250 Hz and above 7,000 Hz, there should be no decrement in the -
intelligibility score.

These data form the basisvfor the articulation index, which involves
breaking this 250-7,000 Hz range into several bands, each of which
contributes the same amount of information to the overall intelligibility.
If one really wants to predict what the effect of noise on the perception
of speech 1s going to be, he must use the articulation index. The
theory is straightforward enough. The speech range is divided into 20
segments, each of which contributes, theoretically, 5% to total intelligi-
bility. It is necessary to compute the speech signal-to-noise (S/N)
ratio in each of these bands for the particular speech and noise concerned.
These ratios are then divided by 30, multiplied by 5%, and added together.
The tacit assumptions are that when the S/N ratio is 0, there 1s no
contribution to intelligibility by the speech energy in that band, that
at S/N = 30 db, it is contributing all it can, and that the contribution
is otherwise proportional to the S/N ratio. The articulation index
works fairly well in predicting about how much speech will be heard in
a particular situation (7).

Measuring and improving speech intelligibility has application
to many fields like architectural acoustics, audiology, communication
engineering, speech synthesis and analysis, speaker recognition, etc.

Audiology was the first field studied, beginning in the 19th century.



Remarkable development occurred in the 20th century mainly due to
advancements in the sciences of neurology, linguistics, perceptual
psychology, phonetics, electronics and computers.

Several methods have been proposed to date to enhance the quality
and intelligibility of speech signals embedded in noise. The following
is a 1list of some methods used for speech enhancement (S):

1. Peak Clipping

2. Center Clipping

3. Signal Companding

4. High Pass Filtering

5. Selective Processing

6. Multi-microphone Mixing

7. Linear Spectral Subtraction
8. Power Spectral Subtraction
9. INTEL Technique

10. Perceptual Subtraction

11. Optimum Weineeriltering

12. Adaptive Comb Filtering

13. Harmonic Location and Selection

14, Adaptive Noise Cancelling Technique

15. Vocoder based on using All Pole Model of speéch

16. A Critical Band All-Pole Vocoder

17. Vocoder based on using a Pole-Zero Model of Speech

18. Vocoder based on a Nonparametric Model of Speech

19. Squelch Circuit

20. Combination of two or more of the above techniques
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All these methods have their own advantages and disadvantages and
combinations may be chosen. But surprisingly, fast expansion is not
mentioned anywhere as a method for improving the intelligibility of audio
signals. 1In this thesis the implementation of this new technique will

-be described.




CHAPTER III

SPEECH PROCESSING TECHNIQUES
I. FAST EXPANSION

Fast expansion is the name given to a process in which the central
band of a time varying signal is cut down and brought to zero while the
remaining portion is left unaffected. The levél of signal where this
operation takes place is adjustable and called the threshold value.

This definition is absolutely true only when the ratio of expansion is
one to infinity, i.e. if the output goes from zero to the input signal
value after the threshold point in practically no time. This 1is shown

in Figure 3 and Figure 4. When the expansion ratio is other than one to
infinity, the graphs will be as shown for three cases in Figure 5 for

the expansion ratios of 1:2, 1:5 and 1:10. When the input signal reaches
a point "A" the output starts increasing gradually. This increment
depends upon the ratio of expansion. Beyond the threshold value "B"

the output becomes the same as the input.

To understand the process more fully, consider the simple example
of the sine wave shown in Figure 6. It is processed with an infinite
expansion ratio with the threshold level set at "B." After processing,
the signal will look like that shown in Figure 7. We can see that
harmonics are introduced due to processing. This causes the distortion.
So we pass it through a bandpass filter to eliminate the harmonics.

After filtering we again get the same curve as in Figure 6.

11
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A more realistic situation is evident when the pulses of the pure
tone signal of Figure 8 are combined with the white noise of Figure 9.
After addition, the signal becomes like that shown in Figure 10. When
processed using infinite ratio fast expansion transform, the signal
becomes like that shown in Figure 11 after filtering. It is evident
that noise between the two pulses has been removed completely yet the
signal to noise ratio has remained unaffected. The same process can
be employed for speech signals to remove the reverberating tails and
eliminate the noise in pauses between words.

The characteristic of the waveform obtained by fast expansion
can be evaluated mathematically. It can be seen that the waveform shown
in Figure 12 after processing is the summation of Figure 13 and 14
The function of Figure 14 can be defined as follows.

£(6)

-8n6 0<6<B
T-B<B<T+B
2mr - B <6 < 27
=0 elsewhere
This is an odd function so aﬁ = 0 and the period is from -m to m.

=2 "
by = 5 jﬂ £(8) Sin nb do

2 m
2 [ £(8) Sin n8 do
m o]

2 m
- f Sin 6 Sin n6 a8
T o

B m
:ﬂl[j SIn 6 Sinn 6.d 8 + | SinGSinanG]
o m-B
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£ =2 (8028 gl gyy9-(Sin 2B _ Sin 4 B} g4y 3 0
o 2 2 4

-(Sin 4B _ Sin 6 B) Sin 6 + . . . .]
A 6

Therefore, the waveform obtained by fast expansion can be

represented as follows.

£ (9)

Sin 6 + 2 |{8in 2 B _ B) Sin 6 - (Sin 2 B _ Sin 4 B) g4, 3
m 2 2 4

_(?in 4B _ Sin 6 B) Sin 6 4. . . .
4 6

where 6 = Wo t

B

Sin~! (threshold value)

Assuming peak value as unity.

" IT. CENTER CLIPPING

It will be helpful for comparison and evaluation of results to
describe another technique in use for speech enhancement called "center
clipping." 1In this technique, the center portion of the signal is
cut down and brought to zero while the threshold value is subtracted
from the remaining portion.

Again consider a sine wave like that shown in Figure 15, having a
peak value greater than the threshold value. Center clipping produces
the signal shown in Figure 16, which is obviously différent from that

shown in Figure 7, page 14, produced from fast expansion.
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Figure 16.

Sine wave after center clipping.
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ITI. SQUELCH

For many years squelch circuits have been employed in fadio
recelvers to cut off the receiver output when the incoming signal is
below a threshold value (8). This technique is illustrated in
Figure 17 and Figure 18. Fast expansion differs from the squelch
technique in that the digital method totally removes the central
portion of the signal. This procedure eliminates the reverberating

tails and noise present in between words completely.



24

Voltage

Figure 17. Input signal.

Voltage

Figure 18. Input signal after passing through squelch circuit.



CHAPTER IV
MINICOMPUTER-BASED SPEECH PROCESSING SYSTEM
I. STRUCTURE OF THE EXPERIMENTAL SYSTEM

A block diagram of the minicomputer-based system for speech
processing is shown in Figure 19. Signals from the tape player and
noise generator are mixed through attenuators so that the levels of
speech signal and noise can be adjusted independently. The tone
generator can also be used in some experiments instead of the tape
player. After mixing, the signal is amplified to the desired level.
Then this signal is fed to the computer through two bandpass filters,
with one band an octave higher than the other. The analog-to digital
converter (A/D) encodes the analog signal into a digital code and
makes it available to the computer for further processing. ' The
second channel of higher frequency bandwidth is sampled twice as
fast as the first one. After the computer does the desired processing,
analog output is made available through the digital-to-analog converter
(D/A) at two output terminals called x and y. This discrimination
is done so that bandpass filters of respective bandwidth can be
employed after processing to avoid the distortion produced by the
processing. These two signals are mixed again after passing through
the bandpass filters. Then the signal 1s amplified or attenuated to
adjust the desired level of output. Now this signal can be listened

to, displayed on an oscilloscope or recorded for further use. The

25
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original input signal is also made available here through switches in

order to compare the processed signal with the unprocessed one.
II. SAMPLING OF AUDIO SIGNALS

To implement fast expansion in real time some care in writing
software must be taken. The Nyquist theorem suggests that a signal
must be sampled at least twice the highest frequency component present
in it in order to recomstruct it faithfully. This imposes an upper
limit of time between two samples. For example, a band of 0-4,000 Hz
should be sampled and processed at the rate of 8,000 samples/second.

So it is obvious that the amount of software that can be written for
processing is limited primarily by the processor execution speed
rather than the amount of memory available.

In multichannel processing sampling no longer need be twice the
highest frequency component of a particular band sampled. Because
a bandpass signal can be sampled in proportion to its bandwidth instead
of the highest frequency component present in it. Since it has
spectral components only in the range Wy <w< W, + Wes the minimum
sampling rate 2Wg can now be realized only for certain discrete values
of (W, + Wf)/Wf. For other ratios the minimum rate will be somewhere
between 2W¢ and 4Wg as determined from the sawtooth plot shown in
Figure 20 (10). This procedure can be exploited to allow more time for

processing when the minicomputer based system is expanded to more

channels.
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III. INPUT/OUTPUT MODULE

Analog signal voltages are made available to the computer by a
multiplexed A/D converter. Multiplexing allows all sixteen channels
(however, only two channels have been implemented to date) to share
a single high speed converter, saving hardware and decreasing the
cost. Since the minicomputer is a generai purpose machine, it makes
sense to have an analog to digital conversion subsystem that is
capable of all expected sampling requirements. A moderate speed
converter (10 microsecond conversion time) with twelve bit capability
was chosen, to allow full audio bandwidth signals to be digitized
with reasonable accuracy. The analog data acquisition module used is
a Data Translation model DT 1761. This module provides results up to
a 100 khz rate and includes a software programmable multiplexer for
sixteen channels. The multiplexer can be programmed to increment
automatically to the next channel on each conversion if desired. 1In
addition, DMA (direct memory access) capability is included so that
conversion can be made and data stored at high speed without processor
intervention. Interrupts can be generated on completion of conversion
or of DMA transfer. The complete analog interface is contained on a
single 10% by 85 inch (quad size) printed circuit card that plugs into
the PDP11/23 backplane. The detailed specification are given in

Appendix A.
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IV. COMPUTER

Several factors were considered in choosing the computer. The
processor had to be capable of signal analysis and desired processing
at the required speed. Secondly it must provide facilities for
software development. The above considerations led to the selection
of Digital Equipment Corporation PDP 11/23 minicomputer for the
system. This processor uses data 16-bit words and can operate
efficiently on 8-bit bytes. The winchester disk associated with it
has 31.5M bytes of memory. Although it is dedicated to fast expansion

for our purposes the computer can be used for monitoring other experi- .

ments as well,

V. SOFIWARE

The general flow chart is shown in Figure 21. 1In the first step,
the user is asked to specify the threshold values of both channels.
These values are converted to octal and then stored in memory locations
allocated for them. Then the main program starts the data conversion.
After processing, the signal 1s converted to an analog signal and is
sent to the outside world.

The easiest and most direct method‘of sampling the two channels 1is
to sample each channel once per program loop. No doubt this is a
simple method but this scheme is inefficient. Since the sampling rate
of a signal depends upon its frequency, it was decided to sample the

band which is one octave higher than the other, at twice the rate.
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Figure 21. General flow chart.
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All programs were written in PDP-11 assembly language and are
given in Appendix B. Detailed flow charts are given in Appendix C.
The source code was edited, assembled and converted to object code

using the RT-11 operating system (10).
VI. TFAST EXPANSION

First of all, threshold values of the two channels are stored in
different registers. This is done in order to get the maximum speed
of processing. After that, A/D conversion is started at channel O.
The program waits until data is available at the A/D Data Buffer
Register (ADDBR). Then this data is transferred to register RO for
further processing. This digitized data 1s then compared with its
respective threshold value. If it falls below it, D/A Data Buffer
Register (DACDBR) is cleared; otherwise, the same value is transferred
to DACDBR. Then output is made available to the outside world through
output channel X. Now control is transferred to get the data from
channel 6 and the same processing is performed except that now D/A
output is made available at terminal Y. The system samples and
processes channel 6 once more before going back to channel 0. The
entire procedure is then repeated indefinitely.

In Figure 22 the timing diagram of a typical channel is shown.

It takes 43.8usec. to complete the entire process for one sample.
The sampling rate is therefore 22,800 samples/sec. Figure 23'sh6ws
the sampling algorithm employed that results in sampling channel 6

twice as fast as channel O. It shows that sampling of channel 6 is
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uneven which caused no problem since the sampling rate was much higher

than suggested by the Nyquist theorem.
VII, INPUT

In this subroutine, values are taken from the terminal and
checked for the legality of the characters. If any 1llegal character
is typed or if more than four digits are input, then after hitting
the return key causes the subroutine to give an error message and go
back to the beginning of the subroutine. If the delete or rubout
key 1is struck on the terminal, the program deletes the previous input
character. If the user inputs the legal value defined by the program,

it will store this value in register RO properly and control will be

returned from the subroutine.
VIII. GET

This program was written to assist the user in adjusting the
threshold values from the terminal by answering the questions asked
by the computer. First of all, it gives the message that information
regarding the use of this and related programs can be found in the
file named Proj.Hlp. Then it asks for threshold values (positive or
negative) for a particular channel. After asking this question control
1s transferred to subroutine INPUT. Then the input value entered from
the terminal 1s converted into the desired octal number and stored in
a location reserved for it. The next question is then asked and so
on until the user reaches the end of the program, where control is

transferred to the main program.
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IX. CENTER CLIPPING

This program implements the center clipping technique described
in Chapter III. First of all, it compares the digitized value of
the input signal to the threshold value. If it falls below the value,
the output buffer is cleared, forcing the output signal to zero.
Otherwise, the threshold value is subtracted from the input value and
the result is moved to the output buffer. The reverse is true for the
negative half cycle. Like fast expansion, it also samples and processes
channel 6 twice as often as channel O. The output for bofh channels

are made available at output channels X and Y respectively.
X. PEAK CLIPPING

This program also makes use of GET and INPUT to receive the
threshold values from the user's terminal. Once these values are
obtained, it operates in the same manner as fast expansion or center
clipping. It initiates the data conversion at channels O and 6;
processes the data and delivers the output signals to the respective
output ports. The only way it differs from the other two programs is
the processing algorithm. The digitized signal is transferred
directly to the output buffer if it falls below the threshold value.
Otherwise, it 1s clipped by transferring the threshold value to DACDBR

for output. The reverse 1s true for the negative half cycie.




CHAPTER V
RESULTS

Two types of experiments were carried out using this system of
fast expansion: one using a pure tone of different frequencies, while
in the other, effects on speech signals were studied. The experiments
performed were preliminary in nature. They were designed to verify
that the minicomputer system implements the fast expansion technique
as intended. Additional extensive experimentation on the intelligi-
bility of speech processed in this way are planned. Such experiments
involve multiple trials using several human subjects to judge the

effectiveness of this new technique.
I. EXPERIMENTS WITH PURE TONES

After processing as discussed in Chapter 1V, harmonics were
introduced. The effect of harmonics was more prominent with lower
frequencies than with higher ones. It was observed that above 6,500 Hz
the effect of harmonics introduced by processing is very little and
increasing the threshold value from 5% to 70% of peak value does not
seem to affect the quality of the tone, while at lower frequenices
increasing the threshold value does increase the distortion. In
another experiment, it was found that low frequencies like 50 Hz,
were heard after processing but not beforehand.

In another set of experiments, it was found that the intensity

of the signal remains unaffected until the threshold level of 90% is
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reached. Between 90% and 95% it sounds very distorted and becomes

harder and harder to understand. Beyond 95% it 1is practically
impossible to comprehend. In the preceding experiments, distortion
was completely removed when a bandpass filter of proper bandwidth
was employed after processing.

When a continuocus éignal mixed with noise was processed it
remained practically unaffectedf (Here for comparison we took the
signal passing through the computer and coming out of the bandpass
filters, but without any processing, so that filtering could not
mislead the evaluation of the results.) But when pulses mixed with
continuous background noise were used, it was observed that, with
proper adjustment of threshold level the noise was completely eliminated
between pulses (i.e., during pauses between the tones). These pulses
sounded the same and the overall effect on perception was good. It
was observed that the noise 1e§el should be below 70% in order to
accomplish the above mentioned results,

These results are tabulated in Table 1. All of these results

were very encouraging and the system response was better than originally

anticipated.

IT. EXPERIMENTS WITH SPEECH

Processing of speech signals imposed the problem of selecting the
bandwidth to be employed before and after the processing because there
are only two output channels available. After countless trials, bands
of 600-1,150 Hz. and 1,550-3,000 Hz. were found better than other

combinations. It was observed that after passing through the computer
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Table I

Fast Expansion Results Using Pure Tone

Experiments Threshold
Performed with Value Comments
Pure tone 0-100Hz. 0-5% Hard to hear,
5-30% Could be heard.
100-6500Hz 0-5% Distortion was introduced.

5-30% Distortion was increased by
increasing the threshold

0-5% value.

6500-10,000Hz. 0-5% A little distortion in tone
was detected.

5-70% No difference was detected
by increasing the threshold
value,

70-90% No change in intensity.
90-100% Became harder and harder to
listen.
Pure tone mixed with 0-70% Practically remained
noise. ' unaffected.
70-90% Became more distorted.
Pulses of pure tone 0-70% Quality was improved, best
mixed with continuous results depend upon adjust-
white noise. ing threshold according

to S/N ratio.

70-90% Quality started decreasing.
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and bandpass filters, the quality of the speech deteriorated considerably.
It was due to eliminating the frequencies below 600 Hz, above 3,000 Hz.
and between 1,150 Hz. to 1,550 Hz.

First, ordinary continuous speech with added noise was processed.
No improvement on the intelligibility was observed; in fact, the
quality was degraded considerably. In other experiments words with
pauses were taken for processing. Here noise in between words was
removed but again there was no improvement on intelligibility.

Keeping in mind the effect of filtering and limited bandwidth,
another set of experiments was conducted. This time the speech signal
passing through the computer and coming out of the filters, but without
any processing, was used for comparison to the-original signal. When
continuous speech mixed with noise was processed, it was found that
intelligibility improved a little at a threshold value of about 15-20%
of peak value of signal. For words with longer pauses in between and
mixed with noise, intelligibility was improved even more than in the
previous case. Again the best threshold level was about 15-20%.

In another serles, a prerecorded set of words with reverberating
tails were processed and studied. It was found that reverberating
tails were removed at the threshold level of about 35-40%. But at
this level, intelligibility did not seem to improve. However, the
quality was a little better than the original one. The best tradeoff
was found at a threshold level of about 25% since intelligibility was
increased and yet the reverberating tail was reduced to an extent it

was detected only by an experienced listener.
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ITI. RESULTS WITH SPECTRUM ANALYSIS

Several spectra were obtained using a spectrum analyzer in order
to judge the performance of the system. Figure 24 shows the spectrum
of a sine wave of 500 Hz. Figure 25 shows the spectrum of the same
signal after fast expansion. Threshold value was about 20% of the
peak value of the applied signal. Figure 26 shows tHe signal after
center clipping. In Figure 27 the spectrum of the signal after fast
expansion plus peak clipping is shown. For peak clipping the threshold
value was about 80% of peak value whereas for fast expansion 1t was
again at a level of about 20%. It can be seen that the level of
harmonics was lowest in the case of fast expansion, since the amplitude
of the frequencies in between the odd harmonics is almost zero. 1In
the other cases the harmonics were higher plus all other frequencies
in between have low amplitude.

Spectra of a speech signal before and after processing are shown
in Figure 28, 29 and 30. Figure 29 was obtained when the threshold
level was about 20%, while for Figure 30, it was about 35%. It can
be seen that distortion is introduced during the process and Figure 30
looks more distorted than Figure 29.

Even though the performance of the system with speech signals
was not very impressive, results obtained from using a pure tone are
very encouraging. After going through all of these findings one can
predict that there should be a considerable improvement on quality and

intelligibility, if this system is expanded to four or eight channels.
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CHAPTER VI

SUMMARY AND CONCLUSIONS

A system using fast expansion was designed by the author for
speech enhancement. Previous research (11) indicates the compression
(the opposite transform to that of expansion) does not remove the
low amplitude background noise nor the reverberating tails and the
noise in pauses between words. On the other hand, center clipping
does remove the low amplitude noise but it brings down considerably
the signal to noise ratio for low energy consonants thus ruining the
intelligibility of the speech. This minicomputer-based system for
fast expansion not only removes the noise in pauses and reverberating
tails but also preserves the S/N ratio.

Even though results are good, using fast expansion, they can be
improved by expanding the system to more channels, preferably eight
so that all the audible frequencies can be processed in narrow bands.
Also investigation is needed to exploit its use in communication,
acoustic research, hearing aids and other fields by itself or in
conjunction with other processing techniques.

Another limitation is the available solid-state memory. In order
not to lose any information, sampling of the speech signal must occur
at least 16,000 times per second. That sets an upper limit of about 62
microseconds for acquiring and processing the sample completely.
Therefore, any complicated processing such as digital filtering cannot

be done in real time using this system. One solution is to forego
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implementing the technique in the real time by storing the data in
memory and then processing it afterwards. In our case, the solid-state
memory available for storing the data 1s about 20K words which is
insufficient to store speech signals lasting even two or three seconds.
The winchester disk has a very large memory of 31.5M bytes but writing
on the disk restricts the acquisition of information about the incoming
signal. This is due to the need to stop writing on the disk after
every other operation. The time taken to write a block on the disk

is too long to be tolerated.

The following suggestions are made to improve the system performance.

1. Synchronize the tape recorders so‘that the same signal can
be processed two or more times with different bands each time. These
processed signals can be mixed or played together. This will produce
the entire range of audible frequencies.

2. Inferface two available computers so that one can exclusively
do the job of data conversion while the other can fetch data from there
and store onto the disk for further processing. This requires a high
speed parallel interfacing card and handshaking arrangemnets between
the two computers. If this is done, it will eliminate most of the
analog circuitry (and permit the luxury of employing 32 bands) by
making operations like mixing, filtering, amplifying and attenuating
possible in software. In this way, everything will be done digitally,
but this will not be real-time processing.

For further research, it is suggested that the effect of fast
expansion with and/or without other techniques (like peak clipping

or compression) on handicapped hearing should be studied carefully.




If found useful, all of this circuitry and programming can be
implemented in hardware. Today's teéhnology has come to a point
where all of the hardware necessary to perform these operations can

be put in a small chip that can be placed inside a hearing aid.
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ANALOG INPUT SPECIFICATIONS

Explanation of Input Types

Data Translation offers the user three distinct types of analog

inputs.

High level systems are available where the input range can be
selected to be 0-5V, +5V, 0-10V, or +10V.

We had +10V

High Level Analog Input Specifications:

Models DT1761)

NUMBER OF CHANNELS:

MUX INPUT CHARACTERISTICS

INPUT IMPEDANCE:

A/D CONVERTER RESOLUTION:
CODING:
RANGE:

PERFORMANCE:
a. Gain Error
b. Offset Error
c. Linearity
d. Accuracy
e. Stability
f. Throughput

DT1761 8 DI or 16 SE with 2 D/A ‘
channels .

Break before Make on new channel
selection 435 volts overvoltage
protection

100 megohms in "OFF" or "ON"
position of multiplexer

12 bits binary weighted
or 2's complement.

+10 volts

Adjustable to zero
Adjustable to zero
+ % LSB

+ 0.03% FSR

+ 25 ppm/ C°FSR
100 KHz Option "C"
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ANALOG OUTPUT SPECIFICATIONS

Dual Channel D/A Specifications

The DT1761 offers the user a sophisticated dual channel D/A
Converter. The converter and its assoclated interface circuitry simplify
a number of control tasks. , '

RESOLUTION: 12 bit binary weighted

LINEARITY: + % LSB

RANGE: + 10 volts

RELATIVE ACCURACY: + 0.025%

SETTLING TIME: 0.1%2 in 1 uS, 0.01% in 3 uS driven

into 50 ft. coaxial cable terminated
with 470 ohms.

TEMPERATURE COEFFICIENT: 25 ppm/°C

Z AXIS CONTROL: The DT1761 contains all the control

circuitry for Z axis and scope
control mode bits.

Z OUTPUT (INTENSIFY): TTL compatible pulse driven into
50 ohm termination. Normally LOW
(max. 0.8 volts), generates HIGH
(min. 2.4 volts) pulse on - intensify.

Z RISETIME: 100 nS into 50 ft. of coaxial cable
terminated with 470 ohms.

Z PULSE WIDTH: 0.5 uS or 5 uS jumper selectable,.
External capacitor supplied by the

user can lengthen the pulse width
from 0.2 uS to 100 uS.

SET-UP DELAY: 3 uS or 70 uS jumper selectable.
External capacitor supplied by the
user can lengthen the delay from 1
uS to 0.5 mS.

GAIN & OFFSET: Both outputs adjustable with
external pot.



MODE BITS:

Two input bits are decoded to
four mode control output lines.
the output lines are LOW true and

can drive up to 10 standard TTL
loads,
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12 PEOREM THE SUBRROUTIHL, IF IKUE Nea I& HIT Al §
13 yAMY HOMENT L0 DELEYTE THE LAGST CHARACIEX :
14 FENTERED RY UEGER. v
] ; $
16 R R R R R R R R RN E R RN R R R R R RN EE R R
17
Lo
19 +MCALL JFRINT, JTTYINs LEXIT
20 +MCALL JREGDEF, ..V2..
21 000000 012701 0002427 INFUTY MOV ETEMF2,R1 PETORE LOCATION OF TEMF2 IN H1
22 000004 143 «TTYIN POET OTHE CHARACTER FROHW TERMINAL
22 000010 042700 177400 RIC $1774009RO sIASK DUTS & TO LG
24 0095014 120027 0006015 UMFR ROrP31S FPRAS CARRYAGE RETURN HIT
23 000020 001771 HEQ 1% $IF YES S0 NI Walf FOR LINE rREN
26 000022 129027 000012 CHE L ROs$12 JCHECK Ul LINE . FEED
27 000026 001425 FEQ 104 SIEOTES GOOT0 STORE THE YALUE
28 000030 120027 0060177 CMFR ROy $177 sLOOK FORCTHE UL KEY
29 0000634 001413 REQ 2% STEOCED GO AND DEHETE THE LAST CHARACTER
30 000036 120027 0060040 CuUre RO«840 SINIY TEGAL CHARATTI R
31 000042 1024727 ElLOQ 20% ;1I SUIRE  Fy T8 TLLEGAL GIVE ERMUS MESGE
32 000044 120027 000071 Crirn KOs k71 FUHECK AaBATN FOR LEGAL CHMGETER
33 000050 101024 T 203 VEF DT I8 Ll L=nal GIVE (CHE [l MESSAGE
34 000052 162700 000040 SUE $40 v D FEMBTRACT GTIXTY FRIN HSCT 40 G THE MUmRoE
0 000056 110021 MOVE FOy (K1) + OTORE THIS L LOCATION FESERVEW 08 1
36 0000460 020127 000247 Ciik Rie¥VEMFDLG s CHECR FOR THE BAXTIMUR MR AL Lol D
37 000064 103025 DHIC 20% SLF RORT BIVE THE ERROR 0 saGi
33 000066 0006746 IR 1% s LE oy RERFEAT THE PROCED.
39 000070 020127 000242 2% CHF K1y $FTENPZ sUAS THERE aNY CHARCTER &IEDRE

£9



40
a1
42
43
44
45
46
47
48
49

0o

1
2 =

RN L WANE N

£z

.

[ & -

W~ O

)

000074
000074
000100
000102
¢co0104
000110
000112
0eol1a
003114
003120
GoQ122
000124
000124
000130
000132
000134
0060136
000140
000142
000146
0001352
000156
000160
000166
000170
000172
000175
000200
0002073
000206
000211
006214
00C217
000222
000225
000230
000233
000236
000241

101743
1035301
000741
005000
012702
005004
020201
102011
01003
006303
004303
005203
0460003
040300
112204
060400
0007445
060207

DA2700
620027
001371

000704
000000
019
117
111
125

111

165.

114
125
1035
040
12

107
116
¢coo

0002427

177600
060012

012
125
116
124
114
107
040
113
122
174
040
101
041

11%,

TEMF1S

o

=)

6

&
Al
Aan
MOVE
Al
It
RTS
JITYIN
EIC
cHF
idE
SFRINT
ER

14

Il

LT

O
FTEMF2yRY
4
ROy i1
0%
KOy k3
R3

K3

K32

(R27+rR4
R45rRO
114

O

F177600+R0
ROsE12

206
EMG6

VEFOMOT Dioditd

YLK 1 ALLTE THE i
y Giv AMD ST THIL VAL
PULEAR ’
PATORE g S R
s U AR (B}
s 1 Jor
158 N RS VH
B U

?
’

s NEXT LOCATILS
COCOHTENTS - .
ARTE KFEFEAT THE P ROCE
TURH VRO (HE SUN
VAl UL

BITS
LIt FEED
JATT FOR LUME FEED
- THE E

we TRYT ABAINTYS

%9



66 000242 TEHr23
57
68 000000
SYMBOL TARLE
INFUT 000COOR MSG 000172R
AERS 000000 000
000250 001

ERRORS DETECTED: O

VIRKTUAL MEMORY USED: 8448 WORDS ( 33 FAGES)
DYNAMIC MEMORY AVAILABRLE FOR 48 FAGES
INFUTy INFUT=INFUT

BT
SEUEN
JEND

TEMFY

4

et

GuG170R

[RIGINN

PHE LOEATIONS

FOTART NG LUCATION

TERED

[SX0XERER I ¥

RUNE

al

FaoEnan

<9



+MAIN.

—
OO DNOCT S W

L e
NS B G2

13
19
20
21
N

23
24

e

27

MACRO v04.00

177000
000000 112747
60000¢& 014701
000012 016703
G0G014 014702
0000622 0146704
000026 105737

0000632 1G03735

000034 013700
000040 112767
000046 042700
000052 020027
0000356 102404
000040 020002
000062 103401
00006464 005000
000046 010067
000072 000405
000074 020001
000074 101601
000100 005000
000102 010067
000106 105737

00:27:00 FAGE 1

000000 177001
000256
¢00254
00602352
000250
177000

177602
600004
170000
003777

177001

177002

177002
177000

JHMOALL
JHMCALL
ADNCHBR=177000
NEX 3 MOVE
MOV
MOV
MoV
MoV
i TSTE
EFI.
MoV
MOVE
RIC
CHF
Lo
CHF
ELO
CLR
MOy
LR
143 CMF
ENI
CLK
3% MOV
FROCS1: TSTER

FROC

[A2]

r
-

.

.

' ;
§ RRFUAE %X '
' v
FJTHIS PROGRAM WAS WRITTENR 10 0O THE l
FEAST EXFANSION, THIO ALLOWE TWO y
FCHANNELS TO 2E CONTROLLE INDEFENDELTLY . ¢
FHIGHER FREQUENCY CHAWdEL 1% SanhPuin @
FAND FROCESSEDR TWICE AS Fasl AG ar ;
FLOWER FREQUEMCY, i
i H

REGDEF» JEXIT

L2

¥O0»ADCER+1
FLOWsR1
FHIGH RZ
NLOWs 2
NHIGH KA
READCSE
FROCS
REARCYR+Z RO
R ANICER L
$#170000,RO
RO, 83777
1%

RO s k2

2%

RO
RO«ARCSRE2
FROCS1

ROy R

3%

NG
ROsADUSR 2
@4ANCSR

JLOCATION OF aDb CONTROL STATUS
PATART COHVERSIDH AT CHAMMEL ©
PHOVE THREESHOLD FOR oW D 70 R
FHOVE 4UE THEESDDLU P Cid 70
SHOVE ~VE THREEHOLD FOR CHG T
FHOUE ~VE THRESHOLE FOR CHea TO
SIS DATA READY

PO WATT FOR LT

FROVE THE [DATA 70 REGISTER KO
FSTART CONVERSLON AT CHANNREL 6
FHAGHE :
P15 TT
$EF OTES 50 T0 FROCE! FOSITIVE
STDOES 17 FaLL WITHIN THE THRESH
$N0 GO FOR QUTFUT

JERING DOWN THE OUYFUT WALLE 10
SNUTFUT THE VALUE AT CHARNMEL Y
P60 FOR NEXT SUGRAL FROUCESS

S5 ING
$18 1T AEQUE THRESHULD VALUL
PAESG DO TO DUiruT

FERING DOVN THE QUIFUT TO ZERD
SOUTHFDY THE DATA AT CHABREL Y
f18 DATA READY

REGISTER

A

i

A

HAaLl
(L

CryCLE

HAMI

I
IR

99



40
41
42
43
44

435

37
43

S
~2

i

[SEORLBGRINL NS RO NE S

s
O NN LT By =

o~ o~ O
i 13 -

000112
Q000114
000120
000126
000132
000134
000140
0G0142
0001144
0006146
0006152
000156
000160
000162
000144
000166
000172
000176
600202
000204
000210
000216
000222
000226
200230
0006232
000234
000236
0006242
000244
000250
000252
000254
00025¢
000262
000266
00027

000272
000274

100375
4613700
112747
042700
020027
103410
Q20004
103401
005000
052700
010067
000407
020003
101001
005000

52700
010047
105737
100375
013790
112747
042700
020027
103410
020004
102401
005600
052700
0100567
000467
020003
161001

003%000.

052700
0100467
000657
000000
060000
0000060

177002
000004
170000
003777

100000
177002

100000
177002
177000

1770062
0C0000
176009
¢03777

100000
177002

10G000
177002

177001

177001

rS
*
..

FROCS2:

r
©
..

FLOW?
FHIGH?
NLOW:

e
How
MOV
BIC
CHi
ELO
CHE
ELO
GCLR
RIS
MOy
BR
CHF
BHI
CLR
RIS
MOy
TSTR
LFL
HOV
MOVE
BIC
CiF
RLQ
CHFE
ELO
CLR
KIS
MoV
BR
CHF
KHI
CLR
EIS
MOU
BR
[

0

o]

FROCST
BFEANCSRI2 2RO
ForADCER L
§170000sRO
RO #3777
1§

ROy R4

2¢

¢
K100000GKRO
ROy ADCHIcHL
FROCS2
RUsR3

%

RO
1106CG00 R0
RO»ADCSKED
R4ANCSK
FROCH?2
EEAUCSR+LSRO
KO0y ANCSR L
$1700009R0O
RO» 27277
1%

RO»R4

23

RC
¥100000:R0O
ROy ADCSRY2
FROCS
FOeR3

3%

Fooy
#120000,1RO
ROy ANCERED

FrEOCS

I gy WATT FOR T

FPOTORE THE ©ATA M REGTGIER MG

FOTANRT CONVIERSION A CHANDIL &

FOn G THE FOUR HIGHEST &ITS

PTG LT POSLTVE MALUE

FAU (ES GO FOR GRPROPRLIA L PREOCESSTL
sl L0 WU THEL TR U by

FHL B0 TR ULTROY

FOTHERETSE CLEAR THE RECLIETER RO

SOET EIT 13 FOR QUIFLT & FORT X
FAOVE YHE AT 1O oulityT BUFFER

G0 FOR MEXT FROCESY
sIG IV WIVH IN THE THS
SHO G0 TO OUTFUT
SELEAR REGISIER KO
OET BIT 1% FOR DUMFUT AT FORT X
SHOVE THE fala TG oUTidT BUFEFLR
PIG UATA RTADY

sIF O HOT WAIY Faue 1Y

POOVIEE THE DATA 10 REGISTER
ETART CONVERSION &7 CHaidi
SEOSK THE BITS FrOM 12 o 1

FIG 1T FOSIVIVUE

y LFYESR GO FOR XT

PIG 0T WITHIN THE THRESHOLD LEIVEL
s1E MO GO FOR QUTEW

JERING DOWR THE QUTFUT VALUE 10 ZERD
FSET TRE 21T 18 FOR auT PuUT

FMOME THE DATA TO OUTFUT RUFFER
PREPEAT THE ENTIRE FROCESS AGAT

S8 IV WITH IN THHE THRESHCLD LCVEL
sIF T 50 FOR QUT RO

FOLEAR VHE REGISTER =&

FULT OBIT 1% FOR oufrnr

FROVE THE DATAH T OVIFUT LRUFFLE
PREFEAT THE ERTIRE PROCCSS AtiaIil

CSHOLD LEVEL

L9



79 000276 000000 NHIGHY O

80 000000 END HEX
+HMAIN, MACRO V04,00 00:27:00 FAGE 1-2
SYMEOL TAELE

ANCSK = 177000 HHIGH OGOOZ7 &R FHIGH 060272R

NEX 00000CK NLOW 000274R FLow 00G270KR
ABS, 000000 000
000300 001

ERRORS LETECTED: 0O

VIRTUAL HEMORY USED: B192 WORDS ( 32 FAGES)
DYNAMIC MEMORY AVAILAGLE FOR 48 FAGES
FEXF ) FEXF=FEXF

FSTARTING LOCATION OF

PROCS
FROCS T

O50024R
O0CV10ER

FROGE A

FROCSZ

00037 ¢R




JHAIN.  MACKD V04.00 00147126 FAGE 1

1 PP PTYYNYIPYY PN Y TN P SN YYNYLY RN PPy 870y M

2 ;

3 ; AACCL Frofk ¢

4 H f

1§ STHIS FROGRAM LML IEHENTS THE CESTER CLIPE LHG ;

6 FTECHNTQUE,, IT CEMYER o1 UkFn THE THEDY SI6eAL, v

7 FTHRESHOLD VALUE FOK DogH THE CHAHDELS O 4%H i

8 FEBE ADJUSTEDR TIWNLEPCHDEDYL Y, v

? ‘ ;

10 AR RN N R R R R R R RN EEEER R RN IR

i1

12

13 +HMCALL JREGDEFy JEXIT

14 +MCALL ., V2,,

15 177000 ADCSR=177000 PLUOCATION OF A CONTROL STATUS RECGISTER
16 000000 1127467 000000 177001 NEX: MoV FO»ALCSR L FSTART CONVE 108 AT CHARIEL O

17 000006 014701 000314 MOV FLOW,R1 s OVE THREESHOLD FOR CH O 10 K1

18 0060012 0146703 0002t4 MOy FHIGH,R3 FMOVE +ViE THRESHOLL FOL CTHa T R3

19 0000146 0146702 000312 MOV NLOWsR2 FHOVE -VE THRESHOLDI FOR CHO TQ Rz
20 000022 0167064 000310 MOV HHIGH s k4 yHOVE -UE THRESHULD FUR ©Hs TO 109
21 060026 105727 177000 FROCS S TGTE BEATICSR $IS N6ThH READY
22 000032 1003735 BFL. FROCS sNO WAIT FOR 11
23 000034 013700 177002 MOV CEALNCSR+2sRO FMOVE THE DATA 70 KEGLISTER RO
24 600040 1127487 000004 177001 MOVER FEyADTETRH FETART COMVERSLOM AV CHANNEL &
25 0000446 042700 170000 RIC $#170000+K0 FHACK  THED RNESSARY KIit
26 000052 020027 003777 CHMF RO» %3777 PTE IV POSTITIVE Yal U
27 000036 102412 ELO 1% PIF YES G0 T0 PROLESGS FOSITIVE (I0LF LVt
28 000060 020002 CHF ROs RO FOOES IV Al WITHIN FHED THRESHDLT BRAND
29 000062 103404 RLO 2% s NO 50 FORQUTRUTY
30 000064 005000 CLR RO FRETHG Dawn THE QUYTUT Ual i T ZERQ
31 000066 0100467 177002 MOV RO»ATICSKE2 FOLPEPIT THE WALUE AT CHARNDL Y
32 000072 0004195 B FROCST sG0 PO NEXT FRUCESS
33 000074 160200 2% sun E2 5RO sOHHETRACT THE THREZHOLL LAl UE
34 0000676 G10667 177002 MOy RCOsADCSRER SHUVE THE bata T 0UNUT RKUFFER

S 000102 000411 [N FROCS1 FOO 0RO NEXT SIGNAL FROLISSING
345 0006104 020001 142 CHF ROrR1 P IS TV OABDVE THRFSHOLT wal itk
37 000106 101004 EHI ki FYLS LD IO QUTRUT
38 000110 003000 CLR RO FERTME DOWN THE QUTFEOE 1) ZERQD
3? 000112 010067 177002 MOV KO»ADCSH 2 FOUTEFUT THE DATA AT CHANDEL Y

69




000116
000120
000122
000126
000132
000134
0001490
000146
000152
000156
000160
000162
000164
000164
000172
000174
060176
060202
060204
600206
000210
000212
000216
000220
000222
000226
000232
000234
000240
000246
000252
000256
000250
000262
000244
000266
000272
0060274
000274

000403
160100
010047
105737
100375
013700
112747
042760
020027
103412
020004
103404
003500¢C
010067
000415
160400
010067
000411
020603
101004
005000
0100467
000403
160200
010047
105737
100375
013700
112767
042700
020027
103412
020004
102404
005000
010067
000655
160400
010067

177002
177000
177002
000008

2700090
003777

177002

177002

177002
177002
177000
177002
000000

070000
003777

177002

177002

177001

17700t

34

FROCSL:

r
w™

..

1%

K13

FROCS2:

r3
o

..

]
.

.
.

IR
SUE
MV
TSTH
BIL
MoV
HOVE
RIC
CHF
ELO
CHF
ELO
CLR
Muv
BR
SUR
MOV
LR
CHy
EHI
CLKE
MOV
ER
SUk
Moy
T5TE
LFL
MOV
MOVE
RIC
CHFP
BLO
CHF
BLO
CLR
MOV
BR
GUR
MOV

FROCS1
R1,RG
ROsADCSR$2
GEAICSR
"ROCH1
CEADNCSK+2,RO
$6yADCERTT
F70000, 10
ROy #3777
14

ROy R4

2%

o
ROyNDCSR+2
FROCE2

KAy RO
RO»ADCSRHZ
FROCS2

ROy R3

3%

RO

ROy ALCSR?D
FROCS2

R3 RO
ROsANCSRE2
CEANCER
FROCH2
BEANCEK+2+RO
$0sANLCSREL
#70000RO
RO+ 43777
1%

RO»K4

2%

(Y]

RO ADCHRE2
FROCS
F4sRO
ROsADCSR+2

P00 FOR NEXT FROCESE

SOBUETRACT THE THRESHOLDR valUE
SMOVE THE DATA TO QUTHFUT RUFFLK
15 DATA READY

sIF MOT WAIT FOR IT

FOTORE THE MATA IM RUEGIZTER RO
FETART CONVERSION A1 LHANNEL &
ALK THE FOuk HIGHEG!
$I18 TT POSITVE VAL UK
PIF O (ES G0 FOR APFROFRTATE FROCESSING
PTS 007 WITHIN THEE THRESHOE It UALUE

RO GO FOR BUFFUT
SOTHERWISE CLEAR THE
PROVE THE DATA (0 OUTHruy
$G0Q FOR NEXT PROCLCSS
FEURTRALT THE THRESHDLE
FUOVE THE DATA T QUTFHT
G0 FOR NEXT FRQCESE:

IS5 IT WITH IN THE THRESHOLD LEMEL
FHO GO TN QUTFUT

5CLEAR REGISTER RO

sHOVE THE DATA 0 ourrur
P50 FOR NEXT PROCESS
PBUBTRACT THE THRESHOI 1 VALUE
FHOUE THE DaTa TO OUreY RUEFFER
$18 DATA READY

FIF MOT WAIT FOR 17

FHOVE THE DATA TO REGISTER RO
FOTARY CONVERSION AT CHAHNELO
FEASK THE RITS FROM 12 T 15

FLE 1Y FOSITIVE

FEF YES GO FOR IT

IS IT WITHIN THE THRESHALD LEVEL
JIF ND GO FOR QUTRUT
SERING DOWN THE QuireuY
PMOVE THE [ATA 10 QUTEFUT
SGO FOR NEXT FROCESS
FSURTRACT THE THRESHILD VALUE
SMOVE THE DATA TO OUTPUY RUFFER

ool

REXLSTER RO
BUFFEI

val.UE
RUFFERK

BUFFIF

VALUE TO ZERO
BUFFER

0L




79 000302 0006351
80 000304 020003 1%2
81 0003046 101004 :
82 000310 0035000
82 000312 010067 177002
84 000316 000643
3 000320 160300 3%
84 0060322 0100467 177602
@#7 000326 000637

38 000330 000000 "LOW?
89 000332 000000 FHIGHS
?G 000334 000000 NLOW:
21 000336 000000 NHIGH:
22 500600

SYMEROL TAELE

ADCSR = 177000 NHIGH 0003I6K

NEX 00000GR MNILOW 000334R

« ABRS, 0C000O0 000

000240 001

ERRORS DETECTEL?! O

VIKTUAL MEMORY USED: 8192 WORDS ( 32 FAGES)
DYNAMIC MEMORY AVAILARLE FOR 48 FAGES
CCLIF»CCLIF=CCLIF

IR FROCS

CHr RO K3

EHl 3%

CLR RO

MOV RO«ALCSRY2
IR FROCS

GUR RIsRO

MUY ROy ADCSHE2
ER FROCS

0

O

O

0

JEND NEX

FHIGH 000332R

L FLOW Q003IJ0OR

FROCS D00024R
FROCS1  0001286K

sREFEAT THE ENTIRE FROCESS

Abn M

IS 1Y WITH IN THHE THRESHOLD 1UVLL

LI NOT BU FOR QUTHUT
FCLEAR THE REGISTER 0O

PHOVE THE DATA T QUTHUT BUFFERE

F60 FORMEXT FROCLSE

FPHURITRACT THE THRESHOLD VALUEL
PHOVE THE DATH e G YT BEDFFER

SREFEAT THE ENTIRE FROCESEH

ALATH

FOHOTARTING LOCATION OF FROGEA

FROCSZ 0002041

TL



+HAIN,

-
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—
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-
W
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MACRO V04.00

000000
000006
000012
000016
000022
000026
000032
000034
000040
0000446
000052
000056
000060
000062
000064
000070
000072
000074
000100
000102
000104

177000
112767
016701
0147032
016702
016704
105737
100375
0613700
112767
042700
020027
103411
020002
103402

010047

000414
010200
010047
000410
020001
1010023

00315423413

0060000
000302
065200
00027

000274
177060

177002
000006

170000
003777

177002

177002

FAGE 1

177001

177601

«MCALL
+MCALL

ANCSR=177000

NEX

FROCS?

MOVER
1oV
Hou
MoV
MOy
TESTER
BFL
MoV
MOVR
BIC
CHF
BLU
CHF
LLO
MOy
kR
MOV
Moy
BR
CHF
BHI

3

.

i
$ ARFCLIFEX
i

STHIS PROGRAM Wad WRITTEN TO PERFROM THL
FFEAK CLLIFFING OFERATION, NNGCE THE THRESHOD
SVALUES OARE ORTAIMED FROM GET ARD INFUT, 1T
JSTARTS WORKING., IT CLIFS THE INRUT SIGNAL
$IF IT IS EBEYOND THE THRESHOLT VALUE. THIS
515 TWO INDEFENDENYTLY CONTHOLLED CHANNELS
PSTSTEM,

e e e we cmr ab ces @r s Wb e

REGLEF, JEXIT

V2.,

;LOCATION OF AD CONTROL STATUS REGISTER
$0yANCSR+1 FSTART COMNVERSION AT CHAMNMEL ©
FLOWsR1 PMOVE THREESHOLD FOR CH O TO K1
FHIGHsR3 FMOVE #VE THRESHOLD FOR CHé TO R3
NLOW=-R2 FUOUE ~YE THRESHOLD Fak CHC TO RY
NHIGH:R4 SROVE ~VE THRESHULDL FOR CH4 TU K4
@EADBCER ;18 DATA READY
FROCS FHO WAIT FOR 11
BHALCSRE2L KO FHOVE THE DATA TQ REUVISTER RO
62 ALCSRAL SETART CONVERSION AT CHAMHEL &
$170000,R0O PMAGK THE HNNESSARY BITS
RO» #3777 IS If FUSTTIVIE VaLUE
1% SIF YES G0 TO FROCESS PNSITIVE Half ©VOLE
RO»R2 PDOES IT FALL WITHIN TURE 1HRESHOLD EaAMD
2% PNO 0 FOR OUTFUT
ROsyANCSR+2 FOUTHUT THE VALUE AT CHANNEL Y
FROCS1 PG00 FOR MEXT PROCESS
R2syRO FUOVE THE THRESHOLD VALUE
KOyADCSR+2 FHOUE THE DATA 10 QUTFUT EBUFFER
FROCSY PO0 FOR MEXT SIGNAL PROCESSING
RO»K1 $I1G 1T AROVE THRESHOLIY Malut
I% PYES GO TO QUTENT

[44




000106
000112
000114
000116
000122
000125
600120
000134
000142
000146
000152
0001354
000156
000160
0001464
000146
000170
000174
000176
0090200
000202
000206
000210
000212
000216
000222
000224
000230
000236
000242
000246
000250
000252
000254
000260
000252
000264
000270

000272

010067
0004023
010100
010047
105737
100375
013700
112767
042700
020027
103411
020004
103402
010047
000414
010400
010067
060410
020003
101603
010067
000403
010300
010067
105737
100375
013700
112767
042700
020027
103411
020004
1024063
0100467
000662
010400
010G67
000656
020002

177002
1770602
177000
177002
000006

076000
003777

177002

177002

1770602

177002
177600

177002
000000

070000
003777

177002

177002

177001

177001

33

FROCSE S

]
H

FRO

rJ
»

..

1%

.
H

[y}
o
..

MOV
R
oy
MOV
TSTR
EFL
MOV
MOVE
BIC
CHF
ELQ
CHMF
ELO
MOV
ER
MOV
MoV
ER
CHMF
EHI
MOV
ER
MOV
MOV
TSTER
BI*L
MOV
MOVE
EIC
CMF
BELO
CHF
ELO
MOV
g
MOV
Moy
Itk
MF

ROsANCSRED

PFROCST

R1y RO

KOs ADCSKE2

@EANCSK

FROCS 1

C¥ADUSRTZ2 RO
FE&rALCSREL
70000 RO

ROs %3777
1%

ROsKA4

2%

ROy AUCHSRAZ

FROCS2

R4y K0

Oy ALCSR2
FROCS2

ROsR3

3%

RO« ANCSKR12
FROCH?2
R3sRO
ROsADCSR+Z
P¥ALCSK
FROCS2
C+ADCSKR+2+sRO
$0yALCSR+1
$700005 RO
RO¥3777
19

ROsR4

2%
RO-ADCSR+2
"ROCS

R4r RO

ROy ADCSKEZ
FROLS
ROYR3

yOUTFUT
PG FOR

F MOUVE
1 MOVE

(s

iIF

A
NO

P STORE
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Figure 31. A flowchart of Get.
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