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ABSTRACT

A new system for speech enhancement named "fast expansion,

been designed, developed and demonstrated,

tails and low amplitude noise from speech.

has

It removes reverberating

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

venue for research in speech enhancement.

a new
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CHAPTER I

INTRODUCTION

The problems of measuring and improving the intelligibility of

speech are as old as speech communication Itself,

have been combined with noise often become unintelligible, yet the

understanding of contaminated speech is essential in many practical

situations.

Speech signals which

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,

the literature revealed that no work on this specific subject has been

published.

However, a computer-aided search of

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 material

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.

Finally a summary, conclusions and suggestions for further

study are presented in Chapter VI.

In Chapter V results

are evaluated.

1



CHAPTER II

REVIEW OF DEVELOPMENTS IN SPEECH PROCESSING

I. ERAS OF ADVANCEMENT

Although the problems of measuring and Improving the intelligibility

of speech are as old as speech communication itself, very few scientific

investigations were undertaken until the telephone 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

each with a dominant academic discipline, each with a new device that

made major advances possible.

eras.

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,

digital computers and its engineers.

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

World War II.

And the third is that of the stored program

World War I created new problems. Two early patents for

2
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noise-canceling, pressure gradient microphones specifically cite airplane

noise as the origin of the requirement (1).

and its associated electrical components allowed investigators for the

Soon the vacuum tube amplifier

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 consplcious 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

II 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
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priority on the problems and had sufficient scientific resources to

allow considerable concentration of work on them by several laboratories

As a result, at the end of the war there was aand training stations.

reserve of research and development achievements and manpower trained in

In this period an Important development was the tapethis branch.

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 perait 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.
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II. 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 is to

simply decrease the output level of the noise 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

In auditory perception it is known that a stimulating acousticorgans.

waveform is 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

This approach, when effective,

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

is equal but opposite to that distortion.
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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-

audlometric" 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-audlometrlcs could hear them.

In most situations which require speech processing, the redundancy

of human speech is exploited. Figure 1 is 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.

70% intelligibility if the filter passes everything above 1900 hz, and

about 70% if passes everything below,

the figures would be 50% above and below.

As it can be seen, about

If there were no redundancy.

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 basis for 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 is 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 is 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.
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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 list 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 Weiner Filtering

12. Adaptive Comb Filtering

13. Harmonic Location and Selection

14. Adaptive Noise Cancelling Technique

15. Vocoder based on using All Pole Model of speech

16. A Critical Band All-Pole Vocoder

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

Vocoder based on a Nonparametric Model of Speech18.

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. In 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 level 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 is 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.

a point "A" the output starts increasing gradually.

When the input signal reaches

This increment

depends upon the ratio of expansion. Beyond the threshold value "B
ft

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.

expansion ratio with the threshold level set at "B.

It is processed with an infinite

f?

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 cuirve 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,

that noise between the two pulses has been removed completely yet the

signal to noise ratio has remained unaffected.

It is evident

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,

in Figure 12 after processing is the summation of Figure 13 and 14

The function of Figure 14 can be defined as follows.

It can be seen that the waveform shown

f(0) = - Sin 6 0 < e < B

'rr-B<0<Tr + B

2tt - B < 0 < 27T

elsewhere= 0

This is an odd function so an = 0 and the period is from

^ f(0) Sin n0 d0

-TT to TT.

b_ =
n

-IT

TT

— f f(0) Sin n0
TT J

0

/ Sin 0 Sin n0 d0

d0

TT
0

- f- B
= — f Sin 0 Sin

TT J

TT

0 d 0 + / Sin 0 Sin n 0 d 0n

tt-BLo
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Sin (1 - ti)B _ Bin (1 + n)B
1 + n J

Sin IT - nTT

1 - n 1 - nIT

_ Sin (tt + nTT) _ Sin (tt - B - mr + nB)
1 + n 1 - n

^ Sin (tt - B + nTT - nB)
1 + n

j

Sin (1 - n) B Sin (1 + n) B Sin (nir + B - nB)1
+ -

1 - n 1 + n 1 - nTT
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1 + n

1 Sin (1 - n) B Sin (1 + n) B _ Cos niT Sin (B - nB^
1 1 + n 1 - nTT n

^ Cos mr Sin (n + 1)B
1 + n

for n = even

b_ = 0
n

for n = odd and n 1

Sin (1 - n) B _ Sin (1 + n) B ^ Sin (1 - n) B
1 + n

b_ =
n 1 - n 1 - nTT

Sin (1 + n) B
1 + n

= - 1 Sin (1 - n) B _ Sin (1 + n) B
1 - n 1 + nTT

Sin (1 - n) B^ ^ rsin (1 + n) B
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00

ao
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n = 1

Therefore, for the function described



21

\

f (0) = ^ Sin 2 B Sin 2 B _ Sin 4 B- B Sin 0 - Sin 3 6

\ 2 42TT

_fsin 4 B Sin 6 B^
V 4

Sin 0 + . .
6

Therefore, the waveform obtained by fast expansion can be

represented as follows.

. s)
Sin 2 B „ Sin 4 b\f (0) = Sin 0 + i Sin 3 0Sin 0 -

2 4TT
\

_/Sin 4 B _ Sin 6 B\
V 4 6 j

Sin 0 + . .

where 0 = t

B = Sin~'(threshold value)

Assuming peak value as unity.

II. CENTER CLIPPING

It will be helpful for comparison and evaluation of results to

describe another technique in use for speech enhancement called "center

ft

clipping. In 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 different from that

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

For many years squelch circuits have been employed in radio

receivers 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.
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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

After mixing, the signal is amplified to the desired level.player.

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 is 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 reconstruct 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,

a bandpass signal can be sampled in proportion to its bandwidth instead

Because

of the highest frequency component present in it.

spectral components only in the range < w < Wq + W^,

sampling rate 2W£ can now be realized only for certain discrete values

of (Wq + Wf)/Wf.

between 2Wf and AWf as determined from the sawtooth plot shown in

Figure 20 (10).

Since it has

the minimum

For other ratios the minimum rate will be somewhere

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

Since the minicomputer is a general purpose machine, it makescost.

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. In

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 8% inch (quad size) printed circuit card that plugs into

the PDPll/23 backplane.

Appendix A.

The detailed specification are given in
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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 PDF 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. SOFTWARE

The general flow chart is shown in Figure 21. In 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 is converted to an analog signal and is

sent to the outside world.

The easiest and most direct method of sampling the two channels is

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. FAST 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

After that, A/D conversion is started at channel 0.of processing.

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 is 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

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

to DACDBR.

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 43.8ysec. to complete the entire process for one sample.

The sampling rate is therefore 22,800 samples/sec. Figure 23 shows

the sampling algorithm employed that results in sampling channel 6

twice as fast as channel 0. It shows that sampling of channel 6 is
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PROCESS = 17.66 ysec
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Figure 22. Timing diagram of a typical channel.
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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 illegal 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 is struck on the terminal, the program deletes the previous input

If the user Inputs the legal value defined by the program,character.

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

is transferred to subroutine INPUT. Then the input value entered from

the terminal is 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 0. The output for both 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 0 and 6;

processes the data and delivers the output signals to the respective

The only way it differs from the other two programs isoutput ports.

the processing algorithm. The digitized signal is transferred

directly to the output buffer if it falls below the threshold value.

Otherwise, it is clipped by transferring the threshold value to DACDBR

for output. The reverse is true for the negative half cycle.



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 IV, 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 frequenlces

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

36
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reached. Between 90% and 95% it sounds very distorted and becomes

harder and harder to understand. Beyond 95% it is 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 continuous signal mixed with noise was processed it

remained practically unaffected. (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),

sounded the same and the overall effect on perception was good.

These pulses

It

was observed that the noise level 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.

II. 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
Performed with

Threshold

Value Comments

Hard to hear.Pure tone O-lOOHz. 0-5%

5-30% Could be heard.

100-6500HZ 0-5% Distortion was introduced.

5-30% Distortion was increased by-
increasing the threshold
value.0-5%

6500-10,OOOHz. 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

noise.

0-70% Practically remained
unaffected.

70-90% Became more distorted.

Pulses of pure tone
mixed with continuous

white noise.

0-70% Quality was improved, best
results depend upon adjust
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,

continuous speech mixed with noise was processed, it was found that

When

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 series, a prerecorded set of words with reverberating

tails were processed and studied,

tails were removed at the threshold level of about 35-40%.

It was found that reverberating

But at

this level, intelligibility did not seem to Improve,

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.

However, the
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III. 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 it 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,

the other cases the harmonics were higher plus all other frequencies

in between have low amplitude.

In

Spectra of a speech signal before and after processing are shown

Figure 29 was obtained when the threshold

level was about 20%, while for Figure 30, it was about 35%.

in Figure 28, 29 and 30.

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

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.

very encouraging.
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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

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.

noise in pauses between words.

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,

not to lose any information, sampling of the speech signal must occur

at least 16,000 times per second.

In order

That sets an upper limit of about 62

microseconds for acquiring and process:^ng 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 is 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

In this way, eveirythlng will be done digitally.possible in software.

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.
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If found useful, all of this circuitry and programming can be

Today's technology has come to a pointimplemented in hardware.

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-lOV, or +10V. We had +10V

High Level Analog Input Specifications;
DT1761)Models

NUMBER OF CHANNELS: DT1761 8 DI or 16 SE with 2 D/A
channels

MUX INPUT CHARACTERISTICS Break before Make on new channel

selection +35 volts overvoltage
protection

INPUT IMPEDANCE: 100 megohms in "OFF" or "ON
position of multiplexer

ft

A/D CONVERTER RESOLUTION: 12 bits binary weighted

or 2's complement.CODING:

RANGE: +10 volts

PERFORMANCE:

Gain Error

Offset Error

Linearity
Accuracy
Stability
Throughput

Adjustable to zero

Adjustable to zero
+ h LSB
+ 0.03% FSR

+ 25 ppm/ C“FSR
100 KHz Option "C

a.

b.

c.

d.

e.

f. If
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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 associated interface circuitry simplify
a number of control tasks.

RESOLUTION; 12 bit binary weighted

+ h LSBLINEARITY;

RANGE; + 10 volts

RELATIVE ACCURACY; + 0.025%

SETTLING TIME; 0.1% in 1 uS, 0.01% in 3 uS driven
into 50 ft. coaxial cable terminated

with 470 ohms.

25 ppm/°CTEMPERATURE COEFFICIENT;

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.
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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.

MODE BITS:
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—. r> OT iTO

o -.n OT n z n

2 OT 3: I.' I> OT
TO

—; X

VI c

TO OT
O O

X CO
CO

i> OT c:

O OT o OT
O OT

-: OT

TO .:o OT OT

o :7J TO

-TO 2 lo cn

C <- 1* ^ TO OT m

T:O C

C' ‘J*’TO

TO

TO

X*

T9



0 o05i 06600046:!

000465 000

WtHlvi! THE LOCATIONS EOEM

;gu ani! get the values

iCLEAR HEbEISTER ONE

;CHANGE THE INPUT VALUE TO UESIkED ONE

;!i;:‘'i:i;henI ro to see the cuhPlf;t ion

;if pRor;'Hs not complete go pace

tHEiATTE the value

;mhCK the: bits tpom i;; m) i.:,.

:E3T0RE the value at proper IfiCHlIlifj

;get out from here ana on m next

; HEiiORr locations reslrved for

i ruRESimi D value:;:

.EVEiN54

PC r INPUT05: JS R

CLR

A D D

TEC

55 000466

56 000472

57 000474

5B 000500

59 000502

60 000504

61 000506

62 000512

63 000516

64 000520

65 000

66 000524

67 000526

68 000530

69 000532

004767

005001

062701

005300

001374

005401

042701

010167

000404

000000

000000

000000

000000

000040

E<1

i 2 . > R1000002 1$:

RO

BNE 1$

MEG R1

H70000rRl

R1,NH1GH

BIC170000

000010 MOV

NEXHR

0PLOi/i:

phigh:

NLOU:

NHIGH :

NEX:

INPUT:

0

0

0

fUUHMY PROCESS

EUUI'HIY SUBROUTINE PUT HEITE:

ESTnRIING LOCAIION OF F'ROGRAH

.EXIT

RTS PC000207

000000' ST. ENB70

SYMBOL TABLE

OOASGOR

00 0 4o,!R

0000 001-:

040 1. OOOE'TOR

000130R

00024OR

000524R

00052'2R

00052OR

000272R

000410R

000530R

000526R

NLOU

PH I OH

PLOU

INPUT 000532R

OOOOIOR

000050R

000162R

H4
U50 2MSMl

STO'?NEXM2

NHIGHM3

000. ABS. 000000

000534

ERRORS betected: 0

001

VIRTUAL MEMORY USED: 0448 UORDS ( 33 PAGES)

DYNAMIC MEMOEVY AVAIL ABLE: FOR 413 PAGES

GET.GET=GET

<T>

NJ



00:3V:il PAGE 1.MAIN. MACRO 004.00

1 . . f . . • . .r . . T . . . . » f . .

f

I i I HPUI r f3 .

4

;TIIIG GUEROUTINE grig the VLUEB from UGER'S

MERniNi-iL. i:r any ILLEb,YL C11 lYRn T I T R OE' ilYiMY

;illAN EOUR !il(5ir,: ark lYT'En. IT liJA'EK Aii

;e;rror megsagl cuini.’Ai ic iRAi'SFi.i;:.ii

! AGAIN TO THE BEGINNING ilF

(OTHERIJISE VALUE ENTERED H[IL HE SrOREn

; PROPERLY AND COilTROL HILL fit TRANGEtT : ti

;rORH THE SUDKOUTTNi;. IK RUR KL i IG Hi I hT

;amy moment it delets the last LHARACiEy

TENTLRED BY USER.

5

6

7

8

THIS suiuH'H;; MI: .9

10

11

1 2

13

14

1 G

10 ...... . ? ...... » ...... .

17

10

.MCALL

. MCALL

.PRINT. .TTYIN. .EXIT

.REGDEF. ..V2..

♦TEMRA.Rl

19

2 0

; SI ORE location ok TEMPO IN R1

iGLT THE CHARACTER FROM TERMINAL

TiiASK BITS 6 TO 10

;UhG CARRIiYGE return hit

GO uND WAIT l-OR line I Et M

ICHECK TOR EINE.I'EED

;IT YES GO TO STORE THE VALOE

IinOK FOR' THT: RUD l\EY

ITT YES 00 AND DEIETE THE LAST CIIARACTTIC

: IS II ITITAL CHARACTI R

SURE IT IS TLLEITAE GIVE ERROR MLSSAi.H

HKCT, AGAIN T OR LEGAL lTiaRAi'TI; R

:i:e n is til-gal gio- rue li.rgr message

TSHiiTRACT SIXIV KRilh .-iSiT I A (FI TR'- TillMn'-R

iSTORL THIS IH LOCAIIOi-I RtHHYRVEU I OP 11

.■•CHICK EUR Tin; MAXlMUn Hlimil.R ATLiiHID

: IT riORE GIVE THE ERROR liEl'YAGi:

;i|- (JiiT REI'EA! THE CROCT,:.;.

:has ihekh:; iiNY charcter 'Yi i cmye

input: MOV21 000000

22 000004

23 000010

24 000014

25 000020

26 000022

27 000026

28 000030

29 000034

30 000036

31 000042

32 000044

33 000050

34 000052

35 000056

36 000060

37 000064

38 000066

39 000070

012701 000242'

1$: . T T Y IN

me

CMPB

HEQ

CMPD

DEO

CMPB

DEO

CMPB

HI 0

CMPB

BUT

SUB

MUVB

CMP

BHIS

042700

120027

001771

12'0O27

001425

120027

001415

120027

103437

120027

101034

162700

110021

020127

103026

000746

020127

177600

000015

t177600.ro

R 0.4 15

I'L : IT Y I. S

000012 R 0.♦12

1 01.

000177 RO.U 7 7

21.

0000.60 RO.160

20T.

R .

204

♦ ■60 . RO

PO. (RJ ) +

Ri.!1EMP2r5

7 I000071

000060

000247'

201

BR IT

CMP Rl.♦TEMP2000242' 2t:

0>

W
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o
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o
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1 Cl) it; : . BLisIi

. i;''i::ti

.CND

666 0002‘\2

;nnKi. iiii: LUCiMiai'J';

i CTART i N.'i LUChTION 01 ChOOrOh

C '.'ill67

IIIITI I68 000000

SYMBOL TABLC

tciip:' 0002') :h-000172R TEMPI 000170RINPUT OOOOOOR MSG

000ABS 000000

000200

ERRORS detected: 0

001

VIRTUAL MEMORY USED: 8448 WORDS ( 33 PAGES)

DYNAMIC MEMORY AVAILABLE FOR 48 PAGES

INPUTrINPUT=INPUT

Ln



oo:27:oo page: i•MAIN. MACRO 004.00

» f •? f t fffffffffffTf* T» > »
1

r

»

3

4 .

STIIIS PROGRAM IJAG ORITTFM (0 DO THE
:i- AST E XFAM':. H.!N , rili; ALI. OtJS TWO

;CIIAiO'JELG TO iOi CUfUROi

;hi(3her freouency ciiaooi.i, rs •toIiI'LI.ij

;and procesgeei iuice as etvtt ai; or

(LOWER FREQUENCY.

6
INDCrENDF ■! fl V .

7

8

9

10

r
11

j T r . J r : * !f r r rt • t r t T T f tt t r r r12

13

14

.REGLiEF. .EXIT.MCALL

.MCALL
1 5

. .02. .16
REGISTER(LOCATION OF AH CONTROL STATUS

(START CONOERGION AT CHANNEL 0

(NOOE THREESIIOLD FOI.' Cl I 0 TO R1

(fiUOt:: -iOE THPrSIIULli I-TJR LllS TO R T

(tiOOE -OF THREEHOLIi FOI' CHO To R7

(MOOE -OF THRESHiJLi:i FUR Cll

ADCGR=177000

MOOB

177000

112.76 7

016701

016703

016702

016704

10S737

10037S

013700

112767

042700

020027

103406

020002

103401

005000

010067

000405

020001

101001

005000

010067

105737

17
»0fADC3R+1

PLOW.Rl

piiigit.f;3

NL0W,R2

NHIGII.R4

PtADCSR

PROGS

CtABCSR + ;; > RO

16 . ADCSRfl

tl 70000tRO

R0.J3777

177001 NEX:000000

000256

000254

000252

000250

177000

13 000000

19 000006

20 000012

21 000016

22 000022

23 000026

24 000032

25 000034

26 000040

27 000046

28 000052

29 000056

30 000060

31 000062

32 000064

33 000066

34 000072

35 000074

36 000076

37 000100

33 000102

39 000106

MOU

MOV

MOV

MQV

TSTB

BPL

r U f: 4

(IS BATA READYPROCS:
(NO UTilT FOR IT

(MOVE THE DATA TO REGISTER KO

(5 TAR I CONVERSION AT CHANNEL 6

■MASK THE UNNESSARY BITS

(IS n POSITIVE VALUE

(IP YES BIT TO PROCESS POSITIVE HALI- CYCLE
IT FALL WITHIN 1 HE 1HKI: 31 II.U. U BANn

MOV177002

000006

170000

003777

MOVB177001

BIC

CMP

BLO IJ

( DUES

(NO GO FDR OUTPUT

(BRING IriJWN THE OE.n PUT VALUE TO

(OUTPUT THE VALUE AT CHANNEL Y

(GO FOR NEXT GIGNAI. PRIB E S S I N (i

(IS IT ABOVE THKESHULD VALUE

(YES 00

(BRING DOWN THE OUTPUT TO ZERO

(OUTPUT THE .BATA AT CHANNEL V

(IS BATA READY

R0?R2CMP

BLO 2$
Flo.)ROCLR

RO.ADCSRf2

PROC31

RO.Rl

MOV2»:177002

BR

CMP1$:

TO norr-HT3tBUT

ROELK

RO.APCSR E2

e*ADCSR

3$:

PROCSi: TSTB

MOV177002

177000

ON

CT>



40 000112

41 000114

42 000120

43 000126

44 000132

45 000136

46 000140

47 000142

43 000144

49 000146

50 000152

51 000156

000160

53 000162

54 000164

000166

56 000172

57 000176

58 000202

59 000204

60 000210

61 000216

62 000222

63 000226

64 000230

65 000232

66 000234

67 000236

68 000242

69 000246

70 000250

71 000252

72 000254

73 000256

74 000262

75 000266

76 000270

77 000272

78 000274

100375

013 7 0 0

112767

042700

020027

103410

020004

103401

005000

052700

010067

000407

020003

101001

005000

052700

010067

105737

100375

013700

112767

042700

020027

103410

020004

103401

005000

052700

010067

000667

020003

101001

005000.

052700

010067

000657

000000

000000

000000

UPL PKOCSl

P fADCSR ! 2fF(0

I 6 f A D C 81 1 1

n70000,RO

ROf43777

;ii' (Jill 1.1 All roR 'I

;SU)PP I HE LiAlA IN RP.GIPiPP PO

iSTARl CONVPRCIGN Ai CHAHiJPL 6

I HP F OUR FilGFIF.HT ei TG

IT l OGlIVIi 'v'riLUF

F ll' (17. i;0 rOFv APF-FJDF'Rln L'

:i': 1) uriiilp FFII.

FNil liO I-OR IjUTFIIi'

FOTFFPRO !'3I; Cl EAR THE PPl lCTEP l;0

FCPT KIT 15 FOR OUIPOF AI PORI .<

FFiOVE niF::. PATA TO Utill'OI BOFFI-.R

FGO FOjR next PRUCECC

;i5 IT uj:tm in thi thr;;7fiui.d level

fiTO OD TO oil TP or

iCLEAF: REGIS itR Ro

iccr fit 15 FOR OlirPUT at port X

ll-iOVE TFIE OAF A TO 01.) Tl 'IT BUFFI.R

;i'i GAIA RFADY

;iF Moi UhI! for if

i i) 1) V E THE DATA U) !■: F; 01 C1 [-: T: !: 0

iiSTAPT COHVER'IIOM A1 CMuNNELO

JTiiiSK IHF; PITT EROi-i 12 fO 15

FIG IT POFilTlVE

FIF YES GO EOF; IT

FIG ir IJITFIIN THE THRESHOi-li I...EVEI

FIE NO GO FOR OUTPUl

F BRING BOWN THE OUTPOT '7AL0E 10 ZERO

FSET THE SIT 15 FOR OUT POT

FHOUE THE BATA TO OUTPl.n BUFFER

FREPI AT THE ENTIRE PROGESG AGAIii

FIS IT oiTH IN rum; tiireshci.b i.i:vel

FIF l!'.JI GO FOR Ol.liPlJT

F CLEAR TFir: REGISTER PO

FEET BIT 15 FOR OHTPlir

FOOVE rm- BAIA TO (i'.n|-nT BUFF I-R

FREPFAT IMF. ENTIRE PROCESS AGAIN

177002

000006 177001

170000

003777

HOB

MOVE!

BIG

CHF" F IF,

BL.0

CAP

BLO

:l 1. PIUTCF SR im.,

VAI.UI.RO , R4

21

CLR RO

100000

177002

2$: BIS H 00000,RO

PO , ADC'IR F2

PRCICS2

R 0 , R 3

NOB

BR

52 11: CMP

BHI 31

CLR RO

55 100000

177002

177000

3$: BIS il00000,RO

R0,ADCSRF2

04ABCSR

PR0CS2

LMl-ABCSR + 2 , RO

40 , ABCFiR FI

♦170000,RO

RO,43777

MOB

F'R0CS2: TSTB

BPL

177002

OCOOOO 177001

170000

003777

MOB

NOBB

BIC

CMP

BLO 11

CUP R0,R4

BLO 21

CLR RO

100000

177002

21: BIS

HOB

1100000,RO

RO, ADCGR + 2

PROCS

r;o,R3

BR

It: CMP

BHI 3'I

CLR RO

41 00000,RO

RO,ADCSR 12

PI'UCS

100000

177002

3$: BIS

MOB

BR

PLOIJ:

piiigh:

NLOU:

0

0

0

ON



79 000276 000000

000000

•HOIN. MACRO 004.00 00:27:00 PAGE 1-2

SYMBOL TABLE

niiigh: 0

JGIARTING LOCATION OK PRUURAhNEXENB80

PROC 3 2 0001 76RP ROCS

PROPS 1

0 0 0 0 2 i R

000106R

000276R

000274R

PHIGH

PLOW

000272R

000270R

ABCSR = 177000

OOOOOOR

NHIGH

NLOWNEX

ABS. 000000

000300

ERRORS detected:

000

001

0

( 32 PAGES)VIRTUAL MEMORY USED:

DYNAMIC MEMORY AVAILABLE POR

FEXP,FEXP=FEXP

8192 WORDS

48 PAGES

C3^

00



.MAIN. MACRO 004.00 oo:4;:2A ragi; i

1 f T f f y f y f t ’> r 1 " t * y T ' 7 f t 1

9

3 RRCCLJ Iy

4

nuif. f RooRAH iMi’i iiic crntik ixifrihg

: TRCUNrODR. IT CIZNILI- RRU-'b THE IIR'U) :J I Ann.

JTfJRRStlOLD VALuR FOR i:G

;EiE adjuster INDERCIUiRiI I L i ,

O
r

6

7 IR'irCJF -iN

8

9

10 r r f f f f r r r r f r . f ’■ . I

1 1

12

13 .MCALL .RELGDEFf .EXIT

.MCALL ,.02..14

15 177000

112767

016701

016703

016702

016704

ADCSR=177000

177001 hex:
FLUCATIUN Ijr ad CONTROL STATUS REGISTER

;START CONUERSION AT CHANNEL 0

irlOOE THREESHOLD FOR CH 0 IQ K:L

IMOOE FOE niRESHOLli FOR CH6 TO R3

IMOOE -OE THRESHOLD FOR CHO TO R2

fMOOE -OE THREE Hum TOR I'HA TO R4

ilB MATA ready

;no i.ii'iit for n

fMOOE THE. DATA '0 REOISTER RO

; START CONORRSI ON

filASK I HE iJMNEbSARY Kli!

JTS IT I’OSITIOE OAI.UE

■ IF YES GO TO RRu(..|-S!i RlAJITfOe HALF EMIT

■ DOES II RALI. IJTTHIN THE IIIRLSHOLD DAH'i

;no go for oinRUT

IDRINO DlUON the OUTT'IJT OAL.HF TO .ZERO

■ OH I RUT I he '.'fil OE AT (JIASHCL Y

iOO I UR NEXT PRi'CESS

isiiDiRAcr tht; threshold oalue

liillOE THE DATA TO OUll'UT RHFI ER

; G O ID i; N E X T S I G N A L R R 01. E S S I N 0

IIS II ADOOE THRESHOLD OALHT

I YES Uu TO OUTPUT

; T:R F i'(0 r.i0UN THE 01JTP!M' I H 2ER0

lOHiPUT THE DATA AT CHANNEL Y

16 000000

17 000006

18 000012

19 000016

20 000022

21 000026

22 000032

23 000034

24 000040

25 000046

26 000052

27 000056

28 000060

29 000062

30 000064

31 000066

32 000072

33 000074

34 000076

35 000102

36 000104

37 000106

38 000110

39 000112

000000

000316

000314

000312

000310

177000

MOUB ♦OjADCSR+1

PEDW^Rl

PHIGH^R3

NEHl^ R2

NHIGIIrR4

(?*AriCSR

PRDCS

e*ADr;sR + 2 ■RO

46^ ADCSRH

41 70000■RO

RO^ 43777

MOD

MIlV

MOO

MOU

TSTB

DPT.

105737 PRDCS:

100375

013700

112767

042700

020027

103412

020002

103404

005000

010067

0004)5

160200

010067

000411

020001

101004

005000

010067

177002

000006

170000

003777

MOV

177001 HUVB A V iHIANNEL 6

Die

CMP

DCO It

CMP R0^R2

DEO 2t

CLR

MOV

RO

177002 ROf ADCSR’ T2

RRDCSl

R2^R0

R0^ADCSRT2

RRUCSI

RO^Rl

DR

2t! SUB

MOV177002

DR

It: CMP

DHI 3t

CLR RO

177002 MDV RO^ADCSR(2

a\

VO



;go for Ntxr process

; S U f: T tv A C T I 11 IS T H R E S11U L D VALUE

;move the data to output duffer

; JS DATA READY

;IF NOT WAIT FOR It

tSTORP THE DATA IN REGtbTER RO
: START CONVERStON At itPANNEL o

WmiiE IHF FOUR HHUitS! S i. i T

;iE IT PUSnVF VAI UK

: 1K T £ S A [I F 0 R A F' F' R 0 P R I A I E P R 0 C; I: S SI N (■

;i3 IT UITtHN THE THRFSHUiD I'AIUF

iijo GO for OUTPUI

POTHERUISF CLEAR THE REGISTliF: RO
thO'y'E ri;E DATA (0 OUTPUT PUt FI R

FOO FOR NEXT PRijCEUS

; !5 UI: T tv' AI.'. T F H E T H tv E S It (' L. D V ALOE

jOnVE THE DATA TO OUTPUr DUFFER

too FOR NEXT PROCESS

;ir, IT IJIIH IN Tin: rilRESItOl.D l.EVI L

;no go to oLiTPur

; CLEAR REGIS I FF: RO

;movf: thf data to our put buffer

JOT! FOR NEXT PROCESt;

; SUBTRACT THE THRESIDTiD VALUE

jHOVE THE DATA TU UUIPITT pliFIFf:

:IS DATA READY

;IP MOT WAIT FOR IT

IHOUE THE DATA TO REGISTER RO

f START CONVERSION At CHANIIEI.O

JHASK THE DUS ERUM IS TO IS

fIS IT POSITIVE

MF YF.S GO FDi; IT

JIG IT UnUtM THE TIIRESIIOLD LEVEL

;iF NO GO FOR OUTPUT

iBRING DUUN THE OUTPUT VAIUF TU ZERO

I MOVE THE DA IA IQ OUTPUI DUFFER

iGTI FOR NI X I PROCESS

iSUBTRACT IHE THRESHOLD VAI UE

JMOVE THE DATA TO OUTPUT DUFFER

PROCSl

R 1 T R 0

ROv ADCSRP'.:

0 IADC SR

PROCSl

t’IADCSR + 2fR0

♦6,ADCGRIT

»70000. Iv'O

RO.*377;

DR000-103

160100

010067

105737

100375

013700

1127v67

042700

020027

103412

020004

103404

00500G

010067

000415

160400

010067

000411

02C003

101004

005000

010067

000403

160300

010067

105737

100375

013700

112767

042700

020027

103412

020004

103404

005000

010067

000655

160400

010067

40 000116

41 000120

42 000122

43 000126

44 000132

45 000134

46 000140

47 000146

48 000152

49 000156

50 000160

51 000162

52 000164

53 000166

54 000172

55 000174

56 000176

57 000202

58 000204

59 000206

60 000210

61 000212

62 000216

63 000220

64 000222

65 000226

66 000232

67 000234

68 000240

69 000246

70 000252

71 000256

72 000260

73 000262

74 000264

75 000266

76 000272

77 000274

78 000276

3*: SUB

MUV177002

177000 PROCSl! TSTD

BPL

MOV177002

000006 177001

070000

003777

MOVB

DI C

CMP

1$ULO

R0.R4CMP

2tDLO

CER RO

RO.ADCSR+2

PR0CS2

IM.RO

RO. adcsrp::

PR0CS2

R0.R3

MOV177002

BR

SUB2t:

MOV177002

DR

CMP1*:

BHI 3t

CLR RO

RO,ADCSR+2

PR0CS2

R3.R0

RO . ADCGk' + 2

eiADCSR

PR0C32

l?»ADCSR + 2,R0

*0. ADCSRFl

♦70000.RO

RO.13777

MOV177002

BR

3t: SUB

M11V

TSTD

177002

177000 PR0CS2:

BPL

MOV177002

000000 177001

070000

003777

MOVB

BIC

CMP

B1.0 1$

CMP R0,R4

2tBLO

ROCLR

RO. ADCSR + 2

FROCS

F:4.R0

RO,ADCSK+2

MOV177002

DR

SUB

MOV

2t:

177002

-yj

o



; -K1; F' e: a t t fi e; e n t j: r e e- r d c f; s s h g ai i m

;i':: FT Ia'ITFF in I FIFFE TFir-lF^HUFJLD

fj.i' nor GO For< outeut

FCLEAiR TFIE REGISTER E'O

JiiO'It: THE DATA I fJ pOTF'lJT IFIJF-FFR
FGFJ F-riRNEXT proisf:'!:'.

; sui:! I RAC I

FI-iilOE IMF LiATi'i in n U I i 111 FM'EFE.n

FRIiT-EAl IFFF: FFNIIRE FROCE

i:<R PROCS

RO.RS

79 000302

80 00030-1

B1 000306

82 000310

83 000312

S‘l 000316

05 000320

86 000322

B7 000326

88 000330

B9 000332

90 000334

91 000336

000651

020003

101004

005000

010067

000643

160300

010067

000637

000000

000000

000000

000000

000000'

CUP1$:

mil it

CLR RO

RO.ADCERT2

PROPS

R3»R0

R0rA[iC:SRI2

PROGS

177002 MQU

HR

I HRF; Slioi.n VAUIE3$: SUli

NOV177002

AGAl MHR

0pl.uu:

PHICIFi:

NLOUi;

NEI igh:

0

0

0

ISTARIIMG F-OCATION 01 PROGRAMNEX. FFNI)92

SYMBOL TABLF;

PR0CS2 000 22 61'PROGS

RROCSl

000026RRFFIGH

PLOW

000332R

00033OR

N FI IGF!

NLQW

000336R

000334R

ABCSR = 177000

OOOOOOR 000126RNEX

. ABS. 000000

000340

ERRORS betecteh: 0

000

001

UIRTIJAL MEMORY USEB: 0192 UORIfS ( 32 PACES)

DYNAMIC MEMORY AVAILABLE FUR 48 PAGES

CCLIP>CCLIR=CCLIP

>-4



00:54 Mi pofit: 1.MAIN. MACRO 004.00

7 T • T7 7 77 7 7 7 77 7 7 7 77 7 7 7 77 7 7 77 7 7 7
1

77

pitr'CLiP**7
3

74

iPHi;: pRor.RAii nas hriitcn ro perfrom the
;PEAK CLIPPING OPERATION. ONCE THE THRESHOIi
7 0 ALOES ARE 01? T A 11! E D T R 0 i-i 0 £ f AND INF 0 I 7

; STARTS WORKING. IT CLIT'i I HP

;IF IT IS BEYOND THE THRESHOLD VALUE.
SIS TWO INDEPENDENTLY CONTROLLED CHANNELS
:SYSTEM.

6
1 r

7
INPUT SIC'NAL

8
THI S

9

10

11
f

12
7 7 7 7 7 7 *7 77 7 7 7 7 7 7 7 77 7 7 77 7

13

14

15
.REGDEF7.EXIT.HCALL

.MCALL

ADCSR=177000

177001 NEX:

16
. .02. .

17
SLOCATION OF AD CONTROL STATUS REGISTER
; START CONVERSION AT CHANNEL 0

!MOOE TTTREESHOLD FOR CH 0 TO R1
7 NOOF +0E THPESHOLD FDR CH6 10 Ri

OE THRESHOLD FOR CMC 10 R2

177000

112767

016701

016703

016702

016704

105737

100375

013700

112767

042700

020027

103411

020002

103403

010067

000414

010200

010067

000410

020001

101003

18
♦07ADCSR+1

PLOU7RI

PHIGH7R3

NL0U-R2

NHIGH7R4

^♦AjiCSR

PR0C5

e^ADC:SR-!'2 7R0

♦67ADCSRil

♦1700007RO

R07^3777

MOVB

MOV

000000

000302

000300

000276

000274

177000

19 000000

20 000006

21 000012

000016

23 000022

24 000026

25 000032

26 000034

27 000040

28 000046

29 000052

30 000056

31 000060

32 000062

33 000064

34 000070

35 000072

36 000074

37 000100

38 000102

39 000104

MOV

;hOVE

7 HOVE -VE THRESHOLD FOR CH6 TC R4
;iS DATA READY

;no wait for ii

7 MOVE THE DATA TO REGISTER RO
.START CONVERSION AT CHANNEL 6

iMASK THE HNNESSARY DITB

7 IS If PDSITIVr. VALUE

7 IF YES GO TO PROCESS

.DOES

JNO GU POP: OUT PH I

TOUTT'UT THL VALUE AT CHANNEL Y

TGO FOR NEXT PROCESS

!MOVF THE THRE'GHOLD VALUE

;moue the data to output duffer
;G0 for next signal |■RlTl.■LSSING

(IS IT ABOVE THRESHOLD

7 YES GO TO OUTPlir

MOV9 9

MOV

PROCS: TSTD

DPL

MOV177002

000006

170000

003777

MOVB177001

Die

CMP
I'OSIIIVE H,TLr CYCLE

IT PALL WTTtllN TTIL IHi.’LSHOLD DANT'
BLU IP

RO7R2CMP

2$DLO

RO7ADCSRf2

PROCSL

R2 7 RO

RO.ADCSR+2

PROCSI

RO.Rl

MOV177002

DR

MOV

MOV

2t:

177002

BR
AI.IU-

CMPIt;

3$DHI

N)



(OUTPUT TUP D.TTh AT CHAUUia. Y

;gu fop next prufege

; N ClE IMF It IR E S H 0 L11 V A1 U E

(I10VE thi- fata ru uurpur i.iui f-tR

;IE DATA READ'I

;iF NOT UALT TOR IT

(ETORE INF DATA IN REGIETER RO

(START CONVERSION AT CHANNEL 6

(tlAGK THE FOUR HIOHFET DITr

(IS IT POSITVL VALUE

( tP TFS GO FOR APRROPRlt', ft I' iC OC EE EI Nii

(IS IT U). rHIN THE THRESHOLD VALUI.

(NO UO FOR ourPUT

(HOVE THE DATA TO OUTPUl DUFFER

(OU FOR NEXT I RULE

(l-iOVt TIIF. rHRE';HOLD VAIH.II::

(hUVE THE DATA TO OUTPI.M DUFEFtv

(GO FOR NEXT PROCESS

(IS IT UITH IN THE IHR'ESHOLD LEVEL

(NO GO TO OUTPUT

(HOVE I HE DATA 10 OUIPUT BUFFER

(GO FOR NEXT PROCESS

(it 0 V E 1 f i E 11 i R E S ft 0 L D V A i U E

(HOVE TfiE DATA TO OUTPIU DUEFEiC

(IS DATA READY

(IF NUT UAIi FOR IT

(MOVE THE DATA TO REGISTER RO

(START LUNVERSION AT CHANNELO

(MASK THE DUS EROH 12 TO IS

(IS IT posrnvL

(IF YES GO FOR IT

(IS IT WirUlN THE THRESitOLD LEVEL

(IF HO GO FOR OUTPUT

(HOVE TUE DATA TO OUTPUT DUFFER

(GO FUR NEXT FROCFSS

(fiUVE THE fHRESHULD VALUL

(H 0 V F THE D A 1 A i0 0 U T p U1 B U F F E R

(REPEAT itlE ENTIRE PROCESS AGAIN

(IS JI OlfH [N rttHE rttiO-SHOLD LEVEt.

MOV RO.ADC5R+2

PROESl

R1 . RO

RO. ADCSR i D

L'* A DC SR

RRUGSl

g»AD(:SR-l-2.R0

♦ 6. ADCSRU

♦70000.ro

RO.tJ777

010067

000403

OlOlOO

010067

105737

100375

013700

112767

042700

020027

103411

020004

103403

010067

000414

010400

010067

000410

020003

101003

010067

000403

010300

010067

105737

100375

013700

112767

042700

020027

103411

020004

103403

010067

000662

010400

010067

000656

020003

17700240 000106

41 000112

42 000114

43 000116

44 000122

45 000126

46 000130

47 000134

4B 000142

49 000146

50 000152

51 000154

DR

3t! ttov

MUV

RROCSi: TSTD

177002

177000

DPI

177002

000006 177001

070000

003777

MOV

MOVB

DIG

CMP

DL 0 U

R0.R4

2T.

R0.ADCSRF2

fR0CS2

R4 . RO

tlO. ADCSR + 2

PKUCS2

R0.R3

CMP

BEG52 000156

53 000160

54 000164

55 000166

56 000170

57 000174

58 000176

59 000200

60 000202

61 000206

62 000210

63 000212

64 000216

65 000222

66 000224

67 000230

68 000236

69 000242

70 000246

71 000250

72 000252

73 000254

74 000260

75 000262

76 000264

77 000270

78 000272

177002 MOV

S SDR

2ir.: MOV

MUV177002

DR

CMP1*:

DHl 3t

177002 MOV RO.ADCSRT2

PR0CS2

R 3 . R 0

RO.ADCSR+2

(^♦ADCSR

PR0CS2

81ADCSR+2.RO

♦ 0. ADCSR + l

♦70000.ro

R0.f3777

DR

3*: MOV

177002

177000

MOV

FR0CS2: TSTD

DPL

MOV177002

000000 177001

070000

003777

MOVB

BIC

CMP

BLO 1 %

CMP R0.R4

BLO 2t

177002 MOV RO-ADCSR + 2

PRDCS

R4 . RO

RO . ADCSR + 2

PROFS

R0.R3

DR

2t: MOV

MOV177002

DR

is: CMP

LO



;iF NOT CD FOR OUTF'UT

;mqve the data to output PurPEK

;CO FORNEX1 PROCESS

iHOVE; THE THRESHOLD VALUE

;hove the data ro output buffer

;REPEAT THE ENTIRE PROCESS AGAIN

'StBHI101003

010067

000651

010300

010067

000645

000000

000000

000000

000000

000000'

79 000274

90 000276

81 000302

82 000304

83 000306

84 000312

85 000314

86 000316

87 000320

88 000322

RO.ADCSRT2

PR DCS

R3. RO

RO.ADCGR+2

PROCS

HOV177002

DR

itOV3$:

MOV177002

DR

PLOW!

phigh:

NLOU:

NHIGfi:

0

0

0

0

ISTARTING LOCATION OF PROGRAMNEX.END89

SYMBOL TABLE

PR0CS2 000216R000026R

000122R

PROCS

PROCS1

000316R

000314R

PHIGH

PLOW

NHIGH

NLOU

000322R

000320R

ADCSR = 177000

OOOOOORNEX

. ABS. 000000

000324

ERRORS detected; 0

000

001

VIRTUAL MEMORY USED: 8192 WORDS ( 32 PAGES)

DYNAMIC MEMORY AVAILABLE FOR 43 PAGES

PCLIF.PCLIP=PCLIP
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V)( Start

Store This

Value
Go to

Input

Print

Help

Message

Ask for Negative
Threshold for

Second Channel

Change the

Input to
Desired

Octal

Ask to Input
Threshold for

First Channel

jk.

Go to

InputStore This

Value

Go to

Subroutine

Input

Change Input
to Desired

Octal

Ask to Input
Negative

Thresholdfor

First Channel

Change the
Input to

Desired Octal

Store This

ValueGo to

Input
Store

This Value

•'

Change Input
to Desired

Octal

Ask to Input
Threshold for

Second Channel

Exit

V y

y V

Figure 31. A flowchart of Get.
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77

)( Start

Get the

Character
■>

YesReturn

Key Hit Limi t?

NO

?

YES

No
r

EXIT

v
Is

YesDelete Last

Character

It Rub
■f

Key?

No

' f

Is

/It Legai
Character

No /Return

Key Hit

Print

Error

Message

Yes

?
?

No

Yes

Store the

Character

Figure 32. A flowchart of Input.
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)Start

Yes

Move Data

to

Ro

Initialize

Conversion

for next

Channel

/ Above \
■V/%ireshold

No No

?

Yes Yes

Yes Clear

Ro

Move Rq to
DACDBR for

Respective
Output

4-

Figure 33. A flowchart of Fast Expansion.
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)( Start

r

Data

Ready
No

7

Yes

Move Data

to

Ro

Initialize

Conversion

for next

Channel

y'^bove\
Threshold

-^Is lt\
Positive

No No

17

Yes Yes

/ Below \
Threshold

Yes
Clear

Ro?

Subtract

Threshold

from Rq

I

Move Rq
to DACDBR

Figure 34. A flowchart of Center Clipping.
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)( start

Is

Data

Ready
No

?

Yes

Move Data

to Ro

Initialize

Conversion

for next

Channel

/fcbove \
Threshold

Yes/Is it N
Positive

No

77

YesNo

/Below \
Threshold

Yes Move Threshold

to Ro7

No

Move Rq to
DACDBR

JIL
4-

Figure 35. A flowchart of Peak Clipping.
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