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INTRODUCTION

The measurement and analysis of hearing are the interests of several

professional groups. In otology, the branch of clinical medicine that

has to do with the ear, one is interested in measuring or testing the

hearing in so far as this helps in the detection, diagnosis, and correc­

tion of diseases of the ear. A second professional group, known as

audiologists, has been concerned with the testing of hearing and the

rehabilitation of the deafened. Audiologists have been engaged in

developing more and finer tests because their main interest is centered

not on the ear, but rather on all the complex facets of hearing itself.

This basic premise coupled with the special research-diagnostic

capabilities desired by the Speech and Hearing Clinic at the University

of Alabama forms the basis of the engineering tasks outlined herein.

Specifically, the Short Increment Sensitivity Index (SISI) test (see

Appendix B) augmented by the introduction of new variables not commer­

cially available at this time constitute the primary force behind the

undertaking of this project.

In an effort to give the reader a brief introduction to the physio-

psychological acoustical principles pertinent to this paper, Chapter 1

outlines these basic concepts and points out a few electrical engineering

analogies at specific points. Chapter 2 concerns itself with the

desired design specifications and a brief block diagram description of

the resulting system.

Chapters 3 through 9 are devoted to the engineering aspects of this

paper including brief statements and/or design considerations important 
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to a particular audiometer function. Also, these chapters include

photographs of the resulting sub-assembly operational characteristics

and comments on their effects upon the audiometer’s operation.

Chapter 10 and the appendices point out the important operational

characteristics of the audiometer and supplies the reader with additional

background material important to the concepts used and stated herein.



CHAPTER I

PHYSICAL AND PHYSIO-PSYCHOLOGICAL ACOUSTICS

Physical Acoustics

From the shriek of the alarm clock until the final curtain of the

last TV show, man lives in a world of sound. One encounters sound on

the streets and highways, at the office, and in the home. This world

of sound includes the throaty roar of the heavy diesel truck, the

whine of a motor bike, and the Irrepressible clatter of the street

repairman's air hammer. At home, sound enables one to talk with

friends and neighbors and to enjoy radio and TV. This world is

indeed a world of sound.

But what is sound? Scientifically speaking, sound is an undula-

tory motion of the air or other elastic medium, which can produce the

sensation of hearing when incident upon the ear. Note that sound

requires a medium for propagation; unlike electromagnetic waves,

sound cannot travel through a vacuum. Thus sound at a particular

point is a rapid variation in the pressure of the medium at that

point around some steady-state value. In air, the steady-state

pressure is atmospheric pressure. Of course, the average atmospheric

pressure changes with time and elevation, but this change is slow

enough to be considered constant compared to the rapid pressure

variations of sound.

Sound in its environment can be thought of as a field, just as

electromagnetic waves are fields. Three common types of sound fields 
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are the plane, spherical, and the diffuse sound fields. Sound in

a homogeneous space propagates outward from a source in all direc­

tions and consequently forms a spherical field. In a spherical field,

the sound pressure decreases with the square of the distance from the

source. When a microphone is placed relatively far from the source,

the sound field may appear to be a plane field, in which the sound

pressure is constant in any plane perpendicular to the direction of

propagation. If sound is generated in a room, sound waves are

reflected from the walls, and a directional sound field can only be

found very close to the source. Farther from the source, sound

approaches any point uniformly and randomly from all directions.

Thus the sound field is diffuse. Such a field would be found in a

factory if the nearest machines were not too close.

Sound is either useful or useless. Useful sound carries in­

formation which is essential or simply pleasing to the ear. Speech

and music are two examples; the sound of an automobile horn is

another. Useless sound is called noise. It carries no information,

instead it tends to interfere with a person’s ability to receive and

interpret useful sound. In many cases it is difficult to decide

whether a sound is information or noise. Often it is both. For

example, the sound of a racer can be considered an information -

carrying sound because it tells the mechanic whether or not his

machine is functioning properly. But for his neighbor, who is trying

to study, this sound is noise.

Since sound pressure is measured in the same units as atmospheric 

pressure, and since it is an alternating quantity, the term
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"sound pressure" usually refers to its RMS value.

At a frequency of 1 KHz, a sound with an RMS pressure of
2x10 ybar\ or about 2x10 atmosphere, is just below the threshold

of hearing for the average human ear. This demonstrates the amazing

sensitivity of the human ear - it can detect variations in atmospheric

pressure as small as a few parts in 10 .

Another remarkable property of the human ear is its large dynamic

range. At 1 KHz, the ear can accommodate sound pressures in the

2x10 to 200 ybar range without becoming overloaded. Larger pressure
3

levels, say 2x10 ybar, are physically painful.

Because the dynamic range of the ear is so large, it is common

practice to use a logarithmic scale for sound pressure. A reference
-4value of 2x10 ybar, approximately the threshold of hearing at 1 KHz,

has been agreed upon. RMS sound pressure is commonly expressed in
-4

dB above 2x10 ybar and referred to as sound pressure level. Math­

ematically, if P is the RMS sound pressure and L is the sound pressure

level in dB, then

PL = 20 Log dB 1-1
o

-4where P = 2x10 ybar.o
Sound pressure and sound pressure level are analogous to voltage and

voltage level in the field of electricity.

Particle speed in a sound wave is the speed of a given infinitesimal

One ybar equals one dyne per square centimeter or 0.10 newtons per
square meter. A human speaker generates approximately a 1 ybar
sound pressure at a point one meter distant.
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part of the medium, with respect to the medium as a whole, caused by

the passage of a sound wave. Here again the RMS value is generally

used, and the units are meters per second. In any given medium,

particle speed is proportional to sound pressure. The relationship

between particle speed and sound pressure in air is shown in table 1-1.

Particle speed is analogous to electrical current.

Sound intensity, analogous to electrical power, is the rate at

which acoustic energy flows through a unit area normal to the direc­

tion of the pressure wave. It is the product of sound pressure and

particle speed. Mathematically, the intensity I (in watts per square

meter) is

I = PV 1-2

where P is sound pressure in Newtons per square meter and V is the part­

icle speed in meters per second. Typical values of sound intensity

are included in table 1-1.

Acoustic impedance of a sound medium is the quotient of the sound

pressure and the particle speed multipled by the unit of area under

consideration. The surface of unit area must lie on the wave front,

i.e.,  the surface of the area must be at all points perpendiular to the

direction of sound propagation. Mathematically,

PZ = --- ----- 1-3
V • S

where S is the unit surface area in square meters. The resulting unit

of acoustic impedance is the acoustic ohm, namely, 10Newton Seconds/
Meter^ or 1 dyne-sec/cm^.



Sound
Pressure
P
(ubar) (N/m1)

Intensity
I
(W/m1)

Particle
Speed
V
(m/s)

Sound
pressure
level
L
(dB)

Above threshold 2000 200 100 5X10-1 140
of pain 200 20 1 5X10-1 120

20 2 10*1 5X10-« 100
2 2X10-1 io-* 5X10-* 80
2X10-1 2X10-* io-* 5X10-* 60
2X10-* 2X10-1 io-« 5X10-* 40
2X10-3 2X10-4 io-,# 5X10-7 20

Reference point 2X10-* 2X10-* io-11 5X10-* 0
(approximately the
threshold of hearing)

Table 1-1. Representative sound quantities in air.
Units abbreviations:

1. Newtons/square meter
2. Watts/square meter—
3. Meters/second-------

■N/nu
■W/m
•m/s
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Physio-Psychological Acoustics

So far the discussion has been limited to only purely physical

quantities, i.e., quantities easy to measure or derive. However, the

relationship between these quantities and the sensation of hearing is

anything but simple and straightforward.

In acoustics the accepted standard sound is a pure 1 KHz tone or

narrowband noise centered at 1 KHz. The loudness level, L, of any

unknown sound is defined as the sound pressure level of a standard sound

which appears to a statistically significant number of observers to be

subjectively equally loud as the unknown sound. Loudness level is

measured in phons, the loudness level being equal to the sound pressure

level (SPL) in dB of a subjectively equally loud 1 KHz tone. Thus a

sound which is judged to be as loud as a 40 dB 1 KHz tone has a loudness

level of 40 phons.

Although the logarithmic phon scale covers the dynamic range of

the human ear (- 120 dB) conveniently, it does not fit a subjective

loudness scale. A factor of two in loudness does not correspond to

double the number of phons. Over most of the audible range, that is,

for loudness levels of 40 phons and greater, the increment corresponding

to a factor of two in loudness is 10 phons. This is an empirical fact;

why loudness should be different from physical quantities like voltage,

for which a factor of two corresponds to 6 dB, is not fully understood.

It is also difficult to add loudnesses in phons. If, for example,

one 200 Hz tone is produced with a loudness level of 70 phons, and

another at 4 KHz with the same loudness level, it would be convenient if
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both tones together would yield a loudness level of 140 phons.

Unfortunately, this doesn’t happen. The two tones are actually

perceived as a loudness level of approximately 80 phons.

In an effort to obtain a quantity proportional to the intensity

of the loudness sensation, a loudness scale was defined in which the

unit is called the sone. The relationship between values of loudness

level L (in phons) and loudness level S (in sones) is given by the

equation

as outlined by ISO Recommendations [1] #R-131. Table 1-2 compares loud­

nesses (sones) and loudnessess (phons) of several common sounds.

The loudness level (in phons) of a 1 KHz tone is the same as its

sound pressure level. This would also be true of pure tones of other

frequencies if perception were constant with frequency. However, it is

not. The loudness level of any other sound (in phons) is not, in

general, equal to its sound pressure level (in dB). For example, if a

large number of observers compare a 100 Hz tone with a 1 KHz tone,

they would judge the two equal only when the 100 Hz tone has a much

higher sound pressure level than the 1 KHz tone. This difference is

approximately 38 dB SPL at threshold levels. Obviously the frequency

response of the human ear is not flat.

Although the subjective sensation of loudness differs from person

to person, normal ears seem to agree within a few dB, 3-5 dB, at least

for the young, male subjects who have participated in most subjective

tests. Hence it is possible to draw curves or contours of equal loudness
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Loudness
Level (phons)

Loudness
(sones)

140 Threshold of pain 1024
120 Jet eircraft 256
100 T ruck 64
80 Orator 16

, 60 Low conversation 4
40 Quiet room 1
SO Rustling of leaves

3 Hearing threshold

Table 1-2. Representative values of loudness level and
loudness
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level for normal ears, as shown in Figure 1-1. Equal loudness

contours were first established in 1933 by Fletcher and Munson. The

slightly modified form of these contours (Figure 1-1) is now universally

accepted as reference data (ISO Recommendation //R—226).

The curves of Figure 1-1 are for pure tones in a frontal sound

field. Consider again the 100 Hz and the 1 KHz pure tones. Figure 1-1

shows that a 40 phon 100 Hz tone has a sound pressure level of 50 dB,

while an equally loud 40 phon 1 KHz tone has a sound pressure level of

only 40 dB. The 3 phon curve is just above the threshold of hearing

for the normal ear.

Notice that the curves converge at low frequencies, but are

approximately parallel between 1 and 10 KHz. This means that the ear's

frequency response is not only a function of frequency but also of level.

Therefore it can be simulated only with networks which are nonlinear

with respect to both frequency and amplitude.

To human ears, broadband sounds, like those of jet aircraft, seem

much louder than pure tones or narrowband noise having the same sound

pressure level. Figure 1-2 illustrates this effect for band-limited

noise having a center frequency of 1 KHz. Figure 1-2A is a series of

sound intensity density spectra for bandwidths of 100, 160, and 200 Hz.

All these spectra have the same area, so all three noises have the

same sound intensity (sound power per unit area). This means that all

three noises have the same sound pressure level but are not equally loud.

Figure 1-2B shows what increasing bandwidth does to the loudness of

noise centered at 1 KHz and with a constant sound pressure level of

60 dB. Up to the critical bandwidth of 160 Hz, the subjective
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Figure 1-1. Curves of equal loudness level for pure tones in
frontal sound field, according to ISO Recommendation 226.
These curves show how frequency response of the human ear
varies with loudness level.
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(b)

SOUND INTENSITY DENSITY
(W/m2/Hi)

BANDWIDTH (Hz)

Figure 1-2. Effect of bandwidth on loudness: demonstrated by holding
sound pressure level constant at 60 dB (So=4 dB), keeping center
frequency fixed at 1 kHz, and increasing bandwidth.

22(a) As bandwidth increases sound intensity density (W/m /Hz) must
decrease to keep rms sound pressure constant. Area of each
rectangle is sound intensity of corresponding sound, which is
proportional to square of rms sound pressure. All rectangles
have same area.

2(b) As bandwidth increases, keeping sound pressure level constant
as in (a), loudness level is not affected until bandwidth exceeds
a critical value. Different center frequencies have different
bandwidths. At 1 kHz, critical bandwidth is 160 Hz.
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loudness is constant. Beyond that point, however, there is a marked

increase in loudness. At a bandwidth of 2 KHz the loudness level L has

increased from 60 to 74 phons. The loudness S has increased by a factor

of 2.5. At the present time, science cannot account for the effect of

bandwidth on loudness with any broadband measurement. Accurate loudness

measurements can be made only by taking into account the spectral

distributions of sounds being analysed. The necessary degree of

resolution in the spectral analysis is clear from Figure 1-2B. There

is no need for a filter having a bandwidth narrower than a critical

bandwidth, because for narrower bandwidths the spectral distribution of

the sound doesn't influence loudness. Conversely, no filter having a

bandwidth wider than the critical bandwidth corresponding to its center

frequency is needed. If it does, the measured loudness will be in­

correct.

In loudness measurements, the frequency scale most commonly used

is linear in subjective pitch z. Subjective pitch tells how the ear

compares the frequencies of different sounds. The unit of subjective

pitch is the mel. However, the mel is not used. Instead, the width of

a critical band is defined as one bark. Accordingly, the audio range

comprises 24 barks. Figure 1-3 shows how subjective pitch is related

to frequency.

The manner in which pure tones or narrow band sounds excite nerves

in the ear corresponding to many frequencies can best be expressed in

terms of a parameter called loudness density. Loudness density is

defined as a function of subjective pitch, the result of total loudness.

If integration of subjective pitch is to yield total loudness, then the
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Figure 1-3. Subjective pitch scale versus frequency scale.
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loudness density must be the differential quotient of loudness S over

subjective pitch z, i.e. dS/dz. Loudness density (dS/dz) has the

dimensions of sones, per bark. The subscript G indicates that loud-

ness is calculated in terms of critical bands, not subjectively

measured. Loudness density versus subjective pitch for a 1 KHz

tone at a sound level of 77 dB is shown in Figure 1-4 as a dashed

line. This function has been established in many masking experiments.

The area under the curve is

S -
z-24

z=0
dz 1-5

with z given in barks and equals 13 sones G This was to be expected

because according to Equation 1-4, 77 phons corresponds to 13 sones.

Refer to Appendix A for a phon-sone conversion chart. For most

applications, especially for calculating loudness, it is sufficient

to approximate the dashed curve by the solid curve in Figure 1-4.

The peak of the solid curve is approximately 1 bark in width. The

height of this portion is called the band loudness density. Band 

loudness density and the shape of the tail of the approximate curve

have been determined empirically.

Mutual partial masking of two tones can be represented and

explained very effectively in terms of loudness density. The three

examples in Figure 1—5 show the loudness density function of two

77 phon tones in different relationships. In Figure 1-5A the distance 

between the tones is larger than 10 critical bands. In Figure 1-5B

it is larger than 2 critical bands, and in Figure 1-5C it is less
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Figure 1-4. Masking curve (dashed line) for a pure 1 kHz
tone which has a loudness of 13 sonesg. The solid curve
is an approximation which has been found to give good
results in loudness measurements. The area under each
curve is 13 sonesg.
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SUBJECTIVE PITCH 2 (Bark)

Figure 1-5. Effect of masking when two sounds are widely
spaced in frequency (a), when their masking curves overlap
(b), and when both sounds fall in the same critical band
but are incoherent (c).
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than one critical band. In the first case, total loudness is the sum

of the individual loudness, that is, 26 sonesWhen the loudnessG
densities overlap, as in Figure 1-5B, the result is an area much

smaller, partial masking, than the sum of the individual areas. The

sounds now have a total loudness of 19 sones . When both tones fallG
into the same critical band, Figure 1-5C, and yet are of different

frequencies, the sound pressure level in that band increases by 3 dB

to 80 dB. The area under the loudness density curve increases by an

amount which corresponds to an increase in loudness level by 3 phons,

i.e.  approximately 20%. Thus the total loudness is 16 sonesG
The sounds heard in everyday life are not all uniform. Many, like

bangs and rattles, change rapidly with time. The dependence of the

loudness of a sound on its duration can be represented by a curve of

equal loudness as a function of pulse width (Figure 1-6). Subjective

measurements have yielded similar results for short bursts of pure

tones (dotted line in Figure 1-6) and for short bursts of broadband

noise (solid line in Figure 1-6). Loudness is independent of duration

for large pulse widths. Only when the pulse width drops below about

100 ms does the level of a pulse have to be increased to yield an

equal loudness. Then, when the pulse width decreases by a factor of

two, the sound pressure level of the impulse must increase by 3 dB to

give the same loudness. In other words, the ear seems to have a time

constant of about 100 ms. The test method affects the measured value of

the ear’s time constant. In fact, the total spread is about 3 to 1 or 

from approximately 35 to 100 milliseconds.
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Figure 1-6. Constant loudness corrections as a function of
pulse width. As duration (pulse width) of a sound decreases
its sound pressure level must increase to maintain same
loudness.
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It also turns out that the theories describing loudness in terms of

critical bands are valid for impulse as well as continuous sound.



CHAPTER II

AUDIOMETER SPECIFICATIONS - THEORY OF OPERATION

The purpose of any diagnostic hearing test is to determine how much

hearing loss the patient has, to describe the kind of hearing loss, and

to predict the site of the pathologic condition. The essential difference

between diagnostic tests and screening tests is not one of kind but

one of degree. In other words, the basic principles are the same, but

more care and precision are desired in diagnostic tests.

With this idea in mind the research-diagnostic audiometer specified

herein was designed and constructed to meet the rigid requirements

placed on it by the Speech and Hearing Clinic at the University of

Alabama.

The design specifications were as follows:

1. POWER

(a) The audiometer shall operate by electrical power
supplied from a 117 VAC 60 Hz power line.

(b) The internal power supplies of the audiometer shall
be stabilized for line voltage variations in the
105-125 VAC range.

2. FREQUENCIES

(a) The audiometer shall produce the following
identified frequencies:

250 Hz 3000 Hz
500 II 4000 VI

1000 II 5000 II

1500 II 6000 II

2000 II 8000 II

(b) The tolerance on each identified frequency shall be
+ 1%.

22
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(c) The sound pressure of the fundamental signal
shall be at least 25dB above that of any
harmonic present for all output signal levels.

3. INTENSITY INTERVAL
and RANGE

(a) The readings of the output dials shall be the
hearing loss readings, expressed in decibels,
and referenced to 0.0002 dynes/cm^.

(b) Hearing loss readings shall extend from 10 dB
below threshold by intervals of 1 dB and up to
115 dB above threshold.

(c) At each of the foregoing frequencies the mea­
sured difference (in dB) of the intensity levels
corresponding to any two graduations of the
intensity dials shall agree with the indicated
difference in hearing loss readings within 0.5 dB.
The difference in the intensity levels shall be
determined by measurement of the voltage levels
at the input of the earphone with the earphone
coupled to the National Bureau of Standards
Coupler 9-A.

4. SOUND-PRESSURE OUTPUT
OF THE EARPHONE

(a) Sound pressure levels produced by the earphone shall
be within + 3 dB of the output dial settings at all
frequencies of the audiometer.

(b) If the factory calibrated Telephonies TDH-49 earphone
is not used, a calibration chart for the output
transducer being used shall be provided.

5. NOISE

(a) The root-mean-square sound pressure due to all
frequencies except the signal frequency and its
harmonics shall be at least 60 dB below the signal
level for all output dial settings.

(b) For the audiometer provided with two earphones the
signal in any earphone for which the tone interrupter
device is activated should be at least 10 dB below the
normal threshold for a signal of that frequency.
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(c) Neither the bone conduction unit nor any part of the
audiometer shall radiate sound to such an extent that
the sound reaching the tympanum through the auditory
meatus might influence the validity of the bone
conduction measurement.

(d) The audiometer shall be equipped with a device for
turning the test signal on and off without introduc­
ing an objectionable "click" (i.e., transient extrane­
ous frequencies audible to the human ear) in the output
transducer.

6. TONE INTERRUPTER

(a) The tone interrupter shall operate either as normally
"ON" or normally "OFF" at the choice of the operator.

(b) Acoustic outputs shall reach a level within 1 dB of
its final value not sooner than 0.01 seconds and not
later than 0.05 seconds after the interrupter switch
is operated.

(c) No overshoot should exist for any transition period.

7. SPECIAL SPECIFICATIONS

(a) Short Increment Sensitivity Index: (See Appendix B)
aa. Available increments of 1/2, 3/4, 1, 2, 3,

4, and 5 dB shall be provided.

bb. Adjustable transition times on a contour
amplifier in the 0.005 to 0.05 second range
are to be provided.

cc. Adjustable Pulsed Increments (PI) ranging
from 0.10 to 1.0 seconds + 5% and adjustable
Patient Waiting periods (PW) ranging from
1.0 to 10 seconds + 10% shall be provided on
the control panel.

(b) Noise Generator: (masking)

aa. White noise generator.

bb. Frequency spectrum to cover the audio band
(20-16KHz) and contain no 60 Hz and 120 Hz
"hum" signals.

(c) Warble Generator:

aa. Provide a signal varying in frequency centered
at f = 2KHz and sweeping + 500 Hz at approxi­
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mately a 2 Hz per second rate.

bb. The warble signal level must not change
more than 3 dB while sweeping the indicated
range.

(d) The audiometer shall give visual indications of all
functions and responses to the operator. Also, a
network shall be provided that will drive an
external recorder indicating the presence of the
pulsed increment and the response of the patient.

(e) A simple preliminary calibration system shall be
provided allowing the audiologist to check the
instrument before testing begins.

(f) The audiometer shall comply with the generalized
specifications for diagnostic audiometers as
recommended by ISO [1] and ASA [2].

To gain an overall picture of the systems necessary to meet the

audiometer specifications refer to the block diagram given in

Figure 2-1. The block diagram can be divided into three basic units;

these are;

1. Power supplies and control circuitry as shown in
Figure 2-1A and consisting of the +28VDC, +9VDC, and
-9VDC power supplies, the master clock, and the
recorder amplifier.

2. Signal generators consisting of the pure tone, warble,
and noise generators. These sub-systems are shown
in Figure 2-1B.

3. Control amplifiers, calibration amplifiers, and the
output networks, including the attenuators and output
transformers, where these sub-systems are shown in
Figures 2-1C and 2-1D.

The resulting system basically consists of a two-channel process

amplifier where the channel 1 string obtains its inputs from the pure

tone generator-contour amplifier network while the channel 2 input

depends upon the position of the channel 2 source switch.



Figure 2-1. SYSTEM BLOCK DIAGRAM
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AND CONTROL CIRCUITS SCHEMATIC
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FIGURE 2-l.D
CALIBRATION AMPLIFIER
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The master clock controls all timed signals and provides a

synchronization pulse to the recorder amplifier so that accurate timing

and increment presence may be externally recorded. The synchronization

pulse in conjunction with the patient detect pulse generated by the

recorder amplifier provides the audiologist with his test scores simply

by counting the presence or absence of the pertinent pulse.

Pure tone and Short Increment Sensitivity Index (SISI) test

signals are generated by the master clock-tone generator-increment

network-contour amplifier combination and the increment relay removes

the incremented signal during pure tone testing. The increment .disable

(ID) switch located on the front panel controls this relay.

Preliminary calibration of the audiometer may be done by the

audiologist. This feature is afforded by the combination calibrate

switch-calibration amplifier-differential amplifier (located to the

left of the Bone Unit) and requires only one selector switch and one

adjustment. A technique often encountered in dual channel systems

is that of electronically balanced outputs by use of a nulled
differential amplifier output. Specifically, the channel 1 output (4^

and the channel 2 output are fed to the differential amplifier

(See Fig. 2-1D) ; a signal proportional to the imbalance is fed to the

calibration amplifier, signal path denoted by the symbol (a) , which

drives a VU meter located on the front panel. Thus, for the calibrate

switch in the A position, the VU meter is adjusted for a minimum reading

and the two channels are electronically balanced. The balance control

(Pl) , located on the control panel and shown as potentiometer ^03

Fig. 2-1C, equalizes the effective gains for the two channels. The 

remaining calibrate switch positions are used to check signal levels 
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and any deviations from the calibrated values are indicated, in dB,

by the VU meter on the control panel. This feature is particularly

useful to the audiologist since any necessary sound pressure level

adjustments may be determined simply by reading the VU meter indications.

Test signals for each channel may be interrupted or introduced on

an individual or "ganged" basis; the choice is left to the audiologist.

The tone interrupter (TI) control system consists of three switches

located on the control panel and utilizes DC controls to prevent

signal-to-noise degradation normally encountered when such controls

are located within the signal paths. The channel 1 and channel 2

interrupter/over-ride switches are labeled Til and TI2 respectively.

The normally off (NOFF) switch provides simultaneous control of the

channels for interruption/introduction as desired by the audiologist.

A more detailed description of the control panel is given in Appendix F.

Table 2-1 was included to identify signal points and to aid the reader

in tracing the interconnecting signal paths of figures 2-1A, 2-1B, 2-1C, 

and 2-1D.
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TABLE 2-1

INTERCONNECTION LEGEND
(Figures 2-1A thru 2-1D)

denoted by

SYMBOL CONNECTION

1. + 28 VDC

2. + 9 VDC

3. - 9 VDC

4. Interconnection [Q^ -*■ Qj_q]

5. Interconnection [Q^ output]

6. Increment Signal (VTC)
Xo

7. + 15 VDC

8. Reference Signal (V_)
Kb

9. Tone generator output (Qoz)

10. Warble generator (Q??)

11. Noise generator, Masking (Q25)

12. Calibrated External input

13. External input

41. Interconnection [ Input of ch. 1 attenuator (Fig. 2-1C)
to input of the calibration amplifier
(Fig. 2-1D) ]

51. Interconnection [ Input of ch. 2 attenuator (Fig. 2-1C)
to input of the calibration amplifier
(Fig. 2-1D) ]



CHAPTER III

WHITE NOISE GENERATOR

Until recently, engineers were concerned with eliminating system

noise because it tended to mask the desired signals. Today, however,

increased knowledge of noise has revealed many useful properties which

may be exploited.

All useful functions of noise are inherent in its very structure.

For example, noise contains all frequencies and is, therefore, an

excellent source of any particular frequency or band of frequencies.

For some special practical applications, noise energy must be

distributed evenly throughout the band of interest, i.e., white noise.

In addition, distribution of amplitudes (voltage levels) of noise should

be Gaussian at every frequency. Other practical considerations include

the size of the noise source and the power requirements.

Noise power specifications are based on dBM per cycle [3] (or volts

per root cycle [9]) available into a given load resistance at 290°K,

i.e. , room temperature. Since noise varies with random motion of the

molecules and noise power (in milliwatts) is proportional to a function

of the bandwidth, noise power at temperature T is given by

P - KTB 3-1n

where
-23K = Boltzman s constant =» 1.38x10 joules/degree Kelvin

T => absolute temperature in ° Kelvin

B =» bandwidth in Hertz

34
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At room temperature, 290°K, the noise base power Pq is given

by Equation 3-1 to be

P = KT watts/Hz 3-2o

or
3

P = KTxlO mW/Hzo
-23 3P - (1.38x10 )(290)(10 ) mW/Hzo

i o
P = 4x10 mW/Hzo

—1RP = 10 log,A(4x10 ) - -174 dBM/Hz @ 290°K 3-3

and excess noise power, ?ex» is defined to be above this base figure.

For example, 26 dB excess noise power is -148 dBM/Hz @ 290°K (P " P-Po»

where P is the noise power present). In terms of voltage, the resistance

must be stated. For most work, a 50 0 resistor is considered typical,

where

0.05pv per root cycle into 500 = 41 dB excess noise

or

1 mv into 50 0 = -47 dBM

and

1 volt into 50 0 = 13 dBM.

The conventional way to design a semiconductor noise generator is

to amplify the noise voltage developed across a conducting zener diode.

However, note that if the noise level is 1.5 mv, a gain of 80 dB is

required to produce 15 volts, which means approximately three stages of
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amplification are needed. But since the transistor is primarily a

current-amplifying device, and the noise current of a Zener diode is

about 1.5 mv/50 ohms or 30 ya (where 50 ohms is the dynamic impedance

of the Zener diode), a much more efficient design is possible.

The Q22 stage of the noise generator, see Figure 2-1B, shows a

circuit in which the Zener diode current is fed to the base of

the transistor which has a nominal current gain of 75. The Zener

diode serves two purposes: it produces a noise signal current, and

it stabilizes the collector operating point. The drop across Rg?

determines indirectly the Zener current. The rms noise signal across

R,g is approximately 0.95 volts and noise spikes occur having

amplitudes of 6 volts peak to peak.

In noise amplifier systems, the amplifier must have a wide

dynamic range to accommodate and amplify noise signals of a large

amplitude. If the dynamic range is too low, the amplifier will clip

the peaks of the larger "spikes" and change the randomness character­

istics of the noise. To reduce the clipping effect to a minimum, a

large peak-to-rms or dynamic range would be specified, usually a

4:1 or 5:1 ratio. At a 5:1 peak-to-rms ratio, fewer than 1 in 10,000

peaks are clipped [10],

The buffer amplifier combination of the field effect transistor Q25

and the bi-polar transistor is designed to handle large signals in

order to minimize clipping. An indication of the large dynamic range
2is most evident in Figure 3-1.

Figure 3-1 through 3-6 courtesy of Motorola Semiconductors, Inc.
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V ‘ DRAIN-SOURCE VOLTAGE (VOLTS)
Do

FIGURE 3-1
Q25(2N3796) LOAD LINE CHARACTERISTICS

FIGURE 3-2
2N3796 COMMON SOURCE TRANSFER CHARACTERISTICS
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To accommodate large signals, the transistor 2N142O(TI), was

biased at the following Q-point:

V_p - 28.0 V

v„ = 15.0 V
GlS

= 3.0 maM

I- ■ 20.0 pa
Jo

hfe “ hFE " 150 0 TC “ ma

Applying Kirchhoff's voltage law to the collector circuit yields the

value of namely,

V - VCC CE (28 - 15) volts - .
70 Ip + In (3 - 3/150) ma

L D

R70 - 4.33KO(4.3KO)

The number in parenthesis refers to the nearest standard value. For

the base circuit the value of 69 is given by

VCC ~ VBE ~ + IB^R70

69 “ tb
3-5

[28.0 - 0.70 - (3+0.02)(4.3)]volts
R69 = 0.02 ma

R69 = 710KQ (720KQ)

The graphical technique will be used to design the source follower

stage Q25« Since a large dynamic range is the primary design factor, a

Q-point most suited to this requirement will be chosen using Figure 3-1

and V = 28 volts. From Figure 3-1, the chosen Q-point is
vv
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VDSQ " 16’° V

Idq - 8.5 ma

VGSQ “ 3,5 V

where the device information shown in Figs. 3-3 through 3-6 was

considered in choosing the above operating point. The DC load line

(DCLL) is the line connecting V__ and the chosen Q-point. The point

where the DCLL intersects with the drain current axis can be used

to calculate the source resistance R_, • Using74

R74 =
vCC = 28 volts

ZDMAX ' 20 ma 1.4 Kfi (1.5KQ)

external requirement shall be placed on the sourceAt this point an

must have an input impedance of 10KQ to provide

a matched load to the

the governing equations are

3-7» lOKfi

3-8

Inserting the Q-point values

follower. This stage

" VGSQ + *DQ R74

R73 R72
R73 + R72

VCC R73
R73 + R72

and R„. = 1.4KQ into Eq« 3-8 yields
74

high—pass filter F-. Subject to this condition

R73
- 1.22 3-9
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this into Eq. 3-7 givesand substituting

10(1.22) + 10 KO 3-10

22.2 KB(22KB)

to beUsing Eq.

18.2KB(18KB)

circuit analysis it can be shown that the voltage gain of theFrom

is given by

= 10KB 3-11

where

R =

From Figure 3-3 it can be seen that,

This gives

for

3-12

» 1/gm, thus

400 0.

This after filtering, is approxima-noise generator output voltage,

tely 0.30

Ro

Ro

R72

R72

R74

R75

A = ______ 22_______
v gm + 1/r^ + 1/R

Figures 3-7, 3-8, and 3-9 show

R73

R73

this condition, the output

since R_.74

A = 0.765

for Q2^» the Q-point gm « 2500pmhos.

VRMS at the source of FET Q^.

resistance Rq is approximated by

for the condition gm > > 1/r^. Also

Q25 stage

| I R75 ~ 1.3KB

3-9 gives the value of R?2

1.22

1
gm

R74
1 + gmR74
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ID, DRAIN CURRENT(mA)
FIGURE 3-3

2N3796 FORWARD TRANSFER ADMITTANCE

I , DRAIN CURRENT
D FIGURE 3-4

2N3796 AMPLIFICATION FACTOR
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ID, DRAIN CURRENT(mA)

FIGURE 3-5
2N3796 NOISE FIGURE

R SOURCE RESISTANCE(megohms)
S

FIGURE 3-6
2N3796 OUTPUT ADMITTANCE
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FIGURE 3-7A
1L5 SPECTRUM ANALYZER(input grounded)

FIGURE 3-7B
0-2 KHz NOISE SPECTRUM

a. f = 1 KHz
b. VERTICAL = 5 mv/cm
c. DISPERSION = 200 Hz/cm
d. RESOLUTION = 1 K
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FIGURE 3-8
0-10 KHz NOISE SPECTRUM

a. f = 5 KHz
b. VERTICAL = 5mv/cm
c. DISPERSION = 1 KHz/cm
d. RESOLUTION = 1 K



45

FIGURE 3-9
0-100 KHz NOISE SPECTRUM

a. fp = 50 KHzL*
b. VERTICAL = 5mv/cm
c. DISPERSION = 10 KHz/cm
d. RESOLUTION = 1 K



CHAPTER IV

MASTER CLOCK

Pulse width and interpulse period can be varied independently in

the circuit shown by Figure 4-1A, and is capable of a large mark-to-

space ratio for periods as short as several tenths of a microsecond or 

as long as several seconds.

The duration of the quasi-stable states can be adjusted independently

because they depend on the discharge rates of two capacitors: one 

determines pulse width and the other interpulse period.

Usually in the emitter coupled multivibrator (MV), the charge rate

of the timing capacitor C4 determines the duration of one quasi-stable 

state, and the discharge rate of the same capacitor determines the 

duration of the other quasi-stable. Therefore, mark-to-space ratio is

limited.

In the- modified emitter coupled MV shown by Figure 4-1A, when

capacitor Cg discharges, transistor Q? is cut off and Qg conducts during

the patient waiting period. During the time C, discharges, Q? conducts

and Qg is cut off generating the pulsed increment pulse. This means

that Cg charges when Q? conducts. If Q? is saturated, its base current

will be sufficient to charge Cg rapidly.

For the waveshapes in the timing diagram, Figure 4-2, at t = 0,

the base voltage of Qo has reached
o

V’ - ----—--- x Ve R18 + Rn CC 4-1

46



(A)

(B)

Figure 4-1. MASTER CLOCK(A) AND THE EQUIVALENT
TIMING CIRCUITS(B and C)
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Figure 4-2

TIMING DIAGRAM.: Voltage V' is the emitter voltage
when Q_ conducts, and V" is the emitter voltage for
Qo conducting. e

o
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causing Qg to conduct and changes the state of the circuit. The

collector current in Qo must be greater than the collector current in
o

Q to increase the emitter voltage to

R-i R
V” = -----—— x V + Ve R18 + Rn CC y 4-2

where VY is the cutin voltage for the germanium transistors Q7 and Q8

and is sufficiently small to be ignored. This increased emitter voltage 

will cut off Q^, whose open collector voltage is coupled through C, to

Q8’s base driving Q into hard saturation.

The duration of quasi-stable state T^ is the time required for Cg

to dishcarge until V_, rises to V’’ + V . This base voltage causes Q7
D / E Y /

to conduct and regeneration turns Q_ off and drives into saturation.
o /

The duration of quasi-stable state T£ is determined by the time

of Qo increases to
o

required for to discharge until the base voltage

Q7-Ve’. This voltage causes Q& to conduct and cuts off

determined fromThe analytical expression for period T_ can be

Figure 4-1C, where I represents the collector-to-base reversecu /
current of Q7 and I represents the C_ discharge current.

I C3 J

voltage of transistor Q_ is

The base

VB7 “ VCC “ R10 ^C3 " IC07^ 4-3

and Vg7 = V”e at the end of the time period T^. Inserting these values

into the conventional R-C transient equation} neglecting the reverse

leakage current, yields
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4-4

4-5

and

4-6x

R'

4-7

Eqs. 4-6Inserting the circuit values given in Figure 4-1A into

and 4-7 yields

4-8

and
4-9

where

= 150 yf

- 80 KO (SYMMETRY ADJUST)R12

+ R18)

C4

C3

and can be neglected, the time interval T_ is given by

derived in the same way. InThe expression for period T2 is

2 T, x IO-5

-V’ioSe

R18 + R13
R13

VB7(t " TP “ VCC

4
R10 - 4.76 Tx x 10

T1 “ R10C3

collector output resistance of Q?. Since R’.^ is much lower than R^2

_2ii
Ru

__2C Rn
(Rii

T2 = R12C4 In

"Tl/R10C3
+ R18e

R18
R18 + R13

2R11R13 + R18(R11 + Rl? R18 + R11
. .. -i ■ ■ ■ ■ - — y — ■——
(R18 + Ru) (R18 + R13) R1X

i r
R + RR11 + R18

Figure 4-IB, represents the parallel resistance of R^ and the

R13
R13 + R18
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These circuit values were assumed after considering the trade-off

characteristics:

1. transistor saturation conditions
2. quasi-stable timing ranges
3. standard capacitor values

This scheme of trade-off factors lends itself to the problem at hand

very well, since selected 2 yf capacitors (C.) and a progressive-short

rotary switch may select the necessary values of C,.

For this particular application of the timing circuit, the follow­

ing quasi-stable time intervals will be defined:

T^ = patient waiting period (PW)

T£ = pulsed ^Increment (PI)

For an explanation of the use of the pulsed increment (PI) , refer to

Appendix B.

The actual timing waveforms for the master clock are shown in

Figures 4-3 and 4-4 as displayed on a Tektronic type 549 storage

oscilloscope. Also, it should be noted that the pulsed increment

period (PI) is calibrated by potentiometer as shown in Figure 4-1A

and Figure 2-1A, while the patient waiting period (PW) is determined

by the switched timing component Rjq*



FIGURE 4-3
MASTER CLOCK TIMING WAVEFORMS

a. PI = PW = 1 sec.
b. VERTICAL = 2 v/cm
c. HORIZONTAL =0.50 s/cm

FIGURE 4-4
MASTER CLOCK TIMING WAVEFORMS

a. PI = 0.50 sec. , PW = 5.0 sec.
b. VERTICAL = 2 v/cm
c. HORIZONTAL = 1 s/cm



CHAPTER V

WARBLE GENERATOR

A slightly modified phase-shift oscillator can conveniently meet

the warble generator specifications and allow the added feature of an

adjustable center frequency f . Referring to Figure 2-1B, the circuit

consists of a dynamic bias generator (Q^ - and a modified

resistance-controlled three-section phase-shift oscillator (Q,o - Qo_).

The dynamic bias generator consists of an astable multivibrator

(MV), integrator, amplifier (Q^_), and a positive clamping circuit.

Since such a low warble frequency (f - 2Hz) was specified, an astable

MV identical to the master clock was chosen due to its low frequency

capability. The only design changes necessary are the actual quasi­

stable times and these may be obtained directly from Eqs. 4-6 and 4-7,

giving

T1 " R10C3(0*14) 4-6

T1 " R49C13(0-14) 5-1

T2 " r12C4(0-626> 4-7

T2 " E51C14(0-626) 5-2

After considering the standard R-C component values available, the

timing capacitors were chosen to be

C13 = 25 uf

C14 ' 5 uf

53
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giving

R._ = 72K249

R51 « 82KQ

for the desired 2 Hz square wave control, i.e., the warble frequency f^.

The function of the wave shaping circuit (Fig. 2-1B, components

R^3 and C-c) is to produce an approximately triangular output waveform.

Figure 5-1 shows the desired input-output relationship and the resulting

voltage levels for the wave

emitter saturation voltages

shaping circuit. If the Qn, collector to
10

(V_„_ < 0.1 v) is ignored, the charge and
CES “

discharge equations for C^_ can be shown to be

fcl
R CVni = V' + (V. - V’)e K1 15 ,

UX £ J J

(t-t1)

V02 " V”+ (V2 “ V ”)e 5-4

where

R1 * R52 + R53 ‘ “ + R53

R2 “ R53 + R51A ~ R53

and V’ and V" are shown in Figure 5-1 (input). At this point, inpose

the following desired conditions:

(a) R53C15 “1.5 sec.

(b) R53 = 15 KO and C15 “ 100 yf

(c) t£ ■ t - t. ■ 0.25 sec.
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( input )

FIGURE 5-1
WAVE SHAPING CIRCUIT

(R53 and C15, fig. 2-1B)
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(d) V01 = 2.25 v @ t =

V02 1,75 V ® C2 " fc " C1

Substituting these conditions into the control equations yields

_ 0-25
2.25 - 10.0 + (VT - 10) e 1,6 5-3

 0-25
1.75 - 1.65 + (V - 1.65) e 1,5 5-4

and

V- « 0.94 v

V2 « 1.77 v

giving a peak to peak output voltage

AV = 0.83 Vp-p

To process correctly this signal the amplifier must have a

large dynamic range, low gain, and high input impedance. The field

effect transistor 2N3823 meets all of these requirements. Obtaining

the drain characteristics for the FET and following the design

procedure used in the white noise generator section (C^) » the follow­

ing amplifier characteristics were obtained:

A “ 9v
ZJ = 2.2 M2in
Ein ~ - (without clipping)

Thus the amplifier can correctly process the dynamic bias signal and
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meets the design specifications.

Exclusion of the transient analysis of the clamping circuit

consisting of D^g, an<^ R58 (figure 2-1B) leaves only three factors

to be considered:

(a) time constant
(b) loading effect on Q
(c) signal level below zero

5:1 time constant-signal period ratio.

related to the area A

the relationship

and to be 50 pf giving aThe value of R is chosen to be 50 KO
jo

in the reverse-biased direction (D.o OFF) by
lo

loading of Q during the off cycle of

This value of R_o also prevents
58

the output voltage waveform in the forward direction (D.o ON) is
lo

Millman and Taub [11] that , in the steady state, the area under

D.g. It has been shown by

5-5

a ratio

5-6

purposes has no effect upon the signal.which for all practical

A

A

turer’s data sheet, the

rdf
R58

forward resistance. According to the manufac-where rJz. is the diode
dr

value of r.£ is approximately 10 fi. This gives

—12- - 0.2X10'3
5xl04

This dynamic bias signal in conjunction with the static bias

produced at the wiper of potentiometer R60 forms the bias network

used to establish the center frequency f and the warble range Af of 

the phase-shift oscillator. The effective bias on the voltage-variable 
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resistors and Q2q is given by

VGS " VDC " Vw 5-7

where

VD(, = DC potential between the wiper
and ground of R

60

V = dynamic bias signal

To comply with the 2N3380 (Q^ - Q2q) maximum ratings, V^g should

not exceed 5 volts.

After establishing the DC operating conditions for Qno, , and
lo 21

Q22, t^ie e<iu^va^ent AC circuit for the phase-shift oscillator,

excluding the buffer amplifier Qno* was subjected to computer analysis

using the PCAP program. The equivalent circuit, subject to computer

requirements and simplifying active source transformations, is shown

in Figure 5-2. Also shown are the pertinent source transformations

and the design center h-parameters for the transistors.

It has been shown in the literature that the approximate frequency

of oscillation of a three-section untapered phase-shift oscillator is

f = --- ----- 5-8
° 2tt /6 RC

For the value C = 0.05 yf, two values of R => R, , R = 10 KQ and
ds

R ■ 2.5 KQ, were chosen to check the oscillator capability at

frequencies just outside its proposed operating range. The computer

program and its results are given in Appendix E.

To check the actual sweep frequency of the warble generator



FIGURE 5-2
PHASE-SHIFT OSCILLATOR EQUIVALENT CIRCUIT

P-CAP EQUIVALENTS: CIRCUIT PARAMETERS:1. I2-I6 I- H=hfe/hoe=hfeRb-5xl°6
2. I3 = I, 2. K - hre = 2xlO’3

3. Rds" 10 KO, R-2.5 KSi, R^-50 Kfl
R
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a Tektronix type 549 oscilloscope was used. The oscilloscope time base

was set to 0.10 ms/cm giving a one cycle display per each 5 cm of dis­

play screen (f_ = 2 KHz). If the oscilloscope uses the signal triggerx/
mode, the second zero crossing point (@ 5 cm) can be used to calculate

the end points of the warble range.

To establish the correct warble range, adjust R^q (Fig. 2-1B) for

0.60 VDC at the source of transistors Q.g and Qjq. This adjustment

establishes the high end of the warble range. Having done this, adjust

R^g (Fig. 2-1B) for the desired low end warble frequency. In other

words, adjust Rco until the second zero crossing point on the oscillo-
JO

scope sweeps from 4*00 cm to 6*50 cm. The resulting end point frequen­

cies are 2500 Hz and 1540 Hz respectively or f - 2KHz + 500 Hz.

The output voltage of the warble generator was checked at the

wiper of Rgg (Fig. 2-IB) and was found to vary approximately 2.5 dB

during the sweep period.

The warble frequency f is checked at the gate of (Fig. 2-1B)

using the storage capability of the Tektronix type 549 oscilloscope.

The calculated and measured voltage waveforms are shown in Figs. 5-1

(output) and 5-3. The resulting warble frequency f^ was found to be

approximately 1.8 Hz. Should a warble frequency of exactly 2 Hz be

desired, the symmetry adjustment R^_ (Fig. 2-1B) may be used to change

the warble frequency approximately 15% without producing noticeable

changes in the warble generator output signal. If larger changes are 

desired, it will be necessary to change (Fig. 2-1B) and readjust

the symmetry control R^.
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FIGURE 5-3
WARBLE GENERATOR BIAS

a. VERTICAL = 1 v/cm
b. HORIZONTAL = 0.10 s/cm
c. f = 1/T, T = signal period



CHAPTER VI

CONTOUR AMPLIFIER

It is well known that the Intensity (or frequency) of a tone can­

not be changed abruptly without the scattering of energy into other

regions of the frequency spectrum. The ear hears this scattering as

a "click", and in audiological testing the elimination of this click

is imperative. It can be suppressed only by a gradual rather than an

abrupt transition from the steady tone to the augmented tone. But,

if the transition is too slow, one would no longer be able to measure

the quantum, and so a compromise is in order. From preliminary

experiments by Stevens [12], it has been shown that, if the transition

from one sound pressure level (SPL) to another SPL occupies 5 ms, all

preceptible click is abolished, and the transition time is still

negligible relative to the rate of fluctuation in the over-all sensi­

tivity of the ear's organism. Thus, the minimum time-constant for the

growth and decay of the test tone is 5 ms, and the effective time of

transition from the "on-to-off" and the "off-to-on" is approximately

10 ms.

With these specifications in mind, a solid-state switch must be

designed that will silently switch from a reference signal to an

incremented signal at some externally determined rate and employ a

transition time of approximately 50-100 ms.

Since the MOS field-effect transistor has found extensive use in

voltage controlled attenuators, this device will be used to develop

the desired switch.
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Experimentation with the circuit shown in Figure 6-1 indicates

that only two factors remain to be developed. These are

1. A DC bias control for the FET.
2. A signal summing network.

Notice that, for the linearly biased region of the FET shown in

Figure 6-1, a DC control voltage produced by the output of a DC

integrator circuit would develop a control contour which lends itself

very well to the problem at hand. With this idea in mind, the contour

amplifier Q_c - Q„o and Q_A shown in Figure 2-1C was developed.

The contour amplifier operates in the following manner. The 

control pulse at the output of Q drives Qo,
Zo

into heavy saturation and

its collector-to-emitter voltage decreases to approximately 0.10 VDC.

Transistor now cuts off due to the reverse bias applied by Zener

diode ^21 * With Q2? cut off, capacitor C29 will charge toward +10 volts

through R__ and RQ_. It is the combination of V and V _o that

supplies the contour bias to the voltage variable resistor (^g.

Now consider the control pulse to be presented at time t ■ 0 and

that the collector-to-emitter saturation voltage of is 0.10 volts.

Thus, the dynamic bias for Q_o is given by
Zo

tr
pr

VGS28 " VZ21 + (10 ” VZ2p [1-e 1 6-1

where
t = rise timer
R “ R80 + R82

C’C29

V = 1.5 volts
Z Z JL
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Since virtually all of the increment signal VT„ is fed to the

summing network for V_c„o > + 5 volts, see Figure 6-1, the limit

network consisting of Ro_, D„„, and is employed. Zener diode
ol ZZ ZJ Z3

(5.1V) establishes the limit level; and when the positive side of Cj9

just exceeds this level, diode D22 conducts and clamps C29 at

VD23 * 5l1 V01tS-

Since the minimum pulsed increment (PI) time to be employed by

the audiometer is 100 ms, it is necessary to have a maximum transition

time equal to or less than 100 ms. Thus, for the maximum transition

time condition, it is necessary to have reach +4 volts in 50 ms.
GbZo

Solving Eq. 6-1 for its time constant RC yields

RC - (R80 + R82)C29 = 143 ms 6-2

Notice that, since the time constant is much larger than the maximum

rise and decay times, namely 50 ms = maximum rise/fall time, the

dynamic bias function is a 1.6 volt DC level with a 3.5 volt ramp

function superimposed upon it. From this result, one would expect

the contour of the incremented signal to assume the general contour

given in Figure 6-1. This will be shown to be the case shortly.

At this point, impose the condition that ^^23 = 2.50 volts at

the end of the maximum decay time of 50 ms. Since the decay time

begins when saturates, the dynamic bias equation for the decay

time is given by

_ Jd
R CVGS23 - VD21 + °-10 + 3'5 e A S’3
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where

RA “ rc(sat) + R82 “ R82

Solving for the decay time constant yeilds

cd ■ RAC ” R82C29 ’ 37 “ 6'4

and subtracting Eq. 6-4 from Eq. 6-2 gives

R80C29 ■ 106 “ 6'5

To preserve the straight line approximation for the dynamic bias

function, the maximum decay time should not exceed 2Ro_Coa. Fromoz zy

Eq. 6-4, this is seen to be the condition. At this point, let

C29 = 10 yf giving

Ro_ - 10.6 KO (50 Kfi POTENTIOMETER)
ov

Ro_ = 3.4 KO (5 KO POTENTIOMETER)
oZ

Inserting these results into the control Eqs. 6-1 and 6-3 gives
tr

VGS28 ' 1'! + 8‘5 [1-e U3] 6’6

_ t'd

VGS28 ’ 3-6 + 3’5 e 6‘7

where the rise (t ) and decay (t.) times are in milliseconds. Theser •'a
bias functions are plotted in Figure 6-2,

To obtain a plot of the incremented signal contour, take the bias

vs. time plot in Figure 6-2 and transfer it to the output vs. bias plot 

in Figure 6-1. This yields a contour voltage vs. time plot as shown in
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Figure 6-3. The normalized contour will apply to any of the increments

used by the audiometer. One may readily see that the theoretical

contour amplifier conforms to the design specifications.

Now that the proper contour has been generated, only a summing

network need be developed. Since the increment and reference signals

are in phase, the simplest solution is to use an integrated circuit

(IC2, Figure 2-1C) summing amplifier. The summing network consists of

transistors Q„ and and the integrated circuit IC2 (operational

amplifier) as shown in Figure 2-1C.

The reference signal (V c) is fed to the summing amplifier through

resistor RQ_, while the incremented signal (VTC) is fed to the summing

amplifier through R^^. Resistor R^q is used to reduce the DC "offset"

errors of IC2 to approximately zero. The value of resistor R„q is

found by considering the equivalent resistance as seen by pin 2 of IC2

to ground. Since the source resistance of the reference signal (V _)

is less than 50 Q, the equivalent resistance to ground as seen by pin 2

is

Req - *92 11 (RS1 + V 6-8

where

Rqq - 1 Kfi + 1%
07 ■"

R91 " R92 “ R93 = 12 Kn ±

For this condition, the DC error gain of the summing amplifier is given

by
K. . ^93 m R93(R89 + R91 + R92) ,_Q

Req R92(R89 + ®9p
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and for the values given above K' = 1.92. It has been shown in the

literature [14] that R_Q may be used to set the error due to offset

bias current equal to zero when

R = -R93
90 K’ + 1 6-10

Using Eq. 6-10 and the values given above, the value of R90 is 4.1 Kfi

and the summing amplifier AC gain is approximately one. The rest of 

the circuitry associated with IC2 are the load resistor and the

compensating networks consisting of Cg^, ^94‘ an<^ ^95* The va^ues of

these components are selected to conform with the Motorola data sheet

for the operational amplifier MC17O9C(IC2).

Since the voltage variable resistor (kg must be followed by a

high impedance (see Appendix D), the buffer amplifier Q^q (Figure 2-1C)

is placed between Q_o and the comparatively low input impedance of the
Zo

summing amplifier IC2. The "in-phase" relationship between the 

reference and increment signals is not disturbed since the Q.q stage

offers no phase shift to a signal passing through it. The primary

function of the second buffer amplifier Q^o is to isolate the IC2 out­

put and to allow the following stage (Q_p to use a Tow cost p~channel

FET. Thus, the amplifier combination Q„ ~ provides the desired

isolation while producing a 90 mv signal to the channel 2 (left ear)

and channel 1 (right ear) amplifier networks.

To compare the theoretical and measured results, Figs. 6-4 and

6-5 should be compared to Figs. 6-2 and 6-3 respectively.
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Noting that zero volts DC corresponds to the bottom graticule

line in Fig. 6-4, it is seen that the contour bias is approximately

a 1.5 volts DC level with a 3.5 volt ramp function superimposed upon

it. The horizontal portion (4.6 volt level) of Fig. 6-4 is determined

by the pulsed increment (PI) control pulse and is equal to the pulse

time minus the rise plus decay times of the Increment bias network.

Figure 6-5 shows the actual contour of a 0.50 second - 5 dB

incremented 1 KHz signal used in the SISI (see Appendix B) test.

Figure 6-6 and 6-7 show the control contours and the resulting

signal contour fluctuations which must be removed when the "channel

fade-in-channel fade-out" technique is used. Figure 6-7B shows

approximately a 6 dB-35 ms signal contour dip which the pathological

ear would respond to rather than the indicated 0.5 dB increment.

Also, notice that there is a 2% overshoot which must not exist 

(see specification II-6-C).
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FIGURE 6-4
CONTOUR AMPLIFIER BIAS

a. PI = 0.50 sec.
b. VERTICAL - 1 v/cm
c. HORIZONTAL = 0.10 s/cm

FIGURE 6-5
CONTOUR AMPLIFIER INCREMENTED SIGNAL

a. PI ■ 0.50 sec.
b. VERTICAL = 5 mv/cm
c. HORIZONTAL =0.10 s/cm
d. INCREMENT = 5 dB
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CHAPTER VII

TONE GENERATOR

The RC-oscillator circuit of Figure 7-1 is a generalized equiva­

lent circuit for the pure tone gnerator (IC1) shown in Figure 2-1B.

This is a Wien-bridge circuit whose frequency selective branches,

composed of the parallel and series combinations of elements R and

C, apply the positive feedback necessary for regeneration and so

determine the frequency of oscillation. On the other hand, the purely

resistive branches, comprising the elements R^ and R?, apply negative

feedback to the circuit. At the frequency of oscillation the positive

feedback predominates, whereas at harmonic frequencies the negative

feedback predominates and, therefore, reduces the harmonic distortion

in the output signal.

In the following analysis it shall be assumed that loading effects

are negligible and that the overall gain of the amplifier is Kq. From

the equivalent circuit in Figure 7-1, the return difference F(jw) with

reference to the control parameter is given by

F(jo>) - 1 - K_ t (jw) 7-1
u Da

where the transmittance t, (jm) is equal to the value of the voltage

V, = V - V, when the controlled source K„ V, is replaced by anlab 01
independent unit voltage source. Then with 3 1 it can be shown

that
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_______ -jcoRC__________
— 2 2 2a 1-wRC + j 3<oRC 7-2

7-3

Remembering that t^Cjoi) ■ V - V, when KnV « 1 volt, deduce froma b 0 1
equations 7-1, 7-2 and 7-3 that the return difference with reference

to Kq is given by
2

(2-a)
(1) u

F(jw) = 1 + K ------ 2------2----------
u 2

(l+a)(l-^y + j3^-)
u> oo

7-4

where w = —— . Now for sustained oscillations the return differenceo RC
F(jw) = 0, i.e., a condition of unity loop gain and a zero net loop

phase shift. From Eq. 7-4 this condition is satisfied at u ■

provided that the amplifier gain Kq has a minimum value given by

_ 3(a+l). 7_5K0 (a-2) ' 3

Then, with this minimum necessary condition satisfied, the circuit of

Figure 7-1 oscillates at a frequency equal to f = •
O Z7TKU

In practice it is found that the oscillation frequency invariably

drifts from the desired value, the drift being caused by any of the

following factors:
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(a) Aging of the passive elements.

(b) Variations in active element parameters due to
a shift in the quiescent operating point produced
by changes in the supply voltage and/or ambient
temperature.

(c) Changes in external loading conditions and
parasitic capacitances.

Suppose that initially the angular oscillation frequency in

Figure 7-1 is equal to u . Then the phase angle B(u) of the open­

loop gain function T(jw) is 180° at a ■ u . If,, next, the various

factors cause the phase angle B(w) to change by a small amount <5B at

a = wq, then the necessary condition for oscillation is no longer

satisfied at w = aQ. Accordingly, the frequency of oscillation shifts

to a new value at which the phase angle of the open-loop gain function

is restored to 180°. The resulting frequency shift is given by

where

<Sa = ao (1 + ~)
bf >- (0o

S  ~ af o
3B(a)
da a » ao

7-6

7-7

Sf is defined as the frequency stabilization factor. From Eq. 7-6 

it can be seen that, for a given value of 6B, the larger the value of

S_ the smaller is the frequency drift.

To evaluate the frequency stabilization factor for the Wien-

bridge oscillator, note that the open-loop gain function T(ja) is given

in Equations 7-1 and 7-4 as



79

2
i <o . . (i)1----2 + — (2-a)

(0 co
T(ja>) = Koyba(jo)) = Ko ----- 2-----__o_-------- 7_8

(1+a) (1 - + j )
« uo 0

where co = — is the normal frequency of oscillation. Therefore
O KU

B((o) - /T(» 7-9

and converting the numerator and denominator of Eq. 7-8 into polar 

form and subtracting the phase angles yields

uoi (2-a) , 3ww
B(w) = tan [ —2----- ] - tan [ —f

co - w w - too o
7-10

Differentiating with respect to to, and then setting co = w yields

7-11
io

Wien-bridge oscillatorHence Eqs. 7-7 and 7-11 frequencygive the

bestabilization factor to

7-12

(0o

- 2(a+D
3(0 (a-2)o

Sf

8B(co)
9 co

2(a+l)
3(a-2)

where the minus sign indicates a decreasing phase angle for an increas­

ing frequency. Eq. 7-12 shows that the magnitude of increases as

a -+• 2, i.e.» the closer the Wien-bridge is to its balanced condition, 

the better is the resulting frequency stability.
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It may be of interest to note that the substitution of

into Eq

7-13

results of Strauss [8].agrees with the finaland this

integrated circuit IC1 iseffective gain of theThe

7-14^OL

where

45,000 (typical)^VOL

1.2 KO

130 K0

Eq. 7-13is approximately 411, and usingThus the

gives a frequency stabilization factor of 91.

[8] will be used. Taking the ratio ofexpression derived by Strauss

for the completely unbalanced casethe Wien-bridge

(6 - 3) shows that

7-15
6 <5

to Hn

effective gain Kq

R38

R37

= K0K0

7-12 yields a simpler equation for S-, namely,

___ 3
6(1-38 )n

R37
+ R38

To examine the harmonic content of the output signal, the

Sf " " 9 K0

Eq- 7-5

K° ‘ R37

H’ forn

3H’ = 4 H
n on
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It can be shown that the term H has a constant value of /5 for secondn
harmonic considerations, i.e., n = 2. Substituting this constant and

K = 411 into Eq. 7-15 gives

- 0.0163H'2 7-16

Note that the percentage of second harmonic present at the output

is reduced in proportion to the increase in required amplifier gain.

Figures 7-2 and 7-3 show the harmonic content of the tone generator

for two of the frequencies (mid and high) in its operating range.

Figure 7-2A and 7-3A show the fundamental component while Figures 7-2B

and 7-3B show the harmonic contents. Notice that the Total Harmonic

Distortion (THD) is approximately equal to the amplitude of the second

harmonic shown in the "B" figures expressed as a percentage.

The harmonic content at each operating frequency was checked and

found to have a maximum THD equal to 4.2% at f = 8 KHz and a minimum

THD equal to 1.5% at f » 250 Hz. For frequencies below 3 KHz the

measured THD compares favorably with the value prediceted by Eq. 7-15.

Also, Figure 7-2B shows that contributions made by the higher harmonics,

n >_ 3, are negligible.

To check the tone generator signal for compliance with specification

II-2-C, consider the worst case condition at f =8 KHz and THD ■ 4.3%.o
From Fig. 7-3 the fundamental signal is seen to be approximately 98 mv 

and the second harmonic 4.3 mv. For the condition stated earlier,
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FIGURE 7-2A
TONE GENERATOR HARMONIC CONTENT

a. f = 6 KHz, f - 3 KHzc o
b. DISPERSION - 1 KHz/cm
C. RESOLUTION = 500
d. VERTICAL = 20 mv/cm

P

FIGURE 7-2B
a. same as 7-2A
b. same as 7-2A
c. same as 7-2A
d. VERTICAL = 1 mv/cm
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FIGURE 7-3A
TONE GENERATOR HARMONIC CONTENT

a. = 12 KHz, f = 8 KHzC o
b. DISPERSION = 1 KHz/cm
c. RESOLUTION = 500
d. VERTICAL = 20 mv/cm

a.
b.

FIGURE 7-3B
same as 7-3B
same as 7-3B
same as 7-3B
VERTICAL = 1 mv/cm

c.
d.
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3rd and higher order harmonic contents are negligible, the fundamental

signal is found to be approximately 27.4 dB above the second harmonic

signal. This condition satisfies specification II-2-C.



CHAPTER VIII

TONE-STIMULUS INTRODUCER-INTERRUPTER

In the testing procedure the test stimulus or signal is introduced,

gradually increased in intensity, interrupted, reintroduced and

decreased or increased as need dictates. This must be accomplished in

such a way that no clue is given to the subject which might indicate

to him a forthcoming change in the test signal. A further requirement

is that the change in the test signal be made at a uniform rate

regardless of the settings of the audiometer's other controls.

Evidently, a completely silent switch that is totally independent

of signal level or frequency is required. For such a switch, the

characteristics of a photocell are ideal. The photocell used is the

Clairex CL-703L. Together with an incandescent lamp it is the heart

of the introducer-interrupter system. The lamp intensity varies

the output signal level. When the lamp reaches a predetermined

brilliance, the photocell resistance decreases from approximately

18 MQ to 2.7 KQ activating the audio circuitry. This change in photo­

cell resistance, with both constant and changing signal levels, remains

uniform regardless of the instrument settings because of the stability

of the photocell. The photocell reacts only to the amount of

illumination from the lamp.

The silent switch circuitry is built into a block of aluminum in

which a photocell is placed on either side of the lamp as shown in

Figure 8-1. The entire block is sealed against the entry of external

85
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TI
CONTROL

EIN

FIGURE 8-1
TONE-STIMULUS INTRODUCER-INTERRUPTER SYSTEM

( Til and TI2 )
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light. By means of a switch on the audiometer panel, the control

voltage of the lamp is Introduced or interrupted as desired.

Two CL-703L photocells are used in series to achieve a much wider

range of control than would be possible with a single photocell. The

photocell resistance R varies well above and below the resistor (R)

value. When the lamp is on, R is at its minimum value and there is

virtually no attenuation of the signal E_^. When the lamp is extin­

guished, R^ increases to many times the value of R and attenuation of

the signal goes up to approximately the square of Rc so that

attenuation is effectively 100%. The two photocell-resis tor combina­

tions produce a multiplying effect on signal attenuation. The signal

reduction through each R -R L-section is approximately 1000 to 1, thus

the signal is reduced by one million producing complete isolation of

the signal. The second major requirement (uniform switching rate) is

an inherent function of the photocells in that they always reproduce

the same response curve, regardless of instrument settings, because they

react only to the lamp brillance.

The transient response of the introducer-interrupter system is

shown in Figure 8-2 and complies with the ISO standards [1], Jerger [13]

and Stevens [12].
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FIGURE 8-2
TONE INTERRUPTER CHARACTERISTICS

a. VERTICAL " 5 mv/cm
b. HORIZONTAL = 50 ms/cm



CHAPTER IX

AMPLIFIER NETWORKS

The channel 1 amplifier string consists of transistor and FET stages

Q - (see Figure 2-1C) with the precision attenuator-output trans­

former-right earphone combination as its load. These are common RC

type amplifiers with only two noteworthy features:

1. Impedance matching is employed on a stage to stage
basis and the output impedance of the Q35 stage is
matched to the "ON" input impedance of the tone
interrupter network Til.

2. The stages are low gain, large dynamic range
amplifiers capable of preserving the white noise
peak-to-rms voltage ratio of at least 4:1.

The channel 2 amplifier string is identical to the channel 1 string

except for two factors. The channel 2 input stage Q^q may use the

channel 2 Source Switch to pick up any one of the generator outputs,

while the bone relay (K2) may be used to route the left earphone

signals to the Bone Conduction Unit if desired. The bone switch (BC)

controls this function from the front panel.

For a summary of the individual stage characteristics, refer to

Appendix C.
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CHAPTER X

CONCLUSIONS

The system described herein is designed to give the audiologist

additional test variables, increased audiometer accuracies, simple

front panel calibration, and a means for recording test scores.

Specifically this unit gives calibrated (+ Tk accuracy) SISI, masking,

and Stenger test signals which are weak points for the equipment

presently used at the University of Alabama's Speech and Hearing Clinic.

Also, this audiometer introduces new test variables which are not

presently available commercially, these being the adjustable increment,

increment time, and increment spacing controls.

Another feature of this audiometer which is particularly desirable

is its no-overshoot controlled contours for the SISI test's incremented

signals. Figure 6-4 and 6-5 show that leading edge overshoot (ringing)

has been eliminated. This operating characteristic was accomplished by

splitting the tone oscillator signal and adding the proper signal ratios

in an integrated circuit summing amplifier. This method far surpasses

the "channel fade-out and fade-in" technique which requires the use

of a compression amplifier to eliminate signal overshoot, not to

mention the cost factor. In fact, the "ripple" shown in Fig. 6-7

(A and B) will act as a cueing factor to the pathological ear which

normally has the ability to respond to 0.25-2.0 dB increments.

Grossly uncalibrated (3-12 dB errors) masking signals seem to be

a common characteristic of the audiometers reviewed and/or encountered
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by the author. Since this presents a testing problem to the audiologist,

careful attention was given to the design of a masking (wide band)

signal generator and large dynamic-range amplifiers were incorporated

to prevent spike clipping which disturbs the randomness of the noise

signal. The masking signal's rms value is controlled by the precision

output attenuator (Chapter II), as are the other test signals, and has

a + 2% accuracy. This characteristic allows accurate masking in the

near threshold (2-5 dB SPL) range.

To check the audiometer's accuracy, a factory calibrated Bruel and

Kjaer precision sound level meter (type 2203) - National Bureau of

Standards 9A coupler system was used. According to the test system,

the audiometer's output had a maximum 1.5 dB error across a 115 dB

range. This is more than adequate for any testing presently done at

the Speech and Hearing Clinic. To complement the output level

accuracy, the frequency accuracy of all pure tone signals is <_ IX.

It should be noted that the audiometer's calibration system is only

effective up to the input of the output transducer. For this reason

the author suggests that the improved Telephonies TDH-49 headphones

and the Radioear B-70AA bone conduction unit (employed) be used.

Finally, the author does not mean to imply that this is the optimum

design. In fact, should this unit be considered for commercial use,

there are a number of modifications that would lower production costs

without system degradation occurring. But due to the limited produc­

tion facilities and development time, the author believes this audio­

meter meets and/or exceeds all requirements placed upon it even in a

prototype configuration.



APPENDIX A

TABLE FOR CONVERTING LOUDNESS IN PHONS TO LOUDNESS LEVEL IN SONES

The relationship between loudness level L in phons and loudness

S in sones is given by

Q 9 (L -40)/10

This relationship is tabularized below in steps of 1 phon. The value of S

is found at the intersection of the units and tens values of L . For
8

example, to find the number of sones corresponding to 85 phons, look under

+5 opposite 80. The desired value is 22.6 sones.

Sones

Phons 0 +1 +2 +3 +4 +5 +6 +7 ♦8 +9

40 1 1.07 1.15 1.23 1.32 1.41 1.51 1.62 1.74 1.87

50 2 2.14 2.30 2.46 2.64 2.83 3.03 3.25 3.48 3.73

60 4 4.29 4.59 4.92 5.28 5.66 6.06 6.50 6.96 7.46

70 8 8.57 9.20 9.85 10.6 11.3 124' 13.0 13.9 14.9

80 16 17.1 18.4 19.7 21.1 22.6 24.3 .200 .27.9 .29)9

90 32 34.3 36.8 39.4 42.2 45.3 48.5 52.0 56.7 597

100 64 68.6 73.5 78.8 84.4 90.5 97.0 104 111 119

110 128 137 147 158 169 181 194 208 223 239

120 256 274 294 316 338 362 388 416 446 478

130 612 649 688 630 676 724 776 832 891 955

140 1024

FIGURE A-l
LOUDNESS LEVEL CONVERSION CHART
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There are many instances in which one may wish to combine or separate

sound or noise levels. The quickest and simplest method is to add or

subtract the levels directly in dB using the graph below.

Addition of two levels:

a. Arbitrarily call one level A, the other B.

b. Find the numerical' difference between A and B (i.e. A-B).

c. Enter the graph on the abscissa at A-B. On the ordinate read
the combined level (C) relative to B.

d. Add the numerical, values of B and C to obtain the true
combined level D (i.e. B+C = D).

For example, add 77 dB and 83 dB.

a. A = 83 dB, B = 77 dB.

b. A - B = 6 dB.

c. C = 7 dB.

d. D = B + C ■ 84 dB.
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Subtraction of two levels:

a. Call the higher level A, the lower B.

b. Find the numerical difference between A and B (i.e. A-B).

c. Enter the graph on the ordinate at A-B. On the abscissa
read the numerical difference (C) between the unknown
level (D) and B.

d. Add the numerical values of B and C to obtain D (i.e. B+C ■» D).
Be sure to retain the sign of C.

For example, subtract 83 dB from 84 dB.

a. A = 84 dB, B = 83 dB.

b. A - B = 1 dB.

c. C = -6 dB.

d. D = B + C=83 + (-6) - 77 dB.



APPENDIX B

SHORT INCREMENT SENSITIVITY INDEX TEST

One of the major test capabilities of a diagnostic audiometer is
the determination of the short increment sensitivity index (SISI). This
SISI test constitutes a unique method for the clinical assessment of
differential intensity discrimination.

The SISI test signal^ consists of short amplitude increments super­

imposed on a reference signal at relatively widely spaced intervals.
The patient's task is to respond whenever he hears a momentary change
in the loudness of the reference signal. The tester's task is merely
to record the presence or absence of a response to the presentation of
each increment.

Administration of the SISI test to a wide variety of hearing-
impaired subjects has revealed interesting patterns^ of response. In

general, purely conductive losses yield very low scores (0-15Z), while
losses presumed to be localized in the sensory structure of the inner
ear tend to show very high scores (70-100%). Values between these
extremes are infrequent. When they do occur, they are observed most
commonly in presbycusis. Actually, in presbycusis any level of per­
formance may be expected; that is, scores may range from 0-100Z. At
frequencies above 1kHz, a 60Z (or above) score indicates a cochlear
disorder. A lower score accompanied by a threshold loss may indicate
VIII nerve disorder or middle-ear lesion.

Detailed descriptions of the test signals, procedures, scoring, and
evaluation have been given by Stevens [1] and Jerger [13].
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APPENDIX C

AMPLIFIER CHARACTERISTICS

1. Q35» Q^q Stages: (Figure 2-1C)

A = 2v
Z_„ « 200 KQIN
Z - 2.4 KOo

2. ^36’ ^41 Sta8es: (Figure 2-1C)

A = 3v
Z_„ « 43 KOIN
Z « 1.3 K2o

3. ^37» Q42 Sta8es: (Figure 2-1C)

A « 10v
ZTM - 40 KOIN
Z - 5 KOo

4. The Q__ - Q,„ stage shows a complementary emitter follower which,
except for a small forward bias that inhibits crossover distortion,
draws from the power supply only the current required by the load.
Resistors “ Rng provide the appropriate small forward bias,
and resistors R-^q an<^ R121 are Protective components. The trans­
istors are selected to have approximately equal small-signal betas.
Since only one transistor is conducting during each half cycle,
the power dissipated by each is only one-half of the total power
delivered to the load.
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5. The design procedure for the calibration amplifier (Fig. 2-1D) is
similar to the summing amplifier described in Chapter VI. The
calibration amplifier characteristics are:

SCL “ 100

Z - 150 flo
ZT„ « 250 KQIN
BW « 20 KHz



APPENDIX D

HIGH INPUT IMPEDANCE (Z_„) SOURCE FOLLOWERIN

Refer to either the or Q-g stage shown in Figure 2-1C for the
circuit associated with the following design procedure.

After studying the data sheet and the drain characteristics for
the RCA 3N128 FET, it was decided that this insulated gate FET could
be operated as the high input impedance (zjN) source follower needed
to allow the voltage variable resistor Q_o to operate over its full
range without being shunted by its load circuitry.

From the 3N128 data sheet the following device parameters were
noted for the chosen Q-point:

(a) Q-point: V  =10 V

IDQ ’ 5 ma

VGSQ V

(b) p = amplification factor - 87
r. = drain resistance = 12.5 KO

d

g = transconductance “ 7000 pMHOSm
By use of simple DC circuit analysis and knowledge of the device

Q-point, the source resistances for stages Q30(R87 and Rgg) and Qgg
(Ro_ and Roo) can be obtained. The values are:

y / y o

R87 “ R97 “ 200
R88 “ R98 ~ 3,4 KJ2

and the gate resistors R„, and R-, are chosen to be 0.1 MQ.
ob yb
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It has been shown by Schilling [7] that a high p device (MOSFET)
used in the boot-strapped configuration can be characterized by the
following approximate expressions:

A x 87 8,8___ D-3
v ^+1 R87 + R88 + ZOUT

7 -OUT
1_
gm D-l

ZIN (p+1)r86 D-2

For the 3N128 operating at the given Q-point and a chosen gate resis­
tance of 0.1 MSI these expressions yield

ZOUT “ 143 0
Z_„ « 8.8 MOIN
A “ 0.96v

Thus, it is obvious that such a high input impedance (Z„) will allow
its full range without shunting effects. Another advantage offered

by this circuit is its near unity voltage gain A .



APPENDIX E

COMPUTER PROGRAM FOR THE WARBLE GENERATOR

The following PCAP program was used to analyze the oscillation
characteristics of the warble tone generator:

PCAP
C GREEN - <|>SCILLAT<f>R
C
C

TR
Bl N(l,2),R=2.5E3
B2 N(4,3),R=5E4
B3 N(4,5),R=2.5E3
B4 N(7,6),R=5E4
B5 N(2,0),R=l
B6 N(3,0),R=l
B7 N(5,8),R=1
B8 N(6,8),R=1
B9 N(4,0),R=2.2E3
BIO N(8,l),R=91E3
Bll N(8,0),R=8.2E3
B12 N(8,7),R=5.1E3
B13 N(8,9),SEE RUN NUMBER
B14 N(9,0),SEE RUN NUMBER
B15 N(9,10),SEE RUN NUMBER
B16 N(10,0),SEE RUN NUMBER
B17 N(10,1),SEE RUN NUMBER
Al B(9,5),VG=2E-3
A2 B(l,6),RM=-5E6
A3 B(12,7),VG=-2E-3
A4 B(3,8),RM=-5E6

100
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El JUMP(lE-4) SEE RUN NUMBER
DT-1E-5
FINISH -.01
4>UT INT-10
PL$T,NV(1,8)
EX
RUN #1:
B13=B15=B17,C-0.05E-6
B14-B16.R-10E3
El,(IE-4),-50,0
EXPECTED FREQUENCY* 150 Hz
COMPUTED FREQUENCY=250 Hz
RATIO - 0.60
RUN #2:
B13.C-.02E-6
B14-B16.R-2.5E3
B15-B17.C-0.05E-6
El,(IE-4),-250,0
EXPECTED FREQUENCY-500 Hz
COMPUTED FREQUENCY-820 Hz
RATIO - 0.61

Since the ratio of the expected frequency to the computed frequency
is nearly constant in both programs and only minor bias adjustments were
necessary to produce the desired frequency of operation, the following
factors are believed to have produced ratios other than approximately one.
These are:

1. the author's arbitrary choice of design center
h-parameters for the transistors used.

2. the characteristics of the circuit used.
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Factor number one is encountered with any circuit design when h-
parameter ranges are specified by the manufacturer. As for factor
number two, notice in Figure 2-1B that the output resistance of the

Q21 stage offers a series resistance to the phase-shift network which
is dependent upon the device h-parameters. Also, and probably the most
pronounced effect, notice that the h^ parameter of the Q^g stage is
used as the resistive element in the third section of the phase-shift
network.

One concludes that had an exact frequency of operation been
specified the h^e dependency should be modified or better yet eliminated;
but for the warble system described in Chapter V, the circuit operation
was satisfactory.



APPENDIX F

CONTROL PANEL DESCRIPTION

The following is a description of the controls located on the
front panel:

Color Code:

(a) BLACK---------- Control function
(b) RED------------ Units
(c) BLUE -----------  Calibration system

1. PATIENT WAITING PERIOD (PW)----- controls the time between test
signal increment periods.

2. PULSED INCREMENT (PI)------ controls the duration of the increment
added to the reference signal.

3. FREQUENCY (FREQ.)------ selects the frequency of the tone
generator.

4. CHANNEL 1 ATTENUATOR (Ch.l)----- sets the output level of the
channel 1 amplifier and is calibrated in dB hearing
loss referenced to 0.0002 dynes/cm*.

5. CHANNEL 2 ATTENUATOR (Ch.2)----- same as channel 1 attenuator.
6. CALIBRATION METER (CAL. METER)----- gives any variations in test

signals directly in dB allowing audiogram correction
by noting the amount and sense of the deviation.

7. CALIBRATE SWITCH (CAL. SW.)----- selects the calibration amplifier
function where position

A = channel balance using Pl
B “ CAL., AMP balance using P3

PAI ■ monitors Ch. 1 output level
PA2 - " Ch. 2 " "

103
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EXT = external 1% calibration voltage applied
to the RED jack and P2 adjusted for
meter zero dB reading.

C = OPEN
D = TEST POSITION

8. CHANNEL 2 SOURCE SWITCH (Ch. 2 SOURCE)----- selects the test
signal applied to the channel 2 amplifier where

PT = pure tone generator output
WT = warble tone " "
NG = noise " "

EXT = external input signal controlled with P4 and
calibrated with the CAL. SW. in the PA2
position, the indicated level given by the
VU meter.

9. INCREMENT------ selects the amount of the increment added to the
reference signal; the 7 and 9 dB positions are
optional and are presently set to zero. (Note that
a 6 dB Increment can be used by turning the 9 dB
lamp face over and adjusting its potentiometer for
a 6 dB increment).

10. POWER (P)----- ON-OFF switch
11. INCREMENT DISABLE (ID)----- grounds the increment input port on

the summing amplifier during pure tone testing and
establishing the threshold levels for the SISI tests.

12, INCREMENT (INC)------- indicates when the test signal is
incremented.

13. DETECT LIGHT (DET.)----- indicates patients detection of a test
signal.

14. NORMALLY OFF (NOFF)---- indicates when all test signals are
removed or turned off.

15. TONE INTERRUPTER, CHANNEL 1 (Til)----- indicates the presence or
absence of the Ch. 1 test signal at the output
transducer.

16. TONE INTERRUPTER, CHANNEL 2 (TI2)-----same as #15 but for Ch. 2.
17. BONE CONDUCTION (BC)-- —- indicates when the Ch. 2 output is

switched from the headphone to the bone output
transducer.
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18. RECORDER SIGNAL (REC.)----- a 1 + 0.80 VDC signal indicating the
Increment presence (4- 1.8v level) and the patient's
response (0.2v level). (Recorder input impedance
should be equal to 50 Kfl or more).

NOTE: The locked screw-driver adjustments are NOT to be adjusted by
the operator.



APPENDIX G

AUDIOMETER PARTS LIST

FIGURE 2-1A PARTS LIST
(all resistors given in KQ @ 1/2 watt unless otherwise stated)

DI = 1N746(3.3 volts) C7 - DELETED
D2 = D3 = 1N751(5.1 volts) C8 - lOOuf @ 50 VDC
D4 - D5 = D6 - 1N752A(5.6 volts)

R - 5.1D7 = 1N758A(1O volts) 1
R„ ° 0.68D8 = D9 - D12 = D13 = 1N279 2

= 2.0DIO = Dll = 1N3O26B(18 volts) 3
R4 - 2.4

T1 = T2 - TRIAD F-92A(or equivalent) R5 n 36
BRI = BR2 = 2a,600 PIV (brand equivalent) R6 = 36
fl = 0.50a, SLO-BLO (3AG) R7 = 3.6
LI = CM-327 lamp R8 = 5
L4 = CM-1819 lamp R9 - 0.47 @ Iw

R10 = SELECTED (see Ch. 4)
Q1 " 2N726 R11 - 4.7
*2 ’ 2N1724 R12 = 250

2N1717 R13 = 1
^4 “ 2N343B R14 - 0.10
Q5 “ Q, = 2N3386 R15 - 0.91
*7 “ Q_ = 2N13080 R16 = 10
«9 * Q12 = 2N1420 R17 - 0.10
Q10 " Q = 2N1306 R18 = 0.20

R,„ - Ron - 0.24cA = 2000Vf @ 50 VDC 19 20A R„, “ Rno “ 10C-, = O.Olpf @ 50 VDC 21 221 Rrt « = 24C„ = lOOpf @ 50 VDC 232 R„, - 12
c, = 150pf @ 15 VDC(SELECTED) 243 R„_ - 220
c, = SELECTED (see Ch. 4) 254 Roz - 3.9
c_ = 50pf @ 15 VDC 265 Ro - 6.2
C6 “ lOpf @ 15 VDC 27
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R00 = 100
Zo

R29 “ 5*1
R^q ■ 0.62 @ lw
R31 ’ 43
R32 “ S’1
R33 " 39



FIGURE 2-1B PARTS LIST
(all resistors given in KG @ 1/2 watt unless otherwise stated)

IC1 - SN72709L(TI)
Fl - FHH-200(UTC)

Q13 “ 2N2498
«14- Q„, = 2N142024
Q15 ‘ Q_, = 2N1308jlo
^17 ’ 3N128
Q18- Q2i - Q22 - 2N744
Q19 Q20 - 2N3380
Q23 “ 2N697
Q25 = 2N3796

D14 “ 1N3O29B(24 volts)
D15 “ D16 “ D18 " 1N279
D17 - D = 1N758A
Cf = O.lOyf
C7 “ Co = 25pf @ 50 VDCo
C9 - 10 pf
C10“ 5 pf
Cll = 40uf @ 15 VDC
C12 - 50pf @ 15 VDC
C13 ’ 25uf @ 15 VDC
C14 = 2vf @ 150 VDC

C15 = lOOyf @ 30 VDC
C16 " 5yf @ 15 VDC
C17" 50yf @ 15 VDC
C18 = 25pf @ 15 VDC
C19 = 10pf @ 15 VDC
C20 - C21 = O.O5uf
C22 “ 0.02pf
C23 “ lOyf @ 15 VDC
C24 = 8uf @ 60 VDC

C2- - 5uf @ 15 VDC
C„, " " 50uf 0 50 VDC

ZO Z /

Ro/ = 0.2034
R35 “ R36 ° 1
R37 ’ X’2
R38 “ 130
R39 - 390
%0 = °-047

R41 ” R42 “ 10
R43 ’ R44 ’ 120
R45 - 5’6
R., - 1.446
R., - 0.07547
R/o = 0.025

4o
Rj ° selected 10KQ trim pots
Rf - " 500KO " "
R49 250
R50 a 4.7
R51 = 82
R52 a 1
R53 a 15
R54 2.2MO
R55 a 0.51
R56 a 3.6
R57 a 0.62
R58 a 50
R59 a 3
R60 a 5
R61 a 2.2
R62 = 0.43
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R63 “ 91
R64 “ 5’X
R65 “ 8-2
R66 “ °-5°
R67 " 68
R68 “ 6,8
R69 - 150
R70 “ 4’3
R71 “ 10
R72 " 18
R73 - 22
R74 - 1’5
R75 “ 10
R142= 10
R143= 4'7
R144= 0.091



FIGURE 2-1C PARTS LIST
(all resistors given in KU @ 1/2 watt unless otherwise stated)

IC2 = MC1709G(MOT)
ATTENUATORS (Ch. 1 and Ch. 2) = type 7OO(TECH LABS)
T3 - T4 = UTC type 0-32 with 0-17 shield(25 dB)
BONE UNIT = Radioear type B-70AA (ONLY)
KI = K2 = GE Relay type 35AF1340
L2 = L3 = L5 = L8 = CM-327 lamp
L6 = L7 = CM-756 lamp
L6A = L7A = CM-756 lamp

D20 n 1N758A (10 volts)
D21 1N3190 + IN1324
D22 is 1N279
D23 1N751 (5.1 volts)
D27 deleted
D28 D29 * D30 “ D31 “ m°°
<*26 Q27 = 2N1308
Q28 2N2498
q29 - Q37 - Q38 - 2N1420
Q30 ■ 2N3823
Q31 Q32 = deleted
q33 a 2N3821
Q34 = 2N2497
Q35 Q36 “ Q40 “ Q41 “ 2N3796
Q39 = Q.. = 2N348644
^42 Q._ - 2N142043
C28 25pf 0 15 VDC
C29 ■ lOpf 0 15 VDC
C30 a 1.2pf 0 30 VDC
C31 = C33 = O.lOpf
C32 = 50pf 0 25 VDC
C34 = Ipf 0 25 VDC
C35 C,_ = O.lOpf43

c« “ C,, - C.. - C.. - lOOpf 0 20 VDC36 37 44 45
C_o “ c/z - 40pf 0 15 VDCJo QO

CZ1 ■ c/o " 30pf 0 15 VDC41 48
C39 - lOOOpf 0 35 VDC
C/o ■ C,o - 220pf 0 16 VDC42 49
C.n ■ C._ = deleted40 47

R,c.- 0.36 @ 2 watt75A
R76 ■ 27
R77 “ R78 “
R79 “ 22
R80 “ 50
R81 “ °’51
R82 “ 5
Rfl_ = 100R”-0.10

R85 " 51
R86 ■ 120
R87 ’ °’20
R88 “ 3,3
R89 ” X
R90 “
R91 " R92 “ R93 “ 12
R94 “ 1*5
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R95 = 1.6
R„r = 1.196
R„_, = 0.6297

= 2498
R„n = 5099
R. „^= 5.1100
R _ _ — 24101
R102= 1.3
R _ _~ 100103
R104= *125 ' 220
R _ R,„, - 1500105 124
R106= R127 “ 2,4
R,„ = R,„. = 0.15107 126
108 R128 270

R__ » R,_ = 51109 129
R110= R131 1,3
R__ = R_  = 0.10111 130
R- - «= 0.10112
R_ _ _— R.^o = 1300113 132
R114= R133 = 5el
R__ = R = 0.43115 133A
R116= R119 " R137 “ R134
r,. „= R = R = R117 118 135 136R, „ = R = R = R
120 121 138 139

R122= R140 ’ °-10
R- _ _— R, = 0.0027123 141

- 43
- replaced by FD100 diodes(D2g»D29»D3Q»and
= 0.022



APPENDIX H

THE ELIMINATION OF PARASITIC SIGNALS

The following is a list of the steps taken to eliminate parasitic
signals in the audiometer just described:

1. shielded cables were installed in the tone interrupter control
wiring to prevent coupled switching transients.

2. the output transformer secondaries were isolated from the
system's ground network; individual ground wires were used
in the primaries of the output transformers to separate
the high and low signal ground returns.

3. a common ground strap was installed connecting the ground
lugs of each of the calibrated output attenuators to a
common point in the audiometer's ground system.

4. each class A amplifier stage, after the tone interrupter
network in each channel, was decoupled to eliminate
parasitic signals coming from the 28 VDC power supply.

5. ARC supressing capacitors were connected between the
control voltage and ground contacts of the tone
interrupter switches.

6. each output transformer was covered by a UTC type 0-17
25 dB magnetic shield.
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