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ABSTRACT 

An electrical model of the human ear is developed which includes 

the external and middle ear, the cochlea, and part of the neural structure 

of the cochlea and the higher auditory centers. Representations for the 

external and middle parts of the ear and for the cochlea are developed on 

a direct analog basis, thus providing a one-to-one relationship between 

physiological and electrical parameters. The representation for the 

cochlea can be considered electrically as a form of nonuniform transmission 

line; it is realized as a 36 section lumped parameter approximation to 

such a line. The neural structure representation is developed functionally 

on the baSis of physiological and psychoacoustic data. This representa

tion is realized with 36 detecting and filtering amplifiers, each of which 

relates to a section of the analog cochlea. The 36 amplifier outputs con

stitute a neural equivalent pattern of basilar membrane motion. 

On'the basis of a pattern theory of hearing as it relates to neural 

equivalent patterns, the analog ear is shown to exhibit the principal 

phenomena in psychoacoustics which relate to sustained sounds. The 

important mechanical variable is the velocity of the basilar membrane. The 

important neural variable derives from a detection process in which the 

volley principle is included. The analog ear exhibits a threshold of hearing 



curve which is the same as that for a human. The analog also displays 

important phenomena concerning loudness summation and masking. 
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CHAPTER 1 

INTRODUCTION 

The human hearing system constitutes a mechanism, with which 

we are able to recognize a large variety of complex sounds. Because 

of its importaice to human existence, and because of the apparently 

optimum properties it exhibits# this system has been the subject of 

investigations from a variety of fields in the physical, life, and applied 

sciences. A consideration of the information available in these various 

fields shows that, although much is known about the physical aspects 

of sound and the hearing system, many questions remain to be answered. 

Despite numerous theories of hearing and the existence of 

voluminous amounts of experimental data, probably the greatest uncer

tainty lies in our knowledge of the function of the over-all hearing system. 

It is known, for example, that speech contains a great deal of redundancy. 

But, how does the system extract from speech the semantic data which 

lead to the subjective hearing experience? And, what is redundant in the 

speech waveform? It is also known that when we communicate in a noisy 

environment, speech is masked by noise, the noise decreasing the loudness 

of the speech and making it less intelligible. What are the phenomena of 

masking and loudness and what determines the intelligibility of speech? 



Answers to such questions would certainly lead to improved systems of 

communication. Many other questions of practical significance are extant. 

How are they to be answered? The common "theories of hearing" in 

many cases do not even attempt explanation (ref. 1). Where explanations 

are offered, the conventional methods of investigation are not likely to 

lead to detailed knowledge because of the complexity of the hearing 

system—a computer is required. 

Stewart has proposed a pattern theory of hearing which offers 

explanations for many important phenomena of hearing including loudness/ 

masking, and speaker-independent speech-recognition (ref. 2). The 

present investigation aims to help provide a research tool in the form of 

an analog of the hearing system, and with the aid of this analog to 

investigate on the basis of the pattern theory the phenomena of loudness 

and masking. 

In the second chapter is presented a description of the human ear, 

detailed to the extent deemed necessary for the development of the analog. 

The next three chapters are devoted to the realization of the analog as a 

practical research device; the theoretical development is presented, 

necessary parameters are evaluated, and a practical design is presented. 

The sixth chapter deals with the dynamics of the ear and the seventh with 

the response of the over-all hearing system with regard to pure tone 

phenomena. 
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In the design of a first generation device of the complexity of the 

analog ear there exist unknown factors which only the device itself can 

resolve and where related experience is often inadequate as an aid to 

intuition. A study of the characteristics of the first generation device 

thus indicates modifications, simplifications, and improvements which 

can be made in a second generation device. Chapter eight is devoted to 

such a study. 



CHAPTER 2 

STRUCTURE AND FUNCTION OF THE EAR 

2.1 Introduction 

The purpose of this chapter is to describe the structure and the 

function of the ear to the extent deemed necessary for modeling purposes. 

The general structure of the ear is shown in cross-section in 

Figure 2.1 and in idealized cross-section in Figure 2.2, where it may be 

noted that the ear is considered to consist of three parts. The pinna and 

the external auditory meatus make up the external ear. The middle ear 

consists of the tympanic membrane, an air filled cavity, and the ossicles 

(malleus, incus, and stapes) which are contained within this cavity. 

The cavity is normally closed, but can be ventilated for equalization to 

external pressure by means of the eustachian tube. The tympanic membrane 

is a flexible structure, part of which is attached to the ossicles. The 

ossicles act as a set of mechanical levers that link the tympanic membrane 

to the internal ear. The internal ear consists of two units, the semi

circular canals, which serve to sense gravitational orientation and move

ment, and the cochlea, which functions as a sound detector. The complete 

internal ear structure consists of cavities which are imbedded within bone, 

and which contain fluid and sensory structures. These cavities are 
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coupled to the middle ear by means of two openings in the bone, the oval 

window and the round window, each of which is covered by a flexible 

membrane. The membrane of the oval window attaches to the stapes. 

We are concerned with only the auditory portion of the internal 

ear, that is., the cochlea. This consists of a spiraled duct which is 

divided into two channels along nearly its entire length by a flexible 

partition called the cochlear duct. At one end of the cochlea there is a 

small opening in the cochlear duct called the helicotrema. 

The ear is basically a pressure receptor. Sound vibrations strike 

the head and pinna, traverse the external meatus, and impinge upon the 

tympanic membrane. Movement of the tympanic membrane results in 

motion of the stapes by means of the mechanical linkage provided by the 

ossicles. When the stapes moves, the resulting fluid motion causes a 

sequence of waves to traverse the cochlear duct from the basal end to the 

apical end. For a sinusoidal excitation, the amplitude of these waves 

increases gradually with travel, reaches a maximum at a point along the 

cochlea which is dependent upon the frequency of the excitation, and then 

falls off. The motion of the cochlear duct excites a large number of sensory 

receptors within the duct which serve to transmit information to the higher 

auditory centers. 
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2.2 The External Ear 

. The external ear consists of the pinna and the external auditory 

meatus. The latter is a tube having an average length of 2.7 cm and a 

cross-sectional area lying in the range of 0.3 to 0.5 sq cm (ref. 3). 

The combined effect of the head, the pinna, and the external meatus 

is to give an increased sound pressure at the tympanic membrane in 

reference to the free-field sound pressure. The average-ratio of the two 

quantities is a function of frequency and reaches a value of about 20 db 

in the vicinity of 3000 cps. The increase in sound pressure due to the 

external meatus alone is about 10 db at around 4000 cps (ref. 4). 

2.3 The Middle Ear 

The structure of the middle ear including muscles and ligaments 

is illustrated in Figures 2.3, 2.4, and 2.5. 

The tympanic membrane is a light cone with flexible edges and 

a flexible lateral region, the membrana flaccida. It closes the external 

meatus diagonally as is shown in Figure 2.3. The total area of the membrane 

is approximately 85 sq mm, about 55 sq mm of which can be considered 

as being connected to the malleus. For low frequencies the membrane 

vibrates as a unit along with the malleus about an axis near one edge as 

is shown in Figure 2..6. At higher frequencies the membrane appears to 

vibrate in sections. 
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The complete middle ear cavity can be considered as consisting of 

three parts, the portion of the cavity which contains the ossicles/ the 

antrum, and the mastoid cells. These form a set of interconnecting cav

ities having a total average volume in males of 2 cu cm. That portion of 

the middle ear cavity associated with the ossicles has a volume of about 

0.5 to 0.8 cu cm. The further enlargement is due mainly to the mastoid 

cells. These individual cells vary greatly in size in different persons 

and are often so small that a portion of the middle ear cavity can be con

sidered as being lined with sound absorbant material. 

The ossicles act as a set of mechanical levers which provide a 

force~amplification of about 1:1. 3 between the tympanic membrane and the 

oval window. The form of this system of levers and the manner of attach

ment to the tympanic membrane and the bone of the middle ear cavity are 

indicated in the above-mentioned figures. In addition to its attachment 

to the tympanic membrane, the malleus is attached to the bone of the 

cavity by means of the superior, the anterior, and the lateral ligaments. 

The head of the malleus has an irregular surface upon which a correspond

ing surface of the second ossicle, the incus, is fitted. The two ossicles 

are united at this surface by a stiff joint. The incus is also supported by 

a superior and a posterior ligament. A third ossicle, the stapes, is con

nected to the long process of the incus by means of a minute spherical 

ossicle, the lentiform module of Sylvius, resulting in a flexible joint. The 

footplate of the stapes nearly closes the oval window and is connected to 
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the bone surrounding the window by means of a flexible annular liga

ment. 

The support and form of the ossicles is such that under normal 

conditions they tend to rotate about an axis which is parallel to and in 

approximately the same position as a line through the posterior and 

anterior ligaments. This axis is shown in Figure 2.3. The rather large 

heads of the malleus and incus serve as counterweights for the long 

processes. As a result, the center of gravity and the center of rotation 

coincide. 

Two muscles are associated with the middle ear, the tensor tympani 

muscle which attaches to the malleus near the neck, and the stapedius 

muscle which attaches to the posterior part of the neck of the stapes. 

Each muscle is encased throughout its length in a narrow bony canal and 

hence can produce only tension and cannot be set into vibration. The 

effect of the muscles is to modify the characteristics of the middle ear 

structure at high sound intensities so as to reduce its transmission pro

perties. One such change is noted in the vibratory mode of the stapes. 

It has essentially two modes. Although both may be present to some degree 

at all sound intensities, at low intensities the predominant mode leads to 

swinging as a door about axis number 1 as shown in Figure 2.7. At high 

intensities the stapedius muscle contracts and the predominant mode is 

o n e  o f  r o t a t i o n  a b o u t  a x i s  n u m b e r  2 , ( r e f s .  5 , 6 , 7 ) .  
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2.4 The Cochlea 

The cochlea consists of a snail shaped cavity of two and three 

quarters turns lying within the temporal bone. This is illustrated in 

Figure 2.8. The cavity has its largest area and radius of curvature at the 

basal end. It is divided into two channels, the scala vestibuli and the 

scala tympani, by a flexible triangular partition, the cochlear duct. This 

partition extends from the basal end to the apical end and has a small 

opening, the helicotrema, at the apical end. A sketch of a cross-sectional 

photograph of the cochlea, as is indicated by the dotted line in Figure 2.8 

is presented in Figure 2.9. 

The scala vestibuli and the scala tympani are filled with perilymph, 

a fluid having a density and a coefficient of viscosity about the same as 

that of water. The cochlear duct which is shown in detail in Figure 2.10 

contains a viscous fluid, the endolymph, and sensory elements. The 

basilar membrane is a fibrous elastic membrane extending from the bony 

shelf to the spiral ligament. Reissner's membrane is thin and very flexible. 

Lying upon the basilar membrane is the Organ of Corti. This structure is 

composed mainly of supporting and sensory cells and nerve endings. 

Hence, except for stiffening by the reticular lamina and its support, the 

entire structure is fairly flexible. The Organ of Corti contains about 

20,000 hair cells with each cell containing four or five hair-like structures, 

the cilia. One end of each cilium extends through the scala media to the 
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tectorial membrane and is embedded into that membrane. The tectorial 

membrane is a stiff structure which is hinged like the cover of a book 

at the limbus. 

Movement of the stapes causes a motion of the fluid in the scalae 

and hence a movement of the cochlear duct. At any given location along 

the cochlear duct, at low frequencies, the entire duct moves as a unit. 

For higher frequencies (above about 3000 cps) Reissner's membrane and 

the basilar membrane are out of phase. As the basilar membrane bulges 

upward or downward, the stiff reticular lamina tends to rock about a point 

at the attachment of the basilar membrane to the bony shelf, thus creating 

a shearing action between the tectorial membrane and the reticular lamina. 

This shearing action bends the cilia of the hair cells. The bending is 

recognized as the final mechanical event in the mechanism of stimulation, 

(refs. 5, 8). 

2.5 The Neural System 

The primary neural receptor apparatus of the hearing system may be 

considered as the hair cells and beneath these the endings of the auditory 

nerve. The hair cells consist of about 20,000 outer hair cells, divided 

among three or four rows, and one row of about 3500 iryier hair cells. 

All are spaced quite evenly along the cochlea. Nerve fibers inervate 

these hair cells and pass from the cochlea as the auditory nerve. The 
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total number of fibers in the nerve is on the order of 25,000 to 30,000. 

The basic innervation apparently consists of both afferent and efferent 

fibers. Each inner hair cell connects to two or three nerve fibers, and 

each nerve fiber in turn connects to two or three hair cells. A similar 

pattern holds for a different class of nerve fibers and the outer hair cells, 

but with more numerous interconnections. 

The auditory nerve leaving the cochlea terminates amid a con

centrated mass of cell bodies, the cochleanjiucleus. Fibers leaving 

this nucleus extend to various points. One path extends upward through 

two other nuclei, the inferior colliculus and the medial geniculate body, 

and ends in the auditory cortex. Other fibers pass through centers in the 

lower brain stem, with some interconnection with similar ones from the 

other ear, and pass on to the inferior colliculi and medial geniculate 

bodies. The complexity of the auditory tract increases as it ascends and 

by the time the auditory cortex is reached, about thirty times the original 

25,000 to 30,000 nerve fibers are present. However, the spatial resolu

tion of the cochlea, is maintained throughout the tract and is projected in 

the auditory cortex. The function of the various nuclei is largely unknown. 

There is, however, sufficient evidence to conclude that the major con

tribution to auditory sensitivity and loudness comes from the centers of 

the lower brain stem rather than from the auditory cortex, 

A characteristic of the over-all response is the action potential 

observed throughout the auditory tract. This potential as noted on a 
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nerve is the sum effect of the pulses appearing on the individual'fibers 

making up the nerve. For a sinusoidal excitation, the action potential 

shows a pulsfe rate which is dependent upon the intensity, and up to a 

maximum frequency, upon the frequency of the excitation. The auditory 

nerve shows frequency dependence up to about 2000 to 3000 cps. This 

frequency decreases with ascention to higher centers and by the time 

the fibers leading to the auditory cortex are reached it never exceeds 500 

cps. There is, however, some speculation on the validity of the fre

quency figure for the higher centers, (refs. 1, 8, 9). 



CHAPTER 3 

THEORY OF THE ANALOG EAR 

3.1 Introduction 

This chapter is concerned with the theoretical development of an 

electrical model of the ear. Idealized linear models are hypothesized for 

the external meatus, the middle ear,and the cochlea. These models are 

realized electrically on a one-to-one basis. The neural structure of the 

cochlea and part of the higher auditory centers is modeled functionally. 

3.2 The External Auditory Meatus 

The external meatus is assumed to be a uniform tube of length L_ m 

and cross-sectional area A. It is further assumed that plane waves exist 

in the meatus and that friction at the tube wall is negligible. 

A comparison of the equations describing such a tube and the equa

tions describing a lossless/ uniform, electrical transmission line shows 

that the tube can be modeled electrically by such a line. 

The dynamics of sound in a uniform tube are described by the 

one-dimensional wave equations for pressure p(x,t) and volume velocity 

v(x,t) (ref. 10), These equations are 

23 
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a2p(x,t) _i_ a2 p(x/t) 

Jx2 c2 M2 (,) 

L ^2v<x,t> (3.2) 
*x2 <? *tZ 

where 

c • velocity of sound 

The characteristic impedance Z is 

2 . p(x,t) . J°2_l (3.3) 
a v(x,t) A 

where 

• density of air 

The equations describing a lossless, uniform, electrical trans

mission line are 

i2e(x,t) 1 &2e(x,t) „ 
——j T —J (3.4) 

ox »0 at 

^2i(x,t) 1 b2i(x,t) 

v 2 2 2 
d x at o t 

o 

(3.5) 

where 

°>o " (3.6) 
Vlc 
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The characteristic impedance Z@ is 

Ze-£k. - e(x,t) 
4 C i(x,t) 

(3.7) 

where 

L • inductance per unit length 

C » capacitance per unit length 

In order to establish a relation between the acoustic model and the 

electrical analog, an impedance level factor Kz is introduced. The 

electrical impedance level is specified to be equal to Kz times the acoustic 

impedance level. A comparison of the electrical and the acoustic equa

tions indicates that a voltage-pressure, current-volume velocity analog is 

obtained if 

C * ti • 1 O 
(3.8) 

Vic" 

and 

(3.9) 

The solution of these equations for L and C results in the follow

ing 

L -Kz Jo. 
A 

(3.10) 

C . A (3.11) 
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The lumped parameter approximation to the electrical analog of 

the external meatus may be realized as a series connection of either 

"tee" or "pi" sections as is illustrated in Figure 3.1. 

The inductance and capacitance associated with these sections 

are 

L &x bL Ax -  Kz fo Ax (3.12) 
A 

C Ax-C Ax - 1 A Ax (3.13) 
K -p c2 

z «o 

where 

Ax.Jm (3.14) 
N 

and 

N • the number of sections 

3.3 The Tympanic Membrane and the Middle Ear Cavity 

The structure of the tympanic membrane and middle ear cavity has 

been discussed in the previous chapter. In order to model this structure, 

the membrane is assumed to consist of individual sections which are 

elastically coupled and each of which possesses mass, elasticity and 

fricti:on. One of these sections is considered to be rigidly connected to 

the malleus. Each section is interpreted as a piston. 

The cavity itself is a Helmholtz resonator. If the dimensions of 

the resonator are small compared to the wave length of sound, which in 
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the present case is true up to about 10,000 cps, the volume of the fluid 

in the cavity acts as a spring and the fluid in the neck of the resonator 

acts as an inertia. Dissipation of energy is due to frictional resistance 

in the neck and in the cavity. If the motion of the system is expressed 

in terms of pressure and volume velocity, the expressions for the equivalent 

mass Ma , and the equivalent stiffness Kg , are as given below (ref. 11). 

f n 1  
Ma = —-2 (3.15) 

ii 

f. c2 

Ka = — (3.16) 
V 

where 

A = area of the opening 

1 = length of the opening 

V = volume of the cavity 

It is assumed that the length of the opening is zero and hence only the 

elasticity and friction of the cavity are of importance. 

The hypothesized model for the tympanic membrane and cavity is 

illustrated in Figure 3.2 for the case where the membrane is approximated 

by two pistons. A voltage-pressure, current-volume velocity analog of 

this model is presented in Figure 3.3. In this analog LT , R T , and CT , 

represent, respectively, the mass, friction, and elasticity of the section 

of the tympanic membrane which is fastened to the malleus and f 
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R^ ^ , and ^represent the mass, friction, and elasticity of the 

remaining part of the membrane. The membrane coupling is represented 

by the capacitor C and an ideal transformer. That this transformer c 

must provide a phase reversal is noted from the fact that if the air cavity 

is ignored and if one piston is given a displacement, the displacement of 

the other piston must be in the same direction. 

The loading of the air cavity upon the pistons and the coupling 

between the pistons due to the air cavity are represented by the resistances 

R , R , and R , and the capacitance C . Except for impedance 
a a l a i a 

scaling, the capacitance Value is equal to the reciprocal of the stiffness 

as expressed by equation 3.16. The transformers must have polarities as 

indicated and the ratios must be one-one. That this is necessary may be 

noted from the fact that if the air is considered incompressible, and if 

one of the pistons is displaced, there must result an equal but negative 

volume displacement of the other piston. The indicated representation 

for coupling is based upon the assumption that if the pistons move in 

phase, there will result a fluid motion throughout the cavity, whereas 

if the pistons, move in phase opposition, there will be negligible fluid 

motion at all points in the cavity except near the pistons. Elastance 

effects under the latter condition are ignored and only losses are shown. 

For practical realization of the analog of the tympanic membrane 

and the middle ear cavity, it is desirable to remove the ideal transformers. 

p 



Two cases are considered; in one the air cavity coupling predominates 

over that of the membrane, and in the other the membrane coupling is 

predominant. If the air cavity coupling is predominant, the circuit can 

be realized as is shown in.Figure 3.4. Physical realization requires 

that C <:nG and that C ^ O. This circuit can also be realized as is a c c 

shown in Figure 3.5a by using a push-pull drive. If the membrane 

coupling predominates it is necessary to make the further assumption 

that is zero and hence that cavity loss can be sufficiently represented 

by means of R and R . The resulting circuit is shown in Figure 3.5b. 
ai dZ 

Physical realization of this circuit requires that C $ nC and that C ^ O. 
a c a 

3.4 The Ossicles and the Cochlear Windows 

A.hypothesized mechanical model for the ossicles and the cochlear 

windows is shown in Figure 3. 6. In order to obtain this model it is assumed 

that the middle ear behaves linearly and that low sound intensity conditions 

apply such that the effects of intratym panic muscle contractions can be 

ignored. Other assumptions are apparent from the diagram. 

The electrical analog of this system is shown in Figure 3.7. In this 

analog the following representations are employed with the necessary 

transformations between these obtained by means of ideal transformers. 
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electrical system mechanical system 

1. voltage force 

current linear velocity 

2. voltage pressure 

current volume velocity 

3. voltage torque 

current angular velocity 

3.5 The Cochlea 

The electrical analog of the cochlea is developed on the basis of 

an idealized direct model of the cochlea in which nonlinearities are 

ignored. It is assumed that plane waves exist in the scalae. Partial 

differential equations of continuity and motion are written which describe 

the pressure and the velocity distributions. Vibrations in each scala 

parallel with the cochlear duct are represented with first-order partial 

differential equations. Transverse motion of the cochlear duct is repre

sented with a' second-order partial differential equation. The relation 

between the transverse and longitudinal motion is a first-order partial 

differential equation. These equations are identical to those describing 

a form of nonuniform transmission line and hence the cochlea can be 

simulated by such a line. 
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Hydrodynamic theories and equivalent networks for the cochlea 

have been given by Zwislocki (refs. 12, 13), Peterson and Bogert (ref. 14), 

Fletcher (ref. 15), Bauch (ref. 16), and Wansdronk (ref. 17). The result 

obtained by Fletcher is closest to that given here, although parameters are 

evaluated by different methods (Chapter 4). 

3.5.1 The idealized cochlea 

The assumed form of the cochlea is indicated in Figure 3.8. The 

basic assumptions involved in arriving at-t-his model are as follows. 

1. The perilymph is incompressible. 

2. Fluid motion in the scala vestibuli and in the scala tympani 

is negligible in all directions except along the cochlear 

axis. It is noted that on the basis of this assumption, 

the pressure at any point along a scala is the same in all 

directions throughout that part of the scala. 

3. The cochlear duct is assumed to consist of independent 

elements of length Ax, each of which is characterized by 

mass, elasticity, and friction. 

4. The cross-sectional areas of the scala vestibuli and the 

scala tympani are equal. 

5. The distent ion of each of the eleme nts representing the 

cochlear duct is parabolic. 

6. The helicotrema introduces no energy loss. 
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7. The walls of the cochlea are rigid. 

Before proceeding with the mathematical development of the cochlea 

it is necessary to define the following parameters. 

1. Aj (x) « area of the scala vestibuli 

• ' A (x) « area of the scala tympani 

A(x) - area of the scala vestibuli or the scala 

tympani under the assumption of equal areas 

2. b(x) » width of the basilar membrane 

3. x,y,z • coordinates for the right hand coordinate system 

as is shown in Figure 3.8 

4. F(x(t) » force as a function of distance and time 

5. p(x,t) • sound pressure as a function of distance and time 

6. u(x,t) • linear velocity as a function of distance and time 

v(x,t) - volume velocity as a function of distance and 

time 

7. , jb(x) » equivalent dynamic mass per unit length of the 

cochlear duct 

8. f(x) = equivalent dynamic friction per unit length of the 

cochlear duct 

9. k(x) • equivalent dynamic stiffness per unit length of 

the cochlear duct 

10. • density of the perilymph 
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11. f (x) • equivalent friction of the perilymph per unit 

volume of the scalae 

The subscripts x and z refer to the coordinate direction indicated 

by the letter. The subscripts 1 and 2 refer respectively to the scala 

vestibuli and the scala tympani. 

3.5. 2 The equations of the cochlea 

Based upon the assumptions presented in the previous section, 

the following equations for the idealized model of the cochlea are 

written. 

1. The equations describing the fluid motion in the scalae. 

2. The equations of fluid continuity in the scalae. 

3. The equation describing the motion of a segment of the 

cochlear duct. 

3.5.2.1 The equations of continuity 

Since the perilymph is assumed to be incompressible, the equa

tion of continuity for the scala vestibuli at any point along the scala is 

as follows. 

d (volume) • 0 • u (x,t) A (x) - u (x+ Axft) A (x+ A x) 
i. XX X XX x 

- b(x) Ax u_(x,t) (3.17) 
3 ^ • 

The last term results from the assumed parabolic distention of the element 

representing the cochlear duct. 
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For small Ax, valid approximations are 

and 

buvl(x,t) ,o . 
U

xl(x+Ax,t) » u^x.t) + Ax (3.18) 
h x 

c* A j (x) 
A2 (X+ax) - A^x) + Ax (3.19) 

d X 

Hence there is found for the scala vestibuli 

0 - - • j^u^frrt) Aj(x)J - ~ b(x) u2(x,t) 

bvxi (x/t) 2 
- —b(x) u (x,t) (3.20) 

^X 3 

and similarly for the scala tympani 

0 - " [ux2^x#t) A2^] + "5" Mx)uz(x,t) 

*vx2 2 
+ — b(x)uz(x#t) (3.21) 

b x 3 

The equations for the two scalae may be combined as follows. 

2 
v (x,t) « — b(x) u (x,t) Ax 

£. 3 z 

xl^x'^ 
» - ' • Ax 

^x 
iv (x,t) 

+ Ax (3.22) 
S x 

3.5.2.2 The equations of fluid motion 

In order to obtain the equations of motion for the fluid in the scalae, 
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it is assumed that the flow of fluid in all directions is negligible except 

along the cochlear axis. 

For the scala vestibuli, at any point x along the scala, the change 

in force across a fluid element is expressed as 

(x,t) - Fxl (x,t) - Fxl(x+ Ax,t) 

r _ ^uxi^x*^' "1 
" [ fpl (x)  uxl (x ' t !  + fp— -JAl (x)  Ax 

r .{xft)i 
" [fpl(x) vxi(X't) +Pp—^ J » (3-23) 

This can be expressed in terms of pressure per unit length by dividing by 

the volume as 

APi(x,t) fDi(x) , . f D ^vxl(x#t) 
— ^ v (x,t) + 2 (3.24) 

Ax A^x) xl A^x) "St 

In the limit this equation becomes 

&p, (x,t) fDl(x) j°n ,(x#t) 
— V^.(x,t) + — 2 (3.25) 

bx (x) A ^(x) bt 

And similarly for the scala tympani 

^ P o(x,t) fn?(x) f  n bv o(x,t) 
- --*2 vx2(x#t) + £2 (3.26) 

£x A2^ ^2 (x) ^ t 

3.5.2.3 The equation of cochlear duct motion 

In order to obtain the equation of cochlear duct motion it is assumed 

that the duct consists of independent elements of length Ax, each possessing 
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mass, elasticity, and friction. For any given element 

Fz (x,t) »Fzl<x,t) - Fz2(x,t) 

^Uz(x,t) 
-£m(x) Ax] + [f(x) Ax] uz(x,t) 

+ [k(x) Ax] [uz(x,t)dt (3.27) 

This may be expressed in terms of pressure and volume velocity as 

3.5.2.4 The transformed equations of the cochlea 

Upon taking the Fourier transform of equations 3.22, 3.25, 3.26, 

and 3. 28 with respect to the time variable, there results the following 

system of equations. 

The equations of continuity: 

Pz(x,t) -Pj(x,t) - p2(x,t) 

(3.28) 

vz (x,o>)-
ivxl(x,o.) 

^ X 

Svx2(x,<o) 
(3.29) 

d x 
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The equations of fluid motion: 

^P1(*/w) 

P2 Cx, w) 

f .(X|«) 
P + j*> 

Ax (X) AJ (x) 

^ x A2 (X) A2 (X) 

vxl(x,a,) 

vx2(x'"> 

(3.30) 

(3.31) 

The equation of cochlear duct motion: 

P (x,to) • P, (x,w) - P_(X,0)) 
z 1 2 

ju/±. -l. "<*>u l±- -l- _m_] 
\ 2 Ax b2(x) / \2 Ax b2(x) / Ax b2(x) 

_l_ (J 1_ k(x)\ 

j 0) \ 2 Ax b2(x) ) 
vz(xra>) 

3.6 An Electrical Model of the Cochlea 

(3.32) 

3.6.1 The electrical analog 

The general form for an incremental length Ax of a proposed 

electrical analog of the cochlea is shown in Figure 3.9. The following 

equations describe the electrical properties of this analog. 

The relation between the shunt and the series branch currents: 

^ I^XfO)) 
I (x,a>)- - Al, (x,co)- - AX z 1 v dX 

d l 2 (x ,w)  
» + Al (X/ <y)« + Ax 

2 > o x 

(3.33) 
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The relation between the voltage and the current of the series branches: 

"dE (x,a>) Z (x,«) 
1 aJ I x(x,o)) (3.34) 
"bx AX 

(x,co) 2 O(x,co) 
—2 . —s2 I-tx/w) (3.35) 

"dx Ax 

The relation between the voltage and the current of the shunt branch: 

E (x,&)) " I (x,a>) 
Y

p (x, a>) 

• JZ (x(co} I (x,co) (3.36) 
r* 

In order to establish a relation between the direct model of the 

cochlea and the proposed electrical analog, the impedance level factor 

K~ is introduced. It is specified that the electrical impedance level 
z 

is equal to Kg times the impedance level of the direct model. It is 

further specified that voltage is the direct analog of pressure~and thus a 

voltage-pressure, current-volume velocity analog is obtained. 

A comparison of equations 3.29 and 3.33, 3.30 and 3.34, 3.31 

and 3.35, and 3.32 and 3.36 yields the detailed analog shown in 

Figure 3.10a. The analog relations are as follows. 

E(x,oo) « p(x,w) (3.37) 

v (x,«) j--
I(x,W) » — Y b(x) AX uz(x,«) (3.38) 

z z *- -I 

E x (x, w)• P1(x,<0) (3.39) 
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v
xl(x,a>) , 

I,(x,a>) • |u _(x,w) A (x) I (3.40) 
1 K_ K z z 

[u
xl

(x'") Al(x)] 

E2 (*,&)) - P2(x,w) (3.41) 

I2 (x,w) 

v 
O(x,<o) , 

x2 1 

K K _ z z *-
w) A2 (X)J u

x 2 ( x / A ,  ( x )  |  ( 3 . 4 2 )  

fpl(x) 

R fx) - K — AX - K r Jx) AX (3.43) 
81 z A1 (x) zs l 

£d2^ 
RS2(x) " Kz —7T AX" Vs2(x) AX (3*44) 

A2(x) 

f 
L .(x) « K Ax - K 1 (x) Ax (3.45) 
81 Z Ax(x) 2 Si 

fp 
L _ (x) • K —  A x »  K 1" (x) Ax (3.46) 
32  z  A2(X) Z S2 

R (x) - K — .f<X) — -K r (x) — (3.47) 
P z 2 b2(x) IX 2 P AX 

L (x) •= K — .K 1 (x) (3.48) 
P z 2 bnx) Ax z P AX 

1 2 b2(x) 1 
C  ( x )  "  —  —  A x  •  —  c f x )  Ax (3.49) 

Kz 3 k(x) Kz 
P 

The above resistance, inductance and capacitance values indicated 

by the upper case letters represent an analog cochlea section of length Ax. 

The lower case letters represent per unit length impedance values of the 

analog cochlea converted to the impedance level of the direct model of the 

human cochlea. 
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In order to unbalance the network shown in Figure 3.10a, it is 

necessary only to make the series impedance of any given section of the 

unbalanced network equal to the series impedance of the corresponding 

section of the balanced network, as 

^ (x)- rji (x) + Rs2(x)" k2 
fDlW 

v*) 
+ -kii 

A
2M 

Ax 

L - L (x) + L (x) m K i> 
s si s2 zp 

1— + —L 
Ax (x) A2 (x) 

Ax 

(3.50) 

(3.51) 

The parallel branch remains unchanged. The unbalanced network is 

illustrated in Figure 3.10b. 

Under the assumption of equal areas for the scalae, the equations 

for the series resistance and inductance become 

RS (x)" Kz 3£)[fpl(x) + £p2(xU " Kzrs(x) Ax 

fp 
L (x) - K 2 
s 

, Ax » K 1 (x) Ax 
z A(x) z s 

(3.52) 

(3.53) 

3.6.2 Velocity and displacement readout 

The maximum velocity and displacement of the basilar membrane 

at any point along the cochlea can be obtained by measuring, respectively, 

the shunt branch resistor and capacitor voltages. The voltage across the 

resistor is given by 

^ (xf co) - I (x,o)) Rp (x) 
P 

(3.54) 
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Upon substituting for I(x,co) from equation 3.38, equation 3.54 becomes 

^ (sc# co) • ——— Rp(x)j^-L b(x) Ax uz(x,<o)j 

The maximum velocity of the basilar membrane at any point along the 

cochlea is thus given by 

(3.55) 

u (x,<o) » e (x,co) k 1r7"\ I "o~ rrr z R z R (x) 2 b(x) A x p p u _i 
(3.56) 

This equation can be combined with Rp(x) as given by equation 3.47 to 

give 

u2 (x, co) « Er (x, a)) 
b(x) 

fW 
(3.57) 

In a similar manner the relation between the maximum basilar membrane 

displacement at any point along the cochlea and the capacitor voltage 

is found to be 

z(x,«) « Ec (x,co) KzCp (x) 

P 

_3. J L 
2 b(x) Ax 

(3.58) 

which can be combined with equation 3.49 to give 

z(x,(o) - E (x,w) 
o k(x) 

(3.59) 

3.7 The Neural System 

The neural system is modeled functionally as based upon a pattern 

theory of hearing proposed by Stewart (ref. 2). This theory is first pre



sented and the neural model is then developed. 

3.7.1 The pattern theory of hearing 

It was noted in the previous chapter that a sustained sound creates 

a pattern of vibrational intensities along the basilar membrane of the 

cochlea. Groups of sensory cells at any given point along the cochlea 

respond with neural pulses at a gross rate that depends upon the magnitude 

of the displacement of the basilar membrane and, up to a maximum fre

quency, upon the frequency. Any sustained sound can thus be imagined 

to define a non-negative curve, or pattern, of average neural pulse rate 

for a group of hair cells as a function of the distance of the relevant cell 

group along the cochlea. It is noted that it is thus implied that the 

human obtains information on the basis of the average pulse rate rather 

than on the basis of individual pulses. Such a pattern is illustrated in 

Figure 3.11a. If time is included in the representation of Figure 3.11a, 

the resulting pattern may be visualized as an unchanging surface of 

which Figure 3.11a is a cross-section. A representation of such a 

surface is shown in Figure 3.11b. For sounds that change with time 

as, for example, speech, the pattern of Figure 3.11b changes accordingly 

and the surface that is developed in Figure 3.11b varies in cross-section 

along the time axis. There is thus defined a surface not unlike a con

tour map. The rapidity with which the surface can change along the 

cochlear distance axis is limited by the mechanical frequency resolving 

ability of the cochlea. The rate of change along the time axis is limited 
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by the rate at which the gross neural discharge can be interpreted. This 

depends upon the nature of the transmission and the recognition system. 

The pattern theory states that it is the detail of the surface that 

carries the features of sounds as they are heard and recognized by the 

human. 

3.7.2 A model for the neural system 

On the basis of the above discussion, the complete hearing system' 

is simulated as is shown in Figure 3.12. This configuration models the 

hearing system by assuming essentially three units. The first unit models 

the outer and middle ear and the cochlea; it functions primarily as a 

reception system and an analysis system in the sense that it performs, 

on the basis of the pattern theory, the major signal transformation upon 

the sound which is received as an intensity-time signal. The second 

unit models the transmission function of the neural structure deriving 

from the cochlea and ending in, and perhaps in part including, the 

higher auditory analysis and recognition centers. The third unit simulates 

the higher auditory centers in that it functions as a detection, recognition 

and decision device. The first unit has been developed in the previous 

sections of this chapter. This section is concerned with the theoretical 

development of the transmission unit. 

The afferent neuralpaths in the human, as described in section 2.5, 

consist essentially of a large number of channels with some interconnection, 
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i 

which derive from the hair cells of the cochlea, pass through various 
i 
! 

j intermediate auditory centers, and end in the auditory cortex. Throughout 

these paths the spatial resolution of the cochlea is maintained. The 

analog simulation of this system assumes one path of parallel channels, 

each of which is associated with a particular segment of the cochlea and 

thus also with a group of hair cells, and which passes directly from the 

cochlear analog to the recognition unit. The transmission characteristics 

of the analog channels are presumed to be identical and are assigned on 

the basis of known responses of a large group of sensory cells acting in 

parallel, and on the basis of the time averaging characteristics of the 

complete hearing system.. 

3.7.2.1 The sensory cell response 

A measure of the response of a large group of sensory cells is 

the action potential. Each cell, in response to an excitation, exhibits a 

series of monopolar pulses. The sum of the pulses from the various 

cells, as might be observed on a nerve, is the action potential. The 

characteristics of this potential are explained by Wever on the basis 

of a volley principle (ref. 1). This principle should not be confused 

with the volley theory of hearing to which we do not ascribe in the pre

sent development. 

Briefly, the action potential shows a total pulse rate which is 

dependent upon the intensity of the excitation and, up to a maximum 

frequency, upon the frequency of the excitation. 
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3.7.2.2 The loudness converter 

On the basis of the pattern theory of hearing, signal recognition 

is dependent upon the average pulse rate associated with each group of 

sensory cells. Each analog transmission channel can thus be realized 

by means of a system, which provides a continuous output which is dependent 

upon the average of the absolute value of the input signal intensity and on 

frequency as described in the previous section. The absolute value is 

necessary since a bipolar signal evokes a monopolar response from the 

sensory cells. 

Each analog transmission channel can transmit only signal intensity 

and place information. Since the phenomenon of loudness irfhearing is 

primarily dependent upon intensity, this phenomenon provides a measure 

of the dependence of the channel output upon the average of the absolute 

value of the channel input signal. Stewart (ref. 2) has shown that a 

very good measure of loudness , in terms of the intensity of an acoustic 

signal f(t), is 

where n is on the order of unity. Zwislocki (ref. 18) investigated the growth 

of loudness as the duration of the stimulus is increased and concluded that 

this phenomenon results mainly from neural characteristics and can be 

represented as a simple integrating network with a time constant of approx

imately 200 msec. This representation is in agreement with Stewart's 

model under the special case of n being equal to unity. 
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Although the above loudness data applies directly only for the 

entire hearing system,it is assumed to apply to the individual analog 

transmission channels. Each channel can thus be simulated as is shown 

in Figure 3.13. 

A composite unit representing one analog transmission channel will 

be termed a loudness converter. 

3.8 The Analog Ear 

The analog ear as developed in the previous sections of this chapter 

is shown in block diagram form in Figure 3.14. This diagram shows the 

extent to which the complete hearing system, as discussed in section 

3.7,2, is modeled. The final model does not include a physical realiza

tion of the recognition unit. Operating criteria for the recognition unit 

and methods of implementing the unit are investigated in the doctoral 

dissertation of W. F. Caldwell (ref. \9). 
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CHAPTER 4 

PARAMETERS OF THE ANALOG EAR 

4.1 Introduction 

In order to construct the analog ear developed in the previous 

chapter, it is necessary to determine values for the associated parameters. 

This chapter is concerned with the determination of these parameters. 

In the specification of the various physiological data on the ear, cgs 

units are used. For specification of the electrical parameters without 

impedance level changes, it is presumed that one cgs unit is equal to 

one electrical mks unit. 

4. 2 The External Auditory Meatus 

The data necessary to determine the component values of the 

external meatus analog, as developed in section 3.2, are given below. 

A «* average area of the meatus • 0.3 to 0.5 sq cm (ref. 3) 

An average value of 0.4 sq cm is used. 

Lm= average length of the meatus B 2.7 cm (ref. 3) 

61 
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The constants of air at standard conditions (20° C, 760 mm mercury) 

are 

c -velocity of sound in air «= 34,400 cm per sec 

-p -density of air • 0.00122 gm per cu cm 

The per section inductance and capacitance values as given by 

equations 3.12 and 3.13 are 

-P o 
LAx = Kz—~ Ax « 1^3.05x10 Ax hy (4.1) 

A 

C i— ——T-AX •—!— 0.278 xio"6 AX fd (4.2) 

"  K r  fn °  K ,  Z I o z 

4.3 The Middle Ear 

The complete middle ear analog consists of the tympanic membrane 

and middle ear cavity representation of Figure 3.4 or 3.5 and the repre

sentation for the ossicles and windows of Figure 3.7. Sufficient middle 

ear data are not available to provide a direct specification of all analog 

component values. It is not possible, for example, to specify the pre

dominant form of coupling, air cavity coupling or membrane coupling, and 

hence it is also not possible to specify which analog representation is 

to be used for the tympanic membrane and middle ear cavity. A detailed 

study of the middle ear thus necessitates in many cases experimental 

adjustment of component values. 

For present purposes it is desired mainly to provide a passive 

middle ear representation which exhibits the input impedance and transfer 



function of a normal middle ear which is driving the cochlea. To provide 

such a circuit, the analog is sufficiently simplified and component values 

are adjusted on the basis of physiological data where they are available. 

Where such data are not available, suitable estimates are made so as to 

provide the correct input impedance and transfer function. The data used 

for the determination of the component values are presented in the next 

section. They come to a great extent from the investigations of Bekesy 

(ref. 5), Miller (refs. 20,21), Zwislocki (refs. 22, 23), and Onchi (ref. 24) 

Although numerous other investigators provide data on the middle ear, 

the data presented by the above-mentioned investigators covers the avail

able information and is typical of that information. 

The tympanic membrane and middle ear cavity representation used 

is that of Figure 3.4. It is further assumed that the incudo-malleolar 

joint is completely rigid and that the losses in the incudo-stapedial joint, 

the stapedius muscle, and the windows are negligible (Figure 3.7). The 

resultant circuit, with all impedance levels referred to the impedance 

level of the analog cochlea, is shown in Figure 4.1. The referral of 

these impedance levels to the impedance level of the analog cochlea is 

accomplished by moving all ideal transformers shown in Figure 3.14 to the 

input side of the tympanic membrane and middle ear cavity circuit. 

4.3.1 Data for middle ear analog component evaluation 

In this section are listed the middle ear data as presented by the 



FIGURE 4.1. AN APPROXIMATE MIDDLE EAR ANALOG 
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above-mentioned investigators. These data are used in the determina

tion of component values for the middle ear analog. 

4.3.1.1 Dimensions and parameters 

1. The average area density of the tympanic membrane 

is 25.5 mg per sq cm (ref. 24). 

2. The tympanic membrane has an average area of 0.85 sq 

cm, about 0.55 sq cm of which is considered to be con

nected to the malleus (ref. 5). 

3. The average volume of the middle ear cavity is 2 cu cm 

(ref. 5). 

4. The lever arm ratio of the ossicles is about 1:1.3 and is 

such as to provide a force amplification between the 

tympanic membrane and the oval window (ref. 5). 

5. The mass of the malleus is 23 mg, the mass of the incus 

is 27 mg, and the mass of the stapes is 2.5 mg (ref. 3). 

4.3.1.2 Input impedance 

The input impedance of the tympanic membrane alone, that is, with 

the ossicles removed and the middle ear cavity opened, is given by Bekesy 

and by Onchi. At low frequencies, the average input impedance for a large 

number of ears as given by Bekesy is equivalent to that of about 8 cu cm of 

air. Onchi gives the input resistance and reactance of the membrane alone of 

a single ear to be as is shown in Figure 4.2 for ear number 1. The equivalent 

volume of air at low frequencies is about 6 cu cm. For this same ear he 
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also gives the input resistance of the middle ear cavity and for another 

ear (ear number 2, Figure 4.2) the input resistance and reactance of the 

cavity. 

The input impedance of the complete ear as measured at the tympanic 

membrane is given by numerous investigators. Miller (ref. 20) compares . 

these data as given by a number of investigators and finds some agreement 

among them. The data given by Zwislocki (ref. 23) presents the average 

input resistance and reactance for nine normal ears and fourteen otosclerotic 

ears over the frequency range of 100 to 1000 cps. Miller presents average 

input resistance and reactance for ten normal ears over the frequency 

range of 200 to 2000 cps (ref. 20) and the actual values for six different 

ears over the same frequency range (ref. 21). The values for the six ears 

differ little from the ten ear average value. The average resistance and 

reactance as given by Zwislocki and Miller are shown in Figure 4.3. 

It is noted that for normal ears there is reasonable agreement between 

these two sets of data. 

Metz (ref. 25) has noted that if the stapes for a normal ear is held 

immobile, the change in input impedance is only on the order of 1 or 2 db 

for frequencies up to around 1000 cps. The data shown in Figure 4.3 for 

normal ears can thus be considered as being approximately correct under 

the condition of an immobilized stapes. 

4.3.1.3 Tra ns fer function 
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The pressure transfer function from the external side of the tympanic 

membrane to the cochlea side of the stapes with the stapes held immobile, 

as given by Bekesy, is shown in Figure 4.4. 

4.3.1.4 Additiona 1 data 

Bekesy gives data on volume displacement of the cochlear fluid 

for a pressure excitation at various points in the ear as parts are removed 

one by one. Using this data, Fletcher (ref. 26) has calculated the trans

fer function of the middle ear when it is driving the cochlea. This trans

fer function relates the pressure on the external side of the tympanic 

membrane to the pressure difference between the windows on the cochlea 

side. It is also presented in Figure 4.4. 

Using Bekesy's data, the volume elasticity of the oval and the 

round window can be estimated. At low frequencies, the input impedance 

to the cochlea must be determined solely by the elasticity of the windows. 

The data show that at low frequencies the volume displacement of the 

cochlear fluid is constant for a constant pressure between the windows 

with both window membranes present and with one window membrane 

removed. On the basis of the present analog, volume displacement 

divided by pressure is a direct measure of volume elasticity. For the 

case where both window membranes are present, the volume elasticity 

is about 5xl0~^ cm^ per dyne. With only the round window membrane 

-9 5 present it is about 1x10 cm per dyne. 
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4.3.2 Middle ear analog component values 

Using the data presented in the previous section, estimates are 

made for the component values of the circuit shown in Figure 4.1. The 

values which provide a suitable input impedance and transfer function 

under normal conditions are shown in Figure 4.5 

It is noted that two sets of component values are given. The values 

which are not in parenthesis represent the impedance level of the direct 

model of the human ear, as referred to the cochlea. The values in 

parenthesis represent the impedance level of the electrical analog which 

was actually constructed. The values in parenthesis are to be ignored 

for the present time; they will be discussed in section 5.2.4. 

To obtain the middle ear circuit transformer ratio, parameter values 

are used directly as specified. The resultant ratio is 

A 
m 

di 
1  .  _ J E —  _ «  i  .  2 2 . 4  ( 4 . 3 )  

A d 
ow 2 

In the simulation of the tympanic membrane and middle ear cavity, 

the value Cj depends upon the relative air cavity and membrane coupling. 

It is assumed that the total coupling is due essentially to the air cavity 

with an average volume of 2 cu cm. The capacitance at the impedance 

level of the direct model of the ear, as obtained by means of equation 3.16, 

is 1.39^. fd. The resistance of the cavity, as is illustrated for a human 

ear in Figure 4. 2, is assumed to be constant and equal to 100 ohms over the 
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entire frequency range. These values referred to the impedance level 

of the direct model of the cochlea result in a value for C ^ of 0.00277/<>i.fd 

and a value for of 50,200 ohms. 

The part of the tympanic membrane which is not driving the malleus 

is represented by the series R2 ^2 C 2 circuit. If the effective mass of 

this part of the membrane is assumed equal to the total mass and assigned 

on the basis of area, the effective mass is 7.65 mg. The value of L , 

which represents the mass as referred to the impedance level of the direct 

model of the cochlea is 3.84 hy. The Q of the tympanic membrane is 

noted from Figure 4.2 to be approximately 0.4. If This value is assigned 

to the part of the tympanic membrane under consideration, it is necessary 

to specify only one more parameter in order to evaluate R ^ anc* ^ 2 * ^ 

is noted that the input impedance is purely resistive around 1000 to 2000 

cps whereas the peak of the transfer function with the stapes immobilized 

occurs at around 2400 cps. If it is assumed that this transfer function 

resonance results essentially from the ossicles, then the resonant fre

quency of the Rg L2 C 2 branch must lie below the frequency at which the 

input impedance is purely resistive. On the assumption that this branch 

has a 1500 cps resonance, the value of R2 is 90,000 ohms and that of C ̂  

is 0.00293^*c.fd. 

The values for R3 , L ^ f C ^ , and are adjusted on the basis of 

the transfer function with the stapes immobilized, and an estimate of the 



effective mass of the ossicles. The total mass of the malleus and the 

incus is 50 mg. The effective mass is presumed to be on the order of 

two-thirds of the total mass. This effective mass referred to the impedance 

level of the direct model of the cochlea is represented by a 40 hy induc

tance value for . As an estimate, the components under consideration 

are assumed isolated from the previous.components and the series capacitance 

combination of and and the resistance are calculated on the 

basis of the transfer function with the immobilized stapes. This estimate 

is found to be reasonably valid because of the values resulting for these 

components and because of the impedance level and transfer function pro

vided by the previous components. The ratio of C to C is specified by 
O ft . 

noting that these capacitors must introduce a negligible voltage division, 

since the required low frequency voltage division is essentially provided 

by the capacitors C and C . The resulting component values as referred 
* 1 M 

to the impedance level of the direct model of the cochlea are presented in 

Figure 4.5. 

To estimate L,. it is assumed that the total mass of the stapes is 

equal to the effective mass. This mass referred to the impedance level 

of the direct model of the cochlea is 2.4 gms and the resulting value of 

L is 2.4 hy. 
o 

The capacitance represents the oval and the round windows 

plus the effects of the stapedius muscle. The volume elasticity of the 
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-10 5 combination of the two windows is 5x10 cm per dyne and the associated 

capacitance is SOO^^fd. The effect of the stapedius muscle upon Cg 

cannot be directly specified. It is noted, however, that Cg is important 

in setting the low frequency transfer function under cochlea load conditions. 

The capacitance was thus experimentally adjusted on this basis to a value 

of 250/^M.fd. 

The middle ear representation developed above provides a good 

approximation to both the input impedance and transfer function under normal 

conditions. These characteristics are presented in Chapter 6. 

4.4 The Cochlea 

In order to specify values for the electrical components of the analog 

cochlea, it is necessary to obtain numerical values for seven parameters. 

The following three parameters are obtained directly from experimental data 

as presented by several investigators. 

1. The density of the perilymph, "P , is given by Beke'sy to be 
i P 

1.034 (ref. 5). 

2. The width of the basilar membrane, b(x), is given by Wever 

(ref. 1). A straight line approximation is shown in Figure 4.6. 

3. The area of the scala vestibuli, A^(x), and the scala tympani, 

A^(x), are given by Zwislocki (ref. 12). They are assumed to 

be identical and approximated by a straight line, A(x), as 

shown in Figure 4.7. 
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The remaining four parameters are evaluated on the basis of 

theoretical calculations and experimental data. These parameters are 

4. The dynamic mass per unit length of the cochlear duct, 

m(x). 

5. The dynamic stiffness per unit length of the cochlear duct, 

k(x). 

6. The dynamic friction per unit length of the cochlear duct, 

f(x). 

7. The equivalent friction of the perilymph per unit volume of 

the scalae, f (x). 
P 

These parameters are evaluated in the following sections. 

4.4.1 The dynamic mass 

The dynamic mass per unit length of the cochlear duct is the total 

effective per unit length mass. It consists of the per unit length energy 

equivalent mass, m^ (x), that is, the effective per unit length mass of the 

duct itself, plus the per unit length loading mass upon the duct, m^ (x). 

4.4.1.1 The energy equivalent mass 

The per unit length energy equivalent mass is defined as that mass 

which, when assigned to a point in the cochlear duct, possesses kinetic 

energy equal to that of the distributed mass of the entire cross section of 

the cochlear duct under an assumed form of motion of the duct. In order to 

evaluate this mass, the following assumptions are made. 
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1. The average density of the cochlear duct, , is unity. 

2. The contents of the duct are incompressible. 

3. The cross-section of the cochlear duct can be approximated 

with a combination of simple geometric shapes. The resultant 

approximation is shown in Figure 4.8. 

4. The distension of Reissner's membrane and the basilar membrane 

is parabolic. 

A consideration of Figure 2.10 shows that the sensory structure of 

the cochlear duct lies just above the basilar membrane. It is thus pre

sumed that we are concerned with the vertical motion of a point at the 

center of the basilar membrane and hence the per unit length energy 

equivalent mass, m (x), is to be assigned to this point, P(x)f as is 
L 

shown in Figure 4.8. 

The energy equivalent mass is a function of x, the distance along 

the cochlea. However, in the following development the cochlear dis -

tance parameter is omitted for convenience of notation. 

The relation between the kinetic energy of the cross-section of 

the cochlear duct and the kinetic energy of the point, P, is as follows. 

Kinetic energy "T-T + T.+ T^ a b c 

2 mT 

d 
dt 

^disp. of point p) 

5 up 
2 (4,4). 
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where Tg , , and Tc represent the kinetic energy associated with each 

section as shown in Figure 4.8. 

In order to obtain expressions for Tg, , and Tc a parabolic 

distention is presumed for the various sections. The resulting displace

ment associated with section a is 

1  a "  4A R r  (b  R - r )  (4.5) 

where the maximum distention occurs at r and is 

yj a max • A b 2 

'a R R (4.6) 

In sections b and c the displacement is 

Vj "4A 
B(z) 

[B(z)-y] (4.7) 

where for section b 

B(z) - bc+ z 
bR " b 

H 

(4.8) 

and for section c 

r 
B(z) • b + z 

b - b c 
(4.9) 
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The expressions for the kinetic energies Tg/ and Tc are 

obtained as follows. 

ft 

e 

O O 

d i j  

dt 

d# dr 

2 ^ 2 
" P  0  b  u  
Td R R 

15 

2 2 2 
- SO e b u 

15 

(4.10) 

The last expression results from the assumption of incompressible con

tents within the duct. Under this assumption the displaced areas of 

the various geometric shapes must, for any given cross-section, be 

equal and hence. 

b u = b u 
R R P 

(4.11) 

where u_ represents the velocity of a point at the center of the. boundry 
K 

between sections a and b of Figure 4.8. Similarly, 

,H ,B(z) 

T = 
b 

D 

o 'o dt 
dy dz 

15 
f-

H 

b R- b c  ,  

b up In 

L bc 

(4.12) 
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and, 

fa. 
2 

,h  ,B(z)„  2  

d7ol  

15 tD 
L b c - b  

dt 

b u 

dy dz 

In (4.13) 

The energy equivalent mass divided by b (x) is thus given as 

2 mE(x) 

b (x) bz (x) L Ta (x) + (x) + Tc (x) 

15 •ft, 

+ 2 

0(x) + 2 

h(x) 

H(x) 

\b (x)-b (x)) 
K C 

In vi 

b (x) 
c 

In 
'bn (x) 

\bc (x)-b(x) b(x) 

(4.14) 

To obtain numerical values for the above expression, it is necessary 

to determine the relative dimensions of the cochlear duct. These dimen

sions aiid the calculated energy equivalent mass divided by b^(x) for the 

human cochlea shown in Figure 2.9 are listed in Table 4.1. 

4.4.1.2 The loading mass 

Mass loading upon the cochlear duct is due to the fluid in the scalae. 

The equivalent loading mass is estimated from data obtained by Bekesy on 

a hydraulic model of the cochlea (ref. 5). Bekesy constructed a full scale 
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two channel hydraulic model of the human cochlea. The cochlear duct 

of this model consisted of a rubber membrane which had a width identical 

to that of the basilar membrane and which exhibited the same volume 

elasticity as does the cochlear duct of the human cochlea. The model also 

exhibited a location of maximum displacement as a function of frequency 

the same as that of the human cochlea. Bekesy excited this two channel 

model at the oval window and observed the location of the maximum dis

placement as a function of frequency. Fluid was then removed from one 

channel and the maximum of displacement was again observed. It was 

noted that for the entire frequency range the point of maximum dis

placement could be maintained at a given position along the cochlea 

when the fluid was removed from one channel by increasing the excita

tion frequency by approximately 20 per cent. 

The cochlear duct has been assumed to consist of a set of indepen

dent elements, each of which possess mass, elasticity, and friction. 

Hence, at any point along the duct, the frequency of maximum displace

ment with fluid in both scalae, o> (x), and the frequency of maximum 
m 

displacement with fluid in only one scala, « (x) + (x)# can be 
m m 

expressed as 

"mW " y (x) A — (4.15) 
y m£ (x) + 2 mL(x) 

co (x) + A co (x) • y (x) A  / !±! (4.16) 
m m V m (x) + m (x) 

V R« L 
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V '  /  

where if is a function of the damping. Bekesy has shown that the damping 

is approximately constant over the complete length of the cochlea and 

hence, X is taken to be constant. 

The relation of the frequency at any given point along the cochlea 

with fluid in only one scala to the frequency with fluid in both scalae is 

found from the foregoing equations as 

2 _ 2 
mg, (x)+ 2 mjXx) •«Wt A»m(x) 

(0 (x) m ' 
m£ (x)+ mL (x) 

(1.2) =1.44 (4.17) 

This equation is solved for m^ (x) in order to determine the mass loading 

effect of the fluid on one side of the cochlear duct upon a membrane with 

a width equal to that of the basilar membrane. The resulting expression 

is 

m (x) = 0.8 m (x) 
L L 

(4.18) 

. If it is presumed that the cochlear duct of the model exhibits the same 

energy equivalent mass as does the human cochlear duct, the above 

expression provides a means of estimating the loading mass upon the 

cochlear duct. 

Since in the actual ear the cochlear duct is bounded by the basilar 

membrane and Reissner's membrane, the total loading upon the duct is a 

function of the loading upon both of these membranes. Where the membranes 

vibrate in phase (below about 3000 cps) the loading is equal to the sum of 
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the loadings upon the two membranes. It is presumed that this con

dition holds true over the total length of the duct. 

The loading mass for a small vibratory circular element with water 

3 on both sides of the area is given by 0.85 r , where r is the radius 

(ref. 15). On this basis it is estimated that the mass loading upon a 

per unit length element of the cochlear duct is a direct function of the 

square of the width of the duct. The total per unit length loading mass 

m (x), is thus presumed to be 
L1 

mLT (?) - m
L W + Vx) 

b(x) 
mL (x) 

0 .8  m E (x)  1 + 
bD(x) 

b (x) 
(4.19) 

where m (x) represents the mass loading upon the basilar membrane. 
L 

4.4.1.3 The dynamic mass 

The per unit length dynamic mass divided by the square of the 

basilar membrane width is expressed as 

m(x) mj? (x) nijj(x) 

b2(x) b2(x) ^2' 

mE(x) 

b2(x) 

b"(x) 

1  +  0 . 8  1 + 
bR (x) 

b (x) 
(4.20) 

The per unit length energy equivalent mass divided by the square of the 

basilar membrane width is presented graphically in Figure 4.9, as obtained 
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from table 4.1. Also shown in Figure 4.9 is a linear approximation to 

the resulting per unit length dynamic mass divided by the square of the 

basilar membrane width. 

4 .4 .2  The dynamic friction 

The dynamic friction of the cochlear duct is due to both the friction 

of the duct itself and the friction loading effect upon the duct by the fluid 

in the scalae. This total dynamic friction is obtained by using data on 

the damping of the cochlear duct as presented by Bekesy (ref. 5). 

If the cochlea is stimulated with short pulses, and observations 

of vibrational amplitudes are made, a damped oscillation in:the dis

placement of the basilar membrane is observed. Bekesy measured these 

oscillations in fresh specimens and found that the ratio of amplitudes 

between successive oscillatory peaks of the same polarity .was in the 

range of 4:1 to 6:1 over the entire expanse of the basilar membrane. With 

an average ratio of 5:1 the logarithmic decrement for any section along the 

cochlea is 1.6. 

The logarithmic decrement, D, is defined as 

Mi (x) 
D(x) B lo^ —± (4.21) 

(x) 

where M (x) and M (x) are the maximum magnitudes of successive 
JL M 

deflections of the same polarity and where the form of the motion is 
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M(x,t) - MQ(x,t) e"*^ sinjw(x)t + (4.22) 

Expressed in terms of the parameters associated with a section of the 

cochlea, the logarithmic decrement is 

D(x) - ^ (4. 23) 
m(x) 2 f (x) 

r 

where f (x) is the damped resonant frequency of oscillation. 

In order to provide an expression for dynamic friction, the preceeding 

equation can be written as 

f(x) • 2D(x) fr (x) m(x) (4.24) 

Since D(x) • 1.6, this becomes 

f (x)  -3 .2  m(x)  f r  (x)  (4 .25)  

For any given section of the cochlear duct, the relation between the 

damped resonant frequency, ff (x), and the undamped resonant frequency, 

fQ (x), is 

f (x) 
fr (x) • —= ° (4.26) 

Since D(x) * 1. 6, it may be assumed that 

f (x) & f (x) (4.27) 
r o 

and, equation 4.25 may thus be expressed as 

f(x) » 3.2 m(x) fQ(x) (4.28) 
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The per unit length dynamic friction divided by the square of the basilar 

membrane width is thus 

J W  3 2  » W  f<j(x) (4<29) 

bZ(x) b (x) 

In order to evaluate the above expression, it is necessary to know 

f (x). This is the frequency at which any one cochlear element has a 

maximum velocity. In Figure 4.10 are presented three curves which show 

frequency localization along the cochlea. Curve number 1 shows the 

localization of maximum displacement as observed by Bekesy (ref. 5). 

This curve can be considered as being approximately correct for the 

localization of maximum velocity, fQ(x). Curve number 2 shows the 

assumed localization of maximum velocity as used in the development of 

the analog. Curve number 3 shows frequency localization along the cochlea 

as determined by several psychoacoustic and physiological methods,(ref. 3). 

This curve does not imply localization of either velocity or displacement 

and is presented only for comparison purposes. 

It is noted that a pitch scale is included in Figure 4.10. This is 

to  be  ignored  for  the  presen t  t ime;  i t  wi l l  be  d i scussed  in  sec t ion  7 .3 .  

The per unit length dynamic friction divided by the square of the 

basilar membrane width is presented graphically in Figure 4.11. 
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4.4 .3  The dynamic stiffness 

Since the fluid of the scalae is assumed incompressible, the 

dynamic stiffness is due solely to the stiffness of the duct itself. In 

order to estimate the per unit length dynamic stiffness, the calculated 

per unit length dynamic mass data (Figure 4.9) and the assumed maximum 

velocity localization data (Figure 4.10) are used. It is assumed that 

the velocity localization along the cochlea is determined essentially 

by the individual cochlear elements and the associated loading, rather 

than by the cochlea as a unit. The validity of this assumption has been 

shown by several investigators (refs. 13# 14, 15). 

On the basis of the above assumption, the expression for the per 

unit length dynamic stiffness is 

and the per unit length dynamic stiffness divided by the square of the 

width of the basilar membrane is 

Figure 4.12. 

4 .4 .4  The equivalent friction of the perilymph 

To evaluate the equivalent friction of the perilymph it is. assumed that 

each scala consists of a cascade of tube sections of length A X. Each of 

k(x) = co0
2(x) m(x) (4.30) 

(4.31) 

2 where o>Q (x) is equal to 2 n fQ(x). This is presented graphically in 
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these sections has a constant area throughout its length which is equal 

to the area of the scala at that point. 

For any one section of constant cross-sectional area A, the 

velocity u, as a function of the radial distance r, is given by 

u(x , r )«  P  °"  P L  I"R2(x)-r^~l (4.32) 
4 yM. Ax 

where p and p are the pressures on the two ends of the tube section, 
o L 

and R is the radius of the tube (ref. 12). 

The average velocity of flow through the tube is 

(R 

u(x) »—* 9 J 2nr u(x#r) dr 
n R 'o 

P - p 
2  n r  — ^ ^  I  R *  -  r "  I  d r  

tiR2 'Q 4^ Ax 
t>2" '2] 

P o ~ PT . o 
- — — R (4.33) 

8yi Ax 

Since the relation between the force across the tube section and 

the volume velocity is 

A Force • fp(x) * volume velocity • A* (4.34) 

the friction per unit volume can be expressed as 
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A Force (P o~ pL)A(x) 
f (x) _ 
P volume velocity volume velocity 

( p o  -  p L U o o  

— —) R 2  (n  R 2  AX 

8^ AX 

8 n LA 
A(x) 

(4.35) 

where 

A(x)« *R2 (4.36) 

The coefficient of viscosity for the perilymphy^c , is 0.02 (ref. 5). 

Hence the equivalent friction per unit volume of the perilymph is closely 

approximated by 

f D ( x ) = —  ( 4 . 3 7 )  
2A(x) 

4 .4 .5  Component values for the analog cochlea 

The per unit length values of the series and parallel branch com

ponents of the analog cochlea are given below. These values are at the 

impedance level of the direct model of the cochlea. They are obtained from 

equa t ions  3 .47 ,  3 .48 ,  3 ,49 ,  3 .52  and  3 .53 .  

.  fy | .  a x R P ( x )  -  3  f(x) (4.38) 

Kz 2 b2(x) 

1 <„) . A*L p (*)  _  3 -  m M  ( 4 > 3 9 )  

P K 2 b2(x) 
z 
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, , Kz Cp(x) 2 b2(x) c (x) • r »— L-i— (4.40) 
Ax 3 k(x) 

R (x) f (x) , 
r (x) ® —2 •= 2 —12 = —1— (4.41) 
s Ax Kz A(x) A2(x) 

L t*) fB 
—§ « 2 —-E 
Ax K z A(x) 

leCx) = — " 2 —i-E— (4.42) s 

These values are presented graphically in Figures 4.13 through 4.17. 

4. 5 The Loudness Converters 

Each loudness converter, as developed in section 3.7, has associated 

with it three parameters, the volley effect cutoff frequency, the power 

law, and the time constant of the averaging filter. 

The time constant of the averaging filter for the complete neural 

channel has been estimated by Zwislocki to be on the order of 200 msec 

(ref. 18). Stewart has shown that the power law of the complete neural 

channel is approximately unity (ref. 2). It is presumed that these values 

apply directly to the individual loudness converters. 

The volley effect cutoff frequency cannot be readily specified other 

than that it lies in the range of around 300 to 3000 cps. For the analog, 

this frequency was set experimentally at 1000 cps. The manner of 

exper imenta l ly  de te rmin ing  th i s  f requency  i s  presen ted  in  sec t ion  7 .2 .2 .  
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CHAPTER 5 

DESIGN OF THE ANALOG EAR 

5.1 Introduction 

The theoretical analysis and development of the analog ear has 

been presented. It is now necessary to translate these data into an 

electrical model which is consistent with a central design philosophy. 

The aim is to provide a versatile research device for study of the 

hearing system without incurring excessive costs of construction. 

The hearing system as modeled in the previous chapters includes 

the outer and middle ear, the cochlea, and part of the neural structure 

of the cochlea and the higher auditory centers. A practical analog 

system requires, in addition to these various analogs of the ear, input 

and readout equipment. The analog system as realized in this investiga

tion is illustrated in Figure 5.1. The design of the various units is 

discussed in the following sections. 

5 .2  The Number of Sections and Impedance Level of the Analog 

It is the purpose of this section to specify the number of sections 

to be used in the external meatus analog and the analog cochlea, and to 

specify the impedance level of the analog ear. 

104 
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5.2 .1  The number of sections of the external meatus analog 

In providing a lumped parameter approximation to the uniform 

transmission line analog of the external meatus, a sufficient number of 

sections must be used such that the lumped parameter line simulates 

the distributed parameter line over the frequency range of interest. For 

the present model the maximum frequency of interest is approximately 

20,000 cps. 

To provide an estimate of the required number of sections, con

sider the transfer function and input impedance of a uniform, lossless, 

distributed parameter line which is 2.7 cm long. Under open circuit 

conditions these are 

E. 'out (5.1) 

in o s |--£ 
L f o  

m 

and 

where 

Z • - j Z cot o 

£0 q 

m 
(5 .2)  

2 * 
« f[h 

5480 cps (5.3) 

2 n A/LC 

The poles of the transfer function and the zeros-of.the input impedance occur 

at 

f • 4100 n (5.4) 
n * 1, 3, 5, 7, 
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The poles of the input impedance occur at 

f • 4100 ll (5<5) 

n« 0, 2, 4, 6, • • • 

The transfer function and the input impedance each have three 

poles in the frequency range of interest. The lumped parameter representa

tion must have a sufficient number of poles to approximate these, plus 

to account for the end effect at the high frequencies. From inductances 

available for the simulation of the meatus, two, four, and eight pole 

representations could be easily realized. For the experimental investiga

tions discussed in the following chapters, the eight pole representation 

was used. The use of a fewer pole representation is discussed in 

section 8. 2.1. 

5.2.2 The number of sections for the analog cochlea 

A major problem in the design of the cochlea is that of selecting 

the number of sections. There is no unique answer to this question. The 

ultimate answer must be based on the information requirements for recognition 
» 

by subsequent devices operating within some reasonable error criterion. 

Since this has not been considered, the selection of the number of sections 

of the analog cochlea is relegated to an "engineering guess." 

There are several references available which make this selection 

a bit less difficult. Several previous analog cochleae have been con

structed from which sine wave excitation data was taken by means of 
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point by point measurements. Peterson and Bogert (ref. 14) constructed 

a 165 section analog cochlea and Bauch (ref. 16) constructed one with 

65 sections. After studying the patterns obtained from these analogs, 

it was concluded that they contained more than anadequate number of 

sections and that about half of the number of sections used by Bauch 

would be sufficient. For convenience, the number of sections was 

set at 36; each section representing one millimeter of an idealized 

36 mm cochlea. Hence, for the analog cochlea Ax is equal to 0.1 cm. 

5.2.3 The method of impedance scaling 

The impedance level of the analog must be selected so as to pro

vide for reasonable component values throughout the analog. The analog 

cochlea is used as a basis for this selection. 

To select.the value of , it is noted that the per unit length 

parallel capacitance of the analog cochlea, at the impedance level of 

the direct model, cp(x), varies by about 5 orders of magnitude (Figure 4.15). 

In a practical analog, the lowest value of capacitance should be of 

sufficient size so as not to be swamped by the stray capacitance of 

the circuit. On the other hand, the low frequency sections should not 

require very large capacitors which add expensive bulk. Thus, by 

calculating the required range of capacitance, it is possible to select 

an impedance level that is a satisfactory compromise. The resulting 

inductance values can then be calculated. If these are reasonable, the 

design of the analog cochlea is fixed. If reasonable component sizes 
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also result for the external and middle ear analogs, the complete design 

may be considered to be fixed. Should these component values be im

practical, reasonable values can be obtained by introducing impedance 

level changes by means of transformers between the analog cochlea and 

the outer and middle ear analogs. 

The per unit length shunt capacitance is given by equation 4.40 as 

K„C D(x) 
c (x) • z P (5.6) 

Ax 

where C (x) represents the capacitance value of the practical analog 
r 

cochlea. 

From Figure 4.15, the maximum and minimum per unit length 

capacitance values are noted to be 1.68^ fd and 10.5^«.fd. Since Ax 

is equal to 0.1, the maximum and minimum per section values 

of capacitance are 

c Ax • K C « 0.168 >c fd (5.7) p max z p max s 

c Ax = K C * l*05x*z^fd (5.8) 
p min z P min 

Using the above-mentioned method of selecting K , a value of 
z 

^ " ~lo 

is chosen to give 

(5.9) 

C max * 6.68z<fd (5.10) 
P / 

Cp min = 42. 0^^fd (5.11) 
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This value of represents an analog cochlea impedance level which is 

below the impedance level of the direct model of the cochlea by a factor 

of 40. 

5.2.4 The impedance level of the analog ear 

For the final representation of the analog ear, all component 

values are referred to the impedance level of the analog cochlea, that 

is, the impedance level of the direct model of the cochlea as scaled by 

the factor Kz. 

For the external auditory meatus with component values referred to 

the impedance level of the analog cochlea, the total series inductance 

is 80 mhy and the total shunt capacitance is 0.048^cfd. The individual 

section values depend upon the number of sections as is indicated in 

Figure 3.1. 

The middle ear component values, referred to the analog cochlea, 

are presented in Figure 4.5. The values of interest are those in paren

thesis. 

The electrical analog of the cochlea was developed in section 3.6.1 

as a series of unbalanced "tee" sections. One typical section was shown 

in Figure 3.10b. The practical realization of the analog cochlea con

sists of a cascade of 36 such sections with adjacent series resistors and 

inductors combined to give a single resistor and inductor. 
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In determining component values, it is assumed that the per unit 

length values as presented in Figures 4.13 through 4.17 represent at 

each millimeter point, the per unit length values at the center of the 

1 through 36 "tee" sections. Series component values are thus determined 

by reading the curves midway between the millimeter points. 

The actual component values are obtained by reading the per unit 

length values and modifying these for an increment length of A x equal to 

0.1 cm and an impedance level change of Kz equal to as is indicated 

by equations 3.47, 3.48, 3.49, 3.52, and 3.53. 

A consideration of the resulting component values indicates that 

all components are practical to obtain except the series inductances. 

In Figure 5.2 is shown the series coil Q requirement at zero and thirty 

five millimeters along the cochlea. The characteristics of the coils 

actually employed are also shown in Figure 5.2; subsequent studies 

(section 8.2.3.2) confirm the adequacy of the practical coils. 

5.3 Velocity and Displacement Readout 

The information desired from the analog cochlea is the loudness con

verted pattern of basilar membrane motion. However, since at this stage 

of the investigation the most important characteristic of the basilar mem

brane motion is unknown, there is made provision in the analog to permit 

readout of either velocity or displacement of the membrane at each of the 

36 analog cochlea sections. 
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The relation between basilar membrane velocity and displace

ment and the shunt branch voltages of the analog cochlea are given by 

equations 3.57 and 3.59 as 

uz(x,<o)- Er (x,w) 
P 

and 

b(x) 

L f(x) 
(5.12) 

z(x,o>) - Ec (x,a> ) 

P 

b(x) 

L k(x) J 

(5.13) 

In the analog cochlea these equations are implemented directly. 

The gain scaling for velocity is obtained by tapping down on the shunt 

branch resistor, and that for displacement is obtained by providing a 

resistance attenuator across the shunt branch capacitor. A capacitance 

divider could not be used because of the large capacitors which would 

have been required. In order to make either readout conveniently avail

able as a loudness converter input, suitable switching circuitry is 

included in the analog. 

5.4 The Loudness Converters 

The characteristics of the loudness converters have been presented 

in section 3.7 and the associated parameter values were specified in 

section 4.5. It is the purpose of this section to develop a practical 

circuit configuration for these converters. 
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For convenience of design and construction and for versatility/ 

it was decided to make all converters of identical form. In view of factors 

such as the variation in the displacement and velocity scale factors, 

the desired dynamic range, and the estimated input and output voltages, 

it was decided that all conditions deemed necessary in the design could 

be met by using two values of gain, 10 and 320. The required ac input 

to dc output transfer gains for the various loudness converters are pre

sented in Figure 5.3. Also showmare the resultant gain characteristics 

which include the velocity and displacement scale factors. 

The loudness converter circuit is shown in Figure 5.4. The response 

of the converter is linear up to an output of about 35 volts dc. With a 

0.051y<fd capacitor for cv the frequency response is flat from 20 to 

20,000 cps. With a O.OOlO^fd capacitor for cv the response is down 

3 db at 1000 cps, thus providing a 1000 cps volley effect cutoff fre

quency. The averaging time of the converter is on the order of 100 

msec, with a slight difference on the charge and the discharge cycle. 

5. 5 Sampling and Pattern Readout 

The loudness converted motion of the basilar membrane is represented 

as a spatial pattern by 36 loudness converter output voltages. This spatial 

pattern can be fed directly into a recognition device. However, for display 

purposes multiple outputs are technically difficult to handle. The spatial 

pattern is thus converted to a temporal pattern by means of a mechanical 
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commutator in which each loudness converter output is sequentially 

connected to the commutator output. The resulting temporal pattern 

is then applied to an oscilloscope. 

For time dependent sounds such as speech, the spatial pattern 

varies with time and hence the sampling rate must be sufficiently high 

so that the resulting temporal patterns will portray the characteristics of 

the time varying spatial pattern. The time required to sample the 36 

outputs must thus be small in comparison to the time required for the 

spatial pattern to change. 

The rate of change of the spatial pattern is limited by the time 

constant associated with the loudness phenomena which, in the analog, 

is on the order of 100 msec. In human hearing Zwislocki has noted 

this to be -on the order of 200 msec (section 4.5). The 36 section 

sampling time should thus be considerably less than this. After survey

ing available mechanical commutators it was decided to use a unit 

with 100 segments and a rotation rate of 1200 rpm. By placing the first 

50 segments in parallel with the last 50, and thus obtaining two sweeps 

per revolution of the commutator, a rate of 40 samples per second is 

obtained. The 36 sections are thus sampled in 18 msec. 

Rather detailed studies of the loudness converted patterns, pro

bably based upon some recognition criterion, will have to be made before 

it can be determined to what extent this rate is sufficient for observation 
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of the various changing features of speech and other sounds. If higher 

sampling rates are indicated it will probably be necessary to use an 

electronic commutator. 

5.6 The Complete Analog Ear 

In Figure 5.5 is presented a sketch of the completed analog ear. 

The mechanical and the electrical construction is in general quite 

straight forward. All necessary equipment as discussed in this chapter 

is included. 

The mercury jet commutator, which is not indicated in the sketch, 

is a Deltaswitch, Model 210, manuf actured by Advanced Technology 

Laboratories, Mountain View, California. 

The meters were included to make the device convenient with 

respect to measurements, trouble shooting, and calibration. 

The analog cochlea is constructed, on six panels, each containing 

six sections of the cochlea. This includes the analog cochlea plus the 

associated attenuators, switching circuitry, and loudness converters. 

For each cochlea section five terminals are brought to the front panel for 

readout of individual section voltages and for calibration purposes. 

One unit which has not been discussed to this point is the driver 

amplifier. This unit along with the middle ear analog is located behind 

the top panel, with necessary controls brought to the front of the panel. 

It consists of a pre-amplifier capable of accomodating signals from devices 
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such as microphones and tape recorders, plus a power amplifier capable 

of driving the following circuitry. 



CHAPTER 6 

DYNAMICS OF THE ANALOG EAR 

6.1 Introduction 

In this chapter are presented the dynamic characteristics of the 

analogs of the external meatus, the middle ear, and the cochlea. Where 

sufficient experimental data for the human ear are available, the dynamic 

characteristics serve as a basis for the evaluation of these analogs. 

6. 2 The External Auditory Meatus 

The input impedance and the transfer function of an eight section 

external meatus analog which is driving the middle ear analog are pre

sented in Figures 6.1 through 6.4. Impedance and transfer character

istics were also obtained for a two section and a four section meatus 

analog. At low and moderate frequencies these characteristics were 

found to be identical to those of the eight section analog. However, at 

higher frequencies the characteristics of the two section and the four 

section analog were found to deviate from those of the eight section analog. 

These deviations, which result from inadequate analog representations 

at the higher frequencies (section 5.2.1), are also shown in the above-

mentioned figures. 
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The input impedance magnitude and phase are presented in Figures 

6.1 and 6.2. Two scales are shown on the magnitude characteristic. 

One scale presents the impedance of the analog in ohms* The other scale 

presents the impedance of the analog converted to the impedance level 

of the direct model of the human ear. This scale may be read in ohms; 

however, for comparison of the analog characteristics with those of the 

human ear, it must be read in cgs units. 

The transfer function magnitude and phase of the analog are shown 

in Figures 6.3 and 6.4. Also shown is the magnitude of the transfer 

function from the entrance of the meatus to the meatus side of the tympanic 

membrane as observed in human ears by Wiener and Ross (ref. 4). It is 

noted that there is good agreement between this characteristic and that 

of the analog. 

6.3 The Middle Ear 

6.3.1 The input impedance 

The input resistance and reactance of the middle ear analog are 

shown in Figures 6.5 and 6.6. Two scales are shown in each figure. 

One scale presents the impedance of the analog in ohms. The other scale 

presents the impedance of the analog converted to the impedance level of 

the direct model of the human ear. This scale may be read in ohms; 

however, for comparison of the analog characteristics with those of the 

human ear, it must be read in cgs units. 
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The input resistance and reactance are shown for the normal middle 

ear analog (Figure 4.5) and for the middle ear analog with the capacitances 

C ^ and C ^ open. The latter represents a condition where the stapes is 

immobile and the incudo-stapedial joint is completely rigid. This repre

sentation and the above data will be discussed in section 8.2.2. 

A comparison of the above data for the normal middle ear analog 

with this same data for the human ear as is presented in Figure 4.3 shows 

that the analog provides a good approximation to the input impedance. 

6.3.2 The transfer function 

The transfer function magnitude and phase of the middle ear analog 

as loaded by the cochlea are presented irj Figure 6.7. These data repre

sent the relation between the pressure on the external side of the tympanic 

membrane and the pressure difference between the sea la e at the windows. 

It is noted that this includes the gain introduced by the transformer 

shown in Figure 4.5. Also shown in Figure 6.7 is the transfer function 

magnitude under the condition of an immobilized stapes. 

A comparison of the above-mentioned magnitude characteristics 

with those of human ears, as presented in Figure 4.4f shows reasonably 

good agreement. It is noted that the data presented in Figure 4.4 

apparently came from two different ears and hence the relation between the 

two curves in that figure is not known. 
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In Figure 6,7 is also shown the transfer function magnitude of 

the combined middle ear and eight section external meatus analog. 

6.4 The Cochlea 

In this section are presented various dynamic characteristics of 

the analog cochlea. 

6.4.1 The input impedance 

The magnitude and phase of the input impedance of the analog 

cochlea are presented in Figures 6.8 and 6.9. Two scales are shown on 

the magnitude characteristic. One scale presents the impedance of the 

analog in ohms. The other scale presents the impedance of the analog 

converted to the impedance level of the direct model of the human cochlea. 

This scale may be read in ohms; however, for comparison of the analog 

characteristics with those of the human cochlea, it must be read in cgs 

units. In Figure 6.8 is also shown the input impedance magnitude for 

the human cochlea as obtained from experimental data given by Bekesy 

(ref. 5). 

Bekesy gives average data, over the frequency range of 200 to 2000 

cps, of the volume displacement of the cochlear fluid for a pressure difference 

between the cochlear windows with the window membranes removed. Using 

these data, the input impedance magnitude shown in Figure 6.8 is obtained. 

6.4.2 The velocity and displacement of the basilar membrane 

The velocity and the displacement of the basilar membrane for a 
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sinusoidal excitation of the analog cochlea are each desired as a function 

of frequency and the distance along the cochlea. These data can be pre

sented in terms of the normalized magnitude characteristics, the peak 
• * 

values of these characteristics, and the associated phase characteristics. 

The normalized velocity and displacement magnitude patterns are 

presented in Figure 6.10. For a sinusoidal excitation the normalized 

velocityand the normalized displacement patterns are identical; the 

velocity pattern magnitude differs from the displacement pattern magnitude 

by a factor of o> which normalization removes. 

The displacement phase characteristics are also presented in 

Figure 6.10. The velocity phase characteristics can be readily obtained 

from these by adding 90 degrees phase lead. 

In Figure 6.10 are also shown, for comparison purposes, low fre

quency normalized displacement magnitude and displacement phase 

characteristics as observed by Bekesy on a human cochlea. 

The peak values of the velocity and the displacement magnitude 

patterns are shown in Figure 6.11 as a function of the location along the 

analog cochlea. 

6.4.3 Frequency localization along the cochlea 

Curve number 1 in Figure 6.12 shows the location along the analog 

cochlea of the peak magnitudes of the velocity patterns and the displace

ment patterns as a function of signal frequency. On the 36 section analog 

cochlea a difference in the location of the peak magnitude of a velocity 
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pattern and a displacement pattern of the same frequency could not be 

noted. Curve number 2 of Figure 6.12 shows the peak velocity magnitude 

localization curve which was assumed in the development of the analog. 

6.4.4 Pressure difference between the scalae 

The magnitude and the phase variations of the pressure difference 

between the scalae, for a sinusoidal excitation of the analog cochlea, are 

shown in Figures 6.13 and 6.14 as functions of frequency and distance 

along the cochlea. 

5.5 The External Meatus, Middle Ear and Cochlea 

The normalized magnitude patterns of basilar membrane velocity 

and displacement for the analog ear without the loudness converters are 

identical to the patterns of the cochlea alone (Figure 6.10). The peak 

values of the patterns are shown in Figure 6.15. The location of the 

peak values of these patterns along the cochlea is the same as the 

location of the peak values of the patterns obtained from the cochlea 

alone (Figure 6.12). 
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CHAPTER 7 

PSYCHOACOUSTIC PHENOMENA IN THE ANALOG EAR 

7.1 Introduction 

Psychoacoustic phenomena relate to the subjective response of a 

listener to a signal of known dimensions. On the basis of the pattern 

theory, the complete hearing system has been considered to consist of 

essentially three units; first, a reception and analysis unit consisting 

of the external and middle ear and cochlea; second, a transmission unit; 

and third, a detection, recognition, and decision unit (section 3.7). 

On the basis of such a hearing system psychoacoustic phenomena can be 

considered to relate to the characteristics of the first two units as based 
•» 

upon the operating criteria of the third unit. The basic operating criterion 

of the third unit is that it recognizes sound on the basis of the pattern 

received from the transmission unit. 

It is the purpose of this chapter to provide explanations of the principal 

sustained, pure tone psychoacoustic phenomena on the basis of the above 

mentioned hearing system, and to investigate the extent to which these 

phenomena are exhibited by the analog ear. 

The dimensions of intensity, frequency, and duration, which are used 

in the description of physical sounds have psychoacoustic counterparts of 

142 
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loudness, pitch, and duration, respectively, where each subjective dimen

sion depends not only upon its primary correlate, but also upon the two 

other dimensions. The phenomena of loudness and pitch are considered in 

this chapter. 

7.2 Loudness Phenomena 

In this section are first presented the sustained tone phenomena 

observed in human hearing which are associated with the intensity of the 

sound. The phenomena of loudness, dynamic range, and thresholds are 

then investigated as exhibited by the analog ear. 

7.2.1 Psvchoacoustic data 

The dynamic range of human hearing is limited at low sound inten

sities by the threshold of hearing and at high sound intensities by the 

thresholds of feeling and pain. These thresholds as determined by various 

investigators are presented in Figure 7.1. 

As the intensity of a sound is increased above the intensity at the 

threshold of hearing, a change in the subjective dimension of loudness is 

noted. The relation between intensity and loudness is frequency dependent 

as is shown in Figure 7.2. Equal loudness contours are shown in this 

figure. The measure of such a contour is the phon which is defined as the 

intensity level of the 1000 cycle tone whose loudness is used as a standard 

for each contour (ref. 28). 

Another important characteristic of the hearing system is its 

sensitivity to detecting changes in the intensity of the sound. This is not 
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considered here because a detailed explanation has been given by 

Stewart (ref. 2) on the basis of the response of the hearing system as 

described by equation 3.60, 

7.2.2 Loudness phenomena in the analog ear 

In the analog ear, a single loudness converter can provide only 

place and loudness converted sound intensity information. The output of 

a loudness converter is thus considered to represent the loudness 

associated with the corresponding segment of the cochlear duct and the 

total loundess is considered to be the sum effect of the individual loud

nesses. If the individual loudnesses are considered to be directly de

pendent upon the density of the sensory structure, in the cochlear duct, 

the total loudness, (x), is given by 

where cr(x) represents the sensory structure content of the segment of the 

cochlear duct which is associated with a single loudness converter and 

L(x) is the per unit density loudness. The a(x) includes the factors of hair 

cell density and the density of the auditory nerve innervation with the hair 

cells. The inner hair cells lie uniformly in one row and the outer hair cells 

lie uniformly in three or four rows along the entire length of the cochlea. 

The density of the auditory nerve innervation shows little variation in all 

but about the first and the last five millimeters of the cochlear duct. The a(x) 

is thus taken to be constant in the analog ear. (refs. 1, 8). 

(7.1) 

x 
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It is noted that on the basis of equation 7.1 , the total loudness of 

a sustained sound is represented by the area of the neural equivalent in-

tensity-cochlear distance pattern. 

The characteristic of the basilar membrane motion which is of impor

tance in hearing is not known. In order to provide an indication as to whether 

velocity or displacement is the important characteristic and also to estimate 

the volley effect cutoff frequency for the analog ear, loudness was measured 

as a function of frequency using both the velocity and the displacement 

of the basilar membrane and also using volley effect cutoff frequencies of 

300 cps, 1000 cps, and 3000 cps. These data are presented in Figures 7.3 

and 7.4. 

On the basis of a comparison of the various curves shown in the above-

mentioned figures with the threshold of hearing curves shown in Figure 7.1, 

the velocity of the basilar membrane is selected as the important character

istic of its motion and the volley effect cutoff frequency is set at 1000 cps. 

The resulting threshold of hearing curve for the analog is compared to 

several human threshold curves in Figure 7.5. 

It is noted that the analog ear does not exhibit second order factors 

such as fatigue and intratympanic reflexes; it is also noted that the power 

law exponent of each loudness converter is approximately unity. Hence, 

the analog will not show variation of loudness with intensity as is illus

trated in Figure 7.2 for the human hearing system; all equal loudness curves 

will be identical and have the shape of the analog threshold curve. 
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7.2.3 Dynamic range of the analog ear 

The dynamic range of the analog ear is evaluated on the basis of 

loudness as results from the neural equivalent patterns. The low signal 

limit is set by the quiescent noise of the pattern and the high signal limit 

is set by the saturation of the analog ear. The dynamic range of the analog 

is frequency dependent, as it is in the human. 

Loudness has been hypothesized to be represented by the area of 

the neural equivalent pattern. A measure of loudness can thus be obtained 

by placing an average reading meter on the commutator output. However, 

for both the evaluation of the threshold curves as described in the previous 

section and for a measure of dynamic range, an rms measure of the pattern, 

area was used. Since the pure tone patterns of basilar membrane motion for 

the various frequencies (Figure 6.10) are almost identical in shape, and 

since the power law exponent of all loudness converters is approximately 

unity, the rms measure and the average measure of loudness are proportional. 

The rms measure is thus valid for threshold curve determination. The 

average and rms values of noise are probably related by a different con

stant and hence the true dynamic range as based upon the loudness cri

terion is not obtained. The resultant measure is, however, deemed 

sufficient for purposes of study in the present .analog. 

The maximum dynamic range of the analog occurs at approximately 

3000 cps. At this frequency a 30 volt rms signal applied at the entrance 

of the external auditory meatus analog results in a peak magnitude of the 
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velocity pattern of 1.15 volts and an rms measure of pattern area of 

0.840 volts. The quiescent neural pattern noise is 0.035 volts rms. The 

dynamic range of the analog as determined by the loudness converter 

saturation voltage of 35 volts peak velocity magnitude is thus about 58 db, 

relative to the quiescent neural pattern noise. This however requires an 

unreasonable input voltage of about 900 volts. A practical value of 

dynamic range is thus set by the maximum available input voltage. For 

a 30 volt input signal the dynamic range is about 26 db. 

7.3 Pitch Phenomena 

In this section are first presented the sustained tone phenomena 

observed in human hearing which are associated with the frequency of 

the sound. The.phenomena of pitch and just noticeable frequency 

differences are then discussed in relation to the analog ear. 

7.3.1 Psvchoacoustic data 

Pitch is the subjective dimension most directly relating to the 

physical dimension of frequency. The variation of pitch with intensity is 

fairly small and hence a single function relating pitch and frequency provides 

a good approximation for all intensities. A unit commonly used to relate 

pitch and frequency is the mel. A pure tone of 1000 cps at 40 db above the 

intensity level at the threshold of hearing is defined as having a pitch of 

1000 mels (ref. 28). Atone judged twice as high in pitch would have a 

pitch of 2000 mels; one half as high, 500 mels. Curve number 3 of 

Figure 4.10 shows the relation of pitch to frequency. It is noted that this 
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curve is also the curve of frequency localization along the cochlea. 

A measure of the sensitivity of the hearing system to changes in 

frequency is the just noticeable frequency difference A f. This sensitivity 

is dependient upon both the signal intensity and the frequency as is 

illustrated in Figure 7.6. 

7.3.2 Pitch phenomena in the analog ear 

Recognition in the analog ear has been hypothesized to take place 

on the basis of recognition of the neural equivalent patterns. In the analog 

it is noted that pure tone patterns, when normalized for magnitude and 

position along the cochlea/ are almost identical in shape for all frequencies. 

Hence, regardless of the nature of the recognition criterion, the recogni

tion of a pure tone in the analog can be considered to be based upon a place 

principle in which the location of the neural equivalent pattern along the 

cochlea determines the pitch of the tone. A measure of place, and hence of 

pitch, is the location of the peak magnitude of the pattern. This does not 

imply, however, that the peak of the pattern is the important characteristic 

in the recognition of the tone as is implied by the place theory of hearing. 

Curve number 1 of Figure 6.12 can be considered as a place-

frequency curve for the analog ear when place is specified on the basis 

of the peak magnitude of the neural equivalent pattern. It is noted from 

curve number 3 in Figure 4.10, which shows the relation in human hearing 

between frequency, pitch, and cochlear distance, that there exists a linear 

relation between pitch and cochlear distance. If a linear relation between 
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pitch and cochlear distance is also assumed in the analog, the curve given 

in Figure 6.12 can be readily interpreted as a pitch-frequency curve for the 

analog. 

If it is assumed that the human can recognize constant incremental 

changes in the subjective dimension of pitch, and hence also constant 

incremental changes in place along the cochlea, a curve of the form of the 

just noticeable difference curves shown in Figure 7.6 is obtained from the 

pitch-frequency curve for human hearing. The corresponding just notice

able difference curve for the analog, although of the same form as the just 

noticeable difference curves observed in human hearing, does not show 

good approximation to these curves at low and moderate frequencies because 

of insufficient curvature in the analog pitch-frequency curve at these 

frequencies. 

7.4 Masking and Loudness Summation 

When several tones at normal signal levels are applied to the ear, 

the phenomena of masking and loudness summation occur and summation 

and difference tones appear. Masking and loudness summation phenomena 

are considered in this section. 

7.4.1 Psvchoacoustic data 

The application of both a signal and a noise to the ear results in 

the reduction of the loudness of the signal. This phenomenon is termed 

masking. If both the signal and the noise are pure tones, several facts 
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are noted. For widely separated frequencies/ there is no masking and the 

total loudness is equal to the sum of the loudnesses of the individual tones. 

For tones only very slightly different in frequency the tones merge into one, 

called the intertone, which varies in loudness at a rate depending upon the 

frequencies of the two primary tones. With increasing separation in frequency 

this effect disappears; at about 8 beats per second of the intertone, the two 

primary tones can be resolved, and by about 20 beats per second the inter

tone becomes faint and the two primary tones predominate. Until the pri

mary tones are widely separated in frequency, one tone will mask the 

other and the total loudness is less than the sum of the individual loud

nesses. The- low frequency tones effectively mask the high frequency tones 

whereas the high frequency tones are much less effective in masking the 

low frequency tones (ref. 28). 

7.4.2 Masking and loudness summation in the analog ear 

The masking and loudness summation phenomena are readily explained 

on the basis of neural equivalent patterns. 

In Figures 7.7, 7.8, and 7.9 are presented sketches of a number of 

two-tone neural equivalent patterns as observed in the analog ear. Along 

with each two-tone pattern there is presented the pattern produced by each 

of the two component tones. To obtain these patterns all tdnes were applied 

to the external auditory meatus. In Figure 7.7 are shown" patterns where the 

component tones are of equal intensity. One of the component tones is a 

1000 cps tone which is considered as the noise tone. The patterns shown 
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in Figures 7.8 and 7.9 are similar to those of Figure 7.7 except.that in 

Figure 7.8 the intensity of the 1000 cps tone is 10 db above the intensity 

of the other tones and in Figure 7.9 this intensity is 10 db below the 

intensity of the other tones. 

The equation which describes the output of a single loudness con

verter for an input consisting of a signal s'(x,.t) and a noise n'(x,t) is 

L(x) 

+oo 
? "i 
S ' (X/T ) +n'(x,T) 

<^|s(x,t) + n(x,t)|^> 

-oo 

hv(x,t-t) dt i> 
(7.2) 

where hv(x,t) represents the impulse response of the volley effect filter 

(Figure 3.13). The total loudness associated with a neural equivalent 

pattern is thus 

l<s(x,t) + n(x,t)|^> (7.3) 

x 

If the two tones excite separate parts of the cochlea such that 

there is no overlap in the regions of excitation, only a signal or only a 

noise is applied to any individual loudness converter and hence the total 

loudness can be expressed as 

s(x,t) 
x 

n(xft)|^> (7.4) 

This states that the total loudness is equal to the sum of the component 

tone loudnesses. This case is illustrated by the neural equivalent 
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patterns for the 315 plus 1000 cps tones in Figures 7,7, 7.8, and 7.9. 

If the two tones produce overlapping excitation regions in the 

cochlea, either the equality or the inequality sign of the inequality 

may hold true for the loudness converters associated with the overlapping 

regions. The total loudness is thus equal to or less than the sum of the 

7.8, and 7.9 for all but the 315 plus 1000 cps tone patterns. 

A signal masked by noise is recognized as that signal but with 

decreased loudness. The nature of the recognition process is not con

sidered here. However, a quantitative measure of masking is developed on 

the basis of a recognition function hypothesis as proposed by Stewart (ref. 2) 

for a single loudness converter.equivalent of the hearing system. This 

hypothesis as applied to the analog ear states that the loudness of a signal 

masked by noise, L , is equal to the total loudness minus the loudness 

of the masking noise, as 

s(x,t) + n(x,t) ^ s(x,t) + n(x,t) (7.5) 

component tone loudnesses. This case is noted to exist in Figures 7.7, 

(7.6) 
x x 

Hence, since neural equivalent pattern area is a measure of loudness, the 

signal loudness can be considered as being represented by the two tone 

pattern area minus the noise tone pattern area. 



162 

A consideration of Figures 7.7, 7.8, and 7.9 shows that the 1000 

cps tone is more effective in masking higher frequency tones that it is in 

masking lower frequency tones. This effect results from the assymetry 

of the neural equivalent pure tone patterns and it is thus true in general 

that in the analog, as in human hearing, a tone is more effective in masking 

higher frequency tones than it is in masking lower frequency tones. 



CHAPTER 8 

- ON SECOND GENERATION ANALOG EARS 

8.1 Introduction 

The analog ear has two rather conflicting applications. In one, it 

purports to aid research in physiology and psychology. In the other, 

it is intended as a signal processing device which aids in speech analysis 

and implements the first stages of a pattern recognition device. 

For use in physiology and psychology the analog must be as exact 

as possible and all phenomena in human hearing must eventually be demon

strated in the machine. Compromises are not allowed unless they can clearly 

be demonstrated to introduce no errors which are significant with respect 

to human physiological and psychological measurements. The present 

device displays most of the first order characteristics in hearing. It does 

not display such second order factors as other sound conduction paths, 

intratympanic reflexes, fatigue, and low level nonlinearities. 

For many applications of speech analysis and pattern recognition, 

compromises can be allowed which result in detectable but unimportant 

errors. For such applications it is probably sufficient that the analog 

exhibit only the principal characteristics of hearing. 
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Two aspects of the analog are considered in this chapter. First, 

modifications and simplifications of the analog are considered in view of 

providing a first order analog for use as a research tool which shows 

improved characteristics and is of simplified construction and reduced cost. 

Second, the introduction of second order effects into the analog is dis

cussed. 

8.2 Analog Modifications and Simplifications 

In this section are investigated and proposed modifications and 

simplifications of the first generation analog ear. The purpose is to provide 

a research device which exhibits essentially the same hearing phenomona as 

the first generation device but which has improved response characteristics 

and which is less expensive and easier to construct. Important changes are 

proposed in the middle ear structure, the series coil Q requirements, and the 

readout circuitry for the motion of the basilar membrane. The latter change 

results in increased dynamic r ange for the analog. 

8.2.1 The external auditory meatus 

The required number of sections for the simulation of the external 

meatus depends upon the desired frequency range of the analog. In 

section 6.2 are presented the input impedance and transfer function of a 

two section, a four section, and an eight section analog meatus. For 

speech frequencies, as is noted from a consideration of these input imped^-

ances and transfer functions, a three or a four section analog meatus is 

sufficient. 
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8.2.2 The middle ear 

The parameter values presently assigned to the middle ear were 

specified so as to provide a simulation of the normal input impedance and 

transfer function to the extent that these characteristics were known before 

analog studies were made. A study of the complete analog ear and of the 

middle ear analog under pathological conditions indicates that a more 

suitable set of parameters can be specified. 

The required middle ear transfer function under normal cochlea load 

conditions was not known above 3000 cps before analog studies were made. 

The form of this transfer function magnitude can now be specified over the 

entire frequency range. Except for a possible variation of 2 or 3 db, the 

transfer function magnitude from the entrance of the external meatus to the 

cochlea side of the windows is identical in shape to the reciprocal of the 

curve for the threshold of hearing. Hence, since the transfer function of the 

external meatus is known, the middle ear transfer function magnitude is also 

known. 

That the transfer function magnitude of the external meatus and middle 

ear is of the same shape as the reciprocal of the threshold of hearing 

curve is noted as follows: The peak value of the velocity magnitude patterns 

of the cochlea alone (Figure 6.11), when modified by the 1000 cps volley 

effect of the loudness converters, does not vary by more than about 2 or 3 

db over the entire frequency range. This is shown in Figure 8.1. Because 

the velocity magnitude patterns of the cochlea are almost identical in shape 
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over the entire frequency range and because the power law exponent of each 

loudness converter is approximately unity, curve number 3 of Figure 8.1 

represents the transfer function of the cochlea and loudness converters as 

evaluated on a loudness basis. Since this transfer function is essentially 

invariant with frequency, the threshold of hearing curve must result from 

the transfer function of the external meatus and middle ear. 

A consideration of the threshold curve of the analog ear as pre

sented in Figure 7.5 indicates that this curve rises to rapidly above 

about 2000 to 3000 cps. 

Under normal conditions, the input impedance of the middle ear is 

reasonably well approximated by the analog circuit. Under the pathological 

condition of otosclerosis the result is not satisfactory. An otosclerotic ear 

is one in which a bony lesion fastens the stapes to the bone surrounding 

the oval window and stiffens the incudo-stapedial joint. In advanced 

otosclerosis these become completely rigid and the incudo-malleolar joint 

may also be affected (ref. 29). Zwislocki has obtained average input 

impedance data for fourteen otosclerotic ears. These data are shown in 

Figure 4.3. A significant increase in input impedance is noted over that 

of the normal ears. Assuming the normal middle ear analog representation 

to be valid under otosclerotic conditions, advanced otosclerosis, in which 

both joints and the fastening of the stapes to the bone of the window are rigid, 

is simulated by setting both C^and equal to zero (Figure 4.1). The middle 
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ear analog input impedance under this condition is shown in Figures 6.5 

and 6.6. The difference between this value and the normal input impedance 

is quite small. Thus, consideration of the middle ear analog under normal 

and otosclerotic conditions indicates that in the present analog input 

impedance is primarily determined by the tympanic membrane and the middle 

ear cavity; in the actual ear the ossicles play an important role in deter

mining the input impedance. 

In view of the above discussions, a consideration of the middle 

ear analog indicates that a considerable improvement can be obtained if 

the value of is greatly increased, or perhaps even taken to be negative, 

and a resistor is included in series with the capacitor C ̂  . The increased 

capacitance will make the input impedance more dependent upon the 

ossicles and the addition of a resistor can provide a 6 db per octave decrease 

in the high frequency slope of the transfer function. Hence, both the 

tympanic membrane coupling and the losses of the incudo-stapedial joint 

are apparently of importance. 

A detailed study of the middle ear necessitates that the middle ear 

analog be used as a computer where, at least in part, experimental 

parameter adjustments are made so as to duplicate observed characteristics 

in normal and pathological ears. To provide increased flexibility of the 

middle ear analog as a research device, a dummy cochlea which simulates 

the input impedance of the analog cochlea is developed in section 8.2.3.4. 
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8.2.3 The cochlea and the loudness converters 

The result that loudness is dependent upon basilar membrane 

velocity with volleys (section 7.2.2) leads to several simplifications. 
i  

It is no longer necessary, even in a research device, to provide loudness 

converted displacement. The displacement readout and the associated 

switching circuitry can thus be eliminated and the velocity readout circuitry 

can be designed to give a maximum dynamic range with reduced require

ments on loudness converter gain. 

Studies of the series coil Q requirements show that these coils can 

be replaced by considerably less expensive low Q units. 

It is also noted that for speech frequencies, several shunt sections 

of the analog cochlea near the stapes can be removed and the associated 

series inductors replaced by a single unit. 

8.2.3.1 Dynamic range and readout circuitry 

The maximum loudness converter gain in the analog ear is 320. This 

large gain is necessitated by the requirement of providing a displacement 

readout. In a second generation device only a velocity readout is required. 

Hence, not only is the complexity of the readout circuitry considerably 

reduced, but loudness converter gain requirements are also reduced. A 

consideration of Figure 5.4 shows that in the present analog the maximum 

gain associated with a velocity readout is 10. The dynamic range with this 

value of gain has been shown in section 7.2.3 to be about 26 db for a 30 

volt rms input signal. 



170 

The dynamic range of the analog ear can be increased by modifying 

the analog cochlea components. In the present analog velocity is read in 

terms of the shunt resistor voltage and the volley effect is obtained by means 

of a simple high pass filter with a 1000 cps cutoff frequency. Low Q variable 

inductors are used in the shunt branches. To accommodate these, one half 

of the total shunt resistance is assigned to the inductors and is thus not 

available for readout purposes. By using fixed coils with a Q on the order 

of 10, cost is not increased and essentially the total shunt resistance is 

available for readout purposes. An additional 6 db of dynamic range is thus 

obtained . 

The required readout of velocity with a 1000 cps volley effect may 

be interpreted as a velocity readout above about 1000 cps and an acceleration 

readout below about 1000 cps. Another possible method of readout is thus 

to read the shunt inductor voltage and to use a simple low pass filter with 

a 1000 cps cutoff frequency. The gain obtained by using this method is 

Q 
1000 - t— , where Q and fQ represent shunt branch values. The Q is constant 

*o 
for all shunt branches and is approximately equal to 2. A consideration 

of the above gain characteristic and the velocity readout scale factor, as 

is shown in Figure 5. 3, indicates that the dynamic range can be increased 

by a factor of 20. This increase is the gain which results for section 

number 36 where f is equal to 100 cps. 

For a maximum 30 volt rms input signal and a maximum loudness con

verter gain of 10, The total dynamic range as results from the indicated 

modifications is about 58 db. A further increase in dynamic range must 



171 

result from an increase in loudness converter gain and from a decrease 

in the quiescent neural equivalent pattern noise, 

8.2.3.2 Series coil Q effects 

All components necessary for the construction of the analog cochlea 

have specifications compatible with those of practical components except 

the series inductors. In Figure 5.2 are shown the required Q values of the 

series inductors and also the Q values which were actually used. High Q 

coils such as those used in the construction of the analog are expensive. 

In future models it is desirable to relax the high Q requirement. 

In order to investigate the effects of series coil Q upon the character

istics of the analog cochlea, series resistances were added to the coils 

and the input impedance of the cochlea and the transfer function to six points 

along the cochlea, representing the pressure difference between the 

scalae, were measured. Four sets of resistors were used; each set was 

selected on the basis of maintaining a constant resistance to inductance 

ratio along the line. It was assumed that the Q values of all coils could 

be represented by an average Q curve as is shown by the dotted line in 

Figure 5,2. The resulting average Q values for the coils with the four sets 

of resistances and the average Q values with no added resistances are 

presented in Figure 8.2. The magnitude and phase of the analog cochlea 

input impedance under the five conditions are shown in Figures 8.3 and 8.4. 
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Using Figures 8.2, 8.3/ and 8.4, the input impedance magnitude and 

phase were calculated as functions of series coil Q„ These data are pre

sented in Figures 8.5 and 8.6. The transfer functions from the input of 

the cochlea to six points along the cochlea which represent the pressure 

difference between the scalae were similarly obtained as functions of 

series coil Q. The transfer function magnitudes are shown in Figures 8.7, 

8.8, and 8.9. The maximum transfer function phase variation was found 

to be on the order of 10 to 20 degrees at the lower Q values and is not 

shown. . 

A consideration of the variation of these various characteristics 

with series coil Q indicates that it is necessary only that the Q be greater 

than about 20 over the frequency range of 100 to 10,000 cps. Hence, the 

coils actually used in the analog cochlea are adequate. 

8.2.3.3 Removal of high frequency shunt sections 

A consideration of the normal speech frequency range and the pure 

tone velocity patterns indicates that possibly the first two or three shunt 

sections of the analog cochlea are not required if the analog is to be used 

for speech analysis and recognition. With the first three shunt sections 

removed, the input impedance of the cochlea and the transfer function from 

the cochlea input to the input of the fourth shunt section are, identical to 

those of the normal analog up to around 8000 cps. At 10,000 cps the 

magnitude of the transfer function is down by 6 dh. Hence, if the analog 

is to be used for speech analysis and recognition, the first three shunt 
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sections can be eliminated and the five series inductors, including the 

representation for the stapes, can be replaced by a single inductor. 

8.2.3.4 Simulation of the cochlea input impedance 

In order to facilitate use of the external and middle ear analog as 

a research device, it is desirable to provide a circuit which simulates the 

input impedance of the analog cochlea. In this section such a circuit is 

presented. 

In Figure 8.10 are presented in the form of resistance-reactance 

diagrams, the input impedance of the analog cochlea and the.input impedance 

of the dummy cochlea which is intended to simulate the impedance of the 

analog cochlea. 

Over the frequency range of 100 to 20,000 cps the input impedance 

and transfer function of the middle ear analog when loaded by the dummy 

cochlea were found to be identical to the characteristics which were 

obtained when the middle ear analog was loaded by the analog cochlea. 

The dummy cochlea is shown in Figure 8.11. Component values are 

indicated at the impedance level of the analog cochlea; an increase in 

impedance level by a factor of 40 results in the impedance level of the 

direct model of the human cochlea. 

8.3 Introduction of Other Phenomena in the Analog Ear 

The analog ear displays most of the characteristics of principal 

importance in hearing. It does not, however, display a number of second 
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order phenomena. It is the purpose of this section to discuss some of 

these phenomena in relation to the analog ear. 

8.3.1 Other conduction paths 

In the present analog only the ossicles have been considered as a 

means of transmitting sound energy to the cochlea. There exist two other 

means, middle ear air cavity conduction and bone conduction. The hearing 

effects of both of these lie on the order of 40 to 60 db below the effects 

of normal conduction and hence are relatively unimportant in normal 

hearing. They do, however, become important after loss of the middle 

ear apparatus. For hearing studies under such conditions they can be 

incorporated into the analog. 

8.3.1.1 Air conduction 

In the process of middle ear air conduction a sound pressure in the 

middle ear cavity drives the stapes and the round window. In the normal 

ear this pressure results from the vibrations of the tympanic membrane. 

The effectiveness of this means of transmission depends upon the magnitude 

and phase difference of the sound pressure at the two windows. Bekesy 

(ref. 5) has measured the pressure difference between the two window 

locations relative to a sound pressure at the tympanic membrane position, 

with the membrane removed. This pressure difference is about 30 db below 

the sound pressure at the tympanic membrane at 250 cps and increases with 

frequency to about 20 db below at 3000 cps. These effects can be simulated 
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by the addition of suitable circuits to the analog as is shown in Figure 8.12. 

8.3.1.2 Bone conduction 

Sound transmission to the cochlea by means of bone conduction 

results from vibrations of the skull. Bekesy (ref. 5) has shown that bone 

conduction tones can be completely cancelled by tones received through 

the middle ear. Hence, bone conduction can be considered in terms of an 

equivalent excitation at the cochlear windows. An analog modification to 

include this is shown in Figure 8.12. It is noted that the block which 

represents the equivalent bone conduction transfer function is quite variable 

since it is dependent upon.such factors as whether the skull is vibrated 

by air borne sounds or by contact with a vibrating body and if the latter, 

at what point on the skull the contact is made. 

If the bone conduction threshold curve is known, the bone con

duction transfer function is also known. It was shown in section 8.2.2 

that the transfer function of a unit which is driving the cochlea is 

identical in shape to the reciprocal of the threshold of hearing curve. 

8.3.2 Intratvmpanic reflexes 

— The effect of the tensor tympani muscle and the stapedius muscle 

is apparently to move ossicles and stiffen membranes as a result of hearing 

a relatively intense signal so as to decrease the transmission properties 

of the middle ear. This constitutes a feedback controller device. However, 

unlike the simple servomechanism or automatic gain control, feedback 
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affects the values of system parameters. 

The two muscles contract/ with about a 10 msec delay, to sounds 

lying on the order of 60 to 80 db above threshold. As the intensity of the 

sound increases, the degree of contraction also increases. The contraction/ 

as observed in cases where the muscles were voluntarily contracted, 

affects a decrease in the low frequency transmission properties of the 

middle ear. Sounds at 100 cps are attenuated on the order of 40 to 50 db. 

At 1000 to 2000 cps and above no attenuation is evidenced (ref. 7). 

Although these reflexes are not of importance in the present analog 

because of the relatively high signal level at which their threshold occurs, 

their inclusion in a middle ear analog can be of value in the study of the 

reflexes and their effects on hearing. 

The lumped parameter middle ear network shows components which 

relate one-to-one with ossicles and membranes. It thus appears possible 

to isolate pertinent parameters for control and to devise suitable.methods 

for changing these parameters. The controlling signal is probably derived 

from the average loudness over the entire basilar membrane over a suitable 

period of time. This signal is readily obtained from a measure of the neural 

equivalent pattern area. 

8.3.3 Low level nonlinearities 

When high intensity pure tones are applied to the ear, beats and over

tones occur. These are fully expected phenomena in any device which is 

essentially linear at small and medium signal intensities. In the ear they 
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result from saturation and high level nonlinearities of the cochlea and the 

peripheral auditory mechanism. The study of such nonlinear properties can 

rarely be expected to lead to worthwhile consequences and will not be 

considered here. However, a nonlinear phenomenon is also observed in 

hearing at intensity levels which are too low for overtone creation. 

When two tones are applied to the ear which are so separated in 

frequency that they excite separate parts of the basilar membrane, they 

appear as two distinct tones and there is no beat. When the intensity of 

these two tones is in or above the normal speech range, two supplementary 

tones are heard, the Tartini tones (ref. 30). These are the summation and 

difference tones for the two tones applied to the ear. The difference tone 

is heard considerably louder than the summation tone, probably because 

of the masking effect of the primary tones upon the summation tone. 

Tartini tones may possibly be of importance in hearing in that they 

provide for the introduction of the fundamental component in speech and 

provide other quality and naturalness factors. When speech is very weak, 

quality aspects such as the pitch of the fundamental are not evident. How

ever, for normal speech the fundamental component is readily discerned 

even when it is removed by filtering prior to presentation. A long asked 

question relates to how the fundamental is reinserted. The typical 

speaking voice shows a spectrum of frequency components which are 

multiples of the fundamental. It is thus possible that Tartini tones between 

the harmonic components of the fundamental summate to create the fundamental. 
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In the analog, the transformation of basilar membrane notion to neural 

form constitutes a detection process and hence is nonlinear. Thus, difference 

tones, if not to high, can exist in the neural equivalent signal. However, 

the.pattern theory denies pitch perception from neural pulse periodicity 

data. Also, it is noted that Tartini tones are heard at high frequencies 

where neural pulse periodicity is not noted. The present analog ear thus 

does not exhibit a low level nonlinearity as evidenced by the Tartini tones. 

The.introduction of Tartini tones into the analog ear as based upon 

the pattern theory can be accomplished by injection of the summation and 

difference tones into the cochlea. These tones then create neural 

equivalent patterns as if they had existed in the stimulus. 

8.3.4 Fatigue 

An ear that has been exposed for a period of time to a relatively 

loud sound experiences a temporary threshold shift such that the sensitivity 

is reduced for a period of time. If the temporary threshold shift is induced 

by a pure tone, the shift is most pronounced at the frequency of the tone. 

The amount of shift depends upon both the intensity and the duration of 

the sound. After the removal of the sound the threshold gradually returns 

to normal in a period of time which is also dependent upon the conditions 

inducing the shift. 

In general, it appears that the temporary threshold shift can be 

duplicated in the analog by providing means of both decreasing and 
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returning to normal the gain of each loudness converter as functions of 

the intensity and the duration of the input signal to the converter. 



.CHAPTER 9 

CONCLUSION 

9.1 Introduction 

The aim of this investigation has been to help provide a research 

device in the form of an analog of the human hearing system. It is believed 

that a significant contribution has been made in that the analog which has 

been developed matches the human system on essentially a one-to-one 

basis and exhibits the principal dynamic characteristics and psycho-

acoustic phenomena associated with the human hearing system. 

In this chapter is given a summary and discussion of the results 

of the investigation. 

9.2 Summary and Discussion 

A model of the complete hearing system has been hypothesized 

which implements a .pattern theory of hearing. This model consists of 

three units. The first unit represents the external and middle ear and the 

cochlea. It is presumed to function primarily as a reception and analysis 

system in that it performs on the basis of the pattern theory the principal 

transformation upon sound which is received as a time-intensity signal. 

The second unit models the transmission function of part of the neural 
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structure of thehearing system. The output of this unit is a neural 

equivalent intensity-cochlear distance-time surface of basilar membrane 

motion which has been hypothesized to carry the features of sounds lead

ing to the subjective hearing experience. The third unit processes this 

surface; it simulates the detection, recognition, and decision function 

of the higher auditory centers. 

An analog of the first two units of the hypothesized hearing system 

has been developed and constructed. Included is an input device con

sisting of an audio amplifier which allows for inputs from microphones 

and tape recorders, and suitable readout equipment. The readout equip

ment provides a real-time display on an oscilloscope of neural equivalent 

intensity-cochlear distance patterns of the intensity-cochlear distance-

time surface, thus allowing for visual study or photographic recording 

of the patterns. 

The external meatus representation is a lumped parameter approx

imation to a lossless uniform transmission line. This analog, with 

either three or four sections, has a response which is very similar to 

that of the human meatus over the speech frequency range. 

A relatively detailed analog has been developed for the middle ear 

structure under low signal conditions where reflex action of the intra-

tympanic muscles does not occur. However, it has been found that 

available physiological data are inadequate to specify the parameter values 

for this analog, or even the smaller number of parameter values associated 
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with a simplified form of the analog. In order to provide an analog which 

simulates the middle ear under various normal and pathological conditions/ 

further studies are necessary on both the analog itself and on human ears. 

To facilitate use of the middle ear analog as a research device, a dummy 

cochlea has been developed which simulates the input impedance of the 

analog cochlea. 

The cochlea is modeled as a form of nonuniform transmission line 

and is realized as a 36 section lumped parameter approximation to such a 

line. This analog exhibits both input impedance and characteristics of 

basilar membrane motion which are very similar to those of the human 

cochlea as observed by Bekesy. The present analog appears adequate to 

the extent that physiological data on the cochlea is available—more 

detailed physiological data would be of value in providing a better analog 

approximation. The choice of 36 sections instead of a larger number has 

proven to be correct—on the basis of the pattern theory, numerous sections 

are not needed in order to explain just-noticeable-differences in frequency 

which is contrary to the requirements as based upon a place theory of 

hearing. Component values for the analog are all practical to obtain 

since it has been shown that high Q series coils are not required. 

At 36 points along the analog cochlea, alternating voltages are 

taken which can represent either velocities or displacements at points along 

the basilar membrane. Each voltage drives a loudness converter which 

consists of a 1000 cps volley effect filter, an amplifier, and an averaging 
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detector with a power law exponent of about unity and an averaging time 

of about 0.1 second. The outputs of the 36 loudness converters are 

scanned with a commutator and displayed as y-axis deflections on an 

oscilloscope. The scan rate is such as to present 40 complete patterns 

per second. 

It is fairly safe to say that the analog demonstrates or helps to 

explain most of the principal phenomena in psychoacoustics that pertain 

to sustained sounds. The analog shows masking. It behaves correctly 

as to power law loudness and, if the velocity of the basilar membrane 

is taken to be the important characteristic of its motion, the analog also 

displays the correct audiometric threshold curve. The form of the analog 

is such as to permit logical introduction of components which represent 

known phenomena that have not yet been incorporated, such as, reflex 

behavior, fatigue, and low level nonlinearities. 

The analog which has been developed exhibits the principal 

factors of both physiology and psychoacoustics that are noted in the human 

hearing system. One aim of further research should be to improve the 

analog so that it more accurately represents the characteristics and 

phenomena it now exhibits and to incorporate into the analog additional 

physiological and psychological factors. 
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