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Most models of the cochlea developed during the last decade have explained frequency 
selectivity and sensitivity of the cochlea at threshold by the use of power amplification of the 
acoustic wave on the basilar membrane. This power amplification has been referred to as the 
cochlear amplifier (CA). In this paper, a method to measure the cochlear amplifier gain as a 
function of position along the basilar membrane is derived from a simple model. Next, 
experimental evidence is presented that strongly restricts the properties of these proposed 
cochlear amplifier models. Specifically, it is shown that small signals generated by mechanical 
nonlinearities in the basilar membrane motion are not amplified during basilar membrane 
propagation, contrary to what would be expected from the cochlear amplifier hypotheses. This 
paper describes a method of measuring the cochlear power gain as a function of frequency and 
position, from the stapes to within 2 mm of the place corresponding to the frequency being 
measured. Experimental results in the cat indicate that the total gain of the cochlear amplifier, 
over the range of positions measured, must be less than 10 dB. The simplest interpretation of 
the experimental results is that there is no cochlear amplifier. The results suggest that the 
cochlea must achieve its frequency selectivity by some other means. 

PACS numbers: 43.64.Kc, 43.64.Jb, 43.64.Bt 

INTRODUCTION 

For many years, researchers in the field of cochlear 
modeling have been struggling with the problem of cochlear 
tuning and cochlear sensitivity. By 1980 there was some ac- 
ceptance of the idea that the basilar membrane (BM) may be 
functionally nonlinear, and several nonlinear models with 
level dependent BM damping had been introduced. Thus, 
when Kim et al. (1980a) introduced the idea of a negative 
damping, it seemed like a logical extension of previous work. 
In 1983 Davis (1983) wrote a nice summary paper where he 
coined the term cochlear amplifier (CA). Cochlear amplifi- 
er models were then further developed in greater detail by 
Neely and Kim (1986), and later by many others. Most re- 
cently Zweig ( 1991 ) has proposed a similar approach where 
propagated waves on the basilar membrane are amplified 
somewhat analogously to light waves in a laser. The com- 
mon idea in cochlear amplifier models is that the basilar 
membrane impedance, over certain select regions of the 
cochlear, has negative damping. This gives rise to mechani- 
cal frequency selectivity similar to that of neural selectivity, 
and to a high sensitivity. 

About the same time, it was observed that the cochlea 
produces spontaneous acoustic emissions that can be mea- 
sured in the ear canal (Kemp, 1979). These emissions, 
called spontaneous otoacoustic emissions ( SOAEs ) , were 
soon assumed to be byproducts of the proposed cochlear 
amplifier. 

It is now widely accepted that the basilar membrane 
response is nonlinear, even at lower sound levels. This was 
first shown by Rhode (1971, 1978), and more recently by 
Sellick et al. (1982), and Robles (1986). It is believed that 
the function of the nonlinearity is to compress the large dy- 
namic range of the acoustic signal at the ear drum to the 
much smaller dynamic range of the hair cell detectors. A 
byproduct of the nonlinear compression is the introduction 
of low-level mechanical and acoustical distortion products 
(DPs). Most recently it has been established that these dis- 
tortion products are correlated to the threshold of hearing 
(Kemp, 1979; Kim et al., 1980b; Fahey and Allen, 1985; 
Gaskill and Brown, 1990; Nelson and Kimberley, 1992; 
Leonard et al., 1990; Probst et al., 1991 ). 

This paper reports on the use of distortion products to 
measure the power gain of the cochlear amplifier. A simple 
analysis that illustrates a method for measuring a spatially 
distributed cochlear amplifier gain is presented, with sup- 
porting experimental evidence from the cat, which funda- 
mentally restrict these cochlear amplifier models. We pres- 
ent arguments, and experimental data, which show that the 
cochlear amplifier has a gain close to one. Furthermore, for 
frequencies between 0.8 and 8.0 kHz, our data are consistent 
with small middle ear power losses. 

The basic idea is to use an acoustic distortion product, 
which is generated on the basilar membrane, as a source of 
acoustic energy. This is done while holding the magnitude of 
the response to the DP source constant at its characteristic 
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FIG. 1. Shown here is one section of a model cochlear transmission line. The 

cochlear fluid is treated as a series mass (element kop), and the basilar mem- 
brane as a shunt impedance Z. The BM impedance consists of mass M, 
stiffness K(x), and resistance R(x). In the cochlear amplifier model, the 
resistance R is negative over some region of the BM. In these regions of 
negative R, the power must flow from the BM, rather than into it. The CA 
must be basal to the waves characteristic place for it to amplify the wave as it 
propagates. 

place on the basilar membrane, by monitoring the rate re- 
sponse of a neuron tuned to the distortion product's frequen- 
cy, while varying the location of the source on the basilar 
membrane. In our analysis, it is shown that as the source 
moves through a region of power gain, the distortion prod- 
uct pressure in the ear canal should vary as the square of the 
gain. Since the experimental results show no such systematic 
pressure variations, it is concluded that the basilar mem- 
brane power gain must be close to one. 

R>O R<O 

........... ....... .ll .......... i' .... ' ..... _P. (x) _- P. (x) 
Backward Backward 

Wave Wave Wave 

Both waves decrease in power 

I 

P+ (x) 
Forward 
Wave 

Both waves increase in power 

FIG. 2. We see here what happen to waves coming from a point source on 
the BM in regions of positive R, and negative R. In both cases, a forward and 
backward wave is generated. When the BM resistance R is positive (R y 0), 
both waves decay in power. When the BM resistance is negative (R <0), 
both waves are amplified (the wave power increases). 

andp, while the power flux (direction of wave power flow) is 
determined by the sign of resistance R. When R is positive, 
the waves are attenuated (the power flows into the basilar 
membrane). When R is negative, both waves are amplified. 

We define the CA as a region on the basilar membrane 
where R < 0. In general, the CA will depend on frequency. 
Since the forward wave must travel through the CA to be 
amplified, 1 the CA must be basal to its characteristic place. 
The assumed relation between the wave amplitude and the 
CA is shown in Fig. 3. 

When a solution to the wave equation propagates, it 
does so with a wave number given by/3 = co/c = 2•r/A, 
where co = 2•rf,/l is the wavelength, and c is the speed of the 

I. WHAT IS THE COCHLEAR AMPLIFIER? 

Since our goal is to measure the gain of the CA, its defin- 
ition is necessary. The CA is best defined using the transmis- 
sion line model of the cochlea, which is defined by the equa- 
tions 

8P 
• = -- icopV, (la) 
3x 

_ñp, 
•x z 

where x labels the position along the BM, P(x,co ) is the pres- 
sure across the basilar membrane, V(x,co) is the basilar 
membrane velocity, p is the density of the cochlear fluid, and 
Z(x,co) =K(x)/ico + R + icom is the basilar membrane 
impedance. The BM stiffness is K(x), the resistance is R, 
and the mass is 214. In Fig. 1, we show the definitions in terms 
of a short section of the basilar membrane. 

Equation (1) defines a second-order equation. This 
means that there must be two independent solutions, which 
may be characterized as a forward and a backward traveling 
wave. The properties of the two waves are best understood in 
terms of waves radiated by a point source located on the 
basilar membrane, as shown in Fig. 2. The local wave prop- 
erties are determined by the impedances shown in Fig. 1. The 
phase, or wave velocity, is determined by impedances K(x) 

"(x) l 

R2(x)I X2 X 1 Xd 
!...,Xz .... 

R1 (x)t • Region of_ negative R 

I Rd(X ) 
•...,Xz Xd 

f2 

fl 
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FIG. 3. In the top panel the pressure across the BM is shown at the three 
frequencies f2, fl, and fa. This corresponds to a situation where two tones 
are played in the ear canal. The third tone, at fa is the 2fl --f2 distortion 
product (DP) that results from nonlinear interactions of the primary tones 
on the basilar membrane. The DP is believed to be generated near the f2 
place x2, because that is where the two primaries must have their maximum 
interaction. In the lower three panels, the assumed BM resistance is shown. 
Note how it is assumed to depend on frequency. We label the region of the 
CA to lie between xz 0 e) and the place of maximum response for a given 
tone. 
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wave. In this special case, the forward and backward wave 
solutions are proportional to 

P+ (x) = e -iax, (2a) 

P - (x) = e + it•x. (2b) 

Unlike the case of the wave equation, the corresponding 
wave number for the cochlear equations of motion is a com- 
plex function of frequency and position. If we define this 
complex wave number y by replacing i/3 by y = a + i/3, then 
a(x,co) > 0 is a real positive function of frequency that ac- 
counts for the losses. 

To account for power gain on the BM, one may change 
the sign of the loss term a, making the power loss negative. 
When a is positive, power is lost, regardless of the direction 
of the wave. When a is negative, the wave gains power, again 
regardless of the direction of the wave. Loss less (a = 0) pres- 
sure gain, such as that found in a transformer, a loss less 
middle ear model, or in the pressure changes on the basilar 
membrane due to the longitudinal BM stiffness variations, 
are direction dependent. More important, such systems, 
when terminated so that no reflections can occur, have the 
property that if the magnitude of the pressure gain is G in one 
direction, it must be 1/G in the other direction (Carlin and 
Giordano, 1964, pp. 273, 330, and 315). This fact follows 
from energy conservation. 

In summary, the important assumption made here is 
that when R < 0 the wave is amplified in a manner that is 
independent of its direction of propagation, as in the case of 
Eq. ( 1 ) described above. 

II. THE EXPERIMENT 

We propose to use the low-level nonlinear DP generator 
as a controlled source of energy on the basilar membrane. 
The signals are shown in Fig. 3. The ear canal signals are 
pressuresp• andp2 at frequenciesf• and f2, wheref• <f•. The 
primary frequencies are chosen such that the DP source at 
frequency fa = 2f•--f• always has the same frequency, 
f• = (f2 + fa )/2, and f2 is the independent variable. Fur- 
thermore, we maintain the amplitude of the DP traveling 
wave on the basilar membrane constant by monitoring its 
magnitude via a neuron tuned to fa at location x a on the 
basilar membrane. The pressure Pa (x) across the basilar 
membrane at frequency fa, and location x on the basilar 
membrane, represents a propagated distortion product. It is 
generally believed (but not proven ) that Pa is generated near 
x2, where P2 (x) at frequency f2 is maximum, because this is 
where the two primaries maximally interact on the nonlinear 
basilar membrane (Hall, 1974; Matthews and Molnar, 1986; 
Fahey and Allen, 1986). 

At the DP frequency, the region of gain is believed to be 
distributed along the basilar membrane, basal to its charac- 
teristic place (Neely and Kim, 1986; Zweig, 1991 ), in the 
hatched regions of negative R of Fig. 3 labeled "•-CA-• ." 
The source at x2 may be moved along the basilar membrane 
by changing f2. By varying P2 and p• = P2 in the ear canal, 
for each value off2, we may hold the DP pressure at place xa 
at some fixed pressure Pa (xa) = Po corresponding to the 

neuron's iso-rate condition. In Fig. 4, the source, and the 
resulting DP excitation pattern, is shown for two basilar 
membrane locations corresponding to a high frequency f2 
(f2/f• -• 2) and a low frequency f2 (f•/f• -• 1 ). In the follow- 
ing, we assume that the CA has a total gain G. 

From Fig. 4, when the source is near the stapes (f2 high 
in frequency), the forward going wave is amplified by the 
CA gain G, and therefore the ear canal pressure must be 1/G 
lower than for the no-gain (G = 1 ) case. When the source is 
near xa (low-frequency case), the backward traveling wave 
is amplified by the CA, and therefore the ear canal pressure 
is G greater than the no-gain case. Thus as the source is 
moved through the region of the CA, the ear canal pressure 
ratio must change by (72. 

In summary, by moving the DP source through the re- 
gion of the CA (by changing f•), while holding fa and 
Pa (xa) constant (by monitoring the neutral rate of a unit at 
place xa ), we may infer the power gain of the CA as a func- 
tion of x2 from measurements of the change of the ear canal 
DP signal Pa. In the next sections, we formally derive this 
result, taking the reflection at the stapes into account. 
Readers not interested in this derivation may prefer to skip 
ahead to the "Experimental methods •' section. 

BM PRESSURE 

P(x) 

Stapes Source for f2/fl -> 2 

BM RESISTANCE 

R(x) 
, 

DP EXCITATION PATTERN 

,., Ip(x)forf2/f 1 .> 11 Pd•ixed 
:-fd fixed 

IIP(x) for f2/fl-> 2• 
• , 

Source for f2/fl -> 1 X 

Xz Xd 

Stapes I_ X 

FIG. 4. This figure shows the traveling wave that must exist at the DP fre- 
quencyfa if the CA were present between x z and xd. The pressure Pd (xa) is 
held constant by measuring the rate of a neuron tuned tore at location xa on 
the basilar membrane. Frequencyfa is held fixed, and primary frequency• 
is varied, moving the source of the DP on the basilar membrane. When• is 
high, the source is near the stapes (solid-bold line), and the wave is ampli- 
fied as it propagates to xd. Since the wave is assumed to be amplified by the 
CA gain G, and it is fixed in level at the neural observation point xa, its level 
in the ear canal must be G dB lower than the case of no CA (G = 1, solid- 
thin line). As the primary frequency f2 approaches the DP frequency fa, 
and the source moves into the region of the BM gain, the ear canal pressure 
must approach a value of G dB greater than the no-CA case, because the 
reverse wave will be amplified by the CA. Thus, as• is varied, the ear canal 
pressure atfa should change by 2(7. If (7 is 40 dB, then we should see an 80- 
dB change! 
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III. DERIVATION OF THE CA GAIN 

In this section, we outline the derivation of finding the 
CA gain G(x) given the ear canal DP pressure Pd if: ) gener- 
ated at x2 and the neural frequency tuning curve Pref (de) ß 

A. Definition of terms 

A word about the notation is in order. Lower case œ 
indicates pressure in the ear canal. We refer to the neural 
threshold tuning curve pressure in the ear canal as Pref (de) ß 
When Pref (f) is evaluated atfa, we call the pressure Pa. Thus 
Pa • Pref (fd)' 

Upper case P indicates pressure in the cochlea. In all of 
the cochlear pressure equations (the upper case letters), the 
frequency is the distortion product frequency fd. Assuming 
that the cochlea is modeled as a transmission line, then there 
must be two independent solutions P + and P -. The forward 
pressure wave in the passive cochlea is P + and the retrograde 
pressure wave is P-. The forward and backward waves de- 
pend on the source location, which is indicated by a second 
argument of P --. Thus P + (xlx 2) is the pressure • for a for- 
ward cochlear wave at location x given a source of unit mag- 
nitude at x•. The two waves are normalized so that 

For example, for the special case of plane waves 
(Z = Ko/ico, R = 0, M = 0) with a source at x: and x>x:, 

P + (x[x2) = e- i• .... •o/c, (3) 
which represents a delay of (x - x:)/c. The solutions P-+ of 
the cochlear equations, on the other hand, have a delay that 
is frequency and place dependent, with a sharp cutoff at the 
characteristic frequency (CF). 

The total cochlear pressure P is the sum of the forward 
and retrograde wave. We shall call this total pressure 
P> (x x•) when x > x•, and P< (xlx •) when x < x2, where 
the source is at x•. We define the total cochlear pressure 
P> (xl0), with the source at the stapes (x• = 0), as the refer- 
ence cochlear pressure Prer ( X )' The neural-threshold refer- 
ence pressure at xd is defined to be Pa. Thus Pa = Prer(Xd ) 
= P• (xdl0). Finally, the ratio of the total cochlear pres- 
sure at the stapes, with the source at x•, to the total pressure 
at the stapes, with the source at the stapes is defined as 
F = P< (OIx•)/Prcf(O) = P< (0Ix2)/P• (010). 

We model the CA as a gain that modifies these passive 
waves. In general this gain will be a function of frequency 
and position. The gain may be specified either in dB per unit 
length, or as the gain (ratio of the pressures) at x for a source 
atx•,G(x x•). As in the case of the pressure, G(xlx) = 1. A 
source at x2 radiates a wave in each direction. We call these 
radiated waves •(xlx•)P + (xlx •) and •(xlx2)P- (x x•). 
We shall define the total gain from x• to xa as G +, and that 
from x• to the stapes as G_. Thus 

G+ (x•) - G(xalx•), (4a) 

G_ (x•) = G(01x•). (4b) 

1. The middle ear assumption 

In the following we assume that the ratio of any two 
pressures measured in the ear canal is equal to the ratio of 

two corresponding pressures behind the stapes in the vesti- 
bule. This means that we are treating the middle ear, in elec- 
trical terms, as a transformer, or in mechanical terms, as a 
lever. For example, suppose we have a source on the basilar 
membrane at x•. We define p2 to be the ear canal pressure, 
while P< (0Ix :) is the total scala pressure at the stapes. For 
the case where the source is at the eardrum, we define the ear 
canal pressure to bepa and the scala pressure at the stapes as 
P< (010). Thus our middle ear assumption is that 

namely the pressure ratio measured in the ear canal is the 
same as the pressure ratio measured at the stapes. 

B. Predictions 

We now develop a simple model that describes the pres- 
sure levels that we believe would be present in the ear canal at 
frequency fa under the above conditions. 

Two measurements are to be compared. Both measure- 
ments are at frequency fa and are constrained so that the 
neural response is at threshold. The first is a reference condi- 
tion, where the pressure in the ear canal is at the threshold 
pressure of the neuron. The second is the ear canal pressure 
which results from a DP source on the basilar membrane, 
generated near x:. By comparing these two threshold mea- 
surements, the absolute neural threshold Pa = P• (x•10) 
cancels. Basically, we calibrate a neuron by measuring its 
frequency tuning curve (FTC), which we call the reference 
condition. We then use this calibrated neuron as a detector 

to fix the pressure of the distortion product wave at the site of 
the neuron. 

For the case of the DP source at x:, we assume, with no 
loss of generality, that x2 is in the region of power gain, with 
gain G + to the right, and G_ to the left. Thus the forward 
traveling wave is amplified by G + and the retrograde wave 
by G_. 

In modeling the general case of middle ear reflections, 
we divide the cochlea into two regions, x > x: and x < x2. The 
total pressure in these two regions is defined as P> and P<, 
respectively. 

The pressure in the left-hand region P< (xlx :) is the 
sum of a retrograde wave launched from x: and a forward 
traveling wave reflected from the stapes. The pressure 
P> (xlx •) consists only of a forward traveling wave because 
no reflections are assumed in that region. Thus 

(xlx = G(xlx:) P + (x[x:)/A (6) 

and 

P< (x x:) = BG<xIO)P + <xl0) + G<xlx)P- 
C , 

(7) 

where A, B, and C are constants to be determined from the 
boundary conditions. Constant A is determined by the neu- 
ral-threshold constraint at xa, which is P> (xdlx :) = Pa. 
Solving for A gives A = G + P + (xa Ix:)/Pa. The reference 
condition is similar to Eq. (6), but corresponds to a pure 
tone excitation at frequency fa at the stapes. The reference 
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condition pressure wave iSPref (X) = (7(xl0)P + (xl0)/Aree. 
The constant Are f may be found from the neural boundary 
condition Pre• (Xa) = Po, which gives •Z•re f • GP + (xa 10)/ 

The retrograde wave P-(xlx 2) is reflected from the 
stapes with a complex pressure reflection coefficient •. At 
x -- 0, B is found in terms of this reflection coefficient. The 
reflection coefficient is defined as the complex ratio of the 
reflected pressure to the incident pressure at the stapes. Set- 
ting the ratio of the two terms in the numerator of Eq. (7) 
equal to • results in B -- •G_ P- (0Ix2). 

At x:, C is found by matching the pressures in the two 
regions. Setting P> (x: Ix:) = P< (x: Ix2), C is found, in 
terms ofB andA, to be C = A[ 1 d- BG_P + (x210) ]. 

Thus all of the constants needed to evaluate P> (x[x2) 
andP< (xlx2), as given by Eqs. (6) and (7), and the refer- 
ence condition Prer (X), have been determined. 

1. Finding the relative ear canal pressure 

The ratio of the stapes pressure due to a source at x2 and 
that due to a source at the stapes is calculated next. The ratio 
F -- P < (0Ix 2) / Prer (0) is, from Eq. (7) and the expression 
for Prer given above, 

F • •z•ref G_P-(01x) +B (8) o 

A 1 d- BG_P + 

After some algebra this reduces to our final result, which is 
to be compared to the experimental measurements 

F = G 2 (1 d- •) 

(9) 

Invoking the middle ear assumption, Eq. (5), this ratio 
is equal to the corresponding ratio in the ear canal. Thus the 
variation of F with x2 can be tested experimentally by ear 
canal measurements alone. 

2. Case of no stapes reflections 

If we evaluate the above expression for the special case 
of • = 0, we find 

P+(xa[O)P-(OIx2) 
F ---- (7 2 (x2) . (10) 

- P+(xalx) 

Thus for large f2, I FI will be close to 1, because by definition 
G_ = 1 when x2 is at the stapes. As f2/f• approaches 1, 
approaches G 2. The pressure terms in this expression corre- 
spond to the cochlear traveling wave delay and have only a 
small effect on I r'l. Equation (10) may be solved for G_ (x) 
in terms of F to give the gain. The pressure terms represent 
the cochlear latency. 

3. Case of large gain 

When I• G •_ I is much greater than one, Eq. (9) re- 
duces to 

F= (l + P+(xal0) (11) o 

• P + (X•l x2)P + (x210) 
Thus when the gain is large, F is independent of the gain and 
is of order 1 in magnitude, and does not depend on G. 

4. Case of intermediate gain 

When the frequency f• is high, G_ must start at 1 be- 
cause x2 is at the stapes. As the frequency f2 is reduced, the 
gain increases, and for some f: I • G • I -- 1. Depending on 
round trip phase delay between x2 and the stapes, as deter- 
mined by P- (01xe)P + (x10), the denominator of Eq. (9) 
can go to zero, causing F to become arbitrarily large. 

When this condition occurs, the amplified wave reflect- 
ed from the stapes cancels the forward wave originating 
from x2. In order to satisfy the neural boundary condition, 
the primary tones are then increased in an attempt to keep 
the neuron at threshold. Depending on the accuracy of the 
cancellation, this will require arbitrarily large primary lev- 
els. By changing the acoustic impedance in the ear canal, it is 
possible to change • in either magnitude or phase, which 
could be an important experimental degree of freedom near 
the I•G - 1 point. 

If there were no CA, then I will always be less 
than 1, and poles in F cannot occur. 

5. Case of nonlinear gain 

The primary levels are typically 30 to 40 dB greater than 
the DP levels. This opens the possibility that the CA gain 
may be suppressed by the primary signals when f2/f•-• 1. 
Referring again to Fig. 4 we can see what will happen in this 
case. For the high frequency f:, the primaries will be far from 
the CA, and will therefore not suppress the CA gain. Thus 
the wave will be amplified by the CA gain G, as before. How- 
ever, if we assume that for the low-frequency case, that the 
gain is totally suppressed by the primaries, then the reverse 
traveling wave will not be amplified, because the CA gain 
will be 1. In this case, the ear canal pressure difference, as a 
function of f2, will be G rather than G 2. If the gain were 
suppressed to a value of G•, then the total pressure change 
would be GG•, rather than G 2. This means that we would be 
able to measure the gain change as a function of the degree of 
suppression, which would make the results very interesting 
indeed. 

IV. EXPERIMENTAL METHODS 

The preparation was previously described (Fahey and 
Allen, 1985; Allen, 1983). Young adult' cats were prepared 
for neural recording using the dorsal approach. The cerebel- 
lum was retracted and the internal auditory meatus and 
cochlear nerve exposed. An earphone was placed in the ani- 
mal's ear canal and was calibrated using a small probe mi- 
crophone that was also in the canal. The microphone probe 
tube was typically about 3 to 4 mm from the umbo. The 
transducer was designed to have a source impedance that 
was close to that of the ear canal. Thus the transducer reflec- 

tion coefficient • was small, and was about 0.2-0.3 over 
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most of the frequency range. For more information on the 
impedance of the transducer see Allen (1985). 

A microelectrode was then advanced into the auditory 
nerve while gated noise was presented to the ear canal. The 
noise served as a search stimulus. Once an auditory neuron 
was acquired, the frequency tuning curve (FTC) Pref (f) 
was measured, using the FTC paradigm of Moxon and 
Kiang (Allen, 1983). 

A. DP generation 

Next the DP experiment was run using a modified FTC 
paradigm. Based on the FTC, frequency fa was chosen, 
thereby fixing the reference pressure Po =Pret(.fa )' Two 
tones served as the stimulus, p• • ) and P2 (or•). We began 
withp2 andf• at their maximum possible values for the trans- 
ducer. These were close to 80 dB forp2 and 30 kHz forf•. The 
lower frequency fl was computed from the formula 
fl = (f2 + fa )/2, wherefa is the best frequency of the neur- 
on's response. The computer feedback loop then adjusted 
the levels ofp• andp2, which were always held equal for these 
experiments, until the neuron was responding at one spike/ 
50 ms greater than its spontaneous rate. The tones were gat- 
ed on and off with a 50-ms duration and a 50-ms silence. 

Spikes were counted during the two intervals and compared. 
The procedures are described in Fahey and Allen (1985). 

Once the threshold level was obtained (or if the distor- 

tion product was insufficient to drive the neuron), f2 was 
decremented and the procedure was restarted. The levels of 
the ear canal primaries and the DP were recorded at the 
neuron's threshold level. These levels were displayed, along 
with the tuning curve of the unit, as the data was collected. 
We refer to this condition as the closed-loop condition. 

Frequently, as a control, the neural signal was discon- 
nected from the computer, opening the feedback loop. In 
this case, the computer presented the maximum level signals 
to the ear canal, and the unit responded to the DP with su- 
per-threshold levels. These results were also displayed. We 
refer to any condition where the DP level was not actually 
held at the neuron's threshold level Po as the open-loop con- 
dition. For example, if the primary level resulted in a DP 
that was below the threshold of the neuron, the primary 
pressure was limited to the maximum pressure and the con- 
dition is referred to as an open-loop condition. The frequen- 
cy decrement was large ( 10 points per decade) for open-loop 
conditions and small (40 points per decade) for the closed- 
loop conditions. 

A second control was also run where we reduced the 

primary level by 40 or more dB. This allowed us to measure 
the DP noise floor atfa. We called this the attenuated condi- 
tion. 

We have made these DP measurements on 227 neurons 

having normal CF thresholds and tuning characteristics 
which ranged from 0.7-10 kHz, across 9 animals. For about 
10% of the neurons we ran both controls (the open-loop and 
attenuated conditions), which independently demonstrated 
for these cases that (a) the maximum possible DP level was 
greater than the CF threshold, and (b) the noise floor at fa 
was below the DP level. These are the conditions necessary 
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FIG. 5. The solid line shows the neural tuning curve (FTC). The DP is 
placed at the CF Oea = 820 Hz). The higher frequency primary frequency f2 
is swept from high to low frequency, with f• = O e+ fa )/2. The maximum 
possible ear canal primary pressure (MAX ECP) is shown by the dotted 
line at the top. Each measurement is shown as a pair of curves. The curve 
labeled with a [] is p• (f•), while the curve labeled with a O is the DP pres- 
surepa (f•). The DP pressure is plotted as a function off• even though it is at 
fa, so that we can observe how it changes as f2 is varied. The pressuresp2 and 
p• were always equal. Pressure P2 is not shown. All pressures are measured 
in the ear canal. 

for an artifact-free closed-loop region. For about 50% of the 
remaining neurons, the ear canal DP level and the tuning 
curve were measured, but the two controls were not mea- 
sured. In these neurons we do not know the maximum level 

of the DP. Thus we do not have an independent check on the 
close loop frequency interval or an independent check on the 
noise floor. The remaining neurons (about 40%) provided 
little data for a number of reasons, such as loss of neural 
recording, noise during the recording, poor recording condi- 
tions, etc. 

v. RESULTS 

The solid line in each of the Figs. 5-8 shows Pref (f), the 
frequency tuning curve for the neuron. The tight-dotted line 
at the top of each figure shows the maximum primary tone 
pressure that may be delivered by the transducer. The pri- 
mary levels were always equal. The abscissa is in kHz, and 
the ordinate is in Pascals (one Pascal is 94 dB SPL). All 
displayed pressures are measured in the ear canal. For each 
frequency sweep, two pressures are plotted, p• (f•), the ear 
canal pressure of the lower frequency primary, and Pa (f•), 
the ear canal distortion product pressure. The DP pressure 
pa is always plotted as a function of the lower primary fre- 
quency fl so the points may be distinguished. We plot p• 
rather thanp2 so we may see when the neuron begin respond- 
ing to the primary rather than the DP. This pair of corre- 
sponding pressure curves are plotted using the same dashed 
line type. The primary pressurep• is labeled with a [3 and the 
DP pressure is labeled with a ̧ . The reference pressurepo, at 
frequency fa, is indicated by a ß on the tuning curve. 

Typical results are shown in Figs. 5 and 6. Initially, for 
very high f2, the two tones are far apart and the DP on the 
BM is too small to excite the neuron (the open-loop condi- 
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FIG. 6. The solid line is the tuning curve of the neuron being measured. The 
best frequency of the neuron is 1.709 kHz. The short-dashed line at the top 
of the figure shows the maximum ear canal primary pressure that may be 
delivered to the ear canal, corresponding to 3.5 V to the earphone. The ordi- 
nate is the ear canal pressure. One Pascal (PA) is 1 Nt/m 2, which corre- 
sponds to 94 dB SPL. The upper dashed line shows the pressure of the lower 
frequency primaryp• as a function off•. The lower dashed line shows the ear 
canal distortion product pressure Pd at frequency fd - 1709 Hz, also plot- 
ted as a function off•. 

tion). However asf• is reduced, the two tones move closer in 
frequency, and the magnitude of the DP increases. At 4.0 
kHz, Fig. 5, the propagated DP begins to excite the neuron, 
and the computer begins to lower the primary levels, reduc- 
ing the spike rate to threshold (the closed-loop condition). 
As f• is lowered further, the level of p• and P2 continue to 
drop. Whenp• intersects the tuning curve (at 0.04 Pa and 1.2 
kHz for Fig. 5), p• (.f•) begins to excite the neuron directly, 
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FIG. 7. This figure shows similar results to those of Figs. 5 and 6, however, 
in this case, two controls have been run. In one case (wide-spaced dashed 
line with symbol [3) the signal to the ear canal has been attenuated by 40 dB. 
This caused the corresponding DP pressure (same line type, but at bottom) 
to drop to the acoustic noise floor. In the second control, dash-dot line, the 
neural response was disconnected from the computer, causing the full signal 
(about 80 dB SPL) to go to the canal. This caused the DP in the ear canal 
(lower dash-dot line with symbol O) to increase dramatically. It peaked at 
about 6 kHz in this case. These two controls show the limits of the DP 

signals in the ear canal. 
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FIG. 8. In this figure, we varied the reference pressure by changing the 
frequency of the DP. In this way we manipulated the magnitude of the DP 
on the BM. We have removed the data outside of the closed-loop region for 
clarity. 

and the sweep is complete. The lower dashed curve labeled 
with a O shows p•/(.f•) for this unit. Over the closed loop- 
region from 1.2-4.0 kHz, the DP pressure remains close to 
0.001 Pa (34 dB SPL). 

In Fig. 6 we see a similar pattern. For frequencies be- 
tween 3.8 and 20 kHz, the D P is too small to drive the neu- 

ß 

ron. For frequencies between about 2.05 kHz and the CF at 
1.709 kHz, the neuron is driven by the f• primary. Between 
2.05-3.8 kHz, the neuron is driven by the DP in the closed- 
loop condition. Over this frequency range the primary level 
drops from the maximum to about 0.1 Pa. It has a 6-dB 
oscillation as it drops. The DP level remains constant, on the 
average, but has 10-dB periodic fluctuations with a frequen- 
cy spacing between 100 and 200 Hz. 

These variations have several possible sources. First are 
standing waves due to reflections at the stapes and middle 
ear. Second is the inherent variability due to the tuning curve 
search procedure. Third is that the source is distributed over 
a small region on the basilar membrane, leading to possible 
interference effects between neighboring components. 

We conclude three things from these and other data like 
them. First, based on the periodic nature of the fluctuations, 
the most likely explanation for the fluctuations is standing 
waves between the stapes and the site of DP generation. Only 
standing waves can explain the quasiperiodic nature of the 
variations. A distributed source of distortion would give a 
more random pattern with less frequency (fewer) nulls. The 
density of the data samples was insufficient in most cases to 
adequately resolve the standing waves. (If we were to repeat 
the experiment, this resolution would be increased.) 

Second, the gain of the cochlear amplifier must be close 
to one. Over the closed-loop range, the maximum DP level 
stays within a 3- to 10-dB range. This would imply, based on 
Eq. (9), a power gain between +__ 5 dB. From the extended 
data base, we noticed that asf• decreases, p•/tends to slightly 
(e.g., 6 dB) decrease. If the organ of Corti generated signal 
power, the maximum ear canal DP should increase rather 
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than decrease as f• and f2 approachfa. 
Third, the DP traveling wave is tightly coupled to the 

ear canal. It is clear from these two examples, that in the 
close-loop region, the peak value of the ear canal DP pres- 
sure is very close to the neuron's threshold pressure (Fahey 
and Allen, 1985). From Eq. (10), this can only happen if 
G_ (f2) is close to one. The passive pressure gain of the mid- 
dle ear (due to the ratio of the eardrum to stapes footplate 
area) and the basilar membrane (due to the stiffness vari- 
ation along the BM) both cancel in this comparison. The 
passive (loss less) pressure gain produced by the middle ear 
in measuring the tuning curve atfa compensates the passive 
pressure gain of the middle ear for the DP that is reverse 
propagated. Middle ear power losses, on the other hand, do 
not cancel. (In data not shown, power losses were found 
below 800 Hz, which increased with decreasing DP 
frequency. ) 

A third example is given in Fig. 7. In this figure we show 
results for the closed-loop condition, the open-loop condi- 
tion, and the attenuated condition. The closed-loop condi- 
tion ranges over f• values from 5.0 to 10.0 kHz and the DP 
varies from 1X 10 -4 to 0.8 X 10 -3 Pa. For f• between 6.0 
and 10 kHz, the DP stays within an 8-dB range except for a 
dip 7.8 kHz. This 8-dB range is centered on 0.0005 Pa (28 dB 
SPL), which is within a few dB of po (indicated by the ,). 

The open-loop condition gave an ear canal DP that 
peaked at fl = 6.0 kHz. This corresponds to anf2/fl of 1.3. 
This ratio is typical for the cat for f2 values of 7.8 kHz (Fa- 
hey and Allen, 1985, Fig. 1, p. 317). Since the frequency 
steps used during the open-loop condition were larger than 
those used during the closed-loop, the frequency where the 
DP peaked was not accurately determined. Note that the 
maximum occurs well beforefl intersects the tuning curve. 

The attenuated condition was measured with an atten- 

uator setting of 40 dB. This gave a primary level close to 
0.004 Pa. The associated noise floor in the ear canal atfa was 
at 2 X 10 -4 Pa (20 dB SPL). This shows that the noise floor 
atfa was at least 10 dB below the maximum DP level during 
the closed-loop measurement (fl between 5 and 10 kHz). 

In a fourth example, shown in Fig. 8, we variedfa slight- 
ly so that the reference sensitivity Po changed. Three differ- 
ent pressures were tried, as defined by the three ,'s on the 
tuning curve Pref (f)' In each case the DP amplitude Pd (f•) 
was approximately equal to Po within the closed-loop region 
of the frequency sweep. Increasing Po required larger pri- 
maries, and therefore the frequency range of the closed-loop 
region decreased. The ratio of the change in the primary 
level to the DP level lies between 2 and 3, with the larger 
ratio at lower levels. A 12-dB change in the DP level corre- 
sponds to a 26-dB change in the primary level. This gives an 
average compression ratio of about 2 to 1. 

The results of Fig. 8 show that our conclusions are not 
limited to, or dependent on, a particular level of the primary 
pressure. The lowest primary level is about 45 dB SPL (long- 
dashed line labeled 6164 Hz). The corresponding Po at the 
neural CF threshold is about 20 dB SPL. Thus the difference 

between the primary and the distortion product level is 
about 25 dB. It is hard to reconcile these data at these low 

sound-pressure levels with models having a nonlinear CA 

saturation, such as those that might be required when mod- 
eling two-tone suppression. 

VI. DISCUSSION 

For DP frequencies above 1 kHz, the DP amplitude in 
the ear canal was found to be approximately equal to the 
reference threshold of the neuron. In other words, regardless 
of whether the source is in the canal (delivered by a trans- 
ducer) or on the basilar membrane (due to the nonlinear 
generator), the pressure in the ear canal at the source fre- 
quency remains approximately the same, as long as the neu- 
ral rate at fa is held constant. We interpret this observation 
to mean that any power losses or gains in the cochlea and 
middle ear are small. The simplest interpretation of our ex- 
perimental results is that there is no cochlear amplifier. The 
results suggest that the cochlea must achieve its selectivity 
by some other means. 

In none of our data was there convincing evidence for 
cochlear power gain. Conservatively expressed, our results 
are consistent with a power gain that is less than 10 dB (a 
closed-loop variation of less than 20 dB). In fact, some of our 
data showed a small power loss near the CF rather than a 
gain (e.g., Fig. 7), in that the DP amplitude in the closed- 
loop region decreased slightly as f2 approached fa. This ef- 
fect, if real, was too small to quantify. We view this as an 
indication of cochlear losses near the CF due to damping 
within the organ of Corti. If the cochlea had a power gain, 
then the DP pressure should increase rather than decrease. 
In passive cochlear models, the impedance basal to the char- 
acteristic place is stiffness dominated, with a stiffness that 
increases as x2 moves toward the base. If follows that there 
must be very small losses basal to the characteristic place. In 
these models, a tone burst in the ear canal is propagated 
along the cochlea without significant power loss until it ap- 
proaches its characteristic place. In CA models, the tone 
burst is amplified as it propagates. 

Models for cochlear amplifiers (e.g., Neely and Kim, 
1986; Zweig, 1991 ) find it necessary to place the cochlear 
gain basal to the best frequency. This makes sense, since the 
CA must be basal to the CF if the wave is to be amplified as it 
propagates to the CF. For these models, we feel that our 
experimental results represent a severe constraint. That is, if 
there is a CA, then it must be localized to within 1 mm of the 
CF. Based on excitation patterns derived from neural tuning 
curves, we believe that any active region should begin 2-3 
mm from the CF, for a CF of 1 kHz (as will be discussed 
below). 

Our interpretation has assumed isotropic BM wave 
propagation. We believe that the isotropic assumption is re- 
alistic, and that the traveling wave on the basilar membrane 
will be isotropic. We raise this issue only because it is an 
important assumption of our analysis. All the models (active 
and passive) have isotropic wave propagation. The Zweig 
model also assumes isotropic basilar membrane wave propa- 
gation, but uses a time delayed feedback to realize the ampli- 
fier. Is this proposed feedback delay in the class of isotropic 
propagation? Zweig's "laser" analogy suggests that amplifi- 
cation occurs symmetrically. If in the Zweig model, propa- 

185 J. Acoust. Soc. Am., Vol. 92, No. 1, July 1992 J.B. Allen and P. F. Fahey: Gain of the cochlear amplifier 185 

Downloaded 24 Jul 2012 to 192.17.199.171. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



gation were nonisotropic, then that model is also constrained 
by our experimental results. However, in that case, our mod- 
el will not accurately predict this constraint. 

We know that the middle ear reverse transfer function 

depends on the load impedance of the earphone and ear ca- 
nal on the eardrum impedance (impedance of the ossicle and 
cochlear input impedance). For example, if the earphone 
impedance were equal to the eardrum input impedance, then 
the attenuation of the DP should be 6 dB. This was approxi- 
mately the situation for our measurements. This loading ef- 
fect may be compensated for, if the earphone impedance and 
the eardrum impedance are known (Fahey and Allen, 
1986). 

A. Two-tone suppression and the CA 

We next explore the effect that two-tone rate suppres- 
sion might have on our results. The concern is that as the 
higher frequency fl primary approachesf d, the neural sensi- 
tivity œo will change due to the rate suppression effect (Fa- 
hey and Allen, 1985). Thus the CA would be compensated 
by the decreased sensitivity of the rate-suppressed neuron. 
Could it be that there is a relation between the two-tone 

suppression and the CA such that the product of the two is 
always constant, thereby giving a constant ear canal pres- 
sure? 

There are three ways we have approached this question. 
The first relates back to the discussion of Fig. 4 where we 
observed that if the primary were to suppress the CA gain for 
the low frequencyfl, then the resulting gain change would be 
G rather than G 2. Since we did not see any increase in the DP 
pressure, we may still conclude that there is no CA, even 
though it could have been suppressed by the high level pri- 
mary. 

The second argument is based on the results of Fig. 8 
where we have changed the primary level by 30-50 dB, and 
the result (namely, œd = œo) does not change. The fact that 
]r'[ is independent of primary level strongly argues against a 
two-tone suppression interaction with the CA. 

Finally, we have limited direct experimental evidence 
that suppression probably does not affect our conclusions. In 
a small number of the neurons studied, suppression thresh- 
olds were measured after Fahey and Allen (1985). Almost 
without exception, both the lower and the higher frequency 
primary tones, under the closed-loop conditions, were well 
out of the area of suppression for these units. 

B. Estimating the region of the CA 

Since we have assumed that the DP source is in the re- 

gion of the CA, it is important to try to independently esti- 
mate this region on the basilar membrane. One approach 
would be to look at the CA regions assumed in the models. It 
is difficult to identify these regions from published informa- 
tion. Alternatively, we attempt to estimate the CA region 
directly from neural excitation patterns. The derivations of 
these curves, detailed in Allen (1990), is based on neural 
tuning curve data from the cat. 
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FIG. 9. Shown here are four neural excitation patterns derived from fam- 
ilies of neural tuning curves. The exact procedure is described by Allen 
(1990). Excitation patterns show the neural response as a function of place 
x for a given frequency while neural tuning curves show the neural response 
as a function of frequency for a given place. The four frequencies that have 
been chosen correspond tofa and f2 of Figs. 5 and 7. For a frequency of 1.58 
kHz, the response maximum (CF) is about 15.5 mm. The 1.58-kHz excita- 
tion pattern shows a break in slope near 11.5 mm. For the 4.38-kHz excita- 
tion pattern, the break in slope is near 9 mm. We have defined this frequency 
dependent break point as Xz (f), and plotted it as a dashed line in Fig. 10. We 
assume that the cochlear amplifier must exist between x z and Xc•, because 
Xz is where the response increases. To the left x z is the "tail" region of the 
tuning curve, and to the right is the "tip" region. By extrapolating the tail to 
Xc•, and measuring the pressure difference to the tip, we attempt to estimate 
the gain of the CA. This estimate assumes that the change in slope at x z is 
due to the CA. The total magnitude of the increase is about 40 dB. The CA is 
believed to have a gain of about 40 dB (A pressure gain of 100, or a power 
gain of 10 000). 

If the basilar membrane resistance were to become nega- 
tive at some point, changing the damping to a power gain, 
then one would expect to see a change in the excitation pat- 
tern slope at that point. In Fig. 9, we show four excitation 
patterns corresponding to frequencies 0.82, 1.58, 4.38, and 
5.75 kHz. We pick these frequencies because they corre- 
spond to the fa and f• of Fig. 5 and Fig. 7. From the excita- 
tion patterns one may see a basal "tail" region, and a region 
where the response starts to build, having a steeper slope. We 
define the location where the slope increases xz. For a 1.58- 
kHz tone, xz occurs near 11.5 mm, while the characteristic 
place is at 15.5 mm. For the 4.38-kHz excitation pattern, x• 
is at 8.9 mm, while the characteristic place is at 11.2 mm. In 
Fig. 10, we have plotted both x• (f) and XcF (f) as a function 
of the tone frequency based on many such excitation pat- 
terns. 3 If we interpret the point x• (f) as the point where the 
CA begins, then the CA would lie between the two curves of 
Fig. 10. A figure similar to this one is given in Allen (1980), 
Fig. 2. 

To estimate the gain G_ of the CA corresponding to the 
experimental condition of Fig. 5, we look at the excitation 
patterns (EPs) corresponding to fa -- 0.820 kHz and 
f• = 1.58 kHz. We would like the gain at x2 for frequencyfd. 
If we look at the fa excitation pattern at x2 = 15.5 mm, we 
may see how much it has increased over the level in the tail 
region. At 14 mm, where the slope of the EP changes, the 
0.82-kHz excitation pattern has a relative level of 0.003, 
while at 15.5 mm, the x2 place, it is 0.02 mm. This gives a 
gain of 0.02/0.003, or 16.48 dB. The same calculation for the 
data of Fig. 7 gives 28 dB, and for Fig. 8 withfa = 6.164 and 
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FIG. 10. Shown here is the cochlear map of the cat (solid line) and a second 
cochlear map that corresponds to the place on the excitation pattern where 
the slope changes. We call this place xz (f). We have plotted the inverse of 
the function Fz (x). For example, in Fig. 9 for the 0.82-kHz excitation pat- 
tern, the CF is at 17.5 mm and x• is at 14.5 mm. For the 4.38-kHz excitation 
pattern, x• is at 9 mm. 

f• -- 7.84 kHz, (7_ -- 30 dB. If we were to assume that the 
DP were generated at the (f• f•) •/2 place rather than at thef• 
place, then these estimated gains would be significantly 
larger. 

We conclude that x2 must have extended far enough into 
the CA region to observe a measurable gain change. Since 
the DP pressure is constant (there is no CA), we conclude 
that the change in slope at Xz (./3 seen in the excitation pat- 
terns is not due to a CA, and it must be accounted for by 
another physical mechanism (Allen, 1990). 

C. Spontaneous emissions 

If the CA hypothesis is false, how can the cochlea emit 
spontaneous emissions? This question is difficult to answer 
because we know so little about how SOAEs are generated. 
First, no one has shown that SOAEs must be due to an active 
mechanism. And if they were due to an active mechanism, it 
is not clear why or how the CA would be involved in the 
generation process. In fact, one can argue that if there were a 
CA, then the SOAEs would have very different properties. 
For example, the CA will not generate SOAEs unless it is 
terminated with reflecting boundaries, causing waves to 
travel back and forth through the CA. This would mean that 
the wave would be amplified by G on each trip. If G were as 
large as is required by the CA used in models (e.g., 40 dB), 
the SOAEs would be huge after a few round trips. 

In fact, standing waves do seem to be a reasonable expla- 
nation for the SOAEs for several reasons, but with a gain for 
G of 1. The standing wave model was first described by 
Kemp (1979). In that model, low level noise, such as ther- 
mal noise, is reflected back and forth between its place on the 
BM and the plugged ear canal. Just as for standing waves in a 
pipe, the thermal noise floor would be passively amplified to 
give peaks that would be observed as emissions. A very im- 
portant property of SOAEs is their multiplicity. They come 
in groups, with a frequency spacing of approximately 90 Hz. 
The exact frequency spacing depends on frequency. The de- 
lay between the stapes and xa (f) seems to account for this 
component spacing. If the reflection coefficient at xa at 
threshold levels were nonlinear, with the reflection coeffi- 

cient decreasing for higher signal levels, then the amplitude 
distribution would be non-Gaussian, as has been reported by 
Bialek and Wit (1984). A non-Gaussian distribution does 
not require an active system. Given a nonlinear reflection 
coefficient, it is possible to have a non-Gaussian amplitude 
distribution given a Gaussian input. In fact, if the reflection 
coefficient were a zero-memory nonlinear system described 
by y- g(x), driven by a signal x with probability density 
function p (x), then the output will have probability density 
function p (y) with p (y) = p (x) / ( I dy/dxl ) ( Bendat, 1990, 
p. 25). This discussion leaves unexplained the very high- 
level emissions that have been observed in a small number of 

cases (for a discussion of this point see Probst et al., 1991 ). 

D. Standing waves versus SOAEs 

If there are standing waves in the ear, such as those 
observed in Fig. 5, then why don't we see emissions in our 
measurements? First, emissions are not typically seen in the 
cat. Second, the transducer that we used in these experi- 
ments is approximately matched to the impedance of the ear 
canal of the cat; thus reflections in the ear canal, when using 
this transducer, are greatly reduced. Furthermore we believe 
the coupling between the ear canal and the cochlea, between 
1-3 kHz, to be close to one. This is known from reflection 
coefficient measurements in the ear canal (made at high lev- 
els), which are less than 0.1 for these frequencies (Puria and 
Allen, 1991 ). It is also supported by the results reported on 
here. Most ear canal experiments do not use a matched 
transducer, but seal the transducer in the canal with a foam 
or hard rubber plug. For animals where spontaneous emis- 
sions are measured, the ear canal reflection coefficient at the 
cochlea-stapes boundary could easily be between 0.8 and 1.0 
for frequencies near 1 kHz due to the unmatched ear canal 
transducer. 

If the experiment done here in cat were to be repeated in 
an animal having SOAEs, this would clarify the relation be- 
tween the CA and SOAEs. If in these animals the gain of the 
cochlear amplifier were also close to one, then perhaps it 
would be time to reevaluate some of the ideas from the 1970s 

such as the "second filter," approach of Evans and Wilson, 
and reexamine the implication of the pressure measurements 
of Dancer and Frank (1980), and the propagated DP phase 
measurements of Kim et al. (1980b). These experimental 
results have been largely ignored, since they were inconsis- 
tent with aspects of the CA hypothesis. If the CA hypothesis 
is false, then we need to again explore alternative explana- 
tions of how the cochlea works. 
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•We define the forward wave as that traveling from the stapes, in the base, 
toward the apex. 

2The vertical bar should be read as "given;" thus P(yl x) is "the pressure at 
location y given a source at location x." 

3Actually we have plotted the inverses of these functions F• (x) and 
Fc• (x). 
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