
 

Abstract—The auditory periphery system receives a one 
dimensional acoustical signal that describes how the local 
pressure varies with time. However, this one dimensional  
signal information is then somehow unfolded into a two 
dimensional time-frequency plane, that tells us when which 
frequency occurs. The hearing process is based on   
compromise between time localization and frequency 
localization. A kind of time-frequency or wavelet type 
transformation is done in auditory signal processing.  In this 
study the similarities between auditory transform based on the 
auditory physiological process and wavelet transform are 
introduced. Specially, band pass filter bank properties and 
variable time and frequency resolutions with the signal 
frequency are considered. The main goal is to find the scaling 
function while the numerical values of the wavelet function 
were measured. If the wavelet function and the scaling function 
from the measured data are estimated, then the wavelet 
coefficients and the scaling coefficients could be calculated. 
Therefore, the multiresolution implementation of auditory 
based wavelet transform is possible. 

I. INTRODUCTION

 N the inner ear or cochlea, sound is detected by an array 
of several thousand hair cells that transduce the 

mechanical vibrations into electrical activities. The cochlea 
is often thought of as a bank of filters because it performs 
frequency analysis using a frequency to place mapping along 
the basilar membrane. That is, each place along the 
membrane has a characteristic, for which it is maximally 
displaced when a pure tone of that frequency is presented as 
an input.  

 The individual hair cells, and the auditory nerve fibers 
to which they are connected, are tuned to specific 
frequencies[1]. The population of the auditory nerve fibers 
thus provides us with a frequency analysis of sound 
waveforms in the environment. Each auditory nerve fiber 
may be considered as a filter that signals information about 
the temporal structure of the stimuli within their preferred 
frequency range. As engineers have understood for years, 
the design of a filter involves an inevitable trade-off between 
the precision of frequency tuning and temporal tuning. A 
tone consists of cyclical fluctuations of air pressure, and to 
obtain an accurate frequency estimate, many cycles must be 
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integrated. However, a longer integration period means a 
decrease in the temporal accuracy of the filter. In other 
words, a filter cannot signal both the frequency and the 
timing of a sound with arbitrary precision. Yet 
discrimination of the real-world sounds often require 
accurate measurements of both frequency and timing. 
Precise temporal information is also important for the sound 
localization, which in many cases depends on time-of-arrival 
differences between the two ears. The challenge for the 
auditory system, then, is to find the right trade-off between 
timing and frequency analysis [2]. 

II. PHYSIOLOGICAL OBSERVATION

Physiological observation of tuning curves of auditory 
periphery indicates their band pass filter banks behaviour 
(Fig. 1). In comparison with wavelet filter bank it could be 
concluded that both systems are decomposing input signal 
into different frequency bandwidth and the coefficient of 
band pass filters are considered as a representation of the 
signal. The frequency response of the tuning curves indicates 
that, like wavelet mother function and daughter functions 

each frequency response of tuning curve could be obtained  
by shifting and translation of  the certain tuning curve 
frequency response[1][3]. 

III. THE  WAVELET  TRANSFORM AS AN APPROACH TO 
COCHLEAR FILTERING

It is well known from Fourier theory that, a signal can be 
expressed as the sum of a possibly infinite series of sines and 
cosines. This sum is also referred to as a Fourier expansion. 
The big disadvantage of a Fourier expansion however, is that 
it has only frequency resolution and no time resolution. This 
means that although we might be able to determine all the 
frequencies present in a signal, we do not know when they 
are present. To overcome this problem in the past decades, 
several solutions have been developed which are more or 
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Fig. 1.  Sample tuning curves for four single units in the auditory nerve of 
one cat (from Kiang [1]).
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less able to represent a signal in the time and frequency 
domains at the same time. The wavelet transform or wavelet 
analysis is probably the most recent solution to overcome the 
shortcomings of the Fourier transform. In wavelet analysis 
the use of a fully scalable modulated window solves the 
signal-cutting problem. The window is shifted along the 
signal and for every position, the spectrum is calculated. 
Then this process is repeated many times with a slightly 
shorter (or longer) window for every new cycle. At the end 
the result will be a collection of time-frequency 
representations of the signal, all with different resolutions. 
Because of this collection of representations we can speak of 
a multiresolution analysis. In the case of wavelets we 
normally do not speak about time-frequency representations 
but about time-scale representations. Scale is in a way, the 
opposite of frequency, because the term frequency is 
reserved for the Fourier transform. The wavelet analysis 
described in the introduction is known as the continuous 
wavelet transform or CWT. More formally, it is written as: 

= dtttfs s )()(),( *
,τψτγ    (1) 

This equation shows how a function f(t) is decomposed into 
a set of basis functions , called the wavelets. The 
variables s and , scale and translation, are the new 
dimensions after the wavelet transform. The wavelets are 
generated from a single basic wavelet (t), the so-called 
mother wavelet, by scaling and translation. 
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In (2) s is the scale factor, is the translation factor and the 
factor s-1/2 is for energy normalization across the different 
scales. Later in this paper, It will be shown that the 
transform which is done in the cochlea could be estimated 
by kind of wavelet transform. The two main roles of the 
cochlea are to separate the input acoustic signal into 
overlapping frequency bands, and to compress the large 
acoustic intensity range into the much smaller mechanical 
and electrical dynamic range of the inner hair cells. When a 
sound wave hits our eardrum, the oscillations are transmitted 
to the basilar membrane in the cochlea. The cochlea is rolled 
up like a spiral; imagine unrolling it (and with it, the basilar 
membrane), and putting  an  axis x on to it, so that points on 
the basilar membrane are labeled  by their distances to one 
end ( for simplicity, we use a one dimensional model 
neglecting any influence of the  transverse direction on the 
membrane or its thickness )[4]. Therefore, the variations of 
the air pressure at the ear are mechanically transferred in to 
movement of  the basilar membrane which is located in the 
cochlea. The basilar membrane is equipped with hair cells 
that react on deviation of the membrane from its rest 
position. If the cochlea is imagined unrolled the basilar 
membrane extend along  real axis. Sound information at any 
point can be represented as real function B(x,t), the deviation 
of the membrane inside the cochlea at position x and time t. 
Experimental measurements show that for a sinusoidal 
stimulus the response might be as express in equation (3) 
which it means the dependency of    is approximately a 
logarithmic shift ,Therefor for input acoustic signal  f(t) 

which has got its Fourier Transform F( ) can be obtained as 
follows[11]: 
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By substituting f(t) in  (3) and putting (4) as f(t), B(x,t)
function could be written as follow: 
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By some mathematical manipulation of (7) following term 
will be appear: 
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By considering x=-log s, the final equation for basilar 
membrane movement could be written as: 

dt
s

t
s
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Therefore, the transform of acoustic signals from the 
eardrum to the cochlea with a logarithmic scale along the 
basilar membrane could be approximated by  continuous 
wavelet transform.  

)log,()log,( 2/1 stWsstB −=− −
ψ        (10) 

In the above equation W  is the continuous wavelet 
transform as defined by (1). In this sense the cochlea can be 
seen as a natural wavelet transformer[7] . 
Physiological observations justify that the auditory system 
has got sort of wavelet like transform behaviour. Neural 
tuning is measured by measuring the spiking activity in an 
auditory nerve fiber as a function of the frequency and 
intensity of a search tone. The locus of threshold intensities 
that cause a neuron to fire slightly above its spontaneous rate 
is called the neural tuning curve. The  superscript indicates 
that the probe intensity is at threshold. Each neuron has such 
a tuning curve, which is tuned to its “best” characteristic 
frequency.[8] 

IV. IMPLEMENTATION OF AUDITORY WAVELET
TRANSFORM 

First of all, the whole construction is based on a continuous 
wavelet transform. In practice this is of course a discrete but 
very redundant transform, heavily oversampled both in time 
and in scale. In order to be practical, we need a fast 
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implementation scheme ,This was achieved by  
nonredundant wavelet bases, by using subband filtering 
schemes. If a function f(x) is continuous, has null moments, 
decreases quickly towards zero when x tends towards 
infinity, or is null outside a segment of range, it is a likely 
candidate to become a wavelet. It seems that the tuning 
curves values satisfy the above conditions. In this case we 
have some physiological measurements or tuning curves 

(Fig. 2).The numerical value of the curves (Fig. 3) were used 
as an approximation of  the mother wavelet (Fig. 4). By 
using the definition of scaling function the approximation of  
scaling function  is also calculated (Fig. 5). 
Scaling function: when W  (t,s) is known only for s<s0 , to 
recover original function we need a complement of 
information  corresponding to W  (t,s) for s<s0, this is 
obtained by introducing a scaling function (t) that is an 
aggregation at scales larger than  one[6].  

Fig.3..Numerical value of normalized tuning curve which was measured 
from cat's auditory nurve fibre. 

The modulus of its fourier transform is defined by the 
folowing equation (11),[12]: 
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So in our representation the problem is to find the scaling 
function while the numerical values of the wavelet function 
were measured. If we can estimate the wavelet function and 
the scaling function from the measured data,  the wavelet 

coefficients and scaling coefficients  are calculated 
(12),(13),(14),(15). 

If the wavelet coefficients and scaling coefficents were 
caculated (Fig. 6), the multiresolution impelemtation of 
auditory based wavelet transform is possible.The analysis 
stage and the synthesys stage of  multiresolution 
implementation are accomplished (Fig. 7). Now the 
complete realization of auditory wavelet transform is 
posible.However first of all we must choose proper wavelet 
function and by means of that the scaling function ,scaling 
coefficent and wavelet coeficient  can be calculated[4],[6].  

V. RESULT 
As it was shown the wavelet transform performs the log-
linear frequency analysis and the constant quality factor, and 
can be used as an approximation of auditory acoustic signal 
transform. The cochlear impulse response was used for 

Fig.  5. Scaling function  for  auditory wavelet transform

Fig. 4.  Wavelet function for auditory wavelet transform

Fig.2. Cat neural tuning curves from Eaton Peabody Lab. The 
pressure scale, in dB, has been reversed to make the curves look like 
filter transfer functions. The response “tail” for the 6 kHz neuron is 
the “flat” region between 0.1 kHz and frequency In the tail the sound 
must be above 65 dB SPL (which on this scale is down) before the 
neuron will respond . 
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choosing the analyzing wavelet transform. The impulse 
response at 20mm from the oval window was selected as an 
wavelet function, because its peak frequency is about 
1000Hz  and in log- linear scale this frequency is almost at 
the center of the audible range (Fig. 3). The scaling function 
from a selected mother function is calculated, and by means 
of these two function the wavelet coefficients and scaling 
coefficients are calculated (Fig. 6). By this consideration an 
auditory wavelet transform could be realized (Fig. 7). 

VI. DISCUSSION 
A comparison between the auditory periphery acoustic 
signal transform and the wavelet transform shows that, 
although there are similarities specially in band-pass filter 
bank property and variable time and frequency resolution 
with the signal frequency, the experimental measurements 
show that there are some differences and the main difference 
is in the quality factor. The wavelet transform is a filter bank 
with constant quality factor, but the physiological research in 
the hearing system found the quality factor in some 

frequency band is changing and highly influenced by the 
activities of the hair cells. 

VII. CONCLUSION

The wavelet transform perform the log-linear frequency 
analysis with constant quality factor filtering and can 
therefore simulate the auditory model. The cochlear tuning 
curve is used for choosing the analyzing wavelets or mother 
function which determines the overall filter shape. The 
impulse response at medium distance from oval window 
could be chosen as an analyzing wavelet because its peak 
frequency is almost at the center of audible range. Since in 
the realization of the auditory wavelet transform the 
selection of  bases function done by the response of  cochlea, 
therefore it could be considered as a transform in auditory 
periphery signal processing and must be applicable in audio 
and speech processing, cochlea implant and specially in the 
otoacoustic emission signal processing[9],[10].  
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Fig.6. Scaling Coefficients and wavelet coefficients function for 
auditory wavelet transform 

(a) 

(b) 

Fig. 7.  (a) Analysis stage of multiresolution decomposition 
implementation of auditory wavelet transform .(b)Synthesis stage of 
multiresolution implementation of auditory wavelet transform. 
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