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ABSTRACT

Implementation of the proposed DPOAE estimation technique is presented A new
method of measurement of distortion product otoacoustic emission (DPOAE) signal level
based on a recently introduced nonlinear adaptive method of extraction of non-stationary
sinusoids is presented. Performance of the proposed method is demonstrated with the aid
of computer simulations. Comparison is made between the proposed technique and
existing methods. The proposed method features structural simplicity which renders it
particularly attractive for implementation on software (MATLAB). It offers a high degree
of immunity with regard to background noise and parameter variations. Compared to
conventional methods, the proposed method offers a shorter measurement time which is
of significant value. The purpose of developing this technique is to improve on already
existing methods in the amount of time required for a subject to undergo the test, as well
as the need for sound-proof environments. The basis of this technique is an algorithm,
which is effective in extracting sinusoids from noise. The algorithm is found to be
extremely robust with respect to both changes in internal parameters and fluctuations in
external conditions. Combining this algorithm with some supportive signal processing
modules, such as band-pass filters, allows for a quick and effective means to test the
auditory response by attempting to extract a low-level sinusoid known as the distortion
product otoacoustic emission (DPOAE). The development of the real-time application
begins with digitizing and codifying the continuous model in the MATLAB environment.
It is observed that this method of DPOAE estimation outperforms other linear estimation
techniques, including the discrete Fourier transform (DFT). It offers a high degree of

noise immunity while providing relatively faster measurements.



TABLE OF CONTENTS

CHAPTER TITLE PAGE No.
CItITICALE ...ttt e i
ACKNOWIEAZEMENT. ... ..ttt i
ADSTTACT. .. e i1
Table Of CONTENLS. ... .ottt e e v
LSt Of FigUIS. ...ttt vii
List Of Tables. ... .uee e xi

Chapter 1 Introduction

LT INtrOUCHION. . . e e e 1
1.2 Review of Hearing Assessment Methods ..., 2
0 B 0 ) 1 P 2
1.2.1.1 Spontaneous Otoacoustic EmiSsions.............cccvvviiiiiiiiiiiiiieininnn... 3
1.2.1.2 Transient Evoked Otoacoustic Emissions...............ccooevviiiiiiiinnn.n.. 3

1.2.1.3 Distortion Product Otoacoustic EmisSions.........coveeeeiineeeeeeinnnne3
1.2.2 Existing DPOAE Estimation Methods.................oooiiiiiiiiiii, 4
1.3 OULHNE OF the TRESIS. . . ceieiiiiiiiieeeeee 6

Chapter 2 DFT And DSP Implementation

2. I rOdUCHION . oo 7

2.2 Core Algorithm Implementation..............ooeviiiiiiiiiiii e, 9

Chapter 3 DPOAE Estimation Method And Implementation

3.1 INEEOAUCTION. . . ettt e e e, 11



CHAPTER TITLE PAGE No.

3.2 Structure of a DPOAE measurement deVICE.......uuueeeeeeeeie e, 12
3.3 Proposed TeChNIqQUE. ......c.einiiiii i 13
3.3.1 Core Algorithm Implementation.................cceiiiiiiiiiiii i 16
3.3.2 Variation of Parameters. ... ..ooouiiiiiiiiii e 19

3.4 SIMUIAtION. ... oviti e seenneenne . 20
3.5 FIter DeSI@N. .. ueiii e e eaee e 24
3.0 TIME-GatIN. . .ottt e et et e et et e et e e 28
3.7 Input Signal Generation............ovuiiniitiet it 29

Chapter 4 Simulation Results

4.1 Simulation Results. ... ... 30

4.2 Results for Input Signal............ooiiiii 33

4.3 Results for Frequency Content of Input Signal..................cooiiiiiiiiiinnn. 34
4.4 Results for output of pre-processing BPF..............ooiiiiiiiiii 36
4.5 Results for frequency content output of pre-processing BPF............................ 37
4.6 Results for output of artifact removal.................cooiiiiiii 39
4.7 Results for frequency content of output of artifact removal.............................. 40
4.8 Results for the output of mid-processing BPF.................oooiiii, 42
4.9 Results for the frequency content of the output from mid-processing BPF............ 43
4.10 Results for the output of DPOAE extraction..............coevvviiiiiiiiiiiiineennnnnn... 45
4.11 Results for the frequency content of output after DPOAE extraction.................. 46
4.12 Results for DPOAE after post-proCessing ...........eeeeeieiiriiiiiiiinniaininieaneannnns 48
4.13 Results for the frequency content DPOAE after post-processing...................... 49
4.14 Results for the DPOAE level after post-processing ..........ccevvvvvineieiiiennnennnn. 51



CHAPTER TITLE PAGE No.

Chapter S Conclusion and Future Scope......................coooiiiiiiiiiiiii 54
RefEIrenCes..... ... 55
List of Publications..................... 58



LIST OF FIGURES

signal with f,=1000Hz

RE No. NAME OF FIGURE PAGE No.
2.1 Nyquist Interval 8
3.1 Block diagram of a DPOAE measurement | 12
device

3.2 Details of a data acquisition system and probe | 12
units

33 Block diagram of the original DPOAE | 15
estimation method

3.4 Block diagram representation of the employed | 18
core algorithm

3.5 The performance of the discrete core algorithm | 22
in Matlab with x,= u, =200

3.6 The performance of the discrete core algorithm | 23
in Matlab with = u, =20

4.1 ustration of a 16, 32 and 128-point DFT by | 31
using Hamming Window

4.2 [llustration of a 16, 32 and 128 point DFT by | 32
using Rectangular Window

4.3 [ustration of a magnified view of the input | 33
signal with a low noise floor with f,=1000Hz

4.4 [ustration of a magnified view of the input | 33
signal with a low noise floor with f,=2000Hz

4.5 [ustration of a magnified view of the input | 34
signal with a low noise floor with f,=3000Hz

4.6 [lustration of a frequency content of the input | 34




PAGE No.

RE No. NAME OF FIGURE

4.7 lustration of a frequency content of the input | 35
signal with f,=2000Hz

4.8 [lustration of a frequency content of the input | 35
signal with f,=3000Hz

4.9 [lustration of the output of pre-processing BPF | 36
with f,=1000Hz

4.10 [lustration of the output of pre-processing BPF | 36
with f,=2000Hz

4.11 [llustration of the output of pre-processing BPF | 37
with f,=3000Hz

4.12 [llustration of a frequency content of the output | 37
from pre-processing BPF with f,=1000Hz

4.13 [llustration of a frequency content of the output | 38
from pre-processing BPF with f,=2000Hz

4.14 [Nlustration of a frequency content of the output | 38
from pre-processing BPF with f,=3000Hz

4.15 [ustration of the output of artifact removal | 39
with f,=1000Hz

4.16 [ustration of the output of artifact removal | 39
with f,=2000Hz

4.17 [ustration of the output of artifact removal | 40
with f,=3000Hz

4.18 [ustration of the frequency content of output | 40
of artifact removal with f,=1000Hz

4.19 [llustration of the frequency content of output | 41

of artifact removal with f,=2000Hz




PAGE No.

RE No. NAME OF FIGURE

4.20 [lustration of the frequency content of output | 41
of artifact removal with f,=3000Hz

4.21 [llustration of the output of mid-processing | 42
BPF with f,=1000Hz

4.22 [llustration of the output of mid-processing | 42
BPF with f,=2000Hz

4.23 [lustration of the output of mid-processing | 43
BPF with f,=3000Hz

4.24 [lustration of a frequency content of the output | 43
from mid-processing BPF with f,=1000Hz

4.25 [llustration of a frequency content of the output | 44
from mid-processing BPF with f,=2000Hz

4.26 [llustration of a frequency content of the output | 44
from mid-processing BPF with f,=3000Hz

4.27 lustration of the output of DPOAE extraction | 45
with f,=1000Hz

4.28 [ustration of the output of DPOAE extraction | 45
with f,=2000Hz

4.29 [Mustration of the output of DPOAE extraction | 46
with f,=3000Hz

4.30 [ustration of the frequency content of output | 46
after DPOAE extraction with f,=1000Hz

4.31 [ustration of the frequency content of output | 47
after DPOAE extraction with f,=2000Hz

4.32 [llustration of the frequency content of output | 47

after DPOAE extraction with f,=3000Hz

10




PAGE No.

JRE No. NAME OF FIGURE

4.33 [ustration of the  DPOAE after post- | 48
processing with f,=1000Hz

4.34 [ustration of the  DPOAE after post- | 48
processing with f,=2000Hz

4.35 [llustration of the  DPOAE after post- | 49
processing with f,=3000Hz

4.36 [lustration of the frequency content of DPOAE | 49
after post processing with f,=1000Hz

4.37 [lustration of the frequency content of 50
DPOAE after post processing with f,=2000Hz

4.38 [lustration of the frequency content of DPOAE | 50
after post processing with f,=3000Hz

4.39 [lustration of the DPOAE level after post- 51
processing with f,=1000Hz

4.40 [lustration of the DPOAE level after post- 51
processing with f,=2000Hz

4.41 [lustration of the DPOAE level after post- 52

processing with f,=3000Hz

11




LIST OF TABLES

Phase

PAGE No.
LE No. NAME OF TABLE
4.1 Frequency Change And Random Constant 52
Phases
4.2 Frequency Change And Constant Random 52

12




13



CHAPTER 1

INTRODUCTION

1.1 Introduction

Distortion product otoacoustic emissions (DPOAEs) are very low level stimulated
acoustic responses to two pure tones presented to the ear canal. DPOAE measurement
provides an objective noninvasive measure of peripheral auditory function and is used for
hearing assessment especially in newborns [1]. DPOAEs have been recognized for a
number of years [2], [3]. However, DPOAE measurement is considered an active area of

research because of the challenging nature of the signal processing task.

In this type of otoacoustic test, two pure tones with frequencies f, and f, are presented
to the cochlea. For best results, f, is usually chosen as 1.2 f,. Since the ear is a nonlinear

structure, a number of very low level distortion products are generated due to the
intermodulation process within the cochlea. Among various distortion products, the

component with frequency f,= 2 f,- f, is usually the strongest. The level of such a

distortion product (commonly referred to as the DPOAE signal) is taken as an index of
the functionality of the ear. Estimation of such a weaksignal buried under two strong
stimuli and other intermodulations in a potentially noisy background is a challenging

signal processing problem.

Conventionally, the discrete Fourier transform (DFT) has been used as the main signal
processing tool to estimate the level of the DPOAE signals. Application of the DFT to
this problem has a number of shortcomings, among which the long measurement time is
the most pronounced one [4]. Long measurement time is usually required for the
acquisition of a sufficiently large amount of data which, when averaged, will reduce the
overall background noise effect. In addition to the need to increase the measurement
time, the tests are usually required to be conducted in low noise environments such as

sound-proof rooms or other types of sound-proof enclosures.
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There are many ways to test the human auditory response. Some methods are quite
primitive, involving tuning forks, while others use state of the art electronics and
computers to track nerve signals. The traditional techniques often require a behavioral
response. However, some groups of the human population cannot give a behavioral
response, the largest being infants. Severe developmental repercussions can occur if an
infant is not diagnosed as hearing impaired. Treatment for abnormal hearing needs to
begin before six months of age. This time of a child's life is one of the most important
periods for speech and language development, which is directly tied with his or her
ability to hear. Therefore, the development of a technique to perform auditory testing on

infants has a high priority.

This thesis presents the implementation of a hearing testing technique. The technique is
based on a recently introduced method of estimation of a distortion product otoacoustic
emission (DPOAE) [4]. The proposed technique is centered around a robust nonlinear
adaptive signal processing algorithm presented in [6],[7] and attempts to improve on the

shortcomings of previous method used.

1.2 Review of Hearing Assessment Methods

1.2.1 Overview

Otoacoustic emissions were first discovered in 1978 and presented in [8],[9].Estimation
of otoacoustic emissions (OAEs) is produced by the outer hair cell (OHCs) of normal
cochleas, either spontaneously or in response to stimuli in the form of sound [5]. If an
OAE is present in the absence of any stimulus, it is referred to as a spontaneous
otoacoustic emission (SOAE). OAEs that result from stimuli are known as evoked
otoacoustic emissions (EOAEs). Two types of EOAEs are used for hearing assessment:
transient evoked otoacoustic emissions (TEOAEs) and distortion product ototacoustic
emissions (DPOAEs).The ability of an EOAE to signify normal hearing without
behavioral feedback from the patient, along with its noninvasive measurement procedure

allow it to become the basis for most neonatal hearing screening [8].
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1.2.1.1 Spontaneous Otoacoustic Emissions

SOAEs are low-level narrow band signals produced in the cochlea. They appear to have a
correlation with other types of OAEs and are believed to be linked to higher auditory
sensitivity [10]. However, their absence does not indicate a loss of hearing in the patient
[10]. The inability for a person with normal hearing to produce SOAEs, combined with
other aspects such as their strong gender-prevalence (more prevalent in women than men)
and asymmetry (stronger and more numerous in the right ear) [12], make this type of

OAE an unlikely candidate for the development of a hearing assessment method.

1.2.1.2 Transient Evoked Otoacoustic Emissions

TEOAESs are produced by a subjecting the ear canal to a click. This type of EOAE is
present in normal ears, indicating normality in the cochlea [13], which makes it a possible
choice for hearing assessment. Although TEOAEs can determine functionality of the
inner ear, there are some drawbacks. One drawback is the inability for this method to test
for hearing loss at higher frequencies. TEOAEs become unreliable around 5 kHz [5].
Another drawback involves the inability of TEOAEs to perform hearing assessment
evaluation at specific frequencies, since TEOAEs are often missing in narrow bands of

normal ears [5].

1.2.1.3 Distortion Product Otoacoustic Emissions

Unlike TEOAEs, DPOAESs are believed to be produced by an active nonlinear process
located in the cochlea. Since the presence of DPOAEs signifies the presence of this
nonlinear cochlear process, it is believed that they can be used to effectively diagnose
dysfunctions of sound processing in the inner ear [25]. DPOAE estimation is used to
determine the extent of hearing impairment and sudden hearing loss (SHL). A noise
damaged cochlea may still produce DPOAEs. However, due to the noise damage, which
causes a loss of OHCs, and in turn a linearization of cochlear function, a decrease in
DPOAE amplitude will occur [11], [23, [24]. The amplitude of a DPOAE is strongly
correlated with the hearing threshold [25]. Therefore, not only the presence of a DPOAE,

but also comparing its amplitude to an established set of norms is used to determine
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sensorineural hearing impairments [14], [15]. Since a DPOAE is an EOAE, the ear and in
turn the cochlea must be subjected to stimuli. In the case of DPOAESs, the stimuli consist
of two pure tones, known as primaries, in the audible range. However, the primaries must
be close enough in frequency in order to react nonlinearly . If the first tone is located at

frequency f, and the second at f,, and f, and f, are relatively close (within several
hundred hertz), the distortion products (DPs) will occur at n f, + mf2 frequencies, where
n and m are integers [25]. Although many DPs are produced, the DP located at f, =2 f, -

f,, which is known as the cubic DP, will always be the largest in terms of amplitude [1,
5, 16, 25]. In addition to being the largest, the cubic DP, is also the most robust [1]. It is
observed remaining constant over several minutes of measurement during
experimentation, while other DPs vary with time . The frequency ratio also has an impact

on the DPs. In order to maximize the cubic DP, research has indicated that f, = f, should

equal 1.2 [5]. From this point on the cubic DP will be referred to as the DPOAE.

Although any two primaries in the audible range with a frequency ratio f, = f, = 1.2 and

sufficient sound pressure level (SPL) will produce a DPOAE, there are considerations
that should be taken into account. The primary consideration should be age group.
Different age groups respond differently to different frequency ranges of the primaries
[3]. The other factor to be taken into account is the level of the primaries in terms of SPL
in decibels (dB). Since the DPOAE level is dependant on the level of the primary, it is

desired to choose a primary level high enough to make the DPOAE easy to estimate.

1.2.2 Existing DPOAE Estimation Methods

DPOAE estimation tests are performed much like other methods of EOAEs. A speaker or
speakers subject the ear canal to the primaries. A microphone placed within the ear canal
records the sound present there. The difficulty in DPOAE estimation is isolating the low
level DPOAE from the surrounding noise, which includes the high level primaries.
Current methods must be employed in low noise environments such as sound proof-

rooms [4]. This makes clinical application of DPOAE measurement somewhat
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burdensome. Also, the infant must lie still and refrain from making internal noises, such

as swallowing [5].

Many works in the area of DPOAE signal estimation involve adaptive noise cancellation
(ANC) [5],[22] and adaptive Wiener filtering (AWF). In each of these techniques, the
goal is to improve the signal to noise ratio (SNR) by reducing the noise floor. A reference
signal, usually a recording from an auxiliary microphone placed in the ear not under
examination, provides a stochastic measure of the background noise [4]. The data from
this microphone is used to mitigate the noise recorded by the microphone in the ear under
examination. In all these techniques, an estimator is required to approximate the DPOAE
signal level. In most cases the estimators are discrete Fourier transform (DFT) based.
DFT estimators pose serious shortcomings, the primary being long measurement time in
order to provide sufficient resolution and accuracy [4]. Even with this attempt at the
reduction of the noise floor, the need for a sound-proof or low noise environment is still
essential to reduce testing time by a significant amount. In addition to this restrictive type
of environment, high performance computational resources are usually necessary, adding
to the overall cost. Therefore, although improvements over the DFT are observed in each

case, neither is commonly used in clinical applications.

Other problems inherent in the DFT are its window-based nature and its sensitivity with
regard to frequency. A technique employed in an attempt to obviate these shortcomings is
presented in [20],[24]. This approach is known as a maximum-likelihood estimator
(MLE), although it does provide a superior performance to DFT by increasing the
accuracy while decreasing the testing time [19],[21], the MLE technique still suffers from
a sensitivity to background noise and internal parameter variations [4]. Therefore, MLEs

are not an optimal choice for DPOAE estimation.

In essence, the existing methods of DPOAE estimation fail to provide a robust clinical
application. The majorities are DFT-based, and therefore are susceptible to its inherent
flaws. Other techniques may provide improvements, but they still suffer from their lack

of noise immunity or algorithm complexity.
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1.3 Outline of the Thesis

>

This thesis begins with a brief introduction to Distortion product otoacoustic
emissions (DPOAEs) with a general background on hearing assessment methods.
Chapter 2 gives a brief introduction to DFT and Real-Time DSP Implementation.
This section describes the system hardware performing the estimation process and the
development of the controlling software, or firmware, of the DSP.

Chapter 3 gives a brief introduction to the employed method of DPOAE estimation.
The method of DPOAE estimation that is developed into a real-time DSP application
is presented in [4] and discussed in this chapter

Chapter 4 describes the DSP Implementation, This chapter discusses the
considerations and procedure of implementing the DPOAE estimation method.
Chapter 5 gives the simulation results of the implementation of the Distortion product
otoacoustic emissions (DPOAEs), along with a comparison to DFT.

Chapter 6 gives the conclusion and future scope of the work proposed in this thesis .
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CHAPTER 2
DFT AND DSP IMPLEMENTATION

2.1 Introduction

This chapter describes the DFT (Discrete Fourier Transform) & DSP implementation of
the algorithm. The DFT is an extremely important tool in the digital processing of
discrete-time signals by discrete-time systems. The DFT is a discrete-frequency
representation of finite-duration sequences and, as a consequence, it becomes a powerful
tool in the digital processing of discrete-time signals. The Fourier Transform shown (2.1)
transforms a continuous-time function x(t) into a continuous-frequency function X(w).
The same equation can also be written in terms of frequency f instead of angular
velocity w ; this version is shown in (2.2). A continuous-time function must be sampled in
order to be represented in the computer. By the same reasoning, a continuous-frequency

function must also be sampled in order to be represented in the computer [6],[11].

X (o) = jx(t)e-fm dt @2.1)
X(f)= jx(t)e*ﬁ“ﬁdz (2.2)

In (2.2), the complex exponential is a function of time t and frequency f. To sample this
function in time, replace t with nT, where T is the sampling period and n is an integer.
The sampled complex exponential is then ¢ /*"*" | To sample the frequency variable f,
remember that sampling a signal in the time domain restricts the possible frequencies to a
range of (—Fs/2, Fs/2), where Fs is the sampling rate. The continuous range of
frequencies from —Fs/2 to Fs/2 can be pictured as a line from —Fs/2 to Fs/2. This is

shown in the top line of Figure 2.1.

It is often more convenient to picture this range as positive frequencies from 0 to Fs.

These two frequency ranges are equivalent when sampled at Fs because frequencies
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above Fs/2 will alias to negative frequencies. To sample the frequency range from (0, Fs),
let N be the number of frequency samples. Then the sequence ak = kFs/N, will be N
evenly spaced frequency samples between 0 and Fs. A sampled frequency range for N =

8 and Fs = 32 is shown in Figure 2.1.

-Fsi2 Fsi2
0 Fs
k=10 1 2 3 4 A B 7
| | | | | | | |
kFsiN =10 4 B 12 16 20 24 28

Figure 2.1: The Nyquist Interval can be pictured as a line from —Fs/2 to Fs/2. That line is
the same length as a line from 0 to Fs. To get N samples from 0 to Fs, let k be an integer
from 0 to N — 1 and choose the frequencies equal to kFs/N. In the lowest line, N = 8 and
Fs =32.

Mathematically, sampling the time variable t and the frequency variable f of the Fourier
Transform gives the Discrete Fourier Transform shown in (2.3). The conversion of the
continuous transform into the discrete transform can be represented by the steps in (2.4).
The real derivation of the Discrete Fourier Transform from the Fourier Transform

requires more rigor and is beyond the scope of this thesis.

N —

X, k1= xlnpene 23)

n=

X (f)=[x(tye 2 ar

— Z x(nT)e‘jmf”T
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X(kF,/N) = z x(nT ye /2THFAT /N

n

N —

X[k]= 3 x[np 2mes (2.4)

n=

The form of (2.3) is that of a scalar product. The inner product was introduced as the
integral of the product of two functions. Essentially, the scalar, or dot, product is the
discrete version of the inner product. It is calculated by summing the product of two

discrete functions. In these terms, the Discrete Fourier Transform can be seen as the dot

—j2I1kn/N

product of the sampled signal x[n] and the sampled basis functions e In

g /AN ,the —=2[[k/N is the frequency and n is the sample index.

In MATLAB, it is easy to calculate the Discrete Fourier Transform of a sampled signal.
If the length of the signal is a power of 2, MATLAB uses the Fast Fourier Transform
(FFT), an efficient algorithm for calculating the DFT.

2.2 Core Algorithm Implementation

Much like the simulation in MATLAB core algorithm is implemented first. Since it is the
primary component of the proposed DPOAE estimation method, before it can be
implemented in the DSP, verification of the successful implementation of the core

algorithm is required [16],[19].

The core algorithm program is developed directly from the off-line MATLAB simulation.
For one, the discrete equations, presented as (2.1) - (2.4), governing the algorithm are
employed in the same manner. Small arrays are used to hold the current and future values
of the estimated amplitude and phase. The proposed DPOAE estimation is developed
around the core algorithm DSP implementation. Added to this are the necessary pre-,
mid-, and post-processing stages. The same filter coefficients and difference equations
are used in the same manner as in the MATLAB simulation. Normalization of the input
signal is done before input to the first core algorithm units in the artifact (primary)

removal stage for reasons discussed previously. Normalization and denormalization is
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also employed in the mid-processing and post-processing units respectively, as in the off-

line MATLAB simulation.
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CHAPTER 3

DPOAE ESTIMATION METHOD AND
IMPLEMENTATION

3.1 Introduction

The method of DPOAE estimation that is centered around a non- linear adaptive signal
processing algorithm. Also discussed in this chapter are some details about the
formulation and mathematical properties of the algorithm. Since it is essentially the
“core” of the DPOAE estimation technique, the nonlinear adaptive algorithm will

henceforth be referred to as the core algorithm [17].

Three core algorithm units are employed to construct this high performance method of
DPOAE estimation. Each core unit is capable of extracting a pre-specified sinusoidal
component of its input signal, which may consist of other components and noise. In the
case of the proposed DPOAE estimation technique, the two stimuli are first extracted by
two core algorithm units and subtracted from the input signal. The modified signal now
has a higher relative portion of the DPOAE. This signal is then input to another core unit

to estimate the level of the DPOAE signal. Extraction of these components also entails
following variations in the amplitude and phase. The structure of the proposed method
also includes some pre-processing, intermediate or mid-processing, and post-processing

as well as some smoothing filter stages to enhance the performance.

The structure of the proposed DPOAE estimation method is simple[19]. It offers a high
degree of robustness with respect to both internal and external conditions. Computer
simulations used to demonstrate the superior performance of the proposed method in
terms of noise immunity and fast measurement time. A comparison is made between the
proposed method and a recently introduced DPOAE estimation technique presented in

order to quantitatively study the high noise immunity.
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The next section briefly reviews the structure of a DPOAE measurement device that can
be made. The heart of such an apparatus will be the signal processing module, which
contains the functional units to estimate the DPOAE signal. The performance of the

structure using computer simulations and recorded data is demonstrated in section 3.3.

Probe PC

Data Signal 4’\ )
Acquisition ) Processing i  Display

Figure 3.1: Block diagram of a DPOAE measurement device.

3.2 Structure of a DPOAE Measurement Device

Figure 3.1 shows the generic block diagram of a DPOAE measurement device. It will
contain of three main modules: the data acquisition (DAQ)/transducer module, the signal

processing module, and the display [13].

Controllabla
Amplifier

buissaooud |eubig

[
|
|
|
I controllable
|
|
|
I
|

Amplifier .
h Filter AD

Figure 3.2: Details of a data acquisition system and probe units.
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The DAQ module is the medium between the signal processing module and the probe
which transmits and receives acoustic signals in the audio range. Figure 3.2 illustrates the
components of the compound DAQ/transducer, or DAQ/probe module in more detail.
This is where digital signals produced by the signal processing module are converted to
analog signals, which are then conditioned and converted to audio signals. Conditioning
usually consists of some amplification and possibly some filtering. Conversely, the
returning audio signals from the microphone probe are conditioned and converted to

digital signals to be processed by the signal processing module.

As mentioned previously, the signal processing module is the heart of any DPOAE esti-
mation device [22]. It produces the digital form of the stimuli and extracts and measures
the DPOAE signal. The signal processing module can take on many forms. Some of these
include a DSP or a microprocessor, which would make it a hardware platform controlled

by embedded software. Alternatively, if the complexity of the signal processing
algorithm remains low, the signal processing module may be implemented solely in
hardware using programmable logic array (PLA) or field programmable gate array

(FPGA) technology.

Ideally, the personal computer (PC) module seen in Figure 3.1 would not be necessary.
This is usually only possible with a signal processing algorithm that is not excessively
complex. However, a PC interface is usually required for data management, making it if
not a functional component of the DPOAE estimation process, then normally an essential

part of the system.

The display module is the interface between the device and the operator. It could be
anything from a simple light emitting diode (LED) or liquid crystal display (LCD) to a

computer monitor or printer.

3.3 Proposed Technique

The proposed signal processing method employs three units of the core algorithm in
order to construct a high performance DPOAE estimation algorithm. Each core unit is

responsible for focusing on and extracting a predetermined sinusoidal component of its
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input signal, which may contain other components and noise. More importantly, it can
effectively track the amplitude and phase of the extracted sinusoidal component. In
addition, the structure of the core algorithm is extremely simple, making it easy to
implement in a variety of platforms. This is in contrast to its complex underlying
mathematics, which ensures stability and performance [6]. The core algorithm is found to
be very robust with respect to variations in the internal settings of the controlling
parameters, as well as external conditions such as the presence of noise. It also exhibits
superior performance over existing linear adaptive and DFT-based algorithms in terms of

convergence speed versus accuracy trade-off.

The input signal to the DPOAE estimation device consists of the two primaries or stimuli
(pure sinusoids) discussed earlier, the returned DPOAE (provided a normally functioning

cochlea), as well as noise [17]. The high level primaries are located at f, and f, and are
around 60-65 dB SPL. The low level DPOAE is located at f, =2 f,- f, and is expected

to be at approximately -5 to 15 dB SPL. The noise floor, which consists of background
noise and all other undesirable signals, is considered to be about 0 to 20 dB SPL. An
increase in estimation error occurs with an increase in the amount of stimuli and noise
still present at the time the core algorithm responsible for the DPOAE estimation acts on
the incoming signal. This is the primary reason for employing two more core algorithms
to extract the stimuli from the incoming signal, which produces a signal with a higher
relative portion of DPOAE. Readjustment of the parameters of the core algorithm is also
done to improve the accuracy of the estimation process, at the expense of convergence

speed.

Figure 3.3 shows the three core algorithms employed with the addition of a pre-
processing, mid-processing, and post-processing stage. Their purpose is to enhance the
performance of the DPOAE estimation technique by providing some simple first and
second order filtering as well as normalization. The pre-processing stage consists of a
second order band-pass filter and possibly some normalization. The filter is centered

around f, to attenuate everything else as much as possible, enhancing the quality of the
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input signal, and in turn enabling the core algorithm units to act more accurately and

efficiently.

—— Extractad

Pre Mid Unit #3 Post DPOAE
Proce ssing Processing (2*f_1-1_2) Processing

Figure 3.3: Block diagram of the original DPOAE estimation method [4].

The purpose of normalization is to amplify or attenuate the signal to bring it to a certain
level, on the basis of which the parameter settings of the core algorithm units may be
adjusted. The output of the pre- processing stage is input to each core algorithm set to

extract the primaries located at f, and f,. They accomplish this with very small errors

and a very fast convergence time. The output of each of these is then subtracted from the
output of the pre-processing module. Instead of letting this intermediate signal from
which the two primaries are removed be the input to the third core algorithm unit, it is
first sent to the mid-processing stage [24]. This is because the units removing the
primaries need a certain convergence time. Therefore, at the very early initial moments, a
large portion of the two primaries exists, which will set the initial operational point of the
third core algorithm a significant distance from the actual DPOAE signal. This will make
it extremely difficult for convergence to be achieved. In order to allow the first two core
algorithm modules to converge before being sent to the third, the mid-processing stage in
Figure 3.3 employs a time-gating process. The output of this unit begins at zero and
remains there for a short period of time until a more or less steady state condition of the
first two core algorithm units is achieved. The mid-processing unit also subjects the

incoming signal to another second order band-pass filter centered at f, ,as well as further

normalization. The post-processing module consists of two first order low-pass filters and
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some denormalization. Its inputs are the DPOAE signal and the level of the DPOAE
signal, extracted from the third core algorithm unit. The low-pass filters are used to
smooth the signals, and the normalization returns the signal and level to their proper

values.

3.3.1 Core Algorithm Implementation

This section presents an overview of the core algorithm employed in the DPOAE
estimation technique. The main functionality of the algorithm is to extract a non-
stationary sinusoid from a signal that may contain other components and noise. This is
accomplished by effectively tracking the amplitude, frequency, and phase of the extracted
sinusoidal component. Let u(t) denote the input signal, which is comprised of a sinusoidal
component polluted by a number of undesired components and noise. Minimization of
the least squares error between the sinusoidal component Asin( wt+ o) and the input
signal u(t) is used to effectively extract the embedded sinusoid. The following set of
equations governs this process. These equations are what represent the nonlinear adaptive

process which extracts the sinusoidal component represented as y(t) from wu(t).

A(t) =2 p, e(t) sin g (1); (3.1)
o (1) = 2w e(t) cos § (1); (32)
$ () =2 ps e(t) cos g () + o (1); (3.3)
M) = A(t) sing (1); (3.4)
e(t) = u(t) - y(0); (3.5)

The dot on top ( A ) represents the differentiation with respect to time. Instantaneous esti-

mates for the amplitude, frequency, and phase are provided by the state variables A(t),

@ (t), and @ (t) respectively. The error signal e(t) is the result of removing the estimated

sinusoid from the input, which is the combination of the noise and other undesired
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components of u(t). Parameters z,, 1, and g, are positive numbers that determine the

behavior of the core algorithm in terms of convergence speed versus accuracy.

In the case of DPOAE estimation, three core algorithm units are employed with the
purpose of either tracking one of the two primaries[19], or the DPOAE. The frequencies
of the DPOAE and the two primaries are constant. Thus, these frequencies are known a
priori and do not need to be tracked by the core algorithm, eliminating the need for (3.2).
Further simplifying the above equations, the sinusoidal component embedded in u(t) can

now be written as 4sin( @, + 0 ), where ®, is the fixed frequency in radians per second.

A(t) =2y, e(t) sing (t); (3.6)
B (1) =2 g1, e(t) cos ¢ (t) + @, (V); 3.7)
W(t) = A(V) sing (1), (3.8)
e(t) = u(t) - y(t); (3.9)

The parameters y, and g, are now what control the convergence speed vs. accuracy of

the amplitude and phase, more of less respectively. The functionality of a system
governed by (3.6) to (3.9) is essentially a notch filter in the sense that it lets pass through
one specific sinusoidal component while rejecting the rest of the signal. It is adaptive due
to its ability to accommodate variations in the characteristics of the desired output,
including slight variations in frequency, over time. Implementation of the differential
equations governing the employed core algorithm is straightforward. Figure 3.4 shows
the schematic of the core algorithm. For simulations used in this chapter, MATLAB
simulink is used as the main computational tool. One can see that the algorithm
essentially consists of a few arithmetic and trigonometric operations, which may be easily

implemented in any programming language.

An important aspect of the performance of the algorithm is its settling time, or the time it

takes to settle within a certain percentage of its steady state response. A physical system

approaches steady state within a few multiples of its time constant 7 :%1’ where u
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denotes the eigenvalue of the system. The eigenvalues of the core algorithm are - x4, /2
and - u,/24 (A being the amplitude of the extracted sinusoid), which determine the
settling time. If g,= wu, = 20000, the system should reach steady state in about 57 =1
ms for an input signal of unit amplitude. In the case of an input signal consisting of a
single pure sinusoid, the values of x4, and u, can be chosen large so as to increase the

speed of convergence without any trade-off of accuracy.

uit)y +

Al

| |

it

Cosine

Figure 3.4: Block diagram representation of the employed core algorithm [41].

However, as the pollution increases in the input signal, or in other words, the signal to
noise ratio (SNR) decreases, the trade-off between speed and accuracy will also increase.

For example, if the same parameters were used on an input polluted with a zero-mean
white Gaussian noise of 100% relative magnitude (i.e. 0'2%/5), the output will have a

5% error in terms of its amplitude. However, if the specifications of the application could

accept a reduction in convergence time, the x parameters can be reduced to compensate

for this error. The reduction of the parameters by a factor of 100 led to a convergence

time of about 100 times longer and a decrease in error by a factor of 10. Therefore,
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adjustment of the controlling parameters x, and y, provides a means of balancing the

speed vs. accuracy trade-off when pollution exists in the input signal. One must keep in
mind that the higher degree of pollution in the input signal causes a less desirable trade-

off between the speed and accuracy and vice versa. Choosing what u -parameters are

right for different applications depends on the quality of the input signal, and particular
applications specifications in terms of the desired convergence time and/or the tolerable

steady state error.

The core algorithm is very insensitive with respect to variations in the u -parameters, or

alternately with respect to variations in the characteristics of the input signal. This
presents a high degree of robustness in terms of internal conditions. Likewise, and
because of the adaptive nature of the algorithm, variations in the characteristics of the
input signal are effectively tracked over time. This presents a high degree of robustness
with respect to external conditions. These characteristics are inherent in the proposed

DPOAE estimation technique since it is built upon the core algorithm.

3.3.2 Variation of Parameters

Optimal performance of the DPOAE estimation method requires the adjustment of the
parameters of the core algorithm. As stated earlier, one has to define the nature of the
input signal and the desired convergence speed (and/or tolerable error) to properly
perform the adjustment. The input consists of the primaries, which are at a known level
60 to 65 dB, the DPOAE, and noise. For initial adjustments, the DPOAE is expected to
be around 15 dB and the noise floor at about 10 dB. A convergence time of less than one
second for each DPOAE level measurement and an estimation error of less than 15%
seem practical and are sufficient to enable the proposed method to be superior to other
DPOAE estimation techniques. These definitions are rough guidelines for the design.
However, thanks to the robust and adaptive nature of the core algorithm, and hence the
DPOAE estimation method, variations of orders of magnitude in these values are easily
tolerated by the system. The pre-processing stage, as mentioned before, consists of a

simple second order band-pass filter.
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Using the above mentioned input level and application specifications, the core algorithm
unit parameters are adjusted. In the case of the two core units assigned to extract the

primaries, g, =200 and g, = 20000. The values of the x -parameters assigned to extract

the DPOAE signal are x4, =200 and u, = 20.

The mid-processing stage consists of time-gating, normalization, and band-pass filtering.

The time-gate is set to allow the mid-processing input to continue to the rest of the
system at t = 100 ms. Normalization is a simple gain of 1000. Its purpose is to bring the
level of the intermediary signal to the order of 10 This helps the adjustment of the

values of the u-parameters. Without the gain, different values would have to be

determined.

The estimate of the DPOAE signal and its amplitude by the third core algorithm unit is
transferred to the post-processing module. Denormalization by attenuating by a factor of
1000 places the DPOAE signal and the amplitude of the DPOAE on a level in accordance
with the original system input. The outputs of the smoothing low-pass filters are the

estimated DPOAE signal and level.

3.4 Simulation

DPOAE level estimation is usually based on a number of measurements at different
frequencies. A graph presenting the level of the DPOAE as a function of frequency
provides a rough sketch of the transfer function of the ear. Normally, the frequency range
of the two primaries, and in turn the DPOAE is in the auditory range. For the simulations
presented in this section, the frequency of the first primary (f1) ranges from 500 to 4000
Hz and is randomly generated for each numerical experiment. The frequency of the

second primary is set to f, = 1.2 f,, and the frequency of the DPOAE to f,=2f,- f,.

The initial phase of the simulated stimuli (primaries) and the DPOAE are randomly
chosen within 0 to 2]]. The simulated noise added to the input signal is a zero-mean

white Gaussian noise (for most cases).
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The frequencies of the two primaries are f, = 2000 Hz and f, = 1.2 f, = 2400 Hz. The
frequency of the expected DPOAE is f,=2 f,- f, = 1600 Hz. The x4 parameters for the
core algorithm units responsible for extracting the primaries are set to g, =200 and u, =
10000, while the - parameters for the core algorithm responsible for extracting the
DPOAE are x4, =200 and w, = 20. The sampling frequency is set to f, = 24000 Hz,

which will be the actual sampling frequency used by the audio daughter card.

The equations presented in this chapter that govern the dynamics of the core algorithm
can not be used in their original form in a discrete environment such as MATLAB.
Therefore, discrete versions of (3.6) - (3.9) that describe the dynamics of the algorithm

are required.

These equations are as follows:

y[n] =A[n] sin ¢ [n]; (3.10)
e[n] = u[n] - y[n]; (3.11)
Aln+11=A[n) + 2T, y1, e[n] sin g [n]; (3.12)
¢ln+1]1=¢n]+ T, + 2T p1, [n] cos¢[n]: (3.13)

For the above equations, u is the input signal, y is the output signal, e is the error signal, 4
is the estimated amplitude, ¢ is the estimated phase, @,is the frequency of the desired
sinusoid to be tracked in rad/s, and Ts is the sampling period; 1, and g, are the

controlling parameters of the algorithm that adjust the convergence speed versus
accuracy trade-off discussed in this chapter. In terms of the amplitude and phase, the

derivatives present in (3.6) and (3.7) are replaced by their first order approximations:

34



Input to Core Algorithm in hatlab
'4 T T T T T T T T T

Amplitude

1 | | | | | 1 |
1 oos 01 015 02 025 03 03 04 045 D05

Ti
Care Algonthm Tracﬁneg[ane YWave in Matlab
2 T T T T T T T T T

Amplitude

1 | | | |
a oos 01 015 02 025 03 03 04 045 05
Time (&)

Figure 3.5: Illustration of the performance of the discrete core algorithm in Matlab
with g, = u, =200

The algorithm is structured to take one input value, process it, and output it before
processing the next input value. The input signal to the algorithm consists of a sinusoid

with a random constant phase and the optional addition of a white Gaussian noise. A

simple call to the MATLAB “sin" function in the form of u = sinQ*[[*f, *dt+J) +

e[n], where f, is the frequency of the desired sinusoid to be tracked in Hz, df is the
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particular moment in time, ¢ is the random constant phase, and e[n] is the value of the
noise for that particular sampling period, generates the input signal. The noise vector is
generated by the MATLAB “randn" function, which generates a set of zero-mean
normally distributed random numbers. Each time a sample is processed, df must be
increased by Ts to simulate the next value at the next sampling period of the input sine
wave. Figures 3.5 and 3.6 demonstrate the performance of the discrete core algorithm

with added noise of 100% relative magnitude and unit amplitude for the input sinusoids.
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Figure 3.6: Illustration of the performance of the discrete core algorithm in Matlab
with 4, = u, =20

Figure 3.5 shows the performance of the algorithm when gz, = u, =200, and Figure 3.6
illustrates the performance when z,= u,= 20. One can observe the algorithm

successfully extracting a sine wave in both cases, with the first case having a faster

convergence time, but also a slightly higher estimation error.
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3.5 Filter Design

Referring to Figure 3.3, besides the three core algorithm units needed for DPOAE
estimation, a pre-, mid-, and post-processing stage is also required. Each stage, in
addition to some other functionality, involves a type of filtering which is essential for the
core algorithm units to be effective[19]. Even though MATLAB is capable of
implementing filters in many different forms, eventually these filters must be employed
in a DSP program, which requires the use of difference equations. Therefore, this section
discusses the design of digital flters and the development of their subsequent difference

equations for the proposed DPOAE estimation method [20].

The original filters present in the continuous block diagram are in the form of transfer
functions in the analog, or s-domain. The equations for the transfer functions of the pre-

processing, mid-processing, and post-processing DPOAE and level filters are

Hp(8)= s2+|101(§)SOJSrZHfd G149
Ho ()= +1020:2Hfd (3.15)
Hd(s)zm (3.16)
H,(s)= .05; +1 (3.17)

Where f,is the DPOAE frequency of f,= 2f, — f,. These transfer functions contain

information that is used with the Filter Design and Analysis (FDA) Tool, present in the
Matlab Signal Processing Toolbox, to develop the coefficients for the discrete transfer

function in the z-domain. Specifically, the orders of (3.14) through (3.17), the center
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frequency and the bandwidth of the filters described by (3.14) and (3.15), and the cutoff
frequencies of the fiters described by (3.16) and (3.17), are used as the inputs to the FDA
Tool. The orders of these equations can easily be determined by the highest exponent on
an s-term. Thus, the band-pass filters represented by (3.14) and (3.15) are second order,
and the low-pass filters represented by (3.16) and (3.17) are first order. The bandwidth of
the band-pass filter is given by the coefficient present in the numerator, and the center
frequency is established by the last term in the denominator, or f,. The bandwidth B is
defined as B = Q, —Q,, where Q,, is the upper 3 dB point, or cutoff frequency, and
Q, 1is the lower in radians. Therefore, in the case of the pre-processing filter, B = 100,
and for the mid-processing filter, B = 10. Converting the center frequency to radians by

letting Q, =2[[f, = 10,053, the upper and lower 3 dB points can be determined by
B B o .
Q, =Q, +E and Q,= Q py This yields upper and lower cutoff frequencies of Q,,

=10,103 and Q, = 10, 003 for the pre-processing filter, and Q, = 10,058 and QO, =

10,048 for the mid-processing filter. Since the FDA Tool takes these inputs in Hz, the

equation f = 2% is used to determine the translated upper and lower cutoff

frequencies of f, = 1608 Hz and f, = 1592 Hz for the pre-processing filter, and f, =
1600.8 Hz and f, = 1599.2 Hz for the mid-processing filter. These values, along with a
second order band-pass filter type and a sampling frequency of f, = 24,000, are the

inputs to the FDA Tool. The design method is chosen as an infinite impulse response
(ITIR) Butterworth filter. Choosing IIR will keep the order of the digital filter relatively
low, which will be very important during DSP implementation in terms of execution
speed[24]. A Butterworth filter has a monotonic response in the pass and stop bands [24],

eliminating the concern for any ripple effect. As for the two first order low-pass filters in

the post-processing stage, the cutoff frequency f, is needed for the FDA Tool to compute

the coefficients. First, the analog transfer functions of the filters need to be transformed

into the form
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Q
H(s)= -
(<) s+Q,

Where Q_ =21 f., or the cutoff frequency in radians. Performing this conversion on

(3.16) and (3.17) yields

10,000

I (s) = 10,000 3.18

) = 10,000 (3.18)
20

Ho(s)=—2— 3.19

,(8) 120 (3.19)

From (3.18) and (3.19), f. is derived for the DPOAE signal low-pass filter as f, =
1591.5 Hz, and for the level low-pass filter as f, = 3.1831 Hz. Other inputs required for
the FDA Tool are kept the same as the band-pass filters, except of course for the order
which is set to 1. In the end, the discrete transfer functions for the pre-, mid-, and post-
processing digital filters are

_.0021-.0021z7
1-1.8237z7" +.995827

H,.(2) (3.20)

.0002 —.0002z7>
H (z)= 3.21
ma (2) 1-1.8267z"" +.999622 (3:21)

1745 +.1745z7"
H,(z)= 65100 (3.22)

.0004 +.0004z "
H,(z)= 1~ 9991, (3.23)

It is from these discrete transfer functions that difference equations are directly derived to

be used in the MATLAB simulation. Using the transfer function
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Y(2)
X(z)

H(z) = (3.24)

Where Y (2) is the output and X(z) is the input in the frequency domain, the difference
equations for each filter are derived by setting (3.24) equal to (3.20) through (3.23), cross
multiplying the numerators and denominators, and taking the inverse z-transform. This
yields the following difference equations for the pre-processing, mid-processing, post-

processing DPOAE signal, and post-processing level filters respectively:

Y (n) =4a,..x [n]_aprexpre [n_2]+b1preypre[n_1]+b2preypre[n_2] (325)

pre pre”" pre

Ymid (n) = amid‘xmid [f’l]— amidxmid [n - 2]+ blmidymid [n - 1]+ b2midymid [n - 2] (326)

Y,[n]=a,x,[n]+a,x,[n-1]+b,y,[n—1] (3.27)

Y,[n]=a,x,[n]+a,x,[n-1]+b,y,[n-1] (3.28)
Where

a,, =.0021; b =18233; b,  =.9958;

a,, =.0002; b, =1.8267; b, =.9996;

a, =.1745: b, = .6510;

a, = .0004; b, =.9992;

For programming purposes, 8 arrays are declared to hold the numerator and denominator
coefficients for each filter, and references are made to the arrays in the difference

equations.
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Also, arrays are declared for each input (x) and output (y) vector. In the case of the pre-
processing and mid-processing band-pass filters, these arrays are three elements to
account for being second order, which requires the current (#) and two most recent (n-1
and n-2) values to be stored. For the post-processing low-pass filters, only two elements
are needed, the current and previous values. It is important to note that the MATLAB
simulation is operating in a simulated real-time manner. This requires a time shift before
each subsequent value is input to the filter. In the case of the pre-processing and mid-
processing filters, four lines of code are needed for the input and output shift, and are of

the form

x[n -2]=x[n-1];

x[n - 1] =x[n];

yin-2]=yn- 1],

yln-1]=yln]:

Since the post-processing filters are first order, only the x[n - 1] = x[n] and y[n - 1] = y[n]

shifts are required for these cases.

3.6 Time-Gating

The proposed DPOAE estimation algorithm requires a time-gating process in the mid-
processing stage before the normalization and band-pass filter. Its purpose is to allow the
first two core algorithm units, which are responsible for the extraction of the primaries,
time to converge. Without this, the third core algorithm unit will begin the extraction
process too far away from the actual DPOAE level and have a much more difficult time
converging. Computer simulations using schematic software tools with the block diagram
representation of the DPOAE estimation method shows that a delay of 100 ms is enough

time for the convergence of the first two core algorithm blocks.

3.7 Input Signal Generation
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The input signal for the MATLAB simulation is generated in the same way as the core
algorithm MATLAB simulation. However, instead of one sinusoidal input, there are

three. The primaries are located at f, = 2000 and f,= 1.2 f; = 2400, and the DPOAE
signal is at f, = 2 f,- f, = 1600. The two primaries are of unit amplitude, and the

DPOAE sinusoid is given an amplitude of .006. Assuming that unit amplitude
corresponds to 60 dB, .006 is roughly 15 dB, which would symbolize a strong DPOAE
signal emitted from a healthy cochlea. Each sinusoid is also given a random constant
phase. To simulate testing in a noisy environment, a zero-mean white Gaussian noise is
added. The noise vector is once again created using the “randn" function. Changing the
coefficient of the noise will change its relative magnitude, essentially raising or lowering
the noise floor. This permits the testing of the performance of the proposed DPOAE

estimation process in environments containing various levels of background noise

42



CHAPTER 4
SIMULATION RESULTS

4.1 Simulation Results

First DFT implementation is done using Hamming and Rectangular Windows. Figure 4.1
show plots of different 16,32,128-point DFTs produced by the MATLAB simulations
using Hamming Window and figure 4.2 show plots of different 16,32,128-point DFTs
produced by the MATLAB simulations using Rectangular Window.
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Figure 4.1: Illustration of a 16, 32 and 128 point DFT by using Hamming Window
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Figure 4.2: Illustration of a 16, 32 and 128 point DFT by using Rectangular Window

4.2 Results for Input Signal
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Figure 4.3: Illustration of a magnified view of the input signal with a low noise floor with
/,=1000Hz
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Figure 4.4: Illustration of a magnified view of the input signal with a low noise floor with
/,=2000Hz
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Figure 4.5: Illustration of a magnified view of the input signal with a low noise floor with
/,=3000Hz

4.3 Results for Frequency Content Of Input Signal
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Figure 4.6: Illustration of a frequency content of the input signal with f, =1000Hz
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Frequency content of Input
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Figure 4.7: Illustration of a frequency content of the input signal with f,=2000Hz

Frequency content of Input
14 T T T T T

Amplitude in Volts
(o} =
m fa]
1 |

o
.
T
I

=
[}
T
1

0 2000 4000 &000 B000 10000 12000
Time in Seconds

Figure 4.8: Illustration of a frequency content of the input signal with f,=3000Hz

4.4 Results for output of pre-processing BPF
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Output of pre-processing BPF
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Figure 4.9: Illustration of the output of pre-processing BPF with f,=1000Hz
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Figure 4.10: Illustration of the output of pre-processing BPF with f,=2000Hz
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Output of pre-processing BPF
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Figure 4.11: Illustration of the output of pre-processing BPF with f,=3000Hz

4.5 Results for frequency content output of pre-processing BPF

Frequency content of output from pre-processing BPF
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Figure 4.12: Illustration of a frequency content of the output from pre-processing BPF
with f,=1000Hz
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Frequency content of output from pre-processing BPF
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Figure 4.13: Illustration of a frequency content of the output from pre-processing BPF
with f,=2000Hz

Fregiuency content of output from pre-processing BPF
E T

Amplitude in Yolts

“I - -
I:I L L L L

] 2000 4000 G000 2000 10000 12000
Time in Seconds

Figure 4.14: Illustration of a frequency content of the output from pre-processing BPF
with f,=3000Hz
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4.6 Results for output of artifact removal

Output of artifact removal
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Figure 4.15: Illustration of the output of artifact removal with f, =1000Hz
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Figure 4.16: Illustration of the output of artifact removal with f, =2000Hz
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Output of artifact removal
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Figure 4.17: Illustration of the output of artifact removal with f, =3000Hz

4.7 Results for frequency content of output of artifact removal

. irequency content of output after artifact removal
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Figure 4.18: Illustration of the frequency content of output of artifact removal with
f,=1000Hz
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. Irequency content of output after artifact removal
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Figure 4.19: Illustration of the frequency content of output of artifact removal with

/f1=2000Hz
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Figure 4.20: Illustration of the frequency content of output of artifact removal with
/,=3000Hz
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4.8 Results for the output of mid-processing BPF
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Figure 4.21: Illustration of the output of mid-processing BPF with f,=1000Hz
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Figure 4.22: Illustration of the output of mid-processing BPF with f,=2000Hz
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Output of mid-processing BPF
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Figure 4.23: Illustration of the output of mid-processing BPF with f,=3000Hz

4.9 Results for the frequency content of the output from mid-
processing BPF

Frequency content of output from mid-processing BPF
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Figure 4.24: Illustration of a frequency content of the output from mid-processing BPF
with f,=1000Hz
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Frequency content of output from mid-processing BPF
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Figure 4.25: Illustration of a frequency content of the output from mid-processing BPF
with f,=2000Hz
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Figure 4.26: Illustration of a frequency content of the output from mid-processing BPF
with f,=3000Hz
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4.10 Results for the output of DPOAE extraction

Output of DPOAE extraction
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Figure 4.27: Illustration of the output of DPOAE extraction with f,=1000Hz
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Figure 4.28: Illustration of the output of DPOAE extraction with f,=2000Hz
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Output of DPOAE extraction
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Figure 4.29: Illustration of the output of DPOAE extraction with f,=3000Hz

4.11 Results for the frequency content of output after DPOAE

extraction
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Figure 4.30: Illustration of the frequency content of output after DPOAE extraction with
/,=1000Hz
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Frequency content of output after DPOAE extraction
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Figure 4.31: Illustration of the frequency content of output after DPOAE extraction with
/,=2000Hz
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Figure 4.32: Illustration of the frequency content of output after DPOAE extraction with
/,=3000Hz

4.12 Results for DPOAE after post-processing
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10 DPOAE after post-processing
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Figure 4.33: Illustration of the DPOAE after post-processing with f,=1000Hz
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Figure 4.34: Illustration of the DPOAE after post-processing with f,=2000Hz
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107 DPOAE after post-processing
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Figure 4.35: Illustration of the DPOAE after post-processing with f,=3000Hz

4.13 Results for the frequency content DPOAE after post-
processing

Figure 4.36:
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[lustration of the frequency content of DPOAE after post processing with
f,=1000Hz
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Frgguency content of DPOAE after post processing
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Figure 4.37: Illustration of the frequency content of DPOAE after post processing with
/,=2000Hz
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Figure 4.38: Illustration of the frequency content of DPOAE after post processing with
/,=3000Hz

4.14 Results for the DPOAE level after post-processing
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10® ~ DPOAE level after post-processing
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Figure 4.39: Illustration of the DPOAE level after post-processing with f, =1000Hz
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Figure 4.40: Illustration of the DPOAE level after post-processing with f,=2000Hz
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Figure 4.41: Illustration of the DPOAE level after post-processing with f,=3000Hz

Table 4.1: Frequency Change And Random Constant Phases

F, F, F,= deltal delta2 deltad
in in 2*F1-F2 in
Hz Hz Hz
1000 1200 800 2.2171 5.1093 0.0620
2000 2400 1600 2.5778 5.6150 0.3637
3000 3600 2400 2.5491 5.8777 5.7611
Table 4.2: Frequency Change And Constant Random Phase
Desired Extraction Constant Random Phase uand 4,
Frequency(F , ) in Hz Delta (0)
50 1.4523 20
100 5.9698 20
150 5.1611 20
150 3.8129 200

MATLAB provides evidence of the successful implementation of the DPOAE estimation
algorithm in the form of a discrete system. The noise floor was raised significantly, and

the performance at each stage was obtained. In this set of plots a relatively high noise

65



floor of about 15 to 20 dB is introduced to the input signal (the DPOAE signal and the

primaries are kept the same).

Similar results in each version of the proposed DPOAE estimation algorithm. The small
differences can be attributed to the stochastic nature of the large amounts of noise
present. The proposed DPOAE estimation algorithm is robust when implemented using

MATLAB simulation and immune to noise.

The MATLAB implementation of the proposed DPOAE estimation technique provides a
means of evaluating the real-time implementation. Doing so will allow a more modular

design, and in turn, easier debugging of the real-time DSP implementation.

As observed from figure 4.39, 4.40 and 4.41,the distortion increases as f, is changed
from 2000 Hz [ f, is supposed to be a constant].From table 4.2, it is observed that
maximum O value is obtained when g, and u, are 20 and F , is 100. The 0 value

decreases if the F ,, value or y, and u, values are changed.
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CHAPTER S
CONCLUSION AND FUTURE SCOPE

CONCLUSION

A method of measurement of DPOAE signal level employing a recently introduced
nonlinear adaptive signal processing technique is presented. Performance of the proposed
method is demonstrated using simulations in MATLAB. Using a nonlinear adaptive
algorithm as the basis for a proposed method of DPOAE estimation overcomes the
shortcomings of the DFT and other linear methods. The algorithm has a high level of
robustness, meaning it is extremely insensitive to changes in internal parameters and
external conditions. Also, the algorithm has a high noise immunity and a relatively fast
convergence speed. Combining the core algorithm with a few other signal processing
units, such as band-pass and low-pass filters, allows the proposed DPOAE estimation

process to quickly and accurately estimate DPOAE signals in noisy environments.

As already stated, the main features of the proposed method of DPOAE signal
measurement are its 1) structural simplicity, 2) high noise immunity and robustness, and
3) relatively high speed of convergence. Given the low complexity of the proposed
method, it requires low level of computational resources, which in turn translates into less
expensive equipment. High noise immunity and robustness of the proposed method
render it suitable for practical applications. High speed of convergence of the proposed

method is useful in reducing the time taken to perform the test.

FUTURE SCOPE

DPOAE estimation simulation has been done. The hardware implementation of this can
be carried out. The comparison of the software simulations presented and the hardware

results can be done.
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