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Abstract

Acoustic signal processing is a discipline dealing with the information extracted from sound

signals with applications in industry, entertainment areas etc.

Two experimental configurations concerning real-time acoustic signal processing are
developed for: voice manipulation and machine fault diagnosis, which share the same

experimental equipment and signal processing software.

First experimental study is based on the voice manipulation technique in a subject-in-the-
loop configuration. A human voice was altered and fed back to the human subject in a signal
manipulation process. The experimental setup validity was verified and real-time

applications were achieved.

Second experiment was conducted on a drive-motor-system to detect the fixture fault
conditions due to loose bolts. An object-in-the-loop fault diagnosis system was developed
using the acoustic signals acquired from loose/healthy conditions. The result presents that
the loose versus healthy conditions can be identified in real-time. The numerical result

illustrates the pattern of natural frequencies change under both conditions.
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1 Introduction

1.1 Introduction

Sound is omnipresent in this world: music from the radio, lectures given by the professor,
vibration noise from the car, slight hum from our computer CPU fans, or even sound of air
flowing through a vent etc. According to American Heritage Dictionary of the English
Language, sound is defined as a travelling wave that is an oscillation of pressure passing
through a solid, liquid or gas medium, which stays in the range of hearing frequency from
20Hz to 20,000Hz, or the sensation stimulated in organs of hearing by such vibration. [1]The
oscillation of sound pressure comes from the change in an ambient pressure due to a sound
wave. The scientific study of sound properties helps us to visualize this abstract entity in

depth and more importantly, provides us with access to a large variety of applications.

In order to investigate sound, sensors such as a microphone are used to collect the acoustic
signal we are interested. The function of microphone is to produce an analog voltage output
dependent on a time-varying input of sound pressure. The analog voltage output, after

analog-to-digital conversion, can be processed into a digital form by a computer.

The digital form of acoustic signal is represented either in time or in frequency domain, each
one in a specific way convenient to have a general picture of the sound. A plot that uses
sound pressure or sound power in a function of time is a time-domain representation, while
when using a function of frequency as independent variables, is known as frequency-domain
spectrum. A frequency domain representation is more intuitively interpretable for the
applications in this thesis as the mechanism of mammalian auditory system, especially the
cochlear, performs a type of spectrum analysis in converting vibrations of the eardrum into
neutral impulses, and therefore our auditory perception is based on the frequency domain
representation of sound. [2] A complete frequency domain representation is composed of a
magnitude spectrum and a phase spectrum. Due to the fact that phase spectrum is less

informative in our work, there is much less stress on it in this thesis.

The frequency domain representative of sound can be adopted for developing a broad range

of scientific applications such as voice training for actors or actresses who are supposed to

1



achieve a voice output different from the natural one, accent training for foreigners,

clinically diagnosis of laryngectomized patients or even pinpoint failures in machinery.

Two experimental configurations based on acoustic signal processing are introduced:
Subject-in-the-loop system and Object-in-the-loop system. Both share the same equipment

and sound signal processing software.

The subject-in-the-loop experimental setup contains a human subject in the loop, a
microphone, a pair of earphones and a computer. The human voice signal is picked up by
the microphone, digitized and transferred to the computer. MATLAB is used to achieve the
acquisition of voice signal and manipulation in MATLAB / SIMULINK environment.
Long-Term-Average-Spectrum (LTAS) is generated with customized codes for representing
the information of frequency-amplitude response. At the same time, the output of the analog
voice is fed back to human’s hears through the earphones to achieve modified voice
feedback and to test if we can obtain required new voice quality. The objective of this
configuration is to illustrate how we can achieve voice manipulation in a controllable
manner to enhance the voice mobility of human subjects. The experiment is conducted

under two set of configurations: formant manipulation and real-time application.

A fault diagnosis scheme, called object-in-the-loop, is proposed in the thesis as well. The
experimental configuration is composed of an object drive-motor-system, a DC power
source, a microphone and a computer. This system provides a path to visualize the normal
versus abnormal states of the rotating machine. Compared and analyzing the FFT spectrums
generated, the damaged from the undamaged conditions of the device can be distinguished.
The experimental results have been verified and improved by applying resonance tube
measuring technique as a part of the experimental configuration to acquire more accurate
and interpretable testing results. Therefore, the application of resonance tube measurement
has helped to complete the entire object-in-the-loop fault diagnosis configuration in real-
time. A simulation model of the drive-motor-system is also included in the thesis to
illustrate the change of structural natural frequencies as a result of the alteration number of

degrees of freedom (DOF).

1.2 Organization of the Thesis



In chapter 1, Introduction, organization and goal of the thesis are presented.

In chapter 2, literature review, focuses on acoustic signal processing and its related
algorithms as well as on the background information regarding acoustic applications. A next
section covers voice perception and acoustic faulty diagnosis issues used further in the

thesis.

In chapter 3, experimental apparatus and experimental procedures for the subject-in-the-

loop and object-in-the-loop are introduced.
In chapter 4, are presenting experimental results and discussion related to the experiments.
In chapter 5, Conclusions are presented.

References and Appendix are following after chapter 5.

1.3 Description of the Goal

Acoustic signal processing plays an important role in industrial applications, media and
entertainment business. Two experimental configurations were developed for carrying out

two important novel applications: voice training and acoustic failure detection in real-time.

According to previous studies, humans unconsciously compensate in changing their voice
when hearing their altered auditory voice feedbacks. Based on the principle, the thesis
introduces a voice feedback system accompanied by a formants manipulation method to
take advantage of this feature and to realize the goal of modifying the voice as required. The
voice feedback system is developed for people with professional training who can actually
retrain their voice to obtain a different voice quality. Running the audio processing program
in real-time is another challenge for the experimental setup development since most of real-
life communications take place with little or no latency. Most published papers emphasize
on the voice manipulation with professional software on dedicated analog or digital systems
and little has been mentioned regarding the use of a readily available PC running
MATLAB/SIUMLINK audio signal processing in real-time. This has been found to be an

interesting and important topic to cover in this thesis.



The second experimental system refers to a condition monitoring system that is able to
detect defects in a rotating system. The principle behind it is that any defects in a structure
would lead to the changes in the natural frequencies of it and these frequencies can be
captured by a microphone and processed to obtain a FFT spectrum. In this experiment, a
drive motor system is operated under both healthy and defective conditions with same
experimental setup. The objective is to differentiate the defective system from the healthy
one based on the analysis of frequency changing patterns using FFT spectrums, besides to

use the proposed resonance tube measurement to refine the existing experimental results.



2 Audio Signal Processing and Application

With the help of digital signal processing technique, signals can be acquired, processed,

displayed, analyzed and manipulated as needed.

An analog input signal need to be converted into its digital form to be used in a computer.
The function of an analog-to-digital converter is to convert a continuous signal into equally
time-based discrete signals. Sometimes, if output of a signal is required, a digital-to-analog

converter is a must for the process to be accomplished. [3]

Digital signals can be displayed in both time and frequency domain. Owing to the
mechanism of our auditory system and signal properties contained in the frequency domain,
the frequency representation is more useful. The transformation from time-domain to
frequency-domain is conducted by Discrete Fourier Transformation (DFT). The efficient

and fast algorithm of calculating DFT is Fast Fourier Transform (FFT), which only uses

N log N steps to solve the problem while conventionally N * steps is required.

2.1 Digital Signal Processing

Digital Signal Processing (DSP) is a subfield of signal processing to modify signals in the
digital domain to make them suitable for many purposes for real-world devices and
applications such as mobile phone, digital camera, DVD player, audio processing and laser
detection. Before a signal can be modulated, it has to go through a routine called

digitalization, an essential procedure to convert an analog signal into its digital form.

The following section will introduce two important conversions in DSP: analog to digital

conversion and time to frequency domain conversion.

2.1.1 Sampling

Most signals we confront are continuous, such as voice, microwave, laser beams etc. If these
continuous signals are acquired for a signal processing purpose, they have to be converted

into discrete digital forms to be processed by a computer or a digital device. An essential



procedure called digitalization is used to achieve this step. Digitalization of a signal is

divided into two steps: Sample-and-hold (S/H) and the quantization.

S/H is a process to keep an analog signal constant for a short duration of time before it
enters a subsequent system so that input value of the signal is stable enough to be accurately
used for a conversion. The comparison between an original analog signal (shown in Figure

2.1) and the signal after S/H. (Figure 2.2)
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Figure 2.1 Original Input Signal [4]
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Figure 2.2 the Signal after S/H [4]
The following step is termed as quantization, which converts a sequence of continuous
variables into digitized discrete signals as shown in Figure 2.3. A drawback of quantization
is that it generates quantization errors or quantization noise, as shown in Figure 2.4. The

errors are introduced due to the rounding errors between an input voltage value and an

output digitized value. For example, input voltage values for 3.4500 volts and 3.4504 volts
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will both be converted into digital number 3450. Quantization noise is uniformly distributed

between * % LSB (Least Significant Bit), with a mean of zero and a standard deviation of

Yz LSB . [4]
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Figure 2.3 Digitized signal [4]
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Figure 2.4 Quantization error [4]

2.2 Sampling Theorem

Sampling has a significant influence on signal content as it converts a continuous signal into
a discrete signal which has a limited bandwidth. An appropriate sampling should contain the
information that is able to reconstruct an original analog signal according to the chunk of

data from a digitized signal. However, if the frequency in a sampled data is altered aliasing



will result in some part of the signal getting folded back or aliased. Two examples illustrate
what is appropriate sampling. The continuous lines stand for the original analog inputs; the
squared dots are the samples. In the Figure 2.5, although the sample data are sparsely
distributed in the signal, the samples are still uniquely representing the original signal and
the signal information is adequate for reconstructing the original analog input, which is
defined as an appropriate sampling. However in the Figure 2.6, the sampled data totally lose
the original frequency rate and could be mistakenly interpreted as a sine wave of 0.05 Hz

frequency. Consequently, it is identified as an inappropriate sampling.

¢. Analog frequency = .31 of samphng rate

NANT
T IR

Time tor sample number)

Anplitule
o
-

Figure 2.5 Appropriate sampling [4]
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P mn me
uhnm 1
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il

Figure 2.6 Inappropriate sampling [4]



To avoid having an aliased signal, led sampling theorem, or Nyquist sampling theorem
require limit verification. The sample theorem points out that a continuous signal can be
properly sampled only if the frequency is within one-half of the sampling rate. For instance,
with a sample rate of 8000 samples/second, maximum frequency of the input signal should
be below 4000 Hz. Any frequencies above 4000 Hz will be aliased within 4000
samples/second which could possibly lead to the lost or distorted important information of

the input signal.

2.3 Discrete Fourier Transform (DFT)

Jean Baptiste Joseph Fourier, a French mathematician and physicist developed a
mathematical technique based on an algorithm that decomposes input signals into sinusoids
called Fourier analysis. [4] The reason of choosing decomposition of signals into sinusoids
over other signals representations is because of its sinusoidal fidelity. That means when an
input is formed of sinusoids, the output is guaranteed to be sinusoidal. Only the amplitude
and phases change while frequency and wave shape stay the same. [4] This feature makes it

simpler to interpret than the original analog signal.

Discrete Fourier Transform (DFT) is part of the Fourier analysis which deals with discrete
and finite-in-length digitized signals. DFT also called decomposition analysis or the forward
DFT is a procedure of calculating the frequency domain of a signal according to its
counterpart in time domain. The input sample number is usually taken as a number which is
positive and a power of 2, running from 32 to 406. It is owing to the binary form of the
digital data storage in the computer and the algorithm calculation requirement for the Fast

Fourier Transform (FFT).

DFT can be divided into real DFT and complex DFT. Real DFT deal with real numbers,
while complex DFT deals with complex numbers or real numbers. Real DFT converts an
input of N points signal into 2 output signals with N/2+1 sample points each, which are
noted as real part ReX[] and Imagery part ImX[]. Complex DFT transforms two N points
time domain signals into two N points frequency domain. Most of time, we only manage

complex number in DSP, therefore only complex DFT is introduced. DFT is an operation to



convert a sequence of finite data x,x,..x in time-domain into its frequency-domain
X.X,.X,.
The formula can be written as:

S —j2mkIN 2.1
X (k)= x(me™ " k=012..N -1

n=0
x(n): An input signal at time sample n, n is an integral n 2 0;
X(k): kth spectral sample;

N: Number of samples in the time-domain;

j =+/—1: Basis for complex number;

e= 1im(1+l)" =2.718...
n—yee n .

PP
e V : Primitive Nth root of unit;

Extensive use of Euler’s identity can be seen in the equation 2.2 to express sinusoids.
e’ =cos(x) + jsin(x) (2.2)

Writing in Polar form, we have:

A, =|X (k)| = JRe X (k)* + IMX (k)* 2.3)
@, = arctan IMX (k) 24)
Re X (k)

Formula of Inverse DFT can be expressed in 2.5, which can be used to reconstruct a

frequency domain signal back into its time-domain.
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'S 2.5
x(n) =%ZX(k)e’2’"”"N,k =0,1,2..N -1 (2:5)

n=0
DFT has following important properties:

Completeness: N dimension of samples in DFT has N dimension of samples in IDFT:
Transform:c" — C"
Periodicity: periodic sample with period N:

- %’(kmm N-l j%kn (2.6)

N-1 —
Xk+N :Z‘xne :ane =Xk

n=0 n=0

2.4 Fast Fourier Transform (FFT)

Fast Fourier Transform (FFT) is the fastest and most efficient algorithm to calculate DFT
and is widely applied in the commercial spectrum analysis and computer-based applications
such as signal process and analysis, device detection and adjustment, machine diagnosis and

protection. [5]

Brief history background of FFT: J.W. Cooley and J.W. Tukey published the initial paper
in the field “An algorithm for the machine calculation of complex Fourier Series”. Although
a century earlier, German mathematician Karl Friedrich Gauss had used the method; he did
not put it into practical use because at that time, there was no digital computation system to

solve this problem. [4]

In the next section we will talk about how FFT works and the mathematical algorithms

behind it:

First of all, a N-sample-point-time-domain signal is broken into N time-domain signals each
contain one sample point by using interlaced decomposition method. Log,N steps are

needed for the decomposition. FFT time-domain decomposition often needs to be treated by

11



bit-a-reversal sorting algorithm, which rearranges an order of N time-domain samples by

counting in binary with the bits flipped left for right. [4]

Second step is to calculate the frequency spectrum corresponding to each time-domain
point. All the frequency-domain spectrums are added up in a reverse order that the time

domain decomposition had happened to form a complete frequency spectrum.
Mathematically FFT algorithm can be expressed as follows:
Given x[n] can be divided into even a[n] odd and b[n]:
aln]=x[2n],n=0,1..N/2-1 (2.7)
bln]=x{2n+1],n=0,1.N/2-1 (2.8)
We can compute N/2 points of a[n] and b[n] in equation 2.1, therefore:

N/2-1 29
A = Y a[n]e” NP k=0,1..N/2-1 29

n=0

N/2-1 2.10
B, = Y blnle”™"™'? k=0,1..N/2-1 19

n=0

And combine them into the equation, we can acquire x(k) :
x(k)=A, +WyB,,k=0,1..N/2-1 (2.11)
x(k)=A, ~WyB,~N/2,k=N/2,N/2+1,..N -1 (2.12)

Following procedure showing how can we obtain x(k),k =0,1,..N/2-1

k & —J2mk/(N/2) kle_l —J2mk/(N/2) (213)
A +WyB, = Y alnle”’ +Wy > blnle™
n=0 n=0
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N/2-1 N/2-1

Za[nWA’,"/‘Z + Zb[n]W;W,g’;2
= n=0 n=0

Because

nk _ —j2mkKNI2) _ (=j2xIN)2nk _ yxr2nk
Wy,,=e =e =Wy

Therefore, the equation becomes:

N/2-1 N/2-1
2
D alnWy™ + D bn]WyW™
n= n=0
N/2-1 N/2-1

— Za[n]WNan + zb[n]WA(IZWH)k
n=0 n=0

According to (2.7) and (2.8)

N/2-1 N/2-1
= > x2nWy™ + > x2n+ 1w
n=0 n=0

(2.14)

(2.15)

(2.16)

(2.17)

(2.18)

The equation is combined of even points (first half) and odd points (second half).

Comparing with the original equation (2.1) similarity can be found in the equation we have

in half of the range.

Let us assume our total points is N/2-1, therefore, we can place z

And place 2n and 2n+1 by n

even?®

the original equation becomes:

N-1

N-1
k k
Z 'x[neven 1\7 + Z x[nodd ]WI\';
n=0

n=0

13

N-1
by >, while N=N/2,
n=0

n,, » which is divided into odd and even points therefore,

(2.19)



2.5 Windows

Audio signal is quasi-stationary that may vary within milliseconds or stay constant for a few
milliseconds. Therefore, a window function is needed to choose a period of time to keep it
constant for analysis. Nevertheless, window function is a compromise between spectral and
temporal resolution. A long window provides high spectral resolution but lowers temporal

resolution. [6]

Leakage (smearing) is the problem we have to face in the process of FFT calculation. It
leads to the signal energy dispersing out of a narrow band frequency range, which blurs the
amplitude, frequency and overall shape of a signal. The reason why Leakage happens is due
to the edge effects from FFT calculation: FFT only picks finite samples of data out of a
continuous input signal and assumes they are periodic and endpoints are connected. This
gives rise to the problem when dealing with finite samples of data because it results in a
truncated waveform which is disconnected at certain endpoints, see Figure 2.7. In order to

eliminate disconnections, window functions are introduced to solve this problem. See Figure

AVAVAVIAY,

Figure 2.7 Disconnected at the Endpoints [4]

VAVAVWAYAWAY

Figure 2.8 Continuous Waveform after applying Window [4]

Window builds an input time signal into a bell shaped curve on the time-domain spectrum,
which start and end at zero, big arc in the middle. Different windows have different width
for the curve in the time domain. See Figure 2.9. When the window function is applied in
the frequency domain, it consists of a major peak and different small peaks called side lobs.

See Figure 2.10.
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An ideal window function is the one with low side lobs that can be effective in reducing
leakage and narrow major peak that can catch spectral details. However, practically there is
always a compromise between both. A disadvantage of window function is that it attenuates
beginning and ending of a signal curve so that averages out the whole spectrum. In order to

receive a more statistical accurate spectrum, increasing of sampling time is needed. [7]
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Figure 2.9 Windows in time domain [8]
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Figure 2.10 Windows in frequency domain [8]

It is difficult to conclude which window is better than another because different purposes are
served in different applications. Most common windows used these days are Hanning,
Hamming, Blackman, Flattop and etc. The following

Table 2.1 shows how to choose windows for different applications
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According to previous study, Hamming window is the most popular one for voice analysis.

Mathematical function of Hamming window is:

o(n) = 0.54—0.46c0s(2n N” ) (2.20)

And Hanning window is good at discerning signals near in frequencies and noise
measurement because it has better frequency resolution and moderate side lobes which will

not place problems in the accuracy of a spectrum. [8][9]

Algorithm of Hanning window is expressed as:

axXn) = 0.5[1—cos(27z‘%)],0 <n<N 2.21)
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Type of Signal

Window

Transients whose duration is shorter than the
length of the window

Rectangular

Transients whose duration is longer than the
length of the window

Exponential, Hanning

General-purpose applications

Hanning

Spectral analysis (frequency-response
measurements)

Rectangular (for pseudorandom
excitation) Hanning ( for random
excitation)

Separation of two tones with frequencies very
close to each other but with widely differing
amplitudes

Kaiser-Bessel

Separation of two tones with frequencies very Rectangular
close to each other but with almost equal

amplitudes

Accurate single-tone amplitude measurements Flat top
Sine wave or combination of sine waves Hanning
Sine wave and amplitude accuracy is important | Flat top
Narrowband random signal (vibration data) Hanning
Broadband random (white noise) Uniform

Closely spaced sine waves

Uniform, Hamming

Excitation signals (hammer blow) Force
Response signals Exponential
Unknown content Hanning

Table 2.1 Window Selection [8]

2.6 Voice Perception and Manipulation

2.6.1 Human Auditory and Voice Production System

Human ear is one of the most important and sensitive organ of entire body which has a wide
range of hearing response from 12 Hz to 20000 Hz. In order to have a better understanding

of how auditory system affects voice perception, we need to acquire some basic information

about how they work.
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The following including a brief description of the structure of our auditory system and how

we are able to capture sound. The structure of a human ear is shown below, see Figure 2.11

Outer ear Inner ear

Eardrum

Figure 2.11 Human Ear [10]

Our ear is composed of 3 parts: outer ear, middle ear and inner ear. The outer ear contains
Pinna and ear canal which is a tube of 0.5 mm in diameter and 3 cm in length. At the end of
inner side of ear channel is eardrum or tympanic membrane, the function of which is that it
vibrates when there is sound coming in. Middle ear consists of small bones called Ossicles
which begin where ear drum is and ends at oval window to transfer vibration. Opening into
the middle ear is the Inner ear, also called Cochlea. It is a liquid-filled tube; starts from the
oval window and coverts vibrations into neural impulse. About 1200 sensory cells on the
basilar membrane contained in the cochlea form cochlea nerve. When exposed to high
frequency, nerve cells are stimulated where the basilar membrane is more stiff which is the
part close to the oval windows. Vice-versa when it happens to the low frequency. This
feature makes the fibers in the cochlear nerve response to specific frequencies, which lead to
the perception of sound. [11] Next part let us have a look at how voice is produced, see

Figure 2.12.
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Figure 2.12 Voice Production Mechanism

Air pressure from the lungs, the diaphragm forms a steady air flow to the Larynx, windpipe
and back of the throat. Vocal folds in the Larynx vibrate the air generating sound waves.
Corresponding to the different conditions of the tongue, jaw, lips and speech organs,
resonances in the vocal tracts change the sound waves to form different formants of
frequency that is how different sound is made. Finally, voiced comes out from our mouth

and/or nose.

2.6.2 Long-Term-Average Spectrum (LTAS)

In order to adjust their voice as desired singers, actors, public speakers need auditory
feedbacks technology to help them to train their voice. In the past decades, an audio analysis
method, called long-term-average spectrum (LTAS), has played an important role in the
auditory feedback area and provides us with access to visualize and manipulate our own
voice. A number of previous research publications have employed LTAS to analysis normal

and impaired voice features. [12][13][14][15][16]

LTAS reveals the audio source and resonance characteristics of a signal, which help us to
see the average frequency distribution of sound energy in a continuous voice sample. [17]
The spectrum excludes pauses and voiceless segments before analyzing and averaging the
remaining discrete spectra by leveling out the short-term variations. The advantage of LTAS
is that it has direct physical interrelation about the location of the vocal tract resonances
therefore, is a complementary to audio analysis. [15] Averaging a long-duration signal can

be more accurate to allocate the right power to the frequencies. Additionally, noise-induced
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fluctuations can be reduced to a lower level. With the application of window functions,

LTAS becomes more accurate and favorable.

The algorithm of LTAS in MATLAB environment is established based on the Mean-Square
Spectrum (MSSpectrum) that gives intuitive voice information about a signal’s power
distribution in respect to frequency. Unlike Power Spectral Density (PSD) that peak stands
for the power in a frequency band in a spectrum, the peak in the MSSpectrum represents the
power at a given frequency. [18] Two estimation methods are employed to calculate

MSSpectrum: Periodogram and Welch, a modified Periodogram method.

Periodogram method computes an entire input signal at once, while Welch method breaks
an input signal into segments, computing a periodogram of each segment and then averages
them out to form a power spectrum. Periodogram estimation method is going to be applied

in the first experiment and therefore the algorithm will be stressed next.

The formula for the periodogram method can be written as:

|abs(X ()[* (2.22)
F.L

Periodogram =
X(k): DFT of the signal
F, : Signal sampling frequency

L: Length of the signal

In most cases, FFT is applied in the operation and usually the result is one-sided, that means
the negative side of frequencies are omitted. The calculation can be improved by applying
window function [19] and Hamming window is most popular for the speech or singing
signal. One-sided Periodogram function with a Hamming window can be written as:

2 (2.23)
|X(k)| O<n<N

Periodogram = pra
1 n

2F,L— 0.54~-0.46cos(27—)
mas N

m: length of the hamming window, m=N+1
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2.6.3 Auditory Feedback Manipulation

Auditory feedback is a term that describes a cortical processing mechanism for voice
productions that occurs when a produced message is compared and verified with the
intended message while a speaker’s auditory system perceives their voice outputs. Auditory
feedback manipulation involves with altered auditory feedback which referring to the
alternations to recurrent auditory information. [20] Auditory feedback manipulation has been
of great importance in all sorts of applications from clinical to the laboratory-induced
function; from voice training for singer/ actors to the treatment of disorder of shuttering. [21]
Due to the adaptability of our human motor mechanism response to variance from internal
and external conditions, any changes in the auditory feedback can affect our voice

production system. [22] [23]

Typically, in an auditory feedback voice manipulation system input of a human voice that is
routed into a computer or a signal processor will be routed back to the human subject with
altered/non-altered auditory feedbacks (NAF) as the output. The relationship between input
and output of an acoustic signal is called transfer function. Auditory feedback is a function
of magnitude and phase of the signal; however, only frequencies that are reinforced as they
traverse the loop will be adopted as feedback. [24] Masking auditory feedback (MAF),
delayed auditory feedback (DAF) and frequency-altered feedback (FAF) are 3 common

forms of auditory feedback alternations. [25]

When an auditory feedback is altered, a human subject changes his voice to compensate for
the changes in the voice. The compensation is only related to the perturbation magnitude;
therefore, it is a part of a control system that we can use to manipulate people’s voice.
Biologically, auditory feedback stimulates our neural mechanics, which has impact on our
sensory feedback. [26] The feedback offers a means to alter source characteristics, pitch and

the vocal tract transfer function, formant frequencies. [27]

In order to facilitate the voice training for singers, actors or public speakers, studies have
been conducted based on the manipulation of formant frequencies, called formant
manipulation, to enhance the mobility of voice formants. As an alternative to the traditional

voice training method, a human based closed-loop control system used for voice
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manipulation technique has been generated. In this case, the human subject is an audio
signal generator, whose voice is picked up by a microphone that is connected to a computer
that processes acoustic signals. The output of filtered signals from the computer is fed back
to the subject through a loudspeaker or earphone. The audio manipulation system assists us
also in determining if filtered auditory feedback is helpful to facilitate the subject who has
no voice training background to produce different voice qualities. The configuration of the
audio manipulation mechanism is shown in the Figure 2.13. An analog voice signal is going
through different frequency manipulations, filters are applied to the voice signal to adjust to

the voice signal as desired.

Subject Microphone Computer

h 4

»

A

Headphones |,

Figure 2.13 Audio Manipulation Mechanism Diagram

2.7 Acoustic Analysis for Fault Diagnosis of Vibro-acoustic System

The same equipment shown in the Figure 2.13 and the same signal processing program can
be used for the case when the subject is replaced by an object that generates vibro-acoustic
signals. In the service life of rotating machinery like automotive, rolling mills, acronautical,
inevitably occurs the deterioration from loose mechanical fixtures, cracks in structure,
environment erosion, long running hours due to the heavy production requirements etc.
Failures of machinery could cause dramatic loss for the economy or catastrophic effects on
human life and. Therefore, great consideration has been given to pr;fént and detect failures

in structures and in moving mechanical parts. [28] Several non-destructive test methods

have been proposed based on acoustic signals, vibrations signals, ultrasonic, thermal field
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etc. The justification is that local damage changes the acoustic characteristic of a system

and, by examining the processed data, we will be able to identify to the faulty parts. [29]

2.7.1 Vibration

Vibration is one of the most common oscillatory movements in high-speed running cars,
manufacturing machine-tools, industrial motors etc. Vibration can be classified as free
vibration and forced vibration. Free vibrations are defined as the vibrations coming from the
system itself with no external and a free vibration system has its own natural frequencies.
Forced vibrations are driven by external forces. When the excitation is oscillator the affected
system is forced to vibrate at the same frequency as the excitation. When the frequency
coincides with one of the system’s natural frequencies, large oscillations occur, i.e.
resonance. Resonance can be stimulated by harmonic excitations from unbalance in a
rotating device, force produced by a reciprocating machine, or the motion of a machine
itself. [30] Resonance can be catastrophic to the structure, and sometimes can destroy the
whole structure causing tremendous economic catastrophe as recalling of the collapse of

Tacoma narrow bridge (1940).

Resonance can be reduced by adding damping system to lessen the vibration level. We can,
however, take advantage of the resonance to use in machinery fault diagnosis technology.
Given the natural frequencies of a system, we can manually add excitation frequency as
equal or close to one of the natural frequency to create resonance. By using proper
measuring equipments, a small defect can be detected in a more efficient manner owing to
the amplified changes in amplitude and the shift of natural frequencies locations due to the
defects. [30] The function of creating resonance in a system works the same way as a zoom
function in a camera or a microscope that helps us to “see” better the situation. For example,
a drive motor can be used an excitation drive; the vibration of the system can be transmitted
through its structure and the structure itself has numerous natural/resonance frequencies. If
motor’s frequency matches one of the structural resonant frequencies, a stronger vibration
occurs. Any defects under this situation will also be magnified and therefore easier to be

perceived. [31]

2.7.2 Fault Diagnosis Technology
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Fault diagnosis technique has been significantly progressed with the advancement of signal
processing technique and algorithm in the last two decades, most popular signal processing
methods are FEA and FFT, more advanced technique are Pattern Recognition, neutral/fuzzy

system, wavelet transform etc. [32]

The fundamental basis for using fault diagnosis lies in that any defects in a structure lead to
the changes in the modal parameters. Changes in the modal parameters vary from point to
point, as well as to the differences of the locations and severity of the damage. Modal
parameters can be determined by using transducers, such as a microphone or an
accelerometer in a dynamic test. During the test signals are sent to a computer or signal
analyzer to obtain a spectrum for analysis. According to some published research, damages
or deterioration in a structure can be detected when there are at least 5% of changes in the

frequency domain. [33]

Vibration analysis and acoustic analysis are two important fault detection methods, closely
related to each other. Vibration is macroscopic oscillation of a structure while sound is
microscopic oscillation of a substance. For example, vibration analysis results as a direct

study of a force applied on a body, while sound analysis results from its impact.

Acoustic signals contain significant information that can help to characterize the dynamic
behavior of a machine and it is closely associated with obtaining a sound spectrum from a
microphone or microphone arrays. Acquired sound spectrums permit to detect defects in
their early stage, which could save a company the cost of downtime of machinery. Previous
research indicates that frequency domain spectrum is better for defects detection than its
time-domain representation. The reasons are: 1. it is easy to recognize sound radiation in the
frequency domain as major peaks are frequently associated with the structure
resonant/natural frequencies or rotation speed etc. 2. Frequency analysis of machine
condition can give an earlier warning of the defects than in the time domain as faults usually
result in the change of vibration level in the frequency domain. While in the time domain,
the variation of the vibration level occurs only when the faults are so maturely developed

that they are destructive enough to affect the overall vibration level. [34]
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The acoustic analysis methodology is carried on by applying baseline sound spectrums that
are taken under well-defined operating system when a machine is running in healthy
condition. Using this spectrum sets as references to compare with other spectrums which are
running under similar operating system but in unhealthy conditions. The comparison is
completed on a logarithmic scale of the amplitude. The changes between 6-8dB are
considered as significant, while changes above 20 dB are considered as corresponding to a

seriously defective system. [35]

Two approaches have been used to introduce defects to a vibro-acoustic system to employ
the condition monitoring for fault diagnosis. First one is to run a system until failure occurs
and then monitor the changes. Second one is to manually introduce defects to the system
and measure the vibration response and to compare with the undamaged ones. First
approach is time-consuming and unrealistic for the practice use. The second one is relatively

flexible and controllable for the simulated defects we use in this thesis. [36]

2.7.3 Acoustic Signal Testing

A new non-destructive technology, called acoustic resonance testing, has proved to be an
effective and cost-friendly defect diagnosis method for quality assurance in the industrial
field. The test is based on the theory that a defective component changes the characteristic
of vibration patterns while acoustic signals are the precursors of the vibration. Through the
“communication” with the machinery, we will be able to differentiate the defective and
healthy condition by measuring the frequency response from the excited work-piece with

some appropriate sensors and devices.

Microphone is suitable for the measuring task in the environment without much background
noise and dusty [37] and is usually placed at the near-field of a target. The location of a
microphone has an important effect on the accuracy of data. Field points we choose for the
acoustic measurements should be both unique and complete. Uniqueness means that each
measurement point should contain the information that can be only obtained at this point
and it is different from other points. Problematic situation occurs when more than one point
contains the same information. This issue arises when we set points too close to each other

under similar conditions. Completeness means the captured information should be enough to
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represent the state of the object. This issue occurs when we separate points too far away

from each other, which leaves out important information which we need.[38]

In order to accurately differentiate different structural conditions such as healthy versus
unhealthy, we should let the object run in a reliable and consistent environment. Numerical
descriptions of the changes in the amplitude and frequency can be used as important criteria
to separate the healthy and unhealthy conditions. Amplitude can help us visualize the
severity of the vibration and frequency can help us decide the oscillation rate. Changes in
the following patterns can also be used to recognize defects: If the amplitude of curves has
increased or decreased; If the locations of frequencies have been shifted; If the distance

between resonances has changed; if there’s any splits in the resonance frequency. [37]

In order to obtain detailed and accurate diagnosis data, some other factors should be
considered as well. Diagnostic techniques using acoustic signals are efficient when the
sound pressure caused by the defect area is high. When the degree of the defects is light, the
changes in the frequencies cannot be detected by the microphone. As a result, purchasing
some high-resolution, high sensitivity microphone and reducing sound reflection and
perturbation form nearby surfaces should greatly improve the accuracy and success of test
results. Due to the fact that acoustic signals are picked up by a microphone, the background
noise could impact the sound generated from the device, therefore some effective filters

should be applied to decrease the effects from the noise. [39][40]
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3 Subject-in-the-loop Auditory Feedback Voice Manipulation

Experiment

Auditory feedback plays an important role in voice training for singers and public speakers
etc. Computer-based voice training technology can assist them to learn to take control of
their voice by using the knowledge of voice perception and manipulation in an adequate

setting.

In this section, an experimental setup for such voice training methodology called subject-in-
the-loop auditory feedback control system (Figure 3.1) will be demonstrated. Previous
studies show that speakers presented with auditory feedbacks containing a persistent shift of
the formant frequencies of their own voices adapting to the alternation by changing the
formants of their voices in the opposite direction of the shifts because of the mismatch
between the auditory expectation and auditory signal fed back to the subject. [41] By using
this knowledge, we should be able to increase our ability in the control of our own voice
through the auditory feedback manipulation. LTAS is an effective acoustic measurement
providing speech/singing voice spectra over time; by studying LTAS we can not only

recognize our own voice formant but manipulate it as desired.

Human Subject Microphone

M-audio Computer

Headphones

Figure 3.1 Subject-in-the-loop auditory feedback control system

The following experiment is based on the setup for voice training methodology in
conjunction with the applications of filters to achieve formant-frequency manipulation. The

experiment is divided into 2 steps, formant manipulation and real-time audio processing.

3.1 Experiment Procedure for Formant Manipulation
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The experiment takes place in the Dynamics and Control Laboratory in the University of
Ottawa. The voice signals are generated by a student with normal hearing condition. The
microphone is connected to a M-audio soundcard input jack. A pair of earphones is
connected to the output jack in the device. The M-audio is connected at the USB port on the
computer. The Latest M-audio soundcard driver is installed to guarantee the proper function
of M-audio. MATLAB from MATHWORK is installed on a desktop computer and Signal
Processing Blockset from the SIMULINK platform is used. The important Parameters of M-
audio and Microphone can be seen in the Appendix A. A customized Graphic User Interface

(GUI) is designed for the experiment (Figure 3.2), see Appendix B for the M code.

Figure 3.2 GUI for the Subject-in-the-loop experiment

Prior to any alternation of auditory feedback, a normal recording procedure is conducted
with a sample time of 30 seconds to determine the formants we need to manipulate in the
successive experiments by analyzing the LTAS of which. 3 blocks from the Signal
Processing blocksets are used: From Audio Device, To Audio Device, To Wave File. The
blocks are linked by the arrow-end line (Figure 3.3). 30 seconds of singing of an English

song is recorded and played back at the same time.
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The voice file in the format of .wmv is saved under C:\Documents and Settings\Grad
StudentWMy Documents\MATLAB. The Long-term-average-spectrum (LTAS) using
Periodogram estimation algorithm is applied to obtain the spectrum of the recording voice

by clicking View LTAS in the GUI panel.

From Audro To Audio
Device Device

P{ normal_recording wav

To Wave File

Figure 3.3 Blocks for normal recording

From the acquired LTAS, formant frequencies of interest can be determined to apply
formant frequency manipulation in conjunction of different filters to achieve the goal of
attaining desired voice characters. The Frequency-altered feedback (FAF) is simultaneously
fed back to the human object to validate the managed voice. At the same time, voice
manipulation purpose is achieved owing to the human object responses to the altered

auditory feedback by producing different voices as reflections.

Four types of response applied in the experiment with the realization of Equiripple Finite
Impulse Filter (FIR) are: low-pass, high-pass, band-pass and band-stop. The blocks (Figure
3.4) illustrate the voice manipulate scheme utilizing a low-pass High-Pass, band-pass and
band-stop voice manipulation schemes share the similar blocks as the low-pass except

substituting with its corresponding digital filter.
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Figure 3.4 Formant Manipulation scheme with low-pass response auditory feedback

A low-pass filter designed with equiripple FIR method is designed to pass all the
frequencies below a designated level while blocking all the frequencies above. Magnitude
response of the Low Pass filter can be seen in the Figure 3.5. High-pass response has the

opposite effect on the signal that is, blocking frequencies below the passing band.

dB).

Magrutude (dB)

Figure 3.5 Low-Pass filter magnitude response

Equiripple FIR band-pass filter allows all the frequencies in between two frequencies, that
is, passing band and stop band, to pass, while banning the other frequencies. Magnitude

Response is shown in Figure 3.6.
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Figure 3.6 Band-Pass filter magnitude response

3.2 Experiment Procedure for Real-time Audio Processing in MATLAB

3.2.1 Real-time technology

XxPC Target is one of the MATLAB platforms that allow us to run SIMULINK blocks in real
time. The technology is based on the communication between a host computer and a target
computer. Host computer, the “commander”, can be a desktop computer or a laptop that has
MATLAB software installed and with an Ethernet card supported by MATLAB. [42]Target
computer, the “executor”, can be any computer or device that has an Ethernet card
recognized by MATLAB. The Host-Target communication can be either by Network
communication or Serial communication. Considered data transferring speed, network
communication either by connection with a cross-over cable or fast LAN is more efficient
and favorable. The generated code of designed SIMULINK blocks by using Visual Basic as
a compiler in the Real-Time Workshop environment is transferred to a target computer

through a cross-over cable to be operated in real-time. [43]

Latency is one of the critical factors to evaluate voice training software’s practicality as
most of the voice analysis software we use today is in real time. However, how to
accomplish this in interactive software like MATLAB is not an easy task. The problem has
been investigated by several audio processing researchers who want to use MATLAB as the
interface. The main reason is as opening the MATLAB, all the functions related to the start-

up commands are called up, besides other Windows operating programs also running in the
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background, which significantly slows down the MATLAB running speed. What xPC
Target does is to separate SIMULINK from the MATLAB and the operating system to

avoid competing for the operation time in the Host computer.

This part of the experiment contributes to the real-time audio processing in MATLAB, of
interest in particular for those who work in audio DSP, as resulting from several papers

concerning this application in MATLAB.

3.2.2 Experiment procedure

Real-time audio processing procedure in MATLAB is similar to the previous stated. Instead
of using M-Audio as the voice input/output interface, PCI-6024e DAQ from National
instrument is used. The participant’s voice is transferred into electrical signals by the
Microphone we used for the last experiment. The input signals are digitized with 12-bits
precision using NI PCI-6024¢ DAQ. Real-time analysis and filtering of the voice are
accomplished in the xPC Target interface of MATLAB. NAF and FAF are routed back to
the human object from the output of the DAQ; see Figure 3.7 for the control system of real-

time Object-in-the-loop experiment.

Human Subject Microphone

NI
PCI-6024e

Computer

Headphones

Figure 3.7 Real-time object-in-the-loop feedback control system

MATLAB offers us three options to achieve real-time applications with xPC Target, real-
time workshop and real-time workshop embedded code. The real-time object-in-the-loop
experiment is conducted under xPC Target module in the Dynamics and Control Lab at
University of Ottawa, with a Host laptop, a Target desktop, PCI-6024e DAQ from National
Instruments, a microphone and connecting cables. No detectable background noise is noticed
during the experiments. The experimental procedure and setup of xPC Target are shown as

follows:
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Step 1, connecting the host computer and the target computer. The host computer is a HP
laptop with Ethernet card Realtek RT 8101E Family PCI-E Fast Ethernet NIC and has
MATLAB installed. The Target computer is a Dell desktop with Ethernet card Inter(R)
Pro/100M Desktop Adapter with NI PCI-6024e DAQ installed. Two computers are

connected by a Crossover cable CAT-6.

Step 2, assigning TCP/IP protocols to both computers. The host computer’s TCP/IP:
192.168.1.120 with subnet 255.255.255.0. The target computer’s TCP/IP: 192.168.1.119
with subnet: 255.255.255.0.

Step 3, starting MATLAB. In the command line typing in xpcexplr, a XPC Target Explorer

window should appear. Selecting a correct path for the compiler, see Figure 3.8

In the communication protocol under Target PC1, filling in the following the data, see

Figure 3.9.

Choosing Network Boot; Creating Boot image and rebooting the target computer, see Figure

3.10

¢ APC Target Explorer

Flg - = ¢ Tools Help
i

¥PC Target Hierarchy Host PC Root Compilsr Configuration
- 24 Host PC Root o
Compllerds] Coviguation Select C compller VisualC I
[?g] DLM(s) C“\Documents and 5
* TargetPC1 Compler Path L \Program Files\Microsoft Visual Studio 90 Browse §

| 3

Figure 3.8 Selecting a C compiler for the xPC Target

33


file:///Documents
file:///Program

i TargetPC1 Communication Component

Lommuiucation protocol

Huost target communication  {TCpAP

Tem e 4

Target PC TCP/IP conhguration
Target PC IP address

1921681119 TCP/IP target dnver W

TCPAP target port

BT T T o
TCPAP target 1SA memory g‘m —

TCPAP target bus {pu”

LAN subnet mask address
{255 255 255 0

TCPAP gateway address
{255 255 255 255 TCPAP target ISA IR number ?“““‘“3

Host port §' "“WWMTE Baud rate {mm“w“‘m:;g

Figure 3.9 Target PC communication window

TargetPC1 Configuration

Boot Floppw ] CD Boot ] DOS Loader  Network Boot | Standaions }

¢ Create Network Boot immage and zelect the discovery mode for
the tasget PC

! IP Address 1921881 19

|
I
I
i Create Network Boot image No netwotk boot image found
i o
I
Target PC Ethernet Configuration

MAC Addiess Emply g

% Auto  [MAC Address wd be obtained next bme the target PC s restarted)
1 Marwa [Use the following MAC Address)

U O & I A

Figure 3.10 Creating network boot image

Step 4, the target computer looking for the right MAC address of the host computer that
contains boot image which should bring the target computer into the DOS interface with
xPC Target command, as shown in Figure 3.11. This means the Target boot is successfully

booted with the boot image.
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Figure 3.11 Target computer successfully boot with boot Image

A follow-up check of the configuration is required to examine the communication between

the Target computer and Host computer by typing xpctest in the commend line. MATLAB

starts to check the connection in 8 steps. If the communication is set correctly, it displays

Test Suite successfully finished in the commend line, see Figure 3.12.
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Figure 3.12 Communication test
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Step 5, connecting input to the analog input of the DAQ at Channel 7 and earphone sets to
the analog output at Channel 1, see Figure 3.13. The cable is connected to the microphone

via single-ended connection, as shown in Figure 3.14.

Figure 3.13 NI PCI-6024e DAQ I/O channel connection

Figure 3.14 Cable connection with the microphone

Step 6, building blocks in SIMULINK for real-time test. GAIN block needs to be added to
the blocks because the input voltage was below 0.005 volts so that it could not be captured
by as the analog output in the DAQ. The SIMULINK blocks are shown in Figure 3.15
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Figure 3.15 Real-time audio processing blocks

menu; connecting the host computer to the target and running the model.
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4 Object-in-the-loop Real-time Fault Diagnosis Experiment

In order to validate the correctness of the proposed method, a drive-motor-system running
under healthy and unhealthy conditions is analyzed in this experiment. FFT spectrums of the
acoustic signals are investigated to perform fault diagnosis. Post-diagnostic resonance tube
measurement method is applied to validate and improve the prior experimental result, and

therefore to complete the object-in-the-loop configuration.

The Acoustic signals are picked up by a microphone at 6 different spots close to the motor
case. The motor is operated at 10 different speeds. Acoustic signals are transferred to a
computer for the acoustic signal processing. Analysis is conducted on the acoustic
signatures output on the FFT spectrums. Sound pressure in magnitude and frequency are the
resulting values of the signals in the FFT spectrums. The difference shown in the baseline
spectrums and spectrums from the defective situations can be taken for the comparison

purpose for the detection of faults.

The Object-in-the-loop experiment requires 3 main steps: Data Acquisition, Feature
Extraction and Condition Identification. [44] In this experiment, data acquisition process
employed a unidirectional dynamic microphone to collect at different places the acoustic
signals radiated from the drive motor system. Feature extraction is achieved by utilizing Fast
Fourier Transform to obtain its signal patterns. Condition identification is carried out based

on the FFT spectrums to recognize the defective states.

A simple simulated model of the drive-motor-system is also presented for modal analysis in
ANSYS to illustrate the changes in the natural frequencies of the structure before and after

the structure contains defects.

4.1 Introduce of Experiment Apparatus
The experiment is implemented to demonstrate the practicality of utilizing a proposed fault

diagnosis system in real life. The completed experimental arrangement includes a

microphone, M-audio (as sound card), a high-end computer and an object drive-motor-
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system to generate acoustic signals. The object-in-the-loop control system is shown in

Figure 4.1

Drive Motor
System

—>1 Microphone M-Audio |—| Computer }—

Machine Fault Detection

Figure 4.1 Real-time object-in-the-loop configuration

The object drive-Motor-system is shown in Figure 4.2. The motor has a voltage supply from
0 to 12 volts, gear ratio of 75 to 1 and a variable speed from O to 3600 revolutions per
minute (rpm). The shaft connects with the wheel by a coupling to reduce transmission of
vibration from motor and misalignment. A hole with diameter 1 centimeter is introduced to
amplify the imbalance of the system. In order to let the structure realize free vibration, two

metal plates are extra added to support the structure.

Figure 4.2 Drive motor object

The DC power supply has a range of O to 25 volts and a level knob is used to adjust to the
required voltage for the experiment. Positive and negative voltages from the power supply

are transmitted to the motor through two wires, see Figure 4.3.
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Figure 4.3 DC power supply

A dynamic unidirectional microphone was used to convert sound energy into electrical
output. In order to reduce the near-field noise disturbance and improve its unidirectional
ability, it was wrapped around with a thick layer of foam, which is a sound absorbing

material, and is taped to reinforce it, as shown in Figure 4.4.

A

Figure 4.4 Microphone with the sound absorbing material

In order to reduce the surrounding noise, reflections and stray radiations from other subjects
in the lab, the drive-motor-system is placed in a cardboard box (as seen in Figure 4.5) to
increase the determination of defects. [36][45] Sufficient space is left in the chamber for the

system to operate freely.
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Figure 4.5 Sound-proof chamber

Resonance tube is used to validate the correctness of the prior test results and improve the
experimental scheme. The tube we use for the experiment is made of Aluminum 24.6cm
long and has a diameter of 3.2cm. One end of the tube is attached to the microphone
(bonded by the thick tape) and another end is placed at where the measurement points are,

therefore it is a half-open-half-close tube, see Figure 4.6.

Figure 4.6 Resonance Tube

The resonance of the tube is calculated by: [46]
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_ Vi (4.1)
/=4 L+04D)

v =331.13 |1+ —L
273.15

L: Length of the resonance tube. L=24.6 cm
D: Diameter of the resonance tube. D=3.2 cm

T: Temperature of the experiment environment. T=18 Celsius degree

4.2 Procedure of the Object-in-the-loop Experiment

Health condition of the system is defined by the tightness of the bolts on the front panel.
Defects are manually introduced by setting the bolts loose on the front panel. The structure is

fixed to a heavy table. There is no audible noise detected during the experiment.

The test is initially operated under a healthy condition that is, setting all the bolts tight,
Figure 4.7. The starting speed is set at 600 rpm. In order to obtain accurate acoustic results

and to see how speed is going to affect them, the test uses speeds of 600 rpm to 3300 rpm,

which correspond to the increase of voltage by 1 volt steps up to 11 volts.

Figure 4.7 Tight bolts on the front panel
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Six acoustic signals are sampled separately as seen in the Figure 4.8, using a microphone 0.5
cm away from the structure. At the beginning of each set of the experiments, the motor is

settled by running for 5§ minutes waiting to reach its stable condition.

Figure 4.8 Sampling locations

Motor’s speed in revolutions per minute (rpm) is calculated according to its driven shaft

speed. Measured driven shaft speed and its corresponding motor speed are shown in the

Table 4.1.
Measured DATA
Voltage Shaft Rotating Speed Corresponding Motor Rotating
(volts) (rpm) Speed (rpm)/(Hz)

2 8 600/10

3 10 750/12.5

4 14 1050/17.5

5 18 1350/22.5

6 24 1800/30

7 28 2100/35

8 32 2400/40

9 36 2700/45

10 40 3000/50

11 44 3300/55

Table 4.1 Measured Shaft Speed and its corresponding Motor Speed
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Previous study on rotating machinery indicates that for proper measuring results, a
minimum of 6 to 10 revolutions of the shaft under observation are needed for the accuracy

of the test results. [47]
The sample time is given by

60 - n(neededrevolutionsofshaft) 4.1
rpmofthemotor

SampletimeT (seconds) =

According to this equation, 5 seconds is chosen for the measurement time of the experiment.

The measured acoustic signals are transmitted to the computer. Fast Fourier Transform
(FFT) is performed on every single input signal. Hanning window is applied to shape up the
spectrum to reduce the effect of smear before the signals are processed by FFT. Generated
FFT spectrums from the healthy condition are then used as baseline spectrums to be
compared with the ones collected from the defective systems. The FFT plots are

accomplished by use MATLAB code given in the Appendix C.

Defects are manually introduced to the structure by loosing up the bolts on the front panel as
seen in the Figure 4.9 where four bolts are set loose to initiate a defective structure. Data

acquisition procedure is as the previous one.

Figure 4.9 Loose bolts on the front panel

In order to examine if the degree of failures could also be detected from the acoustic
analysis, looser bolts are considered for the completion of the experimental scheme as seen

in Figure 4.10.
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Figure 4.10 Looser bolts on the front panel

Test results are generated and collected in the MATLAB with different health conditions of
the system running at the same speed on the same plot. The FFT spectrums are used for the

fault identification and for the following resonant tube measurement.

Only the resonant frequencies are at or close to the resonance tube’s frequency can be
qualified for the resonance tube testing. According to the dimensions of the tube, the
resonance frequency can be calculated and then comparing with the resonance frequencies
from the obtained FFT spectrums to determine which set(s) of speed of the motor structure
is/are eligible for the test. The procedure for the resonance tube measurement shares the

same as the prior testing.

4.3 FEA Simulation Method

A simulated model of the drive motor system is considered here as shown in Figure 4.11.
The purpose is to illustrate how Finite Element Analysis (FEA) method can be used to
determine the natural frequencies of a given structure and if the constraints corresponding to
the defective components in the motor system could affect the structure’s natural

frequencies.
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Figure 4.11 Modeling of the drive motor system
Four element types are used: Solid 45, Shell 63, Shell 43 and Shell 181, chosen for the
model. The material models are set according to the material Poisson Rate, density and

volume. In a healthy condition analysis, the connection areas have full degree of freedom

(DOF), as seen in Figure 4.12

Figure 4.12 Bolts area applying with full DOF after mesh

Defective condition of the drive motor system is reflected on the FEA model by setting z
direction free in the displacement and rotation. Modal Analysis is adopted for the structural
analysis method. 10 modes are chosen to be extracted for the analysis using Black Lancozs

methods.
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5 Results and Discussion

5.1 Results and Discussion for the Subject-in-the-loop Experiment

The configuration of subject-in-the-loop experiment is designed for the voice training

purpose. Previous studies show that humans subconsciously change their voice according to

the auditory feedbacks. The configuration is based on the principle in conjunction with

filters to achieve the goal of voice manipulation. NAF and FAF are under analysis in the

form of LTAS,

researches.

a popular speech/singing signal representative used in the acoustic

30 seconds of normal recording voice in LTAS can be seen in the Figure 5.1 obvious

formants are noticed from the spectrum, first formant ( F,,) happens at 89 Hz, F, at 354 Hz,

F,at 697 Hz, F,at 1057 Hz. Each formants stand for the pitches in the voice.
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Figure 5.1 LTAS from normal recording

Formant at 697 Hz with a bandwidth of 115 Hz (from 646 Hz to 761 Hz) were selected for

the target frequencies because it’s dominant role in the LTAS up to 2000 Hz
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The experimental result applied with the low-pass filter can be seen in the Figure 5.2. Stop

frequency was chosen at 761 Hz, which blocked all the frequencies above 761 Hz. The

voice was guttural and aphonic and content of the voice cannot be heard clearly.

Power (dB)

Pencdogram Mean Squars Spectrum Estimate

Frequency (kHz)

Figure 5.2 LTAS of low-pass response auditory feedback

In the High-pass response auditory feedback experiment, pass frequency was set at 761Hz.

See Figure 5.3. Voice is high-pitched in this case. The content of the recorded voice can be

perceived clearly but not pleasant because the voice sounds squeaky and twangy.
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Lkl i Li
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Figure 5.3 LTAS of high-pass response auditory feedback
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In the band-pass response auditory feedback experiment, only frequencies range from
646Hz to 761Hz were allowed to pass, see Figure 5.4The voice is barely recognizable from

the recorded file, which is very hollow and resonant.
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Figure 5.4 LTAS of band-pass response auditory feedback

In the band-stop response auditory feedback experiment, frequencies from 464 Hz to 761 Hz
were filtered out. See Figure 5.5. The voice is most similar to the original voice, clear and

pleasant.
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Figure 5.5 LTAS of band-stop response auditory feedback

With the help of the xPC Target, we were able to achieve the goal of real-time audio
processing in this experiment. There was no latency in the audio input and output process.
The FFT spectrums in the magnitude and angle are shown as Figure 5.6. Formant
manipulations with filters were running in real time during the entire process. However the

voice quality was not as satisfactory as what we had obtained in the previous experiment.

Figure 5.6 FFT in magnitude and angle
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The Figure 5.7 illustrates the latency improvement concerning the audio record/playback
processing in the xPC Target environment and SIMULINK environment. From the
Figure.13, under xPC Target environment, the audio processing was 22338 samples ahead
of that under SIMULINK environment, which is 456 mseconds faster compared to the

SIMULINK’s. As a result, xPC Target greatly improve the audio processing speed.

Simulated Real ime )P C Audio Processing g

if HI‘]
RhIA ‘Ml.

il
R i TR

Figure 5.7 Delay improvement comparison: XxPC Target Vs SIMULINK

The subject-in-the-loop experiment configurations are designed for the voice training
purpose based on the human’s auditory reflections to the voice feedback. The designed
scheme for voice manipulation is for the goal of achieving activity control our voice in a
controlled manner based on the auditory feedback knowledge we mentioned early. Such
voice manipulation method can be used for voice training of acting, singing, public
addressing etc. 4 kinds of filters were implemented in the experiment to illustrate the
functionality of the scheme in creating desired voice characters. In addition, the
configuration can be used for the speech analysis, synthesis and recognition purpose as well
as for the voice formant studies, moreover, in the prediction of the speaker’s emotional and
psychological state. However, a noticeable delay was detected throughout the entire
experiment process, which greatly affected the auditory feedback speed and quality.
Numerous methods in accelerating SIMULINK operating speed have been tried, such as
resetting SIMULINK configuration, refiguring computer’s operating environment, adding a

RT block to the designed blocks, applying Data Acquisition blockset of MATLAB etc.
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nevertheless, none of them could really achieve real-time application. Obvious latency

existed more or less.

xPC Target / MATLAB is a milestone technique for the accomplishment of running
SIMULINK in real-time. Nevertheless, the same blocks used for voice manipulation cannot
be operated under xPC Target due to the incompatibility of the audio library in MATLAB.
As the solution, Data Acquisition Board (DAQ) NI PCI-6024e was applied. Compared with
NI PCI-6024e, M-audio, used for the voice manipulation experiment, has 24bits of precision
and 44100 maximum of sample rate which is an excellent choice for the audio processing.
However, due to the limitation of the MATLAB functionality, M-audio could not be
recognized as a DAQ, instead a low-cost NI PCI-6024e with self limits of 12 bits of analog
input and out precision was chosen to achieve real-time operation at the cost of losing
satisfactory sound quality. Additionally, owing the connection between microphone and
analog input jack, system noise was noticed, yet which was greatly reduced by applying a

low-pass filter.

A real-life voice training technology requires high quality of voice and low latency in audio
processing, which can be achieved by either developing our own program or if, it is a
requirement for using MATLAB, a high-end DAQ board or installing WaveWarp from the
MATLAB company is essential for achieving such goal. As for the practicability of the
voice perception configuration which will be long-term goal to test, therefore we are not

able to show the final result in this paper.

5.2 Result and Discussion for the Objective-in-the-loop Experiment

The purpose of the object-in-the-loop experimental setup is to achieve condition monitoring
and fault diagnosis in real-time for the drive-motor-system by examining the FFT
spectrums. Initial experiment was conducted under undamaged condition and the FFT
spectrums were saved as the baselines to compare with the acoustic signatures from the
other two defective conditions. Resonance tube measurement method was applied to
improve the accuracy of the measured results, consequently to bring to the completion of the

experimental scheme.
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Defects were intentionally introduced to the system by setting loose the bolts to study how
impaired structure would affect the spectrums for these conditions. The experiments were
carried out for 10 different speeds, from 600rpm up to 3300rpm. The acoustic samples were
collected at 6 different spots on the motor case, shown on the Figure 4.8, for the sound

sources near the structure linking the motor to a base.

5.2.1 Pre-experiment Hypothesis

Pre-experiment hypothesis for the drive-motor system was that at the free end of the motor,
point 1, shown on Figure 4.8, would occur the largest vibration. We assumed that the motor
was a practically rigid body so that the vibration distributed on the motor was proportional
at the linear distance. Therefore, compared to point 1, at point 2, a lower overall vibration
amplitude would result. Point 3 and point 6 were firm bolted to the structure; therefore, not
much vibration should be seen. However due to the special location of which, some
defective acoustic signatures could appear. Point 4 and 5 were at symmetric sides, one
relative to the other, and the test result should be similar. The connectivity of the bolts to the
frame was very significant and no obvious vibration changes were discerned in the

experiment.

5.2.2 Experimental Result and Discussion

A drive-motor system has been chosen to demonstrate the diagnosis of faults. The
experiment reveals the acoustic variations in the frequency spectrums as a function of the
different structure conditions. Amplitude shift and resonance frequency shift are among the
most distinctive features that enable faulty diagnosis. Detailed experimental results are

given in the Appendix D.

Each set FFT spectrum contains 3 different conditions of the structure, healthy conditions
(green lines), loose-bolts conditions (blue lines) and looser-bolt conditions (red lines)
running at the same speed. Owing to the diagnostic ability of the proposed acoustic signal
measurement method, the frequency range of the figures was set up to 3000Hz to achieve

the best diagnostic result.
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Acoustic samples taken at point 1 (see Figure 4.8) show apparent overall amplitudes

changes due to the vibration changes under different conditions, as seen in the Figure 5.8,

for the motor’s running speed of 1350rpm. Due to the defective structure, the acoustic signal

amplitude varies, compared to the acoustic result at point 2 at the same speed, from Figure

5.9The overall amplitude of the defective case results decreased, however, at the peaks, we

can still notice the amplitude variation and frequency locations shifts.
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Figure 5.8 2700 rpm at point 1
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Figure 5.9 2700 rpm at point 2

At point 3 and point 6, near which the bolts were tight, we cannot notice large amplitude

change. At the around 2500 Hz, however, an interesting phenomenon occurs, due to the
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looseness of the bolts and this can be discerned at point 6 in some of the spectrums, for ex.
Figure 5.10 and Figure 5.11. Due to the vibration excitation frequency, spectrum at motor
running speed of 1050rpm show much higher amplitude shifts. This special phenomenon
can be only seen at point 6, and therefore we conclude that the occurrence of the peak spikes
is due to the changes in conditions. Frequency shift is another feature that is noticeable at

points 3 and 6.
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Figure 5.10 1050 rpm at point 6
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Figure 5.11 1350 rpm at point 6

At point 4 and 5, the results are close to the prediction that more significant amplitudes

shifts are present those points than at point 3 and 6.
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In addition to the comparison with the prediction, more phenomena due to the defective

conditions are visible in the FFT spectrums.

Frequency location shifts due to the change of the conditions can be discerned when the
motor was running at low speed, for example at 600 rpm. From the spectrum, we can notice
that the peak frequencies under healthy conditions have shifts to the right of about 100 Hz.
According to the references, frequency shift can be taken as the evidence for the fault

diagnosis, while the speed at 600 rpm illustrate the most clear picture of such pattern.
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At speeds from 1050 to 3000 rpm, there are less significant changes when compared to
spectrums for 600 to 750 rpm, for example, (compare Figure 5.8 and Figure 5.12). Obvious
frequency shifts cannot be discerned as easily as those from lower speeds of motor.
Amplitude change is the main sign that indicates the defective condition of the structure.
However, at the speed of 3300 rpm, frequency shift can be discerned again where peaks are
obvious in the spectrums, besides the big amplitude shift due to the defective conditions. In
Figure 5.14, we can easily see the changes in the vibration level due to the changes of
conditions. Figure 5.15 was taken at point 2, while Figure 5.13 is for point 1, and we can see
that the vibrations decrease as assumed in the prediction. At point 3, although there is no
obvious amplitude change, the frequency shift can be noticed, and this corresponds to the

prediction as well.
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Figure 5.14 3300 rpm at point 1
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Figure 5.16 3300 rpm at point 3

Another feature that helps us to discern the defective conditions from the healthy ones,
besides the amplitude and the frequency location shift, is the wave shape. From the
spectrums, we can notice that defective conditions, somewhat loose and significantly loose
bolts, share a similar pattern of spectrum, regardless the amplitudes, while for healthy

conditions the results are different.

It is easier for us to discern healthy conditions from the defectives ones; however, it is more
difficult to differentiate the somewhat loose conditions from more significantly loose

conditions from the acoustic signal due to the way bolts are connected to the structure and
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due to the measurement equipment accuracy. Looking at the amplitude changes, such as
Figure 5.7, we can see that looser bolts have higher amplitude than the loose ones, which fits
the assumption because looser conditions are expected to show more significant vibrations.

However, such conditions are not visible on all the spectrums.

The motor speed has a significant influence on the accuracy of the results due to the fact that
when the excitation frequencies are close or at the structural modal frequencies, structural
resonance occurs and this can help to discern the changes resulting from defects. For results
at speed values of 600 rpm, 750 rpm, [050 rpm, 1350 rpm, 3300 rpm more diagnostic
indications are visible than from other speeds. In addition, due to the frequency response of
the microphone which starts at 80 Hz, all the important frequency response less than 80 Hz
is omitted from the spectrums, including the structural resonance frequencies. After analysis
the FFT spectrums, we can notice that the first resonant frequency due to the speed of the
motor occurs only on speeds higher than 750 rpm, as seen from the first peak in the figures,

and this frequency increases proportional to the speed of the motor.

The resonance tube experiment was taken place in the room temperature of around 18
Celsius degree The calculated resonance of the tube according to the stated equation is
330.24 Hz while the measured resonance is around 318 Hz, (refer to Figure 5.17), the first
small peak is related to the resonance tube. The difference could be caused by the

measurement errors or microphone sensitivity.
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Figure 5.17 2400 rpm at point 2

The list of first resonant frequency set measured from the FFT spectrums from the prior
experiment is shown in the

Table 5.1.

Detected First Resonant Frequency
Motor speed (rpm) Frequency (Hz)
600 600
750 629
1050 152
1350 205
1800 261
2100 315
2400 365
2700 425
3000 476
3300 543

Table 5.1 First Resonant Frequency on different Speed
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Drive-motor-system with running speed of 2100 rpm and 2400 rpm were chosen for the
resonance tube experiment for the reason that their resonance frequencies are closer to the
resonant tube than the rest of the frequencies. And for the test of effects in choose a
resonance tube at and about the structural resonance frequencies on the experimental results.
As attested by the previous studies, the closer the structural frequency to that of the

resonance tube, more accurate the measuring results will be.

6 sample locations were chose to collect the acoustic signals on the motor case, which share
the same signal processing software and experiment procedure. The experimental results are

presented in the Appendix E.

The results measured with the resonance tube contain a clearer picture of defective versus
healthy condition. Instead of extending the frequency rang to 3000 Hz, we can recognize the
defective situation even within the frequency range up to 1000 Hz. Resonance frequency
shift can be detected from most of the spectrums regardless the amplitude shifts due to the
defective situation. The experimental results illustrate a more recognizable defects-induced
condition compare to the prior experiment, for example, see Figure 5.18, measured at 2100
rpm at point 2. Clearly we can see the resonance frequency shifts due to the loose blots
conditions. Compared with the prior experiment result in the frequency rang 0 to 1000 Hz
measured at 2100 rpm at point 2 (Figure 5.19 2100 rpm at point 2), frequency shift is not
invisible, refer to Appendix F for the previous experiment results at 2100 rpm when ranged
limited to 1000 Hz. The resonance tube measurement results illustrate refined diagnostic

indications by showing both frequency shifts and amplitude shifts due to the defects.
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From the resonance tube measurement results we can also verify the importance of choosing

a resonance tube that is close to the structural resonance frequencies. The method improves

the prior measuring result by displaying the frequency shift more visible and clarified the

defective signature versus the healthy one. By selecting a resonance tube that is close to one
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of the structural resonance frequencies can yield a better measurement results. Speed at
2100 rpm has a resonance frequency at 317 Hz and speed at 2400 rpm has it at 365 Hz,
while the tube has it at 330 Hz. From the test results we can see more frequency shift due to
the defects occur in the 2100 rpm set of experiment than the 2400 rpm’s, for example see
the comparison of Figure 5.20 and Figure 5.21. More visible frequency shift can be
discerned from the spectrum that has the resonance frequency closer to the tube’s resonance
frequency. From the spectrum measured at 2400 rpm (Figure 5.21) different conditions of
figures masking each other and there exists the frequency shift if you look closely but not as
obvious as the one at 2100 rpm. Same situation also can be noticed on the rest of the points

measured.
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Motor System Spectral Analysis
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Figure 5.21 2400 rpm at point 3

First acoustic measurement method has illustrated its ability to detect fault condition of the
structure and identification of defective versus healthy condition of the structure. With the
assistance of resonance tube measurement, we were able to acquire more accurate and
refined FFT spectrums as the diagnostic cues to apply condition monitor and fault diagnosis,
therefore the employment of the resonance tube completed the entire object-in-the-loop fault
diagnosis configuration. The experiments result also reveals the importance of choosing a
close-by resonance frequency for the experiment. Nevertheless, we were not able to run the
resonance tube test on all the speeds set we obtained from the prior experiment due to the
lack of measurement equipment. As a result only limited test results are presented.
Additionally, it is still difficult to localize location of the defect simply by observing the
spectrums. More prior information about the structure is needed to perform a detailed
analysis. We cannot simply diagnose the defects just from one plot and all the measured

point related should be taken into consideration for the diagnosis of the fault situation.

The advantage of using acoustic measurement method is that there is no need to mount the
microphone on the device for measurement owing to the possibility of remote measurement
of acoustic signals. Compared with vibration measurement, this reduces the chances of

misalignment of the sensors and the measurement of vibrations due to extraneous sources,

64



transmitted by the housing structure. [48] However, the sensitivity of the microphone plays
an important role in the accuracy of the results because sometimes, small defects of certain
component cannot be easily captured. Low-pass filter needs to be employed if the
measurement environment involves significant background noise. The points for collecting
acoustic data are another important aspect affecting the accuracy. It is advisable to have a
prior analysis of the structure and more than one filed points for the measurement to achieve

a higher accuracy for the results.

The real-time object-in-the-loop condition monitor and fault diagnosis configuration
demonstrates the generic nature of the acoustic measurement method using sensor data. The
purpose of the experiment is to identify the faulty conditions in the system and use a
conventional fault diagnosis method based on FFT spectrum. FFT is adequate for the case of
stationary signals. However, it is not appropriate to apply this algorithm for non-stationary
signals as it averages out the frequencies. In that case, a better option, according to the
previous studies, would be wavelet transformation. [38] In addition, Acoustic Emission
technology proved to be efficient in detecting early stage of defects within materials and in

machinery with rotating speed less than 600rpm. [49]

5.2.3 ANSYS Simulation Results

In order to understand better experimental results, ANSYS simulations were carried out.

The simulation results from ANSYS are shown in Table 5.2. The changes of the natural
frequencies of the structure were evaluated for the structure before and after the defects in

the components occurred.

ANSYS was used for modal analysis of the structures that have same shape, mass and
material. The results cannot be used to calculate the actual values for the drive motor
system the motor system because the model was a rigid body due the lack of the information
about the 17-year-old motor used in experiments. The study shows, however, that without
constrains in the z direction, natural frequencies from the structural change significantly.
This illustrates the natural frequency changes due to the loss of constraint in z direction and

confirms qualitatively the results obtained experimentally.
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Results from ANSYS

Frequency Natural Frequency of Healthy Natural Frequency of Unhealthy
Order Condition (Hz) Condition (Hz)

1 104.83 0

2 121.55 20.2

3 174.3 56.65

4 209.18 120.39

5 252.23 206.73

6 420.07 244.8

7 503.37 411.93

8 640.66 499.33

9 780.72 726.24

10 875.43 864.09

Table 5.2 Comparison of Natural Frequencies under Healthy and Unhealthy Conditions
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6 Conclusions

Two user-friendly computer-based experimental configurations, subject-in-the-loop and
object-in-the-loop, presented in this thesis, serve the purpose acoustic signal processing for
voice manipulation and fault diagnosis using the same experimental setup components, the
same signal processing procedures and software. The experiments illustrated the possibility
of using a personal computer to conduct complex signal processing in a laboratory-induced
environment. No professional signal processing equipments is necessary for this study. The

experiments are based on the signal processing module available in MATLAB.

6.1 Conclusion for the Subject-in-the-loop Experiment

Past research shows that it is possible to compensate the response in voice production when
modified signal feedback is applied. The subject-in-the-loop auditory feedback voice
manipulation scheme is designed based on the knowledge that natural voice can be modified
with the assistance of a voice training system. The same configuration can also be applied to
voice analysis, synthesis and recognition and additional contributions to the study of voice
formants and in the prediction of the speaker’s emotional and psychological state. Formant
manipulation was conducted in the first part of the experiment to illustrate the manipulation
function in association to frequency based on the voice training principle that formant
production is sensitive to auditory feedback. The validity of the manipulation configuration
was verified. The second part of real-time audio processing was achieved under MATLAB
interface, which confirm the possibility of carrying on an audio processing project without
the need of professional acoustic equipment. Moreover, the real-time application
compensates the lack of documentations regarding the real-time audio processing
serviceability in the MATLAB. It has been long recognized that altered audio feedback has
great impact on voice production, as a basis for voice training and language training in
foreign languages. How to draw a direct line between this voice perception and production
mechanism and how to apply the theoretical knowledge in practice individually still are,
however, two unsolved problems. In addition, long term and strictly controlled studies are
further needed to investigate the effectiveness of using the proposed configuration for voice
training.
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6.2 Conclusion for the Object-in-the-loop Experiment

The experiment focuses on the interrogation of acoustic signals, acquired from a drive-
motor-system, to detect the loss of mechanical integrity, in the investigated case loose bolts.
Acoustic measurement is the basis of the diagnosis system for the structure with the
assistance of FFT. Post-diagnostic configuration using resonance tube measurement method
has refined prior acoustic measurement by showing more accurate and noticeable
frequency-shift test results. The application has completed and improved the accuracy of the
object-in-the-loop experimental configuration. The experimental characteristics of the
natural frequencies related to the structure were confirmed by numerical simulation result
using ANSYS. Experimental results demonstrate that loose-bolts conditions can be
identified by the changes in the amplitudes and shifts of frequencies and illustrate that
acoustic analysis of a simple rotating machine is convenient and reliable for the fault
diagnosis and condition monitoring. The proposed object-in-the-loop acoustic measurement
configuration is able to detect early development of the damage and configuration has
significant potential to be applied in industrial applications to improve manufacturing
productivity and reduce the machine downtime and maintenance cost. However, the
configuration still lacks the capability to preciously localize defective components and
which would be possibly solved by using more accurate measuring device such as

infrastructure equipment.
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Appendix A: Important Specifications for the Experimental Apparatus
Microphone:

Type: Dynamic; Directivity: Unidirectional; Sensitivity: -74 dB+/-3 dB; Frequency
Response: 80~14,000 Hz

Frequency Response Curve

Frequency Response Curve
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M-Audio
Name: M-audio Fast track Pro; Maximum Sample Rate: 48 KHz; Sample depth: 24 bits

Latency: 80 samples to 2048 samples
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Appendix B: MATLAB Code for the Subject-in-the-loop Experiment

% The following codes are designed for the subject-in-the-loop voice manipulation GUL %

The codes start with “%” sign are the explanations
function varargout = lin1stguimodel2(varargin)
%LIN1STGUIMODEL?2 M-file for linlstguimodel2.fig

% LIN1ISTGUIMODELZ2, by itself, creates a new LINISTGUIMODEL?2 or raises the

existing
%  singleton*.

% H = LINISTGUIMODEL?2 returns the handle to a new LINISTGUIMODEL?2 or the
handle to

%  the existing singleton*.

% LINISTGUIMODEL2('Property',"Value',...) creates a new LINISTGUIMODEL?2

using the given property value pairs. Unrecognized properties are passed via
%  varargin to linlstguimodel2_OpeningFcn. This calling syntax produces a
%  warning when there is an existing singleton*.

%o LINISTGUIMODEL2('CALLBACK") and
LINISTGUIMODEL2('CALLBACK!',hObject,...) call the

% local function named CALLBACK in LINISTGUIMODEL2.M with the given input
%  arguments.

%  *See GUI Options on GUIDE's Tools menu. Choose "GUI allows only one

% instance to run (singleton)".

% See also: GUIDE, GUIDATA, GUIHANDLES
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% Edit the above text to modify the response to help linlstguimodel2
% Last Modified by GUIDE v2.5 12-Aug-2010 14:50:59
% Begin initialization code - DO NOT EDIT
gui_Singleton = 1;
gui_State = struct('gui_Name', mfilename, ...
'gui_Singleton’, gui_Singleton, ...
'gui_OpeningFcn', @lin1stguimodel2_OpeningFcn, ...
'gui_OutputFen', @linlstguimodel2_OutputFcn, ...
'gui_LayoutFen', [], ...
'gui_Callback', []);
if nargin && ischar(varargin{1})
gui_State.gui_Callback = str2func(varargin{1});
end
if nargout
[varargout{ 1:nargout}] = gui_mainfcn(gui_State, varargin{:});
else
gui_mainfcen(gui_State, varargin{:});
end

% End initialization code - DO NOT EDIT
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% --- Executes just before linlstguimodel2 is made visible.

function linlstguimodel2_OpeningFcn(hObject, eventdata, handles, varargin)
% 'This function has no output args, see OutputFcn.

% hObject handle to figure

% eventdata reserved - to be defined in a future version of MATLAB

% handles structure with handles and user data (see GUIDATA)

% varargin unrecognized PropertyName/PropertyValue pairs from the

% command line (see VARARGIN)

% Choose default command line output for lin1stguimodel2

handles.output = hObject;

% Update handles structure

guidata(hObject, handles);

% UIW AIT makes linlstguimodel2 wait for user response (see UIRESUME)
% uiwait(handles.figurel);

% --- Outputs from this function are returned to the command line.

function varargout = linlstguimodel2_OutputFcn(hObject, eventdata, handles)
% varargout cell array for returning output args (see VARARGOUT);

% hObject handle to figure

% eventdata reserved - to be defined in a future version of MATLAB

% handles structure with handles and user data (see GUIDATA)
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% Get default command line output from handles structure
varargout{ 1} = handles.output;

% --- Executes on button press in pushbutton].

function pushbuttonl_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton]1 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)
open('recordwithRTblock.mdl’)

% --- Executes on button press in pushbutton2.

function pushbutton2_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton2 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)
open('low_pass.mdl’)

% --- Executes on button press in pushbutton3.

function pushbutton3_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton3 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)

open('high_pass.mdl’)
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% --- Executes on button press in pushbutton4.

function pushbutton4_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton4 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)
open('band_pass.mdl’)

% --- Executes on button press in pushbuttonS.

function pushbutton5_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton5 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)
open('band_stop.mdl’)

% --- Executes on button press in pushbutton6.

function pushbutton6_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton6 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB
% handles structure with handles and user data (see GUIDATA)

% Generation of the LTAS spectrum using periodogram method with Hamming window
[filename,path]=uigetfile('*.wav','Desktop")
file=fullfile(path,filename);

figure;
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[y,Fs,nbits]=wavread(file);

h2 = spectrum.periodogram(‘hamming’);

hopts = psdopts(h2,y); % Default options based on the signal x
set(hopts, Fs',Fs,'SpectrumType','onesided','CenterDC', false);

plot (msspectrum(h2,y,hopts))

xlim([0 2]);

ylim([-150 -50]);

% --- Executes on button press in pushbutton8.

function pushbutton8_Callback(hObject, eventdata, handles)

% hObject handle to pushbutton8 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB

% handles structure with handles and user data (see GUIDATA)

% --- Executes during object creation, after setting all properties.
function pushbutton8_CreateFcn(hObject, eventdata, handles)

% hObject handle to pushbutton8 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB

% handles empty - handles not created until after all CreateFcns called
open('P1000669.JPG")

% --- Executes on mouse press over figure background, over a disabled or
% --- inactive control, or over an axes background.

function figurel_WindowButtonDownFcn(hObject, eventdata, handles)
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% hObject handle to figurel (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB

% handles structure with handles and user data (see GUIDATA)
function edit2_Callback(hObject, eventdata, handles)

% hObject handle to edit2 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB

% handles structure with handles and user data (see GUIDATA)

% Hints: get(hObject,'String’) returns contents of edit2 as text

% str2double(get(hObject,'String")) returns contents of edit2 as a double
% --- Executes during object creation, after setting all properties.
function edit2_CreateFcn(hObject, eventdata, handles)

% hObject handle to edit2 (see GCBO)

% eventdata reserved - to be defined in a future version of MATLAB

% handles empty - handles not created until after all CreateFcns called
% Hint: edit controls usually have a white background on Windows.

%  See ISPC and COMPUTER.

if ispc && isequal(get(hObject, BackgroundColor'),
get(0,'defaultUicontrolBackgroundColor"))

set(hObject, BackgroundColor','white'");

end
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Appendix C: MATLAB Code for the Object-in-the-loop Experiment

a. Signal collecting

% the program is use for measuring the frequency response of the motor

% system. The recording part is lasted for 5 seconds. Afterwards, the audio
% data information is sent to collect magnitude and frequency information to
% form the frequency-magnitude plot. The program can also check the

% fundamental frequency of the system.

clear all;

close all;

clc;

ai=analoginput('winsound'); %create the analog input
chans=addchannel(ai,1); %add 2 channels

dagmem(ai); %use dagmem to check the system

duration=5; %the recording is set to be 5 seconds

set(ai,'SampleRate',44100); %set sampl erate at 441000

actualrate=get(ai,'SampleRate');  %actual rate equals to sample rate;sample rate is the

number of samples acquire per second

set(ai,'SamplesPerTrigger',duration*actualrate) %Samplepertrigger is the number of

samples to acquire to each analog input channel to each trigger
set(ai, TriggerType','manual’) % TriggerType is set to Manual
blocksize=get(ai,'SamplesPerTrigger');

Fs=actualrate %set the sample rate equals to the actual rate we get from the matlab
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start(ai) %Date Acquisition will be running as soon as the start commend is issued

trigger(ai)

wait(ai,duration+1)  %Wait till data acquisition completes or time-out elapses. If time-
elapse occurs, an error comes out, Adding 1 second to the duration allow some margin for

the time out
data=getdata(ai);
N=length(data);
win=hanning(N);
datal = win.*data;

[f,mag]=daqdocfft(datal, Fs,blocksize); %daqdocfft outputs the data in frequency-

magnitude plot

xfft=abs(fft(datal));

index=find(xfft==0); %avoid taking log of 0
xfft(index)=1e-17;

mag=20*log10(xfft);
mag=mag(1:floor(blocksize/2));
f=(0:1ength(mag)-1*Fs/blocksize);

f=£(:);

plot(f,mag,'red")

axis([0,1000,-60,60])

xlabel('Frequency(Hz)") %set x axis to be shown as frequency

ylabel('Magnitude(dB)') %set y axis to be shown as magnitude
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title('Motor System Spectral Analysis')

[ymax,maxindex]=max(mag); %find out actual fundamental frequency
grid;

maxfre=f(maxindex)

delete(ai)
b. Data post-processing

% The following codes explains how to merge 3 different figures containing with different

conditions into one figure.
get(gca,'Children'); % collecting figure data
fig=get(get(gca,'Children"));

x1=fig. XData; % x and y coordinates data
yl=fig.YData;

get(gca,'Children');
fig=get(get(gca,'Children"));
x2=fig.XData;

y2=fig.YData;

get(gca,'Children’);
fig=get(get(gca,'Children"));

x3=fig. XData;

y3=fig.YData;

84



plot(x,y, green’,x1,y1,'blue',x2,y2,'red’)

xlabel('Frequency(Hz)") %set x axis to be shown as frequency
ylabel('Magnitude(dB)') %set y axis to be shown as magnitude
title('"Motor System Spectral Analysis')

grid on

legend(‘'healthy','unhealthy-loose-bolts','unhealthy-looser-blots')
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Appendix D: Results for the Object-in-the-loop Experiment

1) 6-point acoustic measurement experiment results from 600 rpm :
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2) 6-point acoustic measurement experiment results from 750 rpm :
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Dnve Motor System Spectral Analysis
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3) 6-point acoustic measurement experiment results from 1050 rpm :
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Dnve Motor System Spectral Analysis

4) 6-point acoustic measurement experiment results from1350 rpm :
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Dnwe Motor System Spectral Analysis

5) 6-point acoustic measurement experiment results from1800 rpm :
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6) 6-point acoustic measurement experiment results from 2100 rpm :
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7) 6-point acoustic measurement experiment results from 2400 rpm :
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8) 6-point acoustic measurement experiment results from 2700 rpm :
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9) 6-point acoustic measurement experiment results from 3000 rpm :
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10) 6-point acoustic measurement experiment results from 3300 rpm :
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Appendix E

1) Resonance tube measurement experiment results from 2100 rpm :
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2) Resonance tube measurement experiment results from 2400 rpm :
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Appendix F: Results for the Speed at 2100rpm with Frequency up to 1000
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