Development of a Prototype System for Milling Tool
Condition Monitoring

Master of Science Thesis [in the Programme Software Engineering and
Technology]

MUHAMMAD ZAHID
HASSAN MUSHTAQ



The Author grants to Chalmers University of Technologlylamversity of Gothenburgthe non
exclusive right to publish the Work electronically and in a-commercial purpose make it
accessible on the Internet.

The Author warrants that he/she is the author to the Work, and warrants that the Work does not
contain text, pictures or other material that violates copyright law.

The Author shall, when transferring the rights of the Work to a third party (for example a
publisher or a company) acknowledge the third party about this agreement. If the Author has
signeda copyright agreement with a third party regarding the Work, the Author warrants hereby
that he/she has obtained any necessary permission from this third party to let Chalmers
University of Technology and University of Gothenburg store the Work elecaitynand make it
accessible on the Internet.

Development of a Prototype System for Milling Tool Condition Monitoring

Muhammad Zahid
Hassan Mushtaq

©Muhammad Zahid April 2011.
©Hassan Mushtagpril 2011.

Examiner: Per Zaring

Department of Computer nce and Engineering
Chalmers University of Technology

SE-412 96 Goteborg

Sweden

Telephone + 46 (0)3T72 1000

Department of Computer Science and Engineering
Goteborg, SwedeApril 2011



Development of a Prototype System for Milling Tool
Condition Manitoring

Thesis Report



Preface

This is a master thesis in the master progr
Technol ogyo at Chal mers University of Technc
Chalmers University of Technology i€PZaring

We are very thankful to our supervisor who guided us in a right way and provided us all the
necessary help for better understanding of the thesis work and writing a comprehensive final
report for the thesis work. We are also grateful to Ellss@n and Peter Funk who helped us

very much in analyzing the recordings and guided us very much in for the implementations.
Goteborg, April 2011

Muhammad Zahid
Hassan Mushtaq



ABSTRACT

In this thesiswe shall present a new technique for signal processing. The main aim of this
thesisisto monitoring cutting process of milling machine. We shall provide some results and
then try to implement a prototype system based on analyzed result. We shall also describe
some very famous and old techniques for cutting process which are already used in current

professional industry. Then we shall describe why these techniques are not so good.
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1. Introduction

1.1. Background

The machine building industry is growing very quickly and becoming large and large diay b

in the current era. As new technologies are introduced in the machine building industry
therefore fast and precise but also quite expensive machines are coming into use during the
production processes. By using the latest and valuable technologiethéoproduction; the

need of automation got more importance to minimize the risks and damages. It also reduces
the work burden of continuous monitoring on people at working place. The most important part
for development of the prototype system in order guarantee the smooth production steps
during the largescale producing process is to monitor the condition of the cutting tool, whether

it is worn out or not. If the condition of the cutting tool is worn out, an immediate alarm
should be arisen and thmachine should be stopped automatically. It is not only helpful for the
improvement in the work efficiency and quality of the product but also can help to avoid the
damage to the machine itself and save large amount of money and time caused by the damage
of the deeply worn out tool.

The development of the current world is very much due to the progress of new and emerging
technologies, and manufacturing industry is the basic industry which plays a very important role
in good progress. It has very deep antportant relationships with all aspect of our life. We

take the example of Berg Propulsion a well known and reputed industry near the beautiful city
of Gothenburg Sweden, As the Gothenburg city is surrounded by the sea water therefore need
for water trarsportation is much important in the city. The main and important component for
the ships is propellers which are produced by milling machines. The Berg Propulsion produces
the propellers and hence plays an important role in water transportation industry.

There are very high manufacturing nowadays, machine cutting process becomes important too.
But there is need of high accuracy in automation process. It has many benefits to the companies
such as reduction of loss of money and interference of human. éhual process system,
there will possibility of making human error a lot, so it can affect the quality of cutting process.

In Berg Propulsion, they are using very expensive machines to produce hub body of many kinds
of boats. Hub body consists of bronzaterial. While cutting material, it produce immense heat
which make cutting tool warm too. After some time, cutting tool will wear out. If cutting tool
has worn out and still cutting the hub, it damage the surface of hub body and degraded hub
body will bethe result. So, it will waste a lot of money and time. Of course, there is cold water
coming out to make cooler the cutting tool but it cannot prevent to wear out tool. It is
impossible to eliminate of human error, no operator can guess status of cuthioigas it is

worn out or not.

In the company, they use manual system; they are relying heavily on operator experience.
Operator will listen sound of cutting tool. All the workers are in working condition now and
analyze sound waves carefully which are eagyfrom machine cabin. As, cutting sound become
abnormal, operator stop the machine, open the cabin and walk inside the cabin carefully. He
changes the cutting tool with the new one. It is implied that company has latest model
machines which is higtech and well equipped. Still, they use a lot of man power to operate
that machine to work in correct manner. We can imply one more thing, to analyze sound
worker should be a very experienced person. He should be really expert in listening sound and



figure outthe sound when cutting tool becomes worn out. As, making hub body is very long
time process, so in night shifts we need another experienced operator which can analyze sound.
As company has milling machine which is very costly and it require extra caoatwfuous
observation and maintenance. So, it requires company to utilize machine and human resource
as efficiently as possible to minimize the risk of wasting money. Also, little damage in cutting
tool may cause damage the surface of the hub body. Theadantan be so significant that it

can be rejected. Also, worn out cutting tool may damage the accessories of machine which
make thing really worst. So, we need a stable method and quality algorithm to monitor the
whole process. So, we can check whethertiogt tool is worn out or not, so we can take
decision easily to change the cutting tool or not.

In our thesis, we shall analyze sound data coming from microphone. We try to observe sound
wave of worn out cutting tool automatically from computer. We stadielop pilot system
which can signal to the operator that the cutting tool has worn out, which immediately will
change the cutting tool. Up till now, we have not decided how we signal to the operator.

As a whole, monitoring cutting tool present us faliag benefits:
Firstly, it enhances the efficiency of the milling machine.
Secondly, it ensures the quality of hub body should be up to the standard.

Thirdly, it saves man power and there will no breakage of equipment of machine or disturb the
surfaceof hub body. As cutting tool is worn out, machine should stop immediately to minimize
the risk of damaging of a hub surface.

Last but not the least; it can save money of improper changing o cutting tool. As, human is
meant to make mistakes. He can listeound wrongly and change cutting tool before of worn
out. In fact, it can be used longer for cutting. To some extend it is kind of waste of money too.

1.1.1. State of art

Although cutting tool monitoring has progressed very quickly since last decade but shere i
still a lot of work has to be done in the field. Some methods for monitoring the cutting tool
are only suitable in one special area and some are in testing phase, so a lot of work is
required to put them into the practice. Hence we can say that ther very long way to go

in the field of monitoring the cutting tool conditions.

Automatic monitoring of cutting tools may be divided into two main parts. One is direct
monitoring method and the other is indirect monitor method. In direct monitor method
parameters of cutting tools like position of the cutting tools, shape of the cutting tools and
so on are monitor directly. The direct monitor method can be performed off line only. The
direct method can be achieved by the help of several regular methods clikeact
resistance, optical method, optical fibre, pigg of TV signals and so on. In indirect monitor
method we measure some of the parameters of the cutting tools during the cutting process
and compare them with normal cutting parameters to analysigtiver the cutting tool is
worn out or not. This is the method which can lead us to achieve our goal. There are a lot of
methods to perform indirect monitor method. Cutting resistance, tensional moment, cutting
vibration, acoustic emission, cutting tempeua¢, work piece dimension, work piece surface
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roughness, cutting sound method etc are well known and good examples of the indirect
monitor method.

Some famous and important conventional methods for cutting tools are described below
1 Ray Measurement
In this method some radical material is mixed in the cutting tools and then the

image is taken with the wearing and tearing of the tool itself. Then the micro
particle of the radical material will go through a previously designed ray measurer
together with he cutting chip. The micro particle will be closely related to the
cutting tool wear extent in ray measumem technique. The amount of the ray
reflects the abrasion loss of the cutting tool. Although it is a good technique for
monitoring the cutting toobut still there are some drawbacks in this technique.
First of all it is not an easy process to make all radical micro particles into the ray
meter. The other and important disadvantage of the ray measurement method is
that it pollutes the atmosphere adotd is also bad for the health of the people. So,
the ray measurement method is not widely used due to the reasons described
above.

1 Optical Fibre Measurement
This method is good to use when the diameter of the cutting tool is big. In this
method the refletion capacity changes of the edges after the cutting tool is worn
out considered for analysis. As it involves the consideration of the edges of the
cutting tool therefore it is not a good idea to use this technique in the projects
which uses the small dirig tools for monitoring the condition.

1 Computer Image Processing
In this method a camera is used to receive the images of the edges of the cutting
tool. These images are digitalized and processed by the computer system and as a
result the shape and dimson of the cutting tool will be displayed on the
computer screen. This method seems to be good but still it is not very useful for
the real world problems and used in only automatic monitoring in laboratory. It is
not very useful in real world becauselgmands very high requirements. In actual
production process, the working environment is very horrible. There are hot chips
of cutting material scattered all around and cold water is sprinkled on the material
to cool down the temperature of the cuttingtenal therefore it is impossible to
use this technique in the real world in these conditions.

9 Cutting Resistance Measurement
Cutting resistance is an important and most related physical feature to the worn
extent during the process of cutting. There exastot of parameters which should
be considered and take care while measuring the cutting resistance. Cutting force
and its differential coefficient, the ratio of the cutting resistance, spectrum
analysis, timeseries analysis and correlation function tbé dynamic cutting
resistance are some of the parameters which should be considered. As it involves
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a lot of factors to be considered so it is very complicated method during the
cutting process to discover whether the cutting tool is worn out or note-hrs
method is also not very useful to use in monitoring the condition of the cutting
tool.

1 Work piece Dimension Measurement
The size of the work piece changes while the tool is worn out during the cutting
process. Hence it is possible to determinedbedition of cutting tool indirectly
by measuring the changes in the dimensions of the article surface. These
measurements can be carried out through two different ways. These are contact
based work piece measurement and contactless measurement in which we
measure the distance meter age between the cutting tool and work piece. The main
advantage of using this technique is that we can give attrition value of the cutting
tool directly and we can also make sure the quality of work piece and can make
sure thatthe cutting tool monitoring in the finish machine is come true by
combining it with the online and real time compensation of processing precision.
This technique has also some drawbacks. For example environment can easily
disturb the real time measuremeftso cutting compound and chips may affect
the measured results. Some other aspects like thermal expansion and run out and
vibration may affect the precision in the measurement during the process cycle.
Also when cross section work pieces are processetkeqtires the exact
positioning tracking of the sensor which may also cause errors and hence increase
difficulty in implementation.

9 Cutting Temperature Measurement
Cutting Temperature is an important and crucial phenomenon. The temperature
could ascend praptly with the increase in the abrasion of the cutting tool. There
are three different methods to measure the cutting temperature. In first method
which is known as cutting tool and work piece thermocouple we measure the
average temperature in the cuttiagea with different standards among different
work pieces and cutting tools. The second method is thermocouple of using two
types of metal filaments fixed on a particular point inside the cutting tool. The
cutting temperature can be measured on this pdatipoint. There are also some
problems in using this method like when the temperature is changed the response
time is very slow. Also a lot of time is wasted while preparing this at start. The
third and last method is to set an infrared camera opersyistgm to determine
the cutting temperature field distributions. It has very short response time and high
sensitivity. The drawback of this method is that instrument is very complicated
and hard to focus which makes to diagnose the cutting tool tempermatthe
cutting field difficult.

9 Vibration Frequency Measurement
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Due to the existence of the friction between the work piece and cutting tool edge
different vibration frequencies can be emerged during the process of cutting.
There are two basic techniqu® monitor the vibration during the cutting process.
The first technique is to divide the amplitude into high and low parts and
comparing them during the cutting process. The second technique is to separate
the amplitude into many independent spectrumdsaand then record and analyze
these spectrum bands during the cutting process by the help of a computer system.
By using this we can also monitor the wear extent of the cutting tool.

1 Work pieces Surface Roughness Measurement

The surface roughness of thwerk piece bumps up rapidly while attrition rate of

the cutting tool increases. Hence we can evaluate the wear extent of the cutting
tool indirectly by using this point of view. This is an efficient technique. We need
sample demarcation in advance in ttashnique. This method still could not put

into practice because it is affected by cutting emulsion, chips, article texture,
vibration and other cutting factors.

These techniques have both advantages and disadvantages according to the different
conditiors and situations. Different methods have different precision rate according to the
situation. Although some techniques have good precision rate but these techniques are still
not really good methods as a whole for monitoring the cutting tool. Many of thene just

used in laboratories and have a very long time to go into the industrial use.

1.1.2. Development trend of cutting tool monitor
There are still some issues present in current existed cutting tool monitoring methods. That
is why these methods could noatssfy all the practical needs of quick response, reliability,
robustness and some other performance issues. Therefore it is very important to find out
some other useful techniques to improve the performance and to get the improved and
good results of otheissues. Some important trends are presented below:
i1 First Trend
Techniques which are based on fusion of cutting tool monitor. For example sensor
integration, multi sensor fusion and decision making on signal processing.
1 Second Trend
Technigues which arbased on signal processing of cutting tool monitor. The main
purpose of using the signal processing is to abstract the important and useful
information related to status of the cutting tool. More commonly wavelet technique
is used to monitor the conditionor status of the cutting tool.
1 Third Trend
These techniques are based on intellectual technology of cutting tool monitor. The
conventional methods in these techniques are fuzzy inference, neural network,
generic algorithm and expert systems.
1 Fourth Trend
These techniques are based on the integration of the cutting tool monitoring
systems, cutting tool management system, numerical control machining
transmission system and ERP systems. The main requirement for these techniques is
that the cutting tool monitorsystems should be able to transmit the status report of
the cutting tool monitor to the cutting tool information management system just in
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time and meanwhile share the monitor data and control the cutting process
automatically through the NC system.

1.2. Problem Statement
How to implement a prototype system that is able to monitor the working condition of
the milling tool using acoustic emission signals from the milling machine passively
collected during operation.

1.3. Purpose

The main purpose of this thesis waskto monitor and analyze the sound data collected
from the milling machine, and identify the features in the sound signal. This will be
beneficial for the company in many ways. We will get maximum utilization of the
cutting tool. It is also useful becasve have no need of a person who is watching the
machine continuously to detect whether the tool is wmrihor not. Hence burden on the
workers is very less. The most important purpose of this thesis work is to improve the
performance and quality of tiveork.

1.4. Demarcations

In this thesis work reader can find about signals and its different types. The reader can
also know the basic concept of signal processing. We have also tried to give an over view
of case base reasoning and filters along with the réifitetypes of filters. It is also
described in this thesis work that what problems may occur during the process of
monitoring the condition of the cutting tool. Also comparison is shown in the graphs
about different conditions of the cutting tool. The dethanalysis of the sound signals is

also described in this thesis work.

2. Methods

We have adopted different research and development strategies for Development of a
prototype system for milling machines. In research area we have consulted different books,
read some papers and study the material which is available on the web regarding the
collection of data, processing the data and then presenting that data. Also we have consulted
some experienced persons who have the good domain knowledge to resohsidiseins
analyzing the data.

2.1 Case based reasoning

The Process of solving new problems based on the solutions of similar past problems is

called Casdased Reasoning (CBR).

CaseBased Reasoning (CBR) is a festep process.

1 Retrieve: In this step we giva target problem and retrieve cases from memory
relevant to solving it. A case includes a problem, as well its solution, annotations
about how the solution was derived.

1 Reuse: In this step we map the solution from the previous case to the target problem.
This might involve adapting the solution as needed to fit the new case.

1 Revise: Having mapped the previous solution to the target case, testing of the new
case in the real world or a simulation will be implemented. If necessary, the solution
in the new cas will be revised.

14



1 Retain: When the solution has been successfully adapted to the target problem, the
resulting experience should be stored as a new case in the memory.
These four steps are called a CBR cycle. Therefore we can simplify this mental poocess
describe CBR typically as a cyclical process comprising the four REs: Retrieve the most
similar cases, Reuse the cases to attempt to solve the problem, Revise the proposed
solution if necessary and retain the new solution as a part of a new case.
Currerily the CBR cycle rarely occurs without human intervention. For example, many
CBR tools just play a role in case retrieval and reuse systems. Case revision, namely
adaptation, is usually undertaken by managers of the case base. But it is not a weakness of
CBR. It encourages human collaboration in decision support. The figure below describes
clearly how each step is handled in the CBR cytle.

Problem
+
RETRIEVE 2

R

E

RETAIN g

Case-Base E

REVISE
Confirmed

Solution g;?ﬁt?osrf ¥

Figurethe CBR Cycle

Casebased reasoning (CBR) is a method in the Artificial Intelligence which we will use
in the uppetlayer in the building of this project. It not only saves the time of working out
a problem just looking into the case library and find out the most similar case to the
current case and give out the solving methods of the new case, but alsotredesgeert

from all the trivial problem to deal with some big and important problems, which means it
is very good for companies just hiring some {o@st and inexperienced workers to be in
the front desk to solve some problems just searching up in thdiloegy, and it certainly
save a lot of money for the company to employ so many experts everywhere.

There are many advantages of CBR over-hased reasoning through which we can see
the perspective of this new kind of method. These advantages ariee s=rlow: ’
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1 CBR systems can be built without passing through the knowledge elicitation
bottleneck, since elicitation becomes a simpler task of acquiring past cases.

CBR systems can be built where a model does not exist.

Implementation becomes a simptask of identifying relevant case features.

A CBR system can be rolled out with only a partial ebase which means using
CBR, a system need never be complete, since it will continually growing. It removes
one of the troubles of rilbased systems how tell when a system is complete.

CBR systems can propose a solution quickly.

Individual or generalized cases can be used to provide explanations that are
sometimes more satisfactory than explanations generated by chains of rules.

CBR systems can learn bgquiring new cases, making maintenance easier.

Finally, by acquiring new cases, CBR systems grow to reflect their organization's
experience which rulbased systems cannot.

Hence there is no doubt that this kind of expert system can be very succedsil in
future. And that is why we choose cdsesed reasoning in the upgayer of this project.

= =4 =4

= =

1
T

3. Previous Work

A thesis work was done at Berg Propulsion on hub body. They have used very simple
equipments for data collection and analyzing. They used aplagytd a simple microphone

for collecting data. They used walab for recording and analyzing for sound. Wdalke is

very powerful tool for sound recording from which you can split big file into small ones. So,
we can adjust file size according to the reefihey were not able to put the microphone
inside the cabin as there are a lot of risks involved. They cutting tool become hot and to cold
down the cutting tool, they use cooling compound to cool down the material. Also, small hot
chips of cutting materlawhich were scattered everywhere in the cabin might affect the
microphone. That is why, they had placed microphone outside the cabin. The distance of
microphone from cabin was 1 to 2 metres to the cutting tool. They used simple microphone
which we used fospeaking in daily life. They recorded frequencies between 0 Hz to 22 kHz,
as most frequencies lies between these ranges. As, all sounds are recorded from all directions
from microphone, so it was difficult to distinguish which sounds were noises anld ware

useful. So, they needed to filter out useful sounds from collected data.

The process of hub making is very long. So, they collected sounds for eight hours. They set
sample rate of 44.1 KHz for sound signals. It is normal sample rate which thetousesiv

the entire process of hub body in Berg Propulsion. Normally this sample rate gives good
results.

They selected midsized hub body which takes little less time as compared to large sized hub.
Wavelab has good feature which can splits big files srt@ll ones. They needed to stop the
recording and then record again as when operator needs to change the cutting tool. During
the whole process, they split the whole eight hours recording into twenty nine separate sound
files based on different cuttingagtes.

Milling process of hub body could be divided into two main parts. The first part is the first
cut. Because in the beginning, material will be very coarse and it needs to be smoothen a
little. So, they do a rough first cut by cutting tool to smoatlv body a little. The second

part is last cut. It is used to make hub body surface smoother. It should be noted that the first
cut should not be completely done before the start of second cut.
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The first cut is also divided into further two parts; the bayf part of the hub body and the
remaining half part of the hub body. When the first cut of first half part will be finished, the
cutting tool will be changed to the final cut of the remaining half part of the hub body.

For analysis of sound recordingselyy used Fast Fourier Transform to draw frequency
domain model. Then, they analyzed different frequencies how they were behaving with
sound amplitudes. They have used software Audacity to analyze Fast Fourier Transform.

To analyze sound they used windoizesof different sizes. It would give us clear picture
which windows size was giving us more precise information of sound recordings.

First they have set window size of 100ms. They have chose file2 to do Fast Fourier
Transform. They had chunk of a fileofn thirty seconds to thirty six seconds for analyzing.
You can see the output in the file below. Only 30.1 to 30.2 second is shown in the figure.
There we can see the sound waves in Fast Fourier Transform. Then, they have changed the
window size to 200msral 500ms and you can see the pictures below.

w107 FFT spectrum file2 30sto3bs wav 0. 15-0.25
R s i - :'
10 |- ------------------- -

- B— —_k————— +-------|-------|-------|-------|-------E— ------------------- —
= :
= :
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Figure 1 100ms Window Size
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Figure 2 200ms Window Size
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Figure 3 500ms Window Size

Their figures showed us that the main peak points are same in all the figures. If we check
frequency around 800 MHz, i¢ similar in all the pictures among window size of 100ms,
200ms and 500ms. First, they have selected 100ms window size. As, 100ms windows size
give them more precise information of sound recordings. There, we can see clearly the
amplitude of the sound i respect to frequency. As, window size 200ms and 500ms give
them same information, but now they chose the window size 100ms which is not too small as
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compared to human sound or too large as 500ms window size which might affect the
processing speed whitkealing with large amount of dada.

4. Basic Concept

4.1.1 Signals

In general a signal is any spatial varying or time varying quantity.

In Physical world, any quantity which is measurable through time over the space could be

taken as a signdl.

There are two maitypes of signals.
4.1.1.1 Analogue Signal
Any continuous signal for which the time varying feature (variable) of the signal
IS representation of some other time varying quantity is called an analogue signal.
An image of analogue signal is shown below but all th&l@gue signals do not
vary as smoothly as shown in the figure.

Inte nsih;

Figure of Analogue Signal

We should consider some advantages and disadvantages of the analogue signals
for using them. These advantages and disadvantages are described below:
Advantages:

The fine definition of the analogue signal has the potential for an infinite amount
of signal evolution. Analogue signals are of higher density than digital signals.

The processing of analogue signals could be achieved more simply and easily
than with theequivalent digital signals.

An analogue signal could be processed directly by analogue components, though
some processes are not available except in digital form.

Disadvantages:

Any system of analogue signalling has noise, for example random unwanted
varnation.

As the signal is copied and-oepied, or transmitted over long distances, these
apparently random variations become dominant.

Although the resolution of an analogue signal is higher than a comparable digital
signal, the difference can be overdbwed by the noise in the signal. Most of the
analogue systems also suffer from generation loss.

4.1.1.2 Digital Signal

The signals which are non continuous are called digital signals. They change in
individual steps and consist of digits or pulses with discrabees. The value for
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each pulse is constant but there is an abrupt change from one pulse to the other
next. These signals have two amplitude levels called as nodes and represented by
1 or O, True or False and High or Low. An image of digital signal is shiavthe

figure below:

Intensity

1 0 1 o 1 time
Abrupt amplitude variations

Figure of Digital Signal

Digital signals consist of patterns of bits of information. These patterns could be
generated in many different ways, each producing a specific code. Modern digital
computers also process and store alblkiof information as binary patterns. All
the texts, sounds, pictures and videos are stored in binary values in these
computers.
The main advantage of digital signals over analogue signals is that the precise
signal level of the digital signal is not vital
4.2 Fast Fourier Transform
History
Gauss has described about critical factorization step at 1805. FFTs (Fast Fourier
Transform) were first discussed by Cooley and Tukey (1965). A discrete Fourier
transform can be computed using an FFT by means dbdinéeesonLanczos lemma
if the number of points N is a power of two. If the number of points N is not a power
of two, a transform can be performed on sets of points corresponding to the prime
factors of N which is slightly degraded in speed. An efficient realkiEo transform
algorithm or a fast Hartley transform (Bracewell 1999) gives a further increase in
speed by approximately a factor of two. Bdsand bas@ fast Fourier transforms use
optimized code, and can be-30% faster than baszfast Fourier trarferms. Prime
factorization is slow when the factors are large, but discrete Fourier transforms can be
made fast folN = 2, 3, 4, 5, 7, 8, 11, 13, and 16 using the Winograd transform
algorithm.®
Definition
A fast fourier transform is an efficient methodestimating and computing frequency
spectrum of a signal.
Another definition of FFT
A Fast Fourier Transform is an efficient algorithm to compute the discrete Fourier
transform which is used as DFT for short and its invefse.
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The DFT transformsl disaete time samples to the same number of discrete
frequency samples, and is definedas:

X(K) =rn=0Ni 1x(n)el (i2" nkN)

An FFT computes the DFT and produces exactly the same result as evaluating the
DFT definition directly; the only difference or advantagethat an FFT is much
faster. In the presence of rounif error, many FFT algorithms are also much more
accurate than evaluating the DFT definition directly, as discussed below.

Let xo, ....,Xn-1 be complex numbers. The DFT is defined by the formula
N

—1
Xp= Y me ™% k=0,...,.N-1.
n=>0
Evaluating this definition directly requiré®(N?) operations: there afé outputsX,
and each output requires a sumNbferms. An FFT is any method to compute the
same results in ®(log N) operationsSo we could say that the fast Fourier transform
(FFT) is a discrete Fourier transform algorithm which reduces the number of
computations needed for N points frodwW'to 2N1gN, where Ig is the bas2
logarithm.
There are many type of algorithms used in FFT. But far the most common algorithm
for FFT is CooleyTukeyAlgorithm.
4.3 Signal Processing
The process of extraction of information from complex signals in the presence of noise.
Generally by the conversion of the signal into the digital form followed by analysis using
different algorithms is called signal procesgirit is also called digital signal processing
(DSP).
We can also define the signal processing as:
Signal processing is an area which deals with operation on or analysis of signals, in either
discrete or continuous time to perform useful operations csethignals™
4.3.1 Filters
In signal processing, the device or process which removes some unwanted features or
components from a signal is called filter.
Filtering is a class of signal processing, the defining feature of filters being the complete
or partial suppression of some aspects of the signal. Most often, this means removing
some frequencies and not others in order to suppress interfering signals and reduce
background noise. However, filters do not exclusively act in the frequency domain;
especially irthe field of image processing many other targets for filtering exist.
One of the most important functions of filters is to allow signals in some specific part of
the frequencies getting through while signals in other part of the frequency periods are
beinglimited. Essentially the filter is a frequency selection circuit.
We could classify filters on many different bases and these overlap in many different
ways.There is no simple hierarchical classification. Filters couldbe:
1 Analogue or digital
9 Linear a nontlinear
1 Time-invariant or timevariant
71 Discretetime(sampled) or continuotgne
1 Passive or active type of continuetime filter
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71 Infinite impulse response (IIR) or finite impulse response (FIR) type of discrete
time or digital filter.

Some definitios of useful filters for this project are described below:
4.3.1.1 Analogue Filters
Analogue filters are a basic building block of signal processing which are much
used in electronics. Amongst their many applications are the separation of an
audio signal before appation to bass, midange and tweeter loudspeakers; the
combining and later separation of multiple telephone conversations onto a signal
channel; the selection of a chosen radio station in a radio receiver and rejection of
others
4.3.1.2 Digital Filters
In different fields like electronics, computer science and mathematics, a digital
filter is a system which performs mathematical operations on a sampled, discrete
time signal to enhance or reduce certain aspects of that signal. This is in contrast
to the othermajor type of electronic filter, the analogue filter, which is an
electronic circuit operating on continuoetisie analogue signals. An analogue
signal may be processed by a digital filter by first being digitized and represented
as a sequence of numberthen manipulated mathematically, and then
reconstructed as a new analogue signal. In an analogue filter, the input signal is
Adirectlyo mani pul ated by the circuit.
A digital filter system usually consists of an analogowligital converter and a
micropro@ssor. Digital filters may be more expensive than an equivalent
analogue filter due to their increased complexity, but they make practical many
designs that are impractical or impossible as analogue fitters.
4.3.1.3 Linear Filters
Linear filters in the time doain process timgarying input signals to produce
output signals, subject to the constraint of linearity. This result from systems
composed solely of components (or digital algorithms) classified as having a
linear responsé?®
4.3.1.4 Non-Linear Filters
A signal processing device whose output is not a linear function of its input is
called a nodiner filter. *’
4.3.1.5 Time-Invariant Filters
A device which performs the same operation at all the time is called a time
invariant filter. It is also called shifhvariant fiter.*®
4.3.1.6 Time-Variant Filters
A system which is not a timi@variant is called a time variant system. Roughly
speaking, characteristics of its output explicitly depend upon tine.
4.3.1.7  Active Filters
Actually active filters are a type of analogue electrofilters. These are
distinguished by the use of one or more active components i.e. voltage amplifiers
or buffer amplifiers. Typically this will be a vacuum tube, or sdlidte (transistor
or operational amplifier).
If we compare active filters with passiviéters we can see that there are three
major advantages of active filters over passive filters.
1 Inductors can be avoided. Passive filters without inductors cannot obtain a
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high Q (low damping), but with them are often large and expensive (at low
frequen@es), may have significant internal resistance, and may pick up
surrounding electromagnetic signals.

1 The shape of the response, the Qudlity facto), and the tuned frequency
can often be set easily by varying resistors, in some filters one parameter can
be adjusted without affecting the othefgariable inductances for low
frequency filters are not practical.

1 The amplifier powering the filter can be used to buffer the filtemfrilne
electronic components it drives or is fed from, variations in which could
otherwise significantly affect the shape of the frequency respthse.

4.3.1.8 Passive Filters

Passive filters are a kind of electronic filters which are made by only passive

componets in contrast to an active filter. Passive filters do not require an external

power source (beyond the signal). Because in most cases filters are linear
therefore passive filters are composed of just four basic linear elements. These
elements are capad®) indicators, transformers and resistors. Also some more
complex passive filters may involve nonlinear elements or more complex linear
elements like transmission lines.

If we compare passive filters with active filters we may found several advantages

which are described below:

1 Guaranteed stability

1 Passive filters scale better to large signals (tens of amperes, hundreds of
volts), where active devices are often impractical

1 No power consumption, but the desired signal is invariably attenuated. If no
resistas are used, the amount of signal loss is directly related to the quality
(and the price) of the components used.

1 Inexpensive (unless large coils are required)

1 For linear filters, generally, more linear than filters including active (and
therefore nodinear) elements™

4.3.1.9 Low Pass Filters

A filter which allows passing the low frequency signals and reduces the amplitude

(attenuate) of the signals with the frequencies higher than theffduequency is

called a low pass filter. The actual attenuation arhdomeach frequency varies

from filter to filter. Sometimes it is also called a higlit filter or treblecut filter

while using in audio applications. The low pass filter is opposite to the high pass

filter. The combination of both low and high passefit is called a band pass

filter.

There are many different forms in which the concept of the low pass filter exists.

It includes digital algorithms for smoothing sets of data, electronic circuit,

blurring of images, acoustic barriers and so on. Low pétessfihave the same

role in the signal processing which moving averages play in some other field, like
finance; both provide a smoother form of a signal that removes the short term
oscillatzi(z)ns, leaving only long term trends. A low pass filter is shovtherfigure
below:
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1.0

dB

Mormalized Output Power

f = Cutoff Frequency
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Low-pass Filter

4.3.1.10High pass Filter

A filter which allows passing the high frequencies and attenuates the
frequencies which are lower than ft frequency is called High Pass Filter.
The actual attenuation amount for each frequescy design parameter of the
filter. It is also called a loveut filter. It is called terms bass cut filter or rumble
filter ileésed for audio application. A figure of high pass filter (LTI) is shown
below:

—
L]

f = Cutoff Frequency

Nnrmahzeg@utput Fower
|

i': Increasing Frequency

High-pass Filter
4.3.1.11Band-pass Filter
A device which allows passing the frequencies within a certain range and
rejects the frequencies outside that range is called-Bassd filter. RLC circuit
(a resistofinductorcapacitor circuit is an example of an analogue electronic
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bandpass filter. These filts could also be created by combining the high pass
filters with low pass filters.

An ideal banebass filter is that which has a completely flat baads, e.g.

with no gain/attenuation throughout, and will completely attenuate all
frequencies outside tHendpass. Additionally, the transition out of the band
pass would be instantaneous in frequency. However, in practice, there is no
ideal banegpass filter. Hence the filter does not attenuate all frequencies outside
the desired frequency range completaly;particular, there is a region just
outside the intended baipéss where frequencies are attenuated, but not
rejected. This is known as the filter ra@lff, and it is usually expressed in dB of
attenuation per octave or decade of frequency. Generadlydakign of a filter
seeks to make the rediff as narrow as possible, thus allowing the filter to
perform as close as possible to its intended design. Normally, this is achieved
at the expense of paband or stogband ripple?*

A bandpass filter is shan in the figure below:

1.0
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(bandwicth =, - f,)

Mormalized Cutput Power
|

|
|
|
|
|
f1 Freguency 4f2

Bandpass Filter
4.3.1.1Band-stop Filter
A device which allows passing most of the frequencies unaltered and
attenuates only those which are in specific range to very low level is called a
Band-stop filter. The Banstop filter is oppase to the Banepass filter. This
filter could be designed to stop the specified band of the frequencies but it
usually attenuates them below some specified level. A Btoy filter is
shown in the figure below”
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4.3.1.13All Pass Filter

A device which allows passing all the frequencies equally emhges the
phaserelationship between various frequencies is called an All Pass filter. It
performs this task by varying its propagation delay with frequency. Generally it
is described by frequep@t which phase shift crosses 9.

5. Empirical Work
In sectionl.1.1, we have discussed different techniques for monitoring the condition of
cutting tool for milling machines. In this section we will discuss a new technique which is
based upon the sodrsignal analysis for monitoring the condition of the cutting tool.
5.1 Setup equipment and data collection
Previously, there was a thesis conducted on this topic. So, one of our task is to analyze
sound signal data with previous data. In our thesis, we twwedypes of material for
sound analysis, Bronze and steel. First task is to compare data between two types of
recordings; bronze and steel. Second, we compare current sound signal data with previous
conducted thesis sound signal data.
5.1.1 Equipment
Equipmerns used for sound signal collection and processing are very simple. We need
a laptop which should have good processor (Core 2 Duo), RAM (1 GB) and hard disk
(200 GB), an Omni directional microphone and USB sound card.
5.1.2 Software
Audacity and Wavdab 6 aremstalled on the laptop. Audacity is open source software
which has a good reputation for sound recording and signal analysis. We used
Audacity for recording sounds and Walad 6 used for sound signal analysi¢ave
lab 6 is very well known sound editingdi.
5.1.3 Microphone Location Adjustment
Before recording, we have to set appropriate location for microphone for recording.
Microphone is place at distance of 245 mm from cutting tool. When cutting tool cut
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the material small particles will scattered arour@b, we put metal plate over
microphone to protect it.
5.1.4 Material
We have experimented with two types of materials.
1. Bronze
2. Steel

These materials are not usable for the company. Remember these recordings are not
any process of cutting. We just took it becaosmpany representative asked us to do.
First, we experiment on bronze material then same process is repeated on steel
material. The dimensions of materials are given below:
Bronze
Height: 85mm
Breadth: 97mm
Steel
Height: 2105mm
Breadth: 104mm
We have not et recording sample rate frequencies in Audacity. Because Wavelab 6
allow setting frequencies ranges. We set the sample rate 44.1 KHz for entire
recordings. Keep a thing in mind, microphone is Omni directional, this will record all
surrounding sounds.
We have collected small recording for this time. We took recordings on four state of
cutting tool.

1. New

2. Little Used

3. Bad

4. Worn out
Note: These four states of cutting tool are not of one cutting tool.

5.2 Experiment One

The purpose of taking four type of cutiinmaterial is that when cutting is done on big
propellers, cutting tool becomes wear out about four hours. Also, the machine used to
recording iDelta HG-660 X 2200You can see picture of the machine below:
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Figure 4
All recordings consist of not morédn two minutes. It is very small process as compared
to hub body process. In this process, we record the upper cut of the surface of the bronze
material with different states of cutting tools as mentioned above. Operator change the
cutting tool after cuihg process is over and we immediately stop the recording. We
saved different recordings of different states of cutting tools. So, it will be relatively easy
to compare data with previous thesis data. All recording is saved in appropriate folder.
Also, sane process is repeated with steel material.

5.2.1.1 Investigation of window size

The sound file collected from Berg Propulsion, we have analyzed it with Time to

Frequency Graph and Fast Fourier Transform. We checked how frequencies ranges

changed during the cuttjprocess. We can also see amplitude of the sound wave with

respect to time.

Window size is very important to figure out how what is amplitude of wave. For detail

information we shall extract information from Fast Fourier Transform. So, deciding

approprigde window size is critical.

As we know, one of the features for sound signal is chronotropic character. But for

human voices, it could be stable relatively in a short period of time. In general, we

could say 10ms to 30ms. Thus it could be considered @sasistationary process

during this short period, namely human sound signal has the-tghertstationary,

which also illustrated that any kind of sound signals should be analyzed and disposed

within a short period of time. So the proper window size faman voices is 10ms to

30ms. We could choose the any window size in Fast Fourier Transform according to

the speed or other parameters we need.

As one of the characteristics of sound signal is chronotropic. But human sound signal

is stable in very short pied of time. We can say it is about 10ms to 30ms. So, human

.
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voice is analyzed and disposed in very short period of time. This process is known as
guastistationary process.

However, there are differences in the human voice compared to the machine voice.
Machine sounds are always much stable than human voices. So, we can analyze which
window size is more appropriate and give us more information. We choose window
100ms, 200ms and 500ms. As we describe in above section, we have recordings of
two types of mateals, bronze and steel. Each type has four types of recording of
different cutting tool. We take sound fragment from each file as an example. We
choose sound from 10 second to 10.5 second which may be varying in different
window size. From below you canesall of the pictures. You can see files of window
size 100ms, 200ms and 500ms.

10z 102100mz 10:200m=

1536

1024

512 — |

-512 -] '

-1024 —

1536 —
Figure 5 (a) New Bronze 100ms

29
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512 —
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-1536 —

Figure 5 (b) New Bronze 200ms

10z 10z500mz 11z

1536

1024

512 —

=512 —
-1024

-1536 —

Figure 5 (c) New Bronze 500ms

Above pictures are clearly showing there is not much difference in pattewesves if

we change window size. All looks pretty same in amplitude. The important thing is to
consider the amplitude value. When cutting tool is new and tool is cutting bronze
material sound amplitude highest value is in between of 102836 for posive Y

axis and amplitude lowest value is in betweerlOR41 -1536 for negative Y axis.
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Figure 6 (a) little used Bronze 100ms
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10:200mz 10:400mz

Figure 6 (b) little used Bronze 200ms
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Figure 6 (c) little used Bronze 500ms

Again we can see main peak points of tudes are identical. The cutting tool is
little used now and tool is cutting bronze material. The sound amplitude highest value
is about 1024 for positive Y axis and amplitude lowest value is in betwe&i2f -

1024 for negative Y axis.
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Figure 7 &) Bad Bronze 100ms
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Figure 7 (b) Bad Bronze 200ms
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Figure 7 (c) Bad Bronze 500ms
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We can see main peak points of amplitudes are identical. The cutting tool is in bad
condition now and tool is cutting bronze material. The sound amplitude highest valu

is about 1536 for positive Y axis and amplitude lowest value is in betwed0241 -
1536 for negative Y axis.

10z 10z100mz 10z200mz

1024

512

stz—f |

-1024 —

Figure 8 (a) Worn out Bronze 100ms

10z 10:200mz 102400mz

-1024 -1I

Figure 8 (b) Worn out Bronze 200ms
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10z 102500mz 11z

-1024—i
Figure 8 (c) Worn out Bronze 500ms

We can see main peak ptsrof amplitudes are identical. The cutting tool is worn out
now and tool is cutting bronze material. The sound amplitude highest value is in
between 1024 1536 for positive Y axis and amplitude lowest value is in between of
10247 -1536 for negative Y»as.

After examining windows size for bronze material, we can imply that it will be same
with steel materialAs it is shown in pictures below:

10z 102100mz 10:200mz

Figure 9 (a) New Steel 100ms

35



10z 10:200mz 10z400m=

Figure 9 (b) New Steel 200ms
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Figure 9 (c) New Steel 500ms

10z 102100mz 102200mz

Figure 10 (a)ittle used Steel 100ms
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Figure 10 (b) little used Steel 200ms
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Figure 11 (a) Bad Steel 100ms
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Figure 11 (c) Bad Steel 500ms
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Figure 12 (a) Worn Out Steel 100ms

Figure 12 (b\Worn Out Steel 200ms

Figure 12 (c) Worn Out Steel 500ms

Here we have seen windows size of 100ms, 200ms and 500ms. We have seen every
window size very thoroughly and closely. But there is not much different if we change
the window size. | show some paf a sound file from 10 sec to 10.5 sec. The pattern
remains the same for all window size. So, | think we can choose window size of
100ms. But it is not guaranteed that we shall use 100ms window size for application.
We can change window size which welfsuit best for the application.

5.2.1.2 Fast Fourier Transform Analysis

Fast Fourier Transform is a very good way to analyze spectrum of a signal. We can
identify amplitude of sound (db) over frequencies. Below you can see pictures of FFT
of sound files whiclwe collected for machinBelta HG-660 X 2200(see section 4.1).

First we shall analyze Bronze material. You can see analyzed values of sound
amplitude (db) over frequency below. We have taken third sound file for all states of
cutting tools (see section144 for states of cutting toolsyee below table 1
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