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Abstract:

This article focuses on computer noise analysis and noise reduction 
processing. With the popularity of computers, people are increasingly 
demanding the comfort of using computers. Solving the noise problem of the 
computer case can make the working environment more comfortable. People 
working in a noisy environment for a long time can cause anxiety and the 
quality of work is not high. The main purpose of this paper is to analyse the 
characteristics of computer noise and to reduce the noise of the chassis 
through the secondary sound source. Through the comparison of the 
experimental and simulation results, the noise reduction effect of the 
secondary sound source on the computer case is obtained. This paper can 
provide a scientific reference for the manufacture of computer chassis and
improvement of noise.
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1 Notation 

C Sound velocity in the medium 

f1 Lower cutoff frequency 

f2 Upper cutoff frequency 

I0 Reference sound intensity 

LP Sound pressure level 

P sound pressure 

P0 Reference sound pressure 

Pm Instantaneous sound pressure 

t time 

T cycle 

W sound power  

W0 Reference sound power 

V Volume of enclosed space 

Medium density 

c Sound impedance ratio 

Sound field modal function (vector) 

a modal amplitude (vector) 

air density 
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2 Introduction 

2.1 Background 

Computer is a device that uses electronic principles to process data based on 
a series of instructions. Since the first computer appeared in 1946, computers 
have gradually become a practical tool that can be used by all the people. For 
the current ever-increasing hardware level, the noise generated by chassis is 
also increasing, these noise will affect our work and reduce our work 
efficiency. Some research shown that noise can give some impact on people’s 
hearing, health and work efficiency [1],and these effect is greater under high 
temperature conditions.[2]All the harms that noise can cause to human health 
are as follows   

1. The impact of noise on life: After the whole day's work, the energy in the 
body will gradually wear out. At this time, it is necessary to restore the body 
from fatigue through sleep. A necessary and sufficient condition for people to 
keep healthy is to have enough sleep every day, but if the human body is 
working in a high-noise environment for a long time, falling asleep will 
become difficult. After a long time, lack of sleep will make the mental state 
be unstable, resulting in the body being easily tired. And cause symptoms such 
as distraction, which makes people less efficient at work, and will have a great 
negative impact on the quality of life after a long time; 

2. The impact of noise on hearing: the biggest harm of noise on the human 
body is reflected in the damage to the hearing. When the human body is 
exposed to a strong noise environment, people will feel the ear is discomfort. 
If keep this condition for a long time, this will cause hearing loss, hearing 
sensitivity weakening, and hearing threshold increase.  

3.The impact of noise on nervous system: After the human body receives the 
noise, the auditory organ transmits the sound signal to the nerve centre of the 
brain, and then the nerve centre produces a series of reactions to other systems 
of the body Because the noise will make the human body feel uncomfortable, 
if the human body is in a high-intensity noise environment for a long time, 
person will have dizziness, headache, tinnitus, arrhythmia and other 
neurasthenia symptoms in a short time. After a period of time, the hearing will 
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be degraded or even deaf due to long-term adverse reactions of the auditory 
organs; 

4.The impact of noise on cardiovascular system: The nerve centre will let the 
body to respond to noise after receiving the noise signal. When the human 
body feels strong noise, the autonomic nervous system in the brain will be 
strongly stimulated, which is reflected in the human body will cause a sudden 
rise in blood pressure and an increase in heart rate or even arrhythmia; 

5. The impact of noise on other systems: After prolonged exposure to noise, 
Due to the long-term accumulation of fatigue of the human body cannot be 
eliminated, the human body will also have some complications similar to 
long-term staying up late, insomnia. For example, gastrointestinal digestive 
diseases and skin diseases. because of the high intensity of noise, the body 
temperature rises, and cancer cells are also prone to accelerate the 
proliferation in body environment. Therefore, most disease researchers even 
classify noise into the source of cancer [3].  

There are many possibilities for the noise sources inside the chassis[4].Power 
fans, chassis fans, CPU fans, graphics card fans, north-south bridge chip fans, 
hard disk heads, etc. will produce a certain amount of noise, but for some 
office machines, some fans may not have, that is, when the chassis When there 
is no graphics card and the situation of nuclear display is used, there will be 
no graphics card fan inside the chassis. But for all computer chassis, power 
fans and CPU fans are inevitable. The two most obvious sources of noise come 
from this. (The noise of the head is inevitable when the hard disk is working, 
but the noise generated by the fan is not obvious.) 

For the noise control of the computer case, Most of time we change the 
parameters of the computer chassis fan or change the heat dissipation device 
of the computer case [5].(Such as water cooling, copper tube auxiliary 
cooling, etc.). But the noise is not further processed, the noise can spreads 
directly from the opening hole of the chassis. Therefore, the research 
significance of this topic is to deal with the noise in the chassis and reduce the 
intensity of noise generation [6]. 

2.2 Aim and Objectives 

The purpose of this paper is to study the characteristics of the noise field inside 
the chassis and to reduce noise. Firstly, starting from the acoustic 
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characteristics of the active noise reduction technology, after determining the 
noise source in the chassis, the noise generation of the chassis will be 
simulated and verified by physical experiments. Obtain various acoustic 
indicators such as sound pressure level, sound intensity, and frequency range 
of the chassis noise. Then based on the data to carry out simulation test and 
physical experiment verification. 

Therefore, the main aims of this thesis are as follows:  

1. Analyse the vibration mode of computer case under natural state by 
ABAQUS. 

2. Study the acoustic mode of a computer case in LMS Virtual. Acoustic 

3. Using the established secondary sound source, the acoustic-vibration 
coupling analysis before and after noise reduction and the external 
radiated sound field analysis. Therefore, the noise cancellation effect 
of the secondary sound source is studied. 

4. The noise analysis of the external radiated sound field of the computer 
case is carried out by multi-sampling points to explore the best 
secondary sound source noise reduction frequency band. 

5. Based on the optimal secondary sound source for noise reduction, in 
order to achieve global noise reduction, the position of noise reduction 
in the chassis noise band is studied. 

2.3 Research Question 

 What is the noise characteristic of the HP-Z820 chassis? Is it low 
frequency noise or high frequency noise? 

 Which frequency band is the best noise reduction band for HP-Z820 
computer noise? 

2.4 Related Work 

In recent years, some scholars in China have conducted noise reduction 
analysis on the original electrical components of the computer case. Teng 
Decheng, Xu Haifeng [7] analysed the noise in the computer photoelectric 
detection circuit, and carried out a simple calculation of the noise. Through 
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the analysis and calculation of the noise, some measures to reduce the noise 
were proposed, such as selecting low noise components. choose the right 
transistor amplifier. Xu Jin [8] applied ANC technology to control computer 
fan noise, and studied the design of pipeline, adaptive control algorithm and 
adaptive filter, sensor and speaker spatial arrangement and adaptive 
identification of acoustic channel. There is little research on the noise of 
computer cases, and some noise reduction techniques are studied by 
consulting other similar fan noise reduction techniques. 

Su Xiaofang, Yang Linqiang et al [9] scholars to optimize the fan structure of 
the engine to achieve the effect of reducing fan noise. Yang Qing, Ma 
Lingkun, etc. [10] scholars collected real fan noise signals and used MATLAB 
to simulate and analyze the multi-channel Filtered X-Least Mean Square (FX-
LMS) algorithm to achieve noise reduction. Yang Mingwei, Liang Dong et al. 
[11] based on the acoustic-electrical analog principle and the analytical 
method of the micro-perforated plate sound absorption theory, completed the 
preparation and verification of the muffler noise reduction evaluation 
algorithm, and calculated and analyzed the acoustic performance of the 
exhaust muffler.Liu Jing scholar [12] obtained two kinds of improvement 
schemes from the internal structure of the exhaust muffler and the pipe 
diameter of the exhaust connecting pipe by using a diesel engine exhaust 
system as the research object. The tail pipe noise was established by GT-
Power software. Exhaust back pressure simulation calculation model. Su 
Zetan [13] applied the principle or method in TRIZ to solve the problem of 
fan noise reduction innovation. Xu Xianwei, He Zhiqiang et al. [14] scholars 
passed the connection tube or wall to the indoor side, which proved that the 
noise is superimposed by the noise of the compressor and the noise of the 
outdoor fan. Through the system optimization design, the noise peak at 100 
Hz on the outdoor side is reduced by 8 dB. 

Outside of China, the concept of 'noise reduction' was first proposed in 1934, 
when a German researcher proposed to counteract the noise by the principle 
of interference, and then applied for the invention patent of the 'noise 
canceler'. However, at that time, the level of technology was far less 
developed than it is today, so it was impossible to make this 'noise canceler' 
and put it on the market. The opening of active noise reduction technology fell 
so badly that it was only brought up 19 years later [24]. 

It was not until the late 1970s that the theoretical basis for active noise 
reduction in three-dimensional space derived from the Huygens principle was 
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officially derived (Krichhoff-Helmholz principle), but it could not be realized 
in practical applications on closed surfaces until French J. Chambers et al. re-
derived based on the Huygens principle [25], and after testing in a large 
transformer environment, derived the JMC active noise control algorithm. 

In the 1980s, due to the rapid development of high-speed signal processing 
technology, the development of active noise reduction has gradually 
improved. In 1980, Kuo.S.M used the pipeline active noise reduction system 
for the noise reduction of diesel exhaust [26], and achieved initial results. 
After the 21st century, with the continuous development of electronic 
technology, active noise reduction technology has also been greatly 
developed. For example, Su Yu and Lu Jianwei [27] used feedback active 
noise reduction methods in chillers; R.Castane-Selga and RSSPena applied 
active noise reduction technology to motorcycle helmets [37], in the 
experiment Significantly achieves wind noise during high-speed driving. 

In 2018, Mohammed et al. proposed an ANC system based on the filter X 
least mean square (FXLMS) algorithm without auxiliary channel 
identification [28]. Hanyang University, Korea, IHYang and JEJeong, etc., 
optimized the traditional FXLMS algorithm by studying the relevant models 
of noise and error signals, and used this technology in high-speed elevators 
[29]. 

 

2.5 Outline of Thesis 

Although the development of computers has been very mature, people have 
been working on making computers have better performance and minimizing 
noise. As mentioned above, people tend to focus on the hardware of the 
computer case itself. So this article will start from the principle of noise and 
noise reduction, and build an experimental system to verify. The main 
contents of this paper are as follows: 

Starting from the second chapter, according to the purpose of noise reduction, 
the research status of secondary sound source noise reduction at home and 
abroad is elaborated and the research purpose of this paper is mentioned, as 
well as the problems that need to be solved in this paper. 
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The third chapter, from the introduction of the principle of noise and noise 
reduction, introduces the physical quantity of the experiment that needs to 
measure acoustics, and the methods used in the computer simulation software 
in this paper, such as acoustic finite element and acoustic-vibration coupling 
method. 

The fourth chapter is mainly to analyse the noise source of the chassis studied 
in this paper. After determining the noise source in the chassis, a physical 
experiment is performed based on the advanced LMS test system. Various 
acoustic parameters are obtained, such as sound pressure level, sound 
intensity. After data analysis and comparison, a digital model of the computer 
case was established. 

The fifth chapter begins with the theory and method of secondary sound 
source noise reduction technology. Through the use of the established 
secondary sound source, the acoustic-vibration coupling analysis is carried out 
in the simulation software to study the chassis itself under the interference of 
the secondary sound source. Sound pressure changes. Based on this, through 
the calculation of the external radiated sound field of AML, the sound pressure 
variation of the radiated sound field outside the chassis under the action of the 
secondary sound source is studied. Therefore, the noise reduction effect of the 
secondary sound source is studied and analysed. 

In the sixth chapter, the noise analysis of the external radiated sound field of 
the computer case is carried out by multi-sampling points to explore the best 
secondary sound source noise reduction frequency band. Based on the best 
secondary sound source noise reduction, the position of the noise reduction 
effect is analysed. Provide reference and ideas for secondary sound source 
noise reduction in small spaces. The application of active noise reduction 
technology in small spaces is an innovation. 
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3 Noise and Acoustic Finite Element 

When the computer is working. Since the computer generates heat during 
operation, it will cause the temperature of the working environment to become 
higher, if coupled with the noise generated by the computer case. Then the 
whole environment will be very noisy. During the daytime, the noise of a quiet 
room is about 40 db. When someone speaks, it can reach 60 db. These 
upgrades can already make people feel very obvious, So in engineering 
simulation calculations, computer calculations may take many days. The 
sound level in the house will be higher, then the impact of noise on people's 
work will be significant. So it is important to study and reduce the noise 
significance of the computer case. 

 
3.1 Noise Perception Analysis 

In terms of life definition, all sounds that make people feel unpleasant and 
uncomfortable can be defined as noise. Acoustic is defined as when the object 
vibrates randomly, then the sound emitted by the object is called noise, and 
the noise is actually the superposition of sound waves of different frequencies. 
There are two ways to control the noise. One is to control the sound source, 
and the other is to control the noise itself. It is divided into noise control during 
noise propagation and noise control at noise reception. The frequency of 
sound that humans can hear ranges from 20 Hz to 20,000 Hz. According to 
the human somatosensory sound frequency range, we roughly divide the noise 
into three noise frequency ranges, low frequency noise (25 Hz to 50 Hz), 
intermediate frequency noise (51 Hz to 1000 Hz), and high frequency noise 
(above 1000 Hz). 

Since frequency is a measure of the nature of the noise itself, the magnitude 
of the 'volume' of the noise is measured in terms of the sound level in decibels 
(dB). But decibel is not a sound measurement unit, it is more a measure of the 
size of the sound as a multiple unit. For example, when the decibel rises from 
1 to 10, it means that the volume we can feel will increase by 10 times. 
Therefore, when using a sound level meter for noise measurement, the unit 
sound level is usually used as the standard of the sound level, and the unit 
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sound level is 1 dB, which is generally expressed by dB (A). Table 2.1 lists 
the sound pressure levels for various environments. 

 

Table.3.1 Sound pressure and sound pressure level in different environments 
under normal circumstances 

Sound pressure N/m2  Sound pressure level/dB environment 

630 150 Jet plane 

200 140 Military range 

63 130 Rivet gun 

20 120 Large grinding machine 

6.3 110 Large blower 

2.0 100 Textile workshop 

0.63 90 Wind Turbines 

0.20 80 On the bus 

0.063 70 Bustling street 

0.02 60 Ordinary talk 

0.0063 

0.0020 

0.00063 

0.00020 

0.000063 

0.000020 

50 

40 

30 

20 

10 

0 

Micro motor 

Quiet room 

Whisper  

The rustling of the leaves 

Quiet night 

No sound 

3.2 Noise Measure 

3.2.1 Unit of Acoustics 

Sound pressure: A non-uniform change in pressure due to a change in the unit 
area of the sound field is referred to as sound pressure, it is represented by P, 
and its unit is Pa. Sound pressure is often used to indicate sound intensity. 
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 2

0

1 sin
T

mP P tdt
T

 (3-1) 

mP Instantaneous sound pressure  

t time  

T Time spent in one cycle. 

The energy of sound waves: the initial volume of a dxdydz micro-body is ,  
the initial pressure is , density is , Due to the interference of sound, the 
vibration velocity of the micro-body is nu, and the kinetic energy and potential 
energy of the micro-body are respectively: 

 

 2
0 0

1
2kE V v  (3-2) 

 
0

V

p V
E p dV  (3-3) 

After the combination, the total acoustic energy in the micro-element is: 

 2 2
0 0 2 2

0 0

1 1(
2k pE E E V v p

c  (3-4) 

Usually the sound energy per unit volume we define is the sound energy 
density: 

 2 2
0 2 2

0 0 0

1 1( )
2

Ew v p
V c  (3-5) 

Sound intensity: The sound energy per unit area in the direction perpendicular 
to the direction of sound wave propagation per unit time is represented by I, 
in units of W/m2 

           

2PI
c  (3-6) 

P sound pressure  

Medium density  
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C Sound velocity in the medium  

c Sound impedance ratio. 

 

Sound power is the total energy of the sound, usually expressed in W in units 
of W 1 W=1Nm/s.The relationship between sound intensity I and sound 
power W is: 

 W IS  (3-7) 

Where S is the wave front area. 

Sound power: Sound power is the unit of measure for the amplitude of sound 
energy output in acoustic testing. The sound power will vary because of the 
sound will be lost during propagation, it depends on the propagation distance, 
the direction of propagation, and some other environmental factors around it. 
However, for the value of sound power, it can directly measure with the sound 
power meter. But the professional sound power meter is very expensive, the 
relatively simple method is to measure the sound pressure at the current 
position and then calculate the sound power by sound intensity and sound 
pressure. 

3.2.2 Level of Acoustics 

As mentioned above, the sound intensity and sound power can be calculated 
by the sound pressure, but the human body feels more sensitive to the sound 
level, Therefore, logarithmic values are often used to measure sound pressure, 
sound intensity and sound power. The corresponding level names are sound 
intensity level, sound pressure level and sound power level. 

Sound pressure level Lp is: 

                        
0

20 gP
PL l
P     (3-8) 

LP Sound pressure level  

P Sound pressure  

P0 Reference sound pressure here is 2 10-5 Pa . 
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Here the value of the reference sound pressure is based on the sound pressure 
of the lowest sound perceived by the human ear for the 1 kHz air sound. Sound 
intensity level L1 is 

 
0

10 gI
IL l
I  (3-9) 

I0 Reference sound intensity(Hearing threshold) here is 10-12W/m2. 

The sound power is represented here by the sound power level, and the unit is 
also db. If the sound power is W, the sound power level  is determined by 
the formula. 

 
0

10 gW
WL l
W  (3-10) 

W0 Reference sound power here is 10-12W. 

3.2.3 Accumulation of Sound Pressure Levels 

Accumulation of sound pressure levels means that two or more sound sources 
act on one point to produce an accumulation of sound. Sound power and sound 
intensity can be accumulated in algebra. For example, the sound power of 
multiple sound sources is W1 W2 W3 Wn. 

Then the total sound power is 

 
 

1 2 3+ + +tot nW W W W WnWn
 3-11  

Suppose that the sound intensity of multiple sound sources at a certain point 
is I1 I2 I3  

The total sound intensity is 

 
1 2 3+ + +tot nI I I I InI  (3-12) 

However, the sound pressure levels cannot be directly added. In this case, the 
sound pressure of a plurality of sound sources at a certain point is assumed to 
be P1 P2 P3  

The total sound pressure level is 
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 1 2 0 10 1 0 110 10 10 10 PnP P . L. L . L
PL lg 0 110 P. L1 PP  (3-13) 

 Total sound pressure level  

 Sound pressure level of sound source 1; 

 Sound pressure level of sound source 2; 

 Sound pressure level of sound source n. 

If , that the sound pressure levels of the two sound sources are 
equal 

Total sound pressure level is 

 1 110 2 3P P PL L lg L  (3-14) 

Accumulation of sound pressure levels of multiple sound sources 

 0 1
1

10 10 Pi
n . L

P i
L lg  (3-15) 

3.2.4 Loudness and Loudness Level 

Loudness: also known as volume, is an amount that people subjectively 
evaluate the intensity of a sound volume [15] The basic loudness is defined 
as: when the sound pressure level is 40dB, the 1000Hz acoustic waveform is 
the basic loudness waveform [16]  The basic unit of loudness is 'sone', which 
is usually called volume, and its symbol is represented by N. 

Loudness level: The definition of loudness level is relatively cumbersome 
compared to loudness. Therefore, in order to facilitate understanding and 
calculation, when an acoustic wave is the same as the acoustic wave defined 
by the basic loudness, the loudness level of the sound wave is same to the 
loudness level of the basic loudness. Among them, the unit of the loudness 
level is represented by a phon. The relationship between sound pressure level 
and frequency is represented by an equal response curve, where each curve 
represents the relationship between frequency and sound pressure level when 
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representing a certain loudness. The figure below is a plot of the equal-
impedance curve from 10sone to 120sone. 

Figure.3.1 Loudness curve from 10~120sone 

The loudness is used to represent the size of the sound. The main advantages 
are: The superposition and attenuation effects of the sound can be effectively 
described by the natural number addition method, and the percentage of the 
sound increase and decrease is obtained on the basis of this. Based on the 
range of the reference loudness level of 20~120phon, the relationship between 
the loudness and the loudness level can be expressed by a formula: 

 

 
40

102
LL

L  (3-16) 

In the above formula, L and LL refer to loudness and loudness levels, 
respectively. 

 

3.2.5 Weighted Sound Level 

In noise control, people simulate the sensitivity of the human ear to different 
sounds (intensity and frequency) in the sound level meter, and then design the 
filter circuit according to this principle. The filter line mainly simulates the 
three equal-tone curves of 40phon, 70phon and 100phon, and on this basis, 
the four weighted networks A, B, C and D are set. The sound level meter is 
mainly for sound and The frequency is input, and the output is the sound 
pressure level and the loudness level. 
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Weighting network: The sound level meter has a built-in dedicated filter. 
When the frequencies are not the same, the frequency corresponding to the 
sound level meter can be appropriately adjusted according to the sensitivity of 
the human ear, and then the sound pressure level is obtained by the conversion 
of the electric signal. We call this sound pressure level a "weighted sound 
level. "Or "noise level." Among the four weighting networks A, B, C, and D, 
only the A network is sensitive to high frequency and not sensitive to low 
frequencies. For this reason, in the expression of noise loudness, people tend 
to choose A sound level to represent, we can record it as "decibel (A)" or "dB 
(A)". For details on the frequency response curves of the four weighted 
networks, refer to Figure 2-2 below: 

Figure.3.2 Weighted network curve 

3.2.6 Spectrum and Band Sound Pressure Level 

Based on the wide range of audible sound frequencies, the complexity of 
sound waveforms, and the diversity of spectral shapes, sound waves can be 
subdivided into the following three categories: linear spectrum, continuous 
spectrum and composite spectrum. 

For a line spectrum, the components are mainly discrete tones. As for the 
spectrum of the general sound, it usually has the periodic characteristics of the 
line spectrum. For details, please refer to Figure 2.3 below: 
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Figure.3.3 Line spectrum 

It is not difficult to see from the spectrogram that the decisive factor of 
polyphonic tones is precisely the lowest frequency monotone. We call these 
monophonic sounds "accents", which are an important part of the formation 
of the entire polyphony. As for the frequencies of other pure tones, usually the 
integer multiples of these pitches, such pure tones are called "overtones", 
which directly determine the tone of the sound. We can use the overtones to 
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make sounds of different people, objects and instruments. Effective 
distinction. 

Multiple overtones can form continuums, and the frequency of these 
continuums is usually controlled within a certain range. Based on such a 
spectrum, we have continually referred to the continuous distribution of 
acoustic energy over a very wide frequency range as a "continuous curve of 
continuum." The composite spectrum is a sound spectrum made by stacking 
continuum and line spectra. 

The frequency analysis is based on the frequency sequence spreading the 
signal intensity emitted by the signal source. Converted frequency variation 
into a function by a certain mathematical principle, and the law is effectively 
analyzed. From the final measurement results, it is easy to see that the noise 
measurement curve with the decibel value of the sound pressure level as the 
ordinate and the sound pressure level as the abscissa is usually based on a 
certain frequency domain to objectively change the sound intensity. analysis. 

Through the study of sound spectrum, we can further understand the 
distribution of sound energy at different frequencies, and then learn the 
specific characteristics of the sound source. On this basis, we will study the 
generation, reception, propagation and influence of sound waves. Analysis, 
we call this process "spectral analysis." Although it is conducive to effective 
control and control of noise, the data of sound frequency and sound level 
covered in the composite spectrum and continuum is too complicated, so that 
it is very difficult to completely analyze the spectrum, and there is no such 
necessary. However, in order to facilitate the research of relevant scholars, 
people usually divide the audio into several adjacent frequency bands 
according to relevant rules. Different reference methods are adopted based on 
the different relationships between adjacent frequency bands. Common 
methods include equal bandwidth and unequal bandwidth. 

If the two frequencies are f1 f2  
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f1 Lower cutoff frequency; 

f2 Upper cutoff frequency. 

In the case of n=1, we call it “single octave”, and in the case of n=1/3, it is 
called “1/3 octave”. In the above two situations, it is more common. [22] 

We can represent each frequency band by a central frequency fm, and its 
specific value can be calculated by the following formula: 
 

 1 2mf f f  (3-19) 

The band width is , according to the above expressions, 

 2 1f f f  (3-20) 

from formula (2-19) and formula (2-20) 

 2 1=2nf f  (3-21) 

 2
12n

mf f  (3-22) 

Therefore 

 2
1 2 n

mf f  (3-23) 

 
 2 2

2 (2 2 )n n
mf f  (3-24) 

When n=1 

 0.707 mf f  (3-25) 

When n=1/3 

 0.231 mf f  (3-26) 

We refer to the sound pressure level based on filter detection as the “band 
sound pressure level”, which is mainly used to represent the total sound 
pressure level of a certain frequency band. Both the sound pressure level of 
the band and the total sound pressure level of the sound wave generated by it 
are included in the category of the objective loudness of the noise. 
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3.3 Acoustic Finite Element Method 

In the solution process of the Helmholtz equation, if the acoustic finite element 
method is to be fully utilized, the obtained sound field should be discretized 
first and subdivided into several small sound fields. We call each small sound 
field a "element". Each element is connected by a number of vertices, which 
we call "nodes." In general, we will determine the sound field of each unit by 
the specific sound pressure on the node, and make full use of the "shape 
function" or "weight function" to define the relationship between any point in 
the element and the sound pressure of the node. However, it is worth noting 
that in the case of different cell types, the expression of the shape function is 
also different. At this time, the difficulty in performing sound pressure 
distribution in the sound field is to determine the sound pressure of all the 
nodes. In general, the three-dimensional sound field uses two element of 
tetrahedron and hexahedron, and the two-dimensional sound field mostly uses 
triangular and quadrilateral elements.[7]. 

3.3.1 Expression of Shape Function 

For the linear quadrilateral element shown in Figure 2.4, its shape function 
can be defined as 

 1 1 1 , 1,2,3,4
4

e
i i iN i  (3-27) 

For a linear triangular element as shown in Figure 2.4, its shape function can 
be defined as 

= , 1,2,3e
i iN L i  (3-28) 

Where is the plane coordinate system,
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Where 
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For a linear hexahedral element as shown in Figure 2.4, its shape function 
can be defined as 

 1 1 1 1+ , 1,2,3, ,8
4

e
i i i iN i ,8  (3-30)

For a linear tetrahedral element as shown in Figure 2.4, its shape function can 
be defined as 

 = , 1,2,3,4e
i iN L i  (3-31) 

Figure.2.4 Common types of acoustic finite element elements 

 has a value of 1 on node  and 0 at other points, so that the sound 
pressure at any position in cell  at  can be described as: 

 
1
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 e
i i ip N r p B p  (3-33)

Here, n is the node number of . 
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3.3.2 System Matrix of Acoustic Finite Element

Now derive the mass matrix, stiffness matrix and damping matrix in acoustic 
finite elements. For the Helmholtz equation, its weight integral expression in 
the sound field can be written as

2 2
0 0

V
p p x, y,z k p x, y,z j q x, y,z dV2p p2 p2

(3-34)

Here, is weight function.

After converse 3-34

0

2
2

+ =

1

V V V

V

p p pp p p dV j pqdV p p dV
x x y y z z

pp V
c

V
dV j pqdV p p dV+

V

pppp ppppppppppp pppppp pppppppppppppppp ppp pppp p ppppppp ppppppppppppp
zzyyxxxx

p
zzzz

p
yyyyyy

p 0V V
j pqdVj pqdV =

V V00

Vpppp

(3-35)

According to Gaussian theory, for a vector , the integral of its component in 
the volumeV can be converted into the integral alongV the surface of the 
normal direction n .

V
dV n d (3-36)

Apply the formula (3-36) to the first term on the left side of the formula (3-
35).
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Substituting (2-37) into (2-35) 
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  (3-38)

1. Acoustic stiffness matrix 

The first item on the left side of equation (3-38) is 
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Where K is the stiffness matrix of  

 
   j j jT i i i
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  (3-40) 

2. Acoustic mass matrix 

The second item on the left side of equation (3-38) is 
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  (3-41) 

Where M is the mass matrix of  

 2

1
ij i jV

M N N dV
c

 (3-42)

3. Acoustic excitation vector 

The first item on the right side of equation (3-38) is 
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 0 0
T TT

i i iV V
j pq dV p j N q dV p QT

i i0V
j N q dV p QTT

i iij 00j NN q dV pdV pj NT

V
dV Tpq dV ppp   (3-43)

Where iQ is the sound source vector 

 0= T
i V

Q j N q dV  (3-44)

The second integral boundary on the right side of equation (2-38) can be 
divided into velocity boundary V , acoustic impedance boundary Z , and 
sound pressure boundary p three parts, so the second item on the right side 
of the formula (3-38) is 
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  (3-45) 

The first item on the right side of equation (2-45) is 
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  (3-46)

Where the input velocity vector is defined as 

 0
V

niV j pv n dpv n dpv n d  (3-47) 

Similarly, the input sound pressure vector is obtained from the third term on 
the right side of equation (3-45): 

 0
P

T
iP j N v n d  (3-48)

4. Acoustic damping matrix 

The second term on the right side of equation (3-45) is 
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  (3-49)

WhereC is the damping matrix of  

 0
Z

ij i jC AN N d  (3-50)

Bringing the formula (2-40), the formula (2-42), the formula (2-44), the 
formula (2-47), the formula (2-48), and the formula (2-50) into the formula 
(2-38) In this, based on this, the acoustic and structural system matrices are 
effectively distinguished. The system equations are as follows: 

 2  =a a a i i ni i aiK j C M P Q V P F     (3-51)

Where:  is an acoustic stimulus. 

So the above is the direct method to find the solution of Helmholtz in the 
physical space. 

3.3.3 Coupled Acoustic Finite Element 

For coupling problems, structural vibration and sound field distribution are 
simultaneously calculated in a coupled environment[8].For the acoustic 
vibration coupling system shown in Figure 1-8. The boundary of the sound 
field V can be divided into the acoustic coupling boundary S , the speed 
boundary V ,the impedance boundary Z , and the sound boundary

p . At the coupling boundary, the vibration velocity in the normal direction 
of the structure is the same as the vibration velocity of the fluid. 
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Fig.2.5 Acoustic-Vibration Coupling System diagram 

The sound pressure at any point inside the sound field  can be expressed as 

 1 1 1
, , , , , , , ,

, , ,

a pn n n
i i i i i ii i i

a i p i

p x y z N x y z P N x y z P N x y z P

N p N p x y z V
 

  (3-53)

Where pn is the number of nodes with known sound pressure, usually at the 

sound pressure boundary p ; pN is the shape function of the known node 
sound pressure; it is the known node sound pressure; an , aN and iP are 
respectively Number of nodes, shape functions, and sound pressures of 
unknown sound pressure. 

For those nodes with unknown sound pressure, should be satisfied 

 2
a a a i aiK j C M p F  (3-54)

Where aiF includes the sound pressure, the sound source in the sound field, 
and the contribution of the vibration velocity boundary V , The contribution 
of V can be simply written as: 

 0
T

a nV
j N V d  (3-55) 

A negative sign indicates the direction of the element away from the direction 
of the sound field. Similarly, for structural models, it can also be written as 

 2 +s s s i c i siK j C M u K p F  (3-56)
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Where sK sM and sC are the stiffness matrix, mass matrix, and damping 

matrix of the unconstrained portion of the structural mesh; siF includes the 
contribution of the structural constraint , known load (force and moment) and 
the contribution of the external sound pressure load p perpendicular to the 
surface of the structure, the external sound pressure load p perpendicular to 
the surface satisfies 

 1 1
    se se

se se

n nT e T e
s s a ie e

N n p d N n N d p     

 
  (3-57)

sen  The number of structural grids in which the structure is in contact 
with the fluid; 

en  The normal vector of the structure mesh. 

The sound pressure load acting on the structure can be regarded as an 
additional normal load, and the dynamic equation will becomes: 

 2 +s s s i c i siK j C M u K p F  (3-58)

cK Total stiffness matrix  

siF  Excitation load. 

Therefore 

 1
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n T e
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K N n N d  (3-59)
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se

se

n T e
si s s p ie

F F N n N p d  (3-60)

At the position where the fluid is coupled to the structure at S , the vibration 
velocity in the normal direction of the structure is the same as the vibration 
velocity in the normal direction of the fluid, so that at the boundary S , the 
vibration speed of the structure can be Considered as the additional speed 
input of the sound, after adjusted the acoustic equation becomes: 
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 2 2
a a a i c i aiK j C M p M u F  (3-61)

cM Coupling stiffness matrix; 

aiF Excitation load. 

Therefore 

     01
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Tn T e
c a se

M N n N d  (3-62)
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Comparison formula (3-61) and formula (2-62) can get 

 0
T

c cM K  (3-64)

The coupling equations can written as a matrix by (3-60) and (3-63): 
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  (3-65)

3.4 Chapter Summary 

Beginning with the noise itself, this chapter analyses the subjective perception 
and impact of noise on people's lives and work. It allows readers to more 
intuitively understand the effects of different sound pressure levels on the 
subjective perception of people. Finally, the living environment 
corresponding to each sound pressure level is obtained through analysis, and 
the selection of the target sound pressure level is provided for the subsequent 
noise reduction research. 

After starting with the measurement of noise, the parameters of noise are 
studied and introduced in detail. The sound pressure, sound intensity, sound 
power, sound pressure level, sound intensity level, sound power level and 
loudness are comprehensively introduced. , loudness level, weighted sound 
level, spectrum, band sound pressure level and other related knowledge. It also 
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introduces the acoustic finite element method used to eliminate noise, and the 
acoustic-vibration coupling method. 
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4 Experiment and Analysis of Chassis 
Noise 

4.1 Introduce of Noise Generation 

There are many sources of noise inside the chassis [8],such as, power supply 
fan, case fan, CPU fan, graphics card fan, north and south bridge chip fan, 
hard drive heads, etc, which will make some noise. But for some computer 
which only used in office , some fans just like graphics card fun may not install 
in the chassis, so when the case only use the core graphics card, there would 
be no graphics card fan in operation at this time inside the chassis. But for all 
chassis, power fans and CPU fans are inevitable. So, the two most obvious 
sources of noise are these. The disk head noise is also existing when the 
computer is working, but the disk head noise is not obvious relative to the 
noise generated by the fan. Therefore, the main source of noise is from the 
internal hardware cooling fans. 

4.2 Introduce of LMS Test.Lab 

LMS Test.Lab is an engineering test software that integrates various high-
speed physical data acquisition systems, analysis systems, and modeling 
systems. Can satisfy all of the needs of various scientific tests. LMS Test.Lab 
aim to increase the efficiency of individual users and the entire team. It is one 
of the most ideal software for testing acoustic research institutes and 
companies. The balance between engineering professionalism and easy-to-
handle control is very good. The cycle engineering can be closed by 
simulation at any time and keep the integrity of the data. LMS Test.Lab can 
significantly increases the productivity of test equipment and providing even 
more reliable results [46]. The most important modules in LMS Test.Lab are 
described below: 

Acoustic Testing Module: The most important module in the LMS Test.Lab 
is the acoustic quality and acoustic design. LMS Test.Lab plays an important 
role in delivering the right product features and functionality through the 
product. At the same time, social regulatory rules and competitive pressures 
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force manufacturers to meet stringent noise standards and limit the acoustic 
parameters of their products. So, designers and engineers need an efficient and 
professional testing tool to test and optimize their products so that they can 
design products which can satisfied current social acoustic standards. For 
intuitive, efficient and professional needs in acoustic testing. The acoustic 
quality and acoustic design module of LMS Test.Lab has the following 
functions: 

Acoustic material experiments: The use of new lightweight materials can 
affect acoustic levels. Accurate identification of the acoustic properties of 
materials and components, such as mufflers, doors and panels, can keep 
overall comfort and reduce noise even controlling material costs. Use LMS 
Test.Lab's acoustic material test solution can measure sound and sound loss. 
And effectively characterize products. 

Noise experiments: Effectively evaluate the acoustic characteristics of the 
product, in actual operating LMS Test.Lab helps users perform fast and 
reliable measurements with intuitive and scalable NVH test solutions. 
professional users can also combine the records of analog sensor inputs with 
the data of different experimental devices. Easily verify data in real time with 
embedded data processing and audio playback. 

4.3 Measurement Experiment 

This experiment is mainly to measure the noise of the chassis, and the 
experimental environment is a semi-anechoic chamber. The noise source for 
the experiment was a HP computer. In the semi-anechoic chamber, most of 
the environmental can be sbsorbed. Therefore the noise should be uniform 
radiation in the semi-anechoic chamber. This test mainly tests the sound field 
of the computer chassis. The following sections will detail the specific 
location and standard of the two test points.  

4.3.1 Experimental Principle and Method 

Vibration is a necessary condition for sound generation, which means that as 
long as the object vibrate, sound will be generated. For the object can vibrate, 
firstly, there must be enough energy to affect the object, and secondly, need 
an energy transfer device that transmits this energy to the object and stimulates 
the object. For a chassis, the device that mainly excites the vibration of the 
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object is the fan. And the noise generated by the fan directly determines the 
noise level of the chassis. 

This experiment is mainly for the measurement of noise generated in the 
chassis. We mainly measure the external radiated noise under different 
working conditions(different working conditions of CPU occupation), As well 
as the noise of the fan is defined as a monopole source during our simulation, 
Therefore, while measuring external noise, the size of the fan noise source is 
also extracted. used for the excitation response of a monopole source. 

4.3.2 Acoustic Parameter 

This section will discusses the parameter of acoustics that can be directly 
measured by the experimental equipment. The main experimental equipment 
is the LMS multi-function data acquisition system. The supporting equipment 
includes BSWA-451885 condenser microphone and GRAS 42AB sound level 
calibrator. The sound is collected by using the LMS SCADAS Recorder 
system. Then use LMS Test Lab to get all the parameters and values of each 
node of the chassis. The main acoustic parameter collected in the experiment 
are as follows: 

Frequency: The number of periodic changes completed in a unit of time. It is 
the amount that describes the frequency of periodic motion. It is usually 
represented by the symbol f or ν in units of one second and the symbol is s-1. 
The name of the scientist who invented this physical quantity is called the 
frequency unit. And each object has an amplitude-independent frequency 
determined by its properties, which is called the natural frequency. The 
frequency concept has a wide range of applications in mechanics and in 
acoustic optoelectronics. 

Sound pressure level: The definition of the sound pressure level was shown in 
Chapter 2, can be measured through the signal channel. What is obtained is 
the average sound pressure or its self-power spectrum. When the sound wave 
measures the sound pressure in the free field along the direction of sound wave 
propagation, the nominal sound level will be equal to the sound pressure level. 
In the case of a free field, the sound pressure level is higher than the sound 
intensity level and the like. 

Sound intensity: Sound intensity is defined as the sound intensity at a given 
point or in a given direction. Refers to the acoustic energy transmitted by a 
sound wave through a unit area orthogonal to the direction in unit time 
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In order to obtain sound intensity, the instantaneous sound pressure and the 
corresponding particle velocity can be measured at the same time. The 
condenser microphone can directly obtain the sound pressure signal, and the 
instantaneous particle velocity can be calculated by calculating the sound 
pressure gradient between the two. Therefore, the sound intensity sensor can 
be composed of two closely spaced microphones, and in use, simultaneously 
measure the sound pressure of each of the two microphones and the pressure 
gradient between the two. 

Using the frequency domain algorithm, the sound intensity can be obtained 
from the imaginary part of the mutual power spectrum of the two microphone 
signals. Its calculation formula is: 

 

Where  is the bilateral mutual power spectrum between the two 
microphone signals,  is the signal frequency, d is the distance between the 
two microphone probes, and r is the density of the air.[35] 

4.3.3 Experimental System 

In order to verify the accuracy and reliability of the simulation results in this 
paper, we experimented with the acoustic characteristics of the chassis itself 
and the experimental environment. The experimental content mainly includes 
the test of the ambient noise of the anechoic chamber and the sound pressure 
of the chassis. 

(1) Semi-anechoic chamber 

The semi-anechoic chamber is a facility that uses its own characteristics to 
eliminate environmental noise to provide less error in experimental results, 
The cut-off frequency of the semi-anechoic chamber is less than 63 Hz, the 
noise floor is <12 db.(A), and the floor space is about 100 . The semi-
anechoic room uses sound absorption doors, and the room is equipped with a 
pointed and air-conditioning ventilation system. This semi-anechoic chamber 
followed the design standard ISO 3745 and GB6882-86. 
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Figure.4.1 Semi-anechoic laboratory 

 

Table.4.1 Semi-anechoic chamber sound absorption coefficient 

 

Table.4.2 Semi-anechoic chamber noise reduction performance 

1/3 octave (Hz) 630 800-5000 ≥6300 

Allowable 
deviation (dB) 

±2.5 ±2.0 ±3.0 

(2) LMS SCADAS acquisition system 

LMS SCADAS's superior performance and superior quality ensure that most 
of engineers and designers around the world can work easily and efficiently 
with LMS SCADAS. Whether in the lab or at the test site, whether relying on 
a personal computer or an expansion capture card. The seamless integration 
of LMS SCADAS hardware with LMS Test.Lab software undoubtedly greatly 
simplifies the setup of experimental equipment and greatly accelerates the 

Frequency(Hz) 125 250 500 1000 2000 4000 8000 

Sound 
absorption 
coefficient 

0.99 0.99 0.99 0.99 0.99 0.99 0.99 
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progress of the experiment, ensuring that the best data is available and that the 
quality and accuracy of the collected content is effective. Complete the test 
tasks established by the system. However, LMS SCADAS not only focuses 
on data acquisition, but also integrates multiple types of signal conditioning 
modules. Advanced tools like strain measurement modules allow users to 
simultaneously distribute multiple different types of signals in one test. The 
LMS SCADAS series includes a versatile signal conditioning module that 
allows for all types of noise, vibration and durability fatigue testing without 
any additional external equipment. [9] 

The LMS SCADAS series has many signal conditioning function, a variety of 
interface formats and high-speed transmission rates, and has become one of 
the test systems with high market share and professionalism. The experiment 
used the LMS SCADAS Recorder series of capacitive microphones and the 
GRAS Type 42AB sound level calibrator. 

Figure.4.2 LMS SCADAS Recorder 

(3) Capacitive microphone 

Capacitive microphones are microphones that rely on the change of 
capacitance to convert and are one of the most widely used and excellent 
microphones. Capacitive microphones offer a range of outstanding features 
such as high sensitivity (>0.8mV/μbar), wide dynamic range (12dB), wide 
frequency response and flat (from 10GHz to 20kHz), excellent transient 
response and stability The advantages of extremely low mechanical vibration 
sensitivity, good sound quality, etc., however, the manufacturing process is 
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very complicated, the durability is low, and the manufacturing cost is slightly 
higher than other microphones. So it is widely used in high-fidelity recording 
in television, radio, film and theater, or in precision acoustic measurement 
experiments in scientific research. [10]

In this experiment, We used the MPA416 microphone of the LMS SCADAS 
Recorder series. The technical parameters and physical map are as follows:

Figure.4.3 MPA416 Microphone

Table.4.3 MPA416 microphone parameter table

MPA416 Microphone parameter table

Microphone 1 2 3 4

Numbering 511520 511470 511475 511471

Sensitivity 47.9mv/Pa 50.1mv/Pa 52.5mv/Pa 50.7mv/Pa

(4) Sound level calibrator

According to the classification sensitivity of the sound level meter, there are 
two types of classification of the general sound level meter: one is the ordinary 
sound level meter, and the parameters of the microphone itself are not very 
high. The dynamic range of the product and the flat range of the product are 
small and small, and generally not suitable for use with a bandpass filter. The 
other type is a precision sound level meter. The use of a precision sound level 
meter requires a wide frequency response. Instruments with higher sensitivity 
and stability for long-term use. The amplifier output can be directly connected 
to a level recorder or recorder to display or store noise signals. If the 
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microphone of the precision sound level meter is removed and the converter 
is switched to the accelerometer, it can be used as a vibration measurement 
[11]. 

In addition, according to the type of the sound level meter is different, the 
measurement method is also different, but it is same for the sound level meter 
calibration method, that is, insert the sound level meter into the calibrator 
before the measurement, open the calibrator switch. The vibration of time is 
measured to give a value of the current sensitivity. The range of values should 
be near the calibration sensitivity of the self. If the measured value is too large 
or too small, the measurement result will be invalid due to excessive error. 

To ensure the accuracy of the measurement, the sound level meter should be 
calibrated before and after the experiment. Install the sound level calibrator 
on the microphone. Turn on the sound level calibrator power supply, read the 
current sensitivity value in the test software after a period of time, adjust the 
noise meter sensitivity potentiometer, and complete the calibration. The sound 
level calibrator used this time, the calibrator contains a sound source that can 
generate 1KHz, the reference level 20, and a constant sound pressure level of  

114dB. It includes one microphone adapter for 1, 1/2 and 1/4 calibration. The 
actual object is shown below: 

Figure.4.4 Sound level calibrator 
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The sensitivity parameters of the microphone after several calibrations are as 
follows: 

Table.4.4 MPA416 microphone parameter calibration table 

 MPA416 Microphone parameter calibration table  

Microphone 1 2 3 4 

Numbering 511520 511470 511475 511471 

Sensitivity 51.96mv/Pa 52.13mv/Pa 56.00mv/Pa 54.39mv/Pa 

4.3.4 Experiment Procedure 

 Before the experiment begins, you need to connect the experimental 
equipment. According to GB/T 16710.2-1996 "Measurement of radiation 
noise outside the machine under the condition of fixed test of construction 
machinery", two field points are used for measurement. The position of the 
sound sensor and the coordinates of the sound sensor are shown in the figure 
below. 

Figure.4.5 Experimental equipment diagram 
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Figure.4.6 Position of the front and rear sound sensors 

 

Table.4.5 Sound sensor coordinate position 

 

After connecting the experimental equipment, open the experimental 
computer, control the computer CPU usage to a certain state, and then start 
LMS Test.Lab to start the experiment. To ensure the accuracy of the 
measurement, the microphone needs to be calibrated before use. Insert the 
sensor into the sound level calibrator, turn on the sound level calibrator power 
supply, read the current sensitivity value from the computer, and compare it 
with the factory standard sensitivity to complete the calibration. Each sound 
sensor is calibrated 5 times, and taken the average sensitivity value for the 
next experiment. 

NO. X(mm) Y(mm) Z(mm) 

1 707.1 707.1 0 

2 -707.1 -707.1 0 
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After the calibration, place the sensor at the measurement position, set the 
recording time to 90 seconds and sampling frequency is 25600 Hz in the LMS 
Test.Lab setting,  start collecting data. First measure the CPU usage of 0 to 
100%, the sound pressure spectrum of the front and rear of the chassis. A total 
of five times, take the best of them to use LMS Virtual. Lab for further 
analysis. After that, the field points are set at any two points in the semi-
anechoic chamber after the computer case to be tested is closed. Measure the 
ambient noise of the LMS SCADAS Recorder only. Take one of the set of 
data. After the measurement, Organize the site experimental device and save 
all the experimental data. 

 

4.3.5 Analysis of Noise Experiment Results  

In this experiment, we performed 7 sets of experiments for the position of each 
field point for the reliability of the experimental data. By powerful post-
processing capabilities through LMS.Test.Lab. We have effectively processed 
the data. The time domain response map of the front and rear radiation field 
points and the fan noise source, the frequency domain response map, and the 
experimental environmental noise are shown in the figure below. 

Figure.4.7 Background noise in the experimental environment 
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Figure.4.8 Frequency domain sound pressure dB of the front field 

 

Figure.4.9 Back-field field frequency domain sound pressure dB map 
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Figure.4.10 Time-domain spectrum dB of the chassis fan noise source 

From the figures we can know there are about 5 dB different from the front 
and back field point decibel value. It can be clearly found that the maximum 
noise frequency of the front and back field noise of the chassis is lower than 
500 Hz. According to the definition of noise, the main noise frequency band 
belong to low frequency noise.  

 

4.4 Validation of Digital Acoustic Model  

This experiment measured two external sound fields at one meter before and 
after the centre of gravity of the chassis. Therefore, when doing the simulation, 
the external sound field of the chassis is set according to the position of the 
experimental point. Then use ABAQUS calculated the chassis structure 
modality in the natural state in ABAQUS. 

Then using the Acoustic FEM mode to do acoustic response analysis of the 
acoustic-vibration coupling and the external sound field analysis. Finally, 
compared the simulation results and the experimental data. The establishment 
of an acoustic finite element model and other related content will be explained 
in the next section. 



 

48 

 

The following is the location map of the specific field in the simulation, which 
is the same as the measured position of the experiment. The field point in the 
simulation is a sphere, and the microphone in our experiment is a small 
cylinder. Therefore, it is important to ensure that the position of the sample on 
the sound field is very close to the position of the sample point of the 
experiment. So that we can guarantee the validity of the simulation results. 

The figure below clearly shows the sound pressure curve of the simulated 
front and back field positions. By using the signal of the noise source 
introduce in LMS.Virtual.Lab as the sound excitation signal of the monopole 
sound source. During the simulation, the sampling frequency is 3000 Hz and 
the sampling step is 2 Hz. 

Figure.4.11 Schematic diagram of experimental acoustic field location 
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      a 13Hz 

        (b) 133Hz 

      (c) 227Hz          27H7HHHHHHHHH7H7H7HHHHHHHHHHHHHHHHHHHHHHH7H7H7HHHHHHH
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    (d) 393Hz 

  

   (e) 455Hz   

 Figure.4.12 Comparison of experiment and simulation results in back field 

 

Table.4.6 Comparing the data of the back field of the chassis 

Frequency(Hz) Simulation data(dB) Experimental data(dB) Error(dB) 

13 64.20 63.80 0.40 

133 55.85 58.20 2.35 

227 49.72 48.90 0.82 

393 61.40 61.88 0.48 

455 53.05 54.50 1.45 
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(a) 21Hz 

(b) 137Hz 

(c) 161Hz 
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(d) 225Hz 

e 323Hz 

Figure.4.13 Comparison of experiment and simulation results in front field 

 

Tab.4.7 Comparing the data of the front field of the chassis 

Frequency(Hz) Simulation data (dB) Experimental data (dB) error dB  

21 60.90 59.02 1.88 

137 52.05 52.80 0.75 

161 47.59 44.70 2.89 

225 31.27 32.70 1.43 

323 53.98 52.17 1.81 

From the above chart, we can see that the main noise band range of the chassis 
simulation results is between 1 Hz and 500 Hz, which is consistent with the 
experimental noise band interval. Comparing the simulation data of the back 
field of the computer case with the experimental data, it is found that the error 
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at 455 Hz is 1.45 dB. The maximum error of the pre-field simulation data and 
experimental data is 1.88dB. Combined with the comparison results of the two 
field points before and after, the approximate errors are all less than about 
3dB. The reason for the error is actually that when the experiment is done, the 
absolute quietness of the scene environment cannot be guaranteed, so there is 
definitely an error between the experimental results and the results of the 
digital simulation. However, this error is within an acceptable range, so the 
chassis digital acoustic model established in this section is valid. Therefore, 
this model can be used for the simulation of the next noise control.

4.5 Chapter Summary

This chapter studies the mechanism of the noise source inside the chassis and 
determines the main source of noise in the HP-Z820 chassis. The acoustic 
analysis software LMS Test.Lab and its internal acoustic module that will be 
used in the experiment are introduced. The experimental process and results 
are described in detail through experimental principles, measurement 
objectives, and the establishment of experimental environments. Finally, the 
digital acoustic simulation results are compared with the experimental results. 
It is verified that the established digital model is effective and the sound 
pressure results of the experimental simulation are consistent. At the same 
time, the experimental verification and simulation results can be used to know 
the HP-Z820 computer chassis noise mainly for low frequency noise.
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5 Simulation of Noise Reduction  

5.1 Introduction of LMS Virtual.Lab Acoustics 
Software 

As growing of customer demand and future market competition, engineers are 
facing more complex and challenging issues to meet growing and conflicting 
design standards. For this task, virtual prototyping is a must at all stages of the 
design process. Instead of using a very expensive prototype for a physical 
machine test. 

In recent years, due to the increasing demands of customers for the use 
experience, the design standards of products have become more and more 
strict. For example, when manufacturing a vehicle. When people are on the 
plane. The sound of the aircraft engine at the ear and the noise caused by the 
airflow affected by the wing during the operation of the aircraft will affect the 
passenger's comfort. These will become issues that must be faced in design 
and production. Although reducing their mass can save fuel consumption to 
some extent. However, as the mass itself becomes lighter, the level of 
vibration is increased to increase the noise. So, in order to satisfy the acoustic 
design standards, a software that simulates the acoustics of the product is very 
important. 

Since the beginning of the use of acoustic finite element and boundary 
elements, LMS's acoustic analysis system has been validated by many groups 
in various fields. The main solutions for LMS acoustics are: conventional 
applications such as structural radiation, as well as unique acoustic problems 
such as noise generated by fluids, engine sound velocity and radiation 
produced by random sounds. They are all solved by integrating SYSONISE 
into LMS Virtual. Lab. [12]. 

Based on the CATIA V5 platform, Virtual.Lab has a model similar to the type 
of CATIA V5 tree. The CAD model of CATIA V5 can be opened directly, 
and the CAD model of CATIA V5 can be modified. It is also possible to create 
CAD models directly in the software, as well as create solid parts and surface 
shapes, and then assemble these parts in the instrument. Virtual.Lab is also 
very powerful for grid creation. It can create solid meshes, 2D and 1D meshes 
directly on the software, and can also directly build meshes. Both Nastran and 
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Ansys mesh cells can be compatible. You can also import the finite element 
models of Nastran and Ansys directly, or perform various finite element 
calculations directly with Nastran and Ansys. 

Among the acoustic modules, LMS.Virtual.lab has built the world's first port-
to-port-level acoustic performance simulation environment by integrating 
breakthrough LMS.Sysnose technology into Virtual.Lab. The product concept 
generation and design improvement of the virtual simulation model were 
verified by experiments and simulation results. LMS also can solve traditional 
problems, such as structural acoustic radiation and intracavity sound field 
simulation, and can also solve some special acoustic engineering problems. 

5.2 The establishment of a digital acoustic model  

The physical simulation object is a computer which model is HP-Z820. The 
digital model of the chassis was built by UGNX11.0 by measuring the actual 
size of the chassis. The material parameter card of the chassis is inquired, and 
the whole chassis is made of aluminium alloy. In the process of modelling, 
simplification is carried out without affecting the structure. The diagram 
below shows the structure of the physical chassis and the model for digital 
modelling. 

    Figure.5.1 Computer chassis 
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Figure.5.2 Computer Chassis 2D engineering drawing 
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Figure.5.3 Computer chassis modelling model 

5.2.1 Partitioning of Finite Element Mesh  

In addition to the chassis itself, there are additional hardware such as internal 
sound card, graphics card, processor, hard disk, memory, motherboard, power 
supply, and cable. In the finite element analysis of modeling, it is very 
complicated to put all the hardware into the structure. So for the inside of the 
chassis, we simplified its internal structure and finally simulated the noise 
source in the form of a primary sound source in LMS Virtual.Lab. 

After determining the size of the chassis, use the 3D model created by the 
previous UG software and import it into ABAQUS. After importing the 
model, it is directed to the irregular area of the computer case (such as the U 
disk socket, CD-ROM button, etc.). Mesh is split by Partition, which makes 
the effect better. For cell partitioning control, the Hex (hexahedral element) 
meshing implementation will be very difficult due to the irregularities shape. 
So at this time, Tet (tetrahedral unit) is used for the mesh shape, and Free (free 
division method) is used for the unit division control. Based on LMS 
Virtual.Lab's excellent algorithm adaptability. This meshing is not only 
consistent with the results of other partitioning methods, but also ensures that 
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the results in LMS Virtual.Lab are accurate. The digital finite grid and 
simplified model of the chassis are shown below: 

Figure 5.4 Meshing under ABAQUS 

5.2.2 Material of Chassis 

The commonly used chassis materials on the market are cold-rolled steel 
sheets, electrolytic galvanized steel sheets, plastics, tempered glass, and 
aluminum. The chassis material used in this article is aluminum. So according 
to our actual chassis, the material's attribute parameters is shown in the 
following table: 

 

Table.5.1 Material Properties 

 Density kg/m3  Young's modulus GPa  Poisson's ratio 

Aluminium 2700 70 0.33 
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5.2.3 Establishment of Acoustic Finite Element Mesh 

For the establishment of acoustic finite element in LMS.Virtual.Lab, first 
import the model in ABAQUS, and then divide the appropriate finite element 
mesh. After meshing, the file saved as .odb is imported into 
LMS.Virtual.Acoustic, and only extracted the finite element mesh model. The 
acoustic properties of the finite element need to be defined in 
LMS.Virtual.Lab. For acoustic finite elements, we only need to read the Finite 
element in the .odb file then we can get. The acoustic finite element mesh of 
the chassis is built as shown below. 

Figure.5.5 Establishment of Acoustic Finite Element Mesh Type of Chassis 

Figure.5.6 Establishment of Acoustic Finite Element Mesh for Chassis  
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5.3 Acoustic-Vibration Coupling Analysis 

5.3.1 Principle and Establishment for Secondary Sound Sources 

By making a secondary noise that is 180 degrees out of phase with the noise 
source and then generating the sound through the sound amplification device, 
it is called anti-sound. After collecting the data of the noise source through 
experiments, the noise reduction is completely based on the interference 
principle, that is, all sound waves can be spectrumd. After the phase of the 
acquired spectrum is completely converted to 180 degrees and then play by 
the secondary sound source, the original sound wave can be completely 
cancelled out [51]. Moreover, the shortest distance between the primary source 
and the secondary source, the noise reduction effect will be better [13]. 

For the establishment of secondary sound sources, after extracted 
experimental data. The noise signal is analyzed by MATLAB. The phase of 
the noise source will be transformed by 180°. Finally, we can get a reverse 
noise source with the same amplitude of the source noise signal. The 
secondary sound source is used as an excitation signal to be introduced into 
LMS.Virtual.Lab for the next step of digital simulation analysis. In order to 
better display the interference effect, We intercepted the interference pattern 
of the source noise and the secondary sound source of one of the frequency 
bands (20 Hz to 30 Hz) in MATLAB. 

Figure 5.7 Interference diagram of source noise and secondary sound 
source in the 20Hz-30Hz  
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5.3.2 Vibration Mode Analysis 

The vibration mode is an inherent, integral property of the structure. The 
vibration mode is an inherent, integral property of the structure. [52] The 
modal analysis method can be used to understand the characteristics of the 
main modes of the structure in a certain affected frequency range. The actual 
vibrational response produced by the linguistic structure within the external 
or internal various sources of the linguistic structure can be analyzed by 
analysis or other software calculations. Therefore, modal analysis is an 
important method for structural dynamic design and analysis. In order to save 
time and resources, ABAQUS is used to detect the first 100 modalities to 
obtain corresponding results. After running the simulation, the modal shape 
and natural frequency of the obtained six stable modes are as follows:

Fig 5.8 Chassis overall full vibration mode cloud image
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(a) Mode 1                          (b) Mode2 

(c)Mode 3                          (d)Mode 4     

        (e)Mode 5                         (f) Mode 6 

Figure 5.9 Natural frequencies of the first six modes 
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Table.5.2 The first six sets of modal frequencies of the chassis

The above figure and the above table intercept the images and parameters of 
the first six modes of modal vibration in the vibration mode of the chassis. It 
can be seen from the analysis results that the first-order mode shape of the 
chassis is the vibration in the horizontal negative direction centered on the 
middle of the chassis, and the first-order natural vibration frequency is 3.84 
Hz. The second-order mode is a vibration in the positive direction with the 
center as the center, and the second-order natural vibration frequency is Hz. 
The three-fourth-order mode shape vibrates in different horizontal directions 
with the left and right sides as the center, and the natural frequencies are 4.98 
Hz and 5.50 Hz, respectively. The fifth-order mode shape is horizontally 
vibrated in different horizontal directions from the upper and lower sides, and 
the fifth-order natural frequency is 7.49 Hz. The sixth-order mode shape 
vibrates in the middle to the horizontal negative direction, and the left and 
right sides vibrate in the horizontal positive direction.

It can be seen from the above analysis that the natural frequency of the first 
six orders of vibration of the chassis belongs to the low frequency vibration 
frequency range. However, the operating frequency (150~500Hz) caused by 
the vibration and noise of the fan is quite different, so the chassis does not 
cause resonance when it vibrates. Therefore, studying the external radiated 
noise of the computer case is the core of this paper.

5.3.3 Analysis of Acoustic-Vibration Coupling Results Before and After 
Noise Reduction

Based on the excitation of the noise source as a monopole source. First 
calculate the acoustic mode of the computer case. Then, the calculated chassis 
vibration mode in ABAQUS is imported into the Acoustic finite element 
module. Based on the acoustic-vibration coupling method, the sound pressure 
variation of the computer case itself is calculated without the secondary sound 
source. To verify that the manufactured secondary source is active, the 
secondary source signal is imported into the simulation software as another 
monopole source. The two monopole sources are simultaneously applied to

Mode 1 2 3 4 5 6

Natural 
frequency Hz

3.84 4.51 4.98 5.50 7.49 8.04
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the chassis based on the coupled results. Analyze the sound pressure change 
of the chassis itself under the action of the secondary sound source. The sound 
pressure of the computer case before and after noise cancellation changes as
shown in the figure below.

(a)101Hz

(b)201Hz

(c)301Hz
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(d)401Hz

(e)501Hz

(f)601Hz

Figure.5.10 Sound pressure amplitude cloud images before(left) and 
after(right) twelve noise reductions
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As shown in Figure 5.10, the different sound pressure amplitudes are 
represented by different colors, and the red, yellow, green and blue colors
represent the sound pressure from big to small. From the first three coupled 
sound pressure clouds (ie, 101 Hz to 301 Hz), it can be clearly seen that the 
sound does not interfere before the silence, so the global mode of the chassis 
radiates from the back of the chassis to the front of the chassis. After reducing 
the noise, the noise source has interfered. We can see the red area (the noise 
source) moving. The maximum sound pressure position of the acoustic mode 
is moved to the bottom of the chassis. It seems that the sound pressure of the 
chassis will be reduced globally.

From the perspective of the last three coupled sound pressure clouds (ie 401 
Hz to 601 Hz), it can be clearly seen that the strongest part of the modal sound 
pressure after denoising is located at the bottom of the chassis. The global blue 
green area has increased. The comparison has no coupling mode before 
denoising. We can see that the red area of the overall sound pressure of the 
chassis is expanding. Thus, from the perspective of the acoustic mode, 
secondary noise reduction is effective. The sound pressure changes before and 
after noise cancellation of the radiated sound field outside the chassis are 
simulated below.

5.4 Acoustic Response Analysis of Sound Field 

5.4.1 Acoustic Response Before Noise Cancellation

In order to better display the radiated sound field outside the chassis, an 
external spherical field point with a center of gravity of the chassis and a radius 
of 1 m is established outside the chassis. A spherical field point surrounds the 
exterior of the computer case to simulate the external 3D radiated sound field 
of the simulated chassis. First, the structural vibration mode of the computer 
case was calculated in ABAQUS. Acoustic response simulation of acoustic-
vibration coupling is then performed. For the calculation of the outer spherical 
field point, the AML technology of LMS Virtual. Lab is adopted. In this 
technique, the radiation layer matching the external field point can be 
automatically generated and calculated. The following is a sound pressure
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cloud image of the external radiated sound field without noise reduction. It 
can be seen that the maximum sound decibel value at this time is 64.1 dB. 

Figure.5.11 Sound pressure cloud image of external radiated sound field at 
139 Hz 

5.4.2 Acoustic Response After Noise Cancellation 

In this section, in order to verify the sound pressure variation of the external 
radiated sound field of the chassis under the action of the secondary sound 
source. Based on the interference principle of active noise reduction, the 
secondary sound source is also applied to the chassis as a monopole sound 
source. In order to research the effect of secondary sound source noise 
reduction, the manufactured spherical three-dimensional radiation field points 
enclose the chassis. The figure below shows the sound pressure cloud image 
of the external radiated sound field under the action of the secondary sound 
source. For the sound pressure change state shown in the figure, it can be seen 
that when the secondary sound source is placed at the same position of the 
noise source in the chassis and is equal to the position of the noise source, the 
two sound waves interfere well at this time. Because we extracted and 
analyzed the noise in Chapter 4, we found that the noise greater than 50dB 
mainly falls below 500Hz, so in the simulation, we set the sampling frequency 
to 3000Hz, so that the sampling frequency can collect all noise data which 
more than 50db. Therefore, post-processing noise reduction data analysis is 
convincing. From the figure below, we can see that the maximum noise 
decibel is 36.5dB. At 139 Hz, the noise decibel before and after noise 
reduction is reduced by about 40%. 
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Fig.5.12 Sound pressure cloud image of external sound field after noise 
reduction at 139 Hz 

 

5.4.3 Analysis of Simulation Results of Active Noise Control 

In order to research the effect of the chassis on active noise reduction, We 
analyzed the data of the external field points before and after noise 
cancellation. Data from 0 Hz to 500 Hz is extracted. Take six sampling points 
on the spherical surface of the external field. The sampling position is as 
shown in the figure below. The extracted data is imported into MATLAB for 
processing. Then, the noise reduction ratio is calculated before and after the 
noise reduction. Finally, the noise cancellation ratios of the six sampling 
points are averaged to obtain the average noise cancellation ratio map of the 
following figure. The IDs of the six sampling points are 278640, 278667, 
278672, 278673, 278676, 278693 
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Figure.5.13 Sample point of external field radiated noise 

Figure.5.14 Decrease ratio of noise decibel value before and after noise 
reduction 

For the noise decibel reduction ratio before and after noise reduction, There 
are different of the denoising ratios when frequencies are different, the lowest 
denoising ratio is about 33%, and the highest denoising ratio is 42%. The best 
frequency range for noise reduction is below 600Hz. From the results of the 
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simulation, the noise reduction effect of the secondary sound source is good. 
In order to verify the noise reduction effect of the manufactured secondary 
sound source. The next section is based on experimental verification and will 
study the effect of secondary sound source noise reduction under actual 
conditions. 

5.5  Secondary Sound Source Noise Reduction 
Experiment  

This experiment is mainly to verify the effect of secondary sound source noise 
reduction. Through the simulation data, the secondary sound source denoises 
the noise of the chassis. This experiment is still carried out in a semi-anechoic 
laboratory. The results and process of the experiment are detailed below. The 
experimental environment and the introduction of the test system have been 
described in detail in Chapter 3. This section is no longer too cumbersome to 
describe. 

5.5.1 Experiment Procedure 

For this experiment, in order to better simulate the noise of the operation of 
the computer case. The acquisition of the noise source signal is a sampling of 
the entire working state of the computer CPU usage from 0% to 100%. The 
noise source that is picked up is reversed by 180° through the MATLAB. 
Then, the secondary sound source digital signal is converted into a sound 
signal by the built-in function of MATLAB. Amplify the sound through a 
professional power amplifier. 

As for the function of the pipeline, the sound can be better interfered in it. The 
secondary sound source is the noise reduction by the principle of positive and 
negative acoustic phase interference. Sound-absorbing cotton is wrapped 
around the pipe, mainly to prevent environmental noise and vibration, 
resulting in other experimental errors. The sound sensor is located at the 
midpoint of the sound wave interference for data picking. 
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Fig.5.15 Experimental equipment diagram 1 
 

Fig.5.16 Experimental equipment diagram 2 
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5.5.2 Analysis of Results 

The noise reduction effect of the secondary sound source is illustrated by 
comparing the time domain before and after noise reduction, the frequency 
domain and the noise sound pressure value of the PSD map. The figure below 
shows the results of this experiment. By analyzing the results of the following 
figure, you can see the noise reduction effect of the secondary sound source. 
The noise reduction effect for the secondary source is still significant. From 
the highest 85dB to about 73dB. The ratio of noise reduction can be obtained 
by post-processing the values of the sample points by MATLAB. The decibel 
ratio of the highest decibel is around 15%. Compared with the simulation 
results, due to the limitations of the experimental equipment and the 
environment, the noise reduction effect during the simulation cannot be fully 
achieved, so the actual noise cancellation effect is not as obvious as the 
simulated noise cancellation effect. 

Fig.5.17 Noise pressure map of PSD before and after noise cancellation 
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Figure.5.18 Acoustic dB diagram of a frequency spectrum before and after 
noise cancellation 

 
Fig.5.19 Noise reduction value 
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5.6 Chapter Summary 

This chapter is mainly about the research on the noise reduction effect of the 
secondary sound source of the computer chassis. For the picked-up noise 
source signal, a secondary sound source was fabricated by MATLAB. Based 
on the principle of active noise reduction, the effect of secondary sound source 
noise reduction is verified in the simulation software. For the processing of 
simulation data, the sound pressure of the chassis noise after noise reduction 
using the secondary sound source can be reduced by about 33% to 42%. The 
noise reduction effect of the secondary sound source is also verified by 
experiments. Based on the experimental data, the highest noise decibel of the 
computer case is reduced by about 12dB, and the noise reduction rate is about 
15%. 
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6 Analysis and Evaluation of Noise 
Reduction 

6.1 Research on the Affecting Factors of the Noise of 
the Chassis  

As described above, it is possible to make a certain noise reduction effect on 
the noise inside the Chassis with using the anti-sound field. However, for the 
complex potential reflection position in the Chassis and in order to ensure the 
better reduction effect of the sound pressure amplitude at all frequency, it is 
necessary to consider to find the actual main noise reduction frequency band 
of the secondary sound source. To achieve the best noise reduction effect. 
Therefore, in this chapter, we will conduct further analyze of the distribution 
of the external radiated sound field of the Chassis noise through experimental 
methods. And then carry out slice processing toward different frequency 
bands.  

Unlike the third chapter, it is only a verification of the digital model. There is 
no analysis of the external radiated sound field of the entire chassis. In this 
chapter, we first study the radiated sound field outside the chassis, and extract 
the noise through a multi-point sound sensor. Thereby finding the main noise 
reduction frequency band of the optimal secondary sound source. In fact, full-
band noise reduction is definitely the best. However, secondary source is an 
independent source of noise. In the actual noise reduction process, there is a 
certain delay in the interference. Then, the manufactured secondary sound 
source may become another noise source. Therefore, it is necessary to analyze 
the frequency band interval of the maximum noise of the chassis. 

Therefore, as long as the noise reduction is performed for this frequency band 
interval, the best noise reduction effect can be achieved. The following figure 
is a multi-point measurement experimental system environment diagram of 
the chassis radiated noise. 
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Fig.6.1 Experimental system environment 

6.2 Analysis on Noise Reduction Effect of Secondary 
Sound Source 

According to Young's interference theory [54], when any two sound waves 
which interacted on the other have the same amplitude and opposite phases, it 
will get the equal situation as the silent state at this time. Therefore, when 
carrying on active noise reduction for a small space such as in a chassis, the 
noise reduction effect depends on the relative positions of the noise source and 
the secondary sound source to some extent. According to a predetermined 
muffling rules, all of them well arranged will make the sound waves meet 
together at the same point and to achieve a situation of silence. 

Well, the decision of exact place of the secondary sound source needs to be 
based on the noise has been already optimized. However, as analyzed above, 
the space inside the chassis is not simple. Because the interior of the chassis 
is nearly closed, it contains a potential acoustic reflection plane, and the 
hollowed-out vents at the rear of the chassis also allow some of the sound 
waves to escape outside of the chassis. We need to simplify the complex sound 
field inside the chassis in order to get the corresponding laws: 
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First of all, suppose the point that the sound waves produced by the primary 
and secondary sources converge at one point, thus the sound pressure at this 
point can be expressed as 
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Sound field modal function (vector) 

a modal amplitude (vector) 

Therefore, after introducing the secondary source for noise reduction, it is 
assumed that the modal amplitude together generated by the primary sound 
source and the secondary sound source is ; if the superposition principle is 
satisfied, then: 

 

 p sa a BQa BQa Q  (6-2) 

For , it is a vector of M dimension, where the element whose ranking 
number m is ; B is a coefficient matrix of N × M dimension, we take the 
average sound potential energy in the chassis space as the objective function, 
ie 
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 air density  

 the speed of sound in the air. 

Based on the orthogonality of the modal function makes an integration, we 
can get: 
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H Conjugate transposition of the matrix 
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By substituting (5-2) into equation (5-4), the relationship between  and 
 is obtained as follows: 
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 (6-5) 

V Volume of enclosed space 

In order to make  reach the minimum value (i.e. the best noise reduction 
effect), according to the relationship in the equation, the secondary sound 
source intensity  needs to be changed, so take the partial derivative of the 
above equation we can be obtained equation as following: 
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 the best sound intensity of secondary sound source 

If there are M secondary sound sources to control the primary sound field, the 
average sound potential energy in the enclosed space is: 
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After its simplification we can get  
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Finally, the best amount of noise reduction is: 
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  The total average sound potential energy in the chassis when the 
primary sound source works.

  The minimum average sound potential energy in the chassis when 
the secondary sound source works
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According to the above research, the noise reduction effect in the chassis will 
be the best when the above-mentioned muffling criterion is satisfied, 

6.3 Identification and Analysis of 3D Radiation 
Chassis Noise 

In this experiment, it mainly measures the radiation noise of the chassis, and 
the measurement of the noise at the situation when the chassis is fully loaded 
by placing the machine to collect the noise at the front, rear, left, and right 
positions of the chassis. The center of gravity of the chassis is the origin of the 
coordinates, and the positions of the four machines collecting sounds are of 
the distance for 1m from the origin and angle of 45°. The actual position please 
refer to the experimental test system environment diagram in Section 5.1. 

 

For the reliability of the experimental data, a total of 7 measurements were 
made for each set of data. After the experiment, we used LMS Test.Lab for 
post processing of experimental data. Their power density spectra (PSD) are 
calculated for data at different sampling points, respectively. For the power 
density spectrum, the band interval with the largest amplitude of sound 
pressure at each sampling point can be analyzed. Therefore, through the 
analysis of the power spectrum density of multiple external field points, the 
frequency interval with the largest proportion of radiated noise from the 
external noise of the chassis is obtained. Provide a reference for the 
establishment of secondary sound source sound waves. The figure below 
shows the power density spectrum of each external sampling point and the 
power density spectrum of the computer chassis noise source. 
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Figure.6.2 PSD map of two fields(front and back) 

 

   Figure.6.3 PSD map of two fields(left and right) 
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Figure.6.4 Noise frequency distribution of the chassis noise source 

From the above figure, it can be seen that the radiation noise outside the 
chassis is mainly between a frequency band of 125 Hz to 500 Hz. First of all, 
it shows that the noise of the chassis is low frequency noise. Secondly, we can 
see from the figure that the noise of the external radiation noise from 125 Hz 
to 500 Hz accounts for about 80% of the total amount of noise at the whole 
sampling frequency. Therefore, theoretically speaking, the active noise that 
we will do next step does not require doing noise reduction by acoustic 
interference in the full frequency band. It is only necessary to reduce noise in 
the noise frequency range of 125 Hz to 500 Hz, and a good noise reduction 
effect can be achieved. 

 

 

 

 

 



 

82 

 

Fig.6.5 Sound pressure of noise field points outside the chassis 

Figure 6.5 shows the power density spectrum sound pressure map of the 
chassis fan noise source. According to the analysis of the spectrum. It can be 
found that the noise distribution for the noise source is mainly in the range of 
20 Hz to 500 Hz. It accounts for about 85% of the noise in the whole frequency 
band. In the process of actual noise reduction, if the frequency band of the 
secondary sound source is too large, it will cause interference with other sound 
sources, so it is only necessary to reduce the noise in the interval where the 
noise frequency is the largest. 

6.4 Simulation Test of Optimal Secondary Sound Source  

Through the above analysis, we can be easily to get that if the frequency band 
of the secondary sound source is too large, as it can cover the frequency band 
of the entire chassis noise source. Theoretically speaking it is the best 
secondary source. However, in real life, if the secondary source frequency 
band is too large, there is no doubt it will interfere with other noise sources, 
so its effect will be very bad. 

In this simulation, only the noise signal whose frequency in within the band 
between 20 Hz and 500 Hz in the noise source band is extracted, and then the 



 

83 

 

reverse phase processing is performed on them. Then, the noise reduction 
simulation is performed in LMS.Virtual.Lab. In order to simulate the external 
radiation sound field better, a field penalty ball with a diameter of 1000 mm 
is built outside the chassis, and the advantages and effects of the best 
secondary sound source can be seen by comparing with the simulated results 
without conduction of reduction of noise. From the simulation result, it can 
see the merits and significant effect of the best secondary sound source. In 
order to verify the effect of the best secondary sound source better, the two 
monopole sound sources are infinitely close in the simulation to achieve 
perfect interference. 

The sampling points are the same as described in Chapter 5, and the sampled 
data is extracted to MATLAB. Compare the data before and after denoising 
separately. The best secondary sound source noise reduction effect analysis 
results are shown below. 

Fig.6.7 Two monopole source locations 
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Table.6.1 Two monopole source location coordinates 

 X(mm) Y(mm) Z(mm) 

Secondary sound 
source 

285 25.745 273.02 

Noise source 285 21.967 268.867 

 

Figure.6.9 Optimal secondary sound source noise reduction effect 

Through analysis, the noise reduction of the best secondary sound source can 
achieve the expected actual effect when there is no external noise interference 
and the primary sound source and the secondary sound source interfere at one 
point. For the main noise band of 20Hz to 500Hz, effective noise reduction 
can be achieved, and the noise reduction effect is obvious. But by analysis, it 
can be seen that there is still noise after 500 Hz. Although the noise after the 
500Hz band is lower than 50dB, in order to better improve the optimization 
effect. It is still necessary to process noise above 500 Hz through subsequent 
studies. At the same time, the results from the above figure can also be 
analyzed. For the band range without noise reduction (above 500Hz), the 
position of the sampling point will be different in the size of the noise decibel. 
Then the next section will study the location of radiated noise reduction for 
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chassis noise bands above 500 Hz based on the best secondary source noise 
reduction simulation. 

6.5 The analysis of Secondary Sound Source Position 
with the Optimal Effect  

In real life, the relative position of people and computers is different, and the 
feeling of noise will be different. By consulting the data, the human ear is 
0.7m to 1.2m from the centre of gravity of the chassis is a suitable distance. 
This section analyses the noise above the frequency band above 500 Hz based 
on the position research of the best secondary sound source noise reduction 
effect. 

The magnitude of the sound intensity is related to the distance, based on the 
appropriate distance, to establish a simulated external radiated sound field. 
Taking the center of gravity of the chassis as the center, the radius of the 
spherical radiation sound field is: 600mm, 700mm, 800mm, 900mm, 
1000mm, 1100mm. The specific radiation sound field diagram is shown 
below. In order to maximize noise reduction, it is necessary not only to 
optimize the secondary sound source frequency band, but also to find the law 
of the noise sound wave through the external radiation field point and to study 
the relationship between the working distance and the noise intensity. The 
simulation results show that the minimum radiated sound pressure of the 
600Hz to 1100Hz band is basically located on both sides of the computer case. 
The following picture shows the sound pressure change cloud at different 
frequencies on the left and right sides of the computer case. 

Figure.6.10 External radiation sound field establishment of chassis noise 
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         (a)600Hz                          (b)700Hz 

        (c)800Hz                         (d)900Hz 

        (e)1000Hz                        (f)1100Hz 

Figure.6.11 The sound pressure change cloud image on the right side of the 
computer case(from 600-1100Hz) 
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         (a)600Hz                          (b)700Hz 

        (c)800Hz                          (d)900Hz 

        (e)1000Hz                         (f)1100Hz 

Figure.6.12 The noise change cloud image on the left side of the computer 
case(from 600-1100Hz) 
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After analyze the sound pressure change cloud image from the right side of 
the computer case. The noise sound waves are linearly radiated from the inside 
to the outside. The farther away from the noise floor of the chassis, the lower 
the noise pressure. In the 600 Hz to 1000 Hz noise band interval, the position 
where the sound pressure of each layer is the smallest is in the same direction. 
In the 1100 Hz noise band, it can be found that each layer of noise has a point 
offset in the downward direction. The simulation data will be extracted later 
and then compared. 

From the cloud image of the sound pressure change on the left side of the 
computer case, the noise sound waves are also radiated outward. However, 
the blue area of each layer is significantly less than the blue area on the right 
side of the computer case. This shows that the noise pressure on the right side 
of the computer case is less than the sound pressure on the left side of the 
computer case. Data extraction was performed by simulation results for each 
of the radiation layers. Compare the data to find the most comfortable working 
position. 

 Based on the simulation results of the optimal secondary sound source 
denoising, it is necessary to analyze the noise sound pressure in the frequency 
range above 600 Hz to 1000 Hz. The sound pressure data of the computer case 
from left to right sides are extracted. In order to make the data result analysis 
more convincing, the sound pressure of different radiation layers in the four 
directions on the left and right sides of the computer case is collected. The 
sampling points on the left and right sides of the computer case are as shown 
below.  

Figure.6.13 Sampling point on the right and lift side of the computer case 
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In order to better study the changes in sound pressure. Extract data from all 
sample points in LMS.Virtual.Lab. Then, import all the data into MATLAB 
for data analysis. The figure below shows the sound pressure contrast of 
different radiation layers in the four directions on the left side and right side 
of the computer case.

        (a) left No.1                        (b) left No.2 

          (c) left No.3                      (d) left No.4 

Figure.6.14 Comparison of sound pressure of different layers on the left side 
of the computer case 



 

90 

 

Table.6.2 Maximum sound pressure at different frequencies in the same 
direction on the left side 

 600Hz 700Hz 800Hz 900Hz 1000Hz 

left No.1 45.2dB 40.4dB 42.7dB 29.7dB 45.7dB 

left No.2 34.7dB 30.8dB 37.5dB 26.0dB 42.9dB 

left No.3 44.9dB 40.7dB 31.9dB 31.9dB 42.3dB 

left No.4 48.7dB 44.6dB 38.1dB 30.9dB 37.6dB 

            (a)right No.1                    (b) right No.2                

            (c) right No.3                   (d) right No.4                 

Figure.6.15 Comparison of sound pressure of different layers on the right 
side of the computer case 
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Table.6.3 Maximum sound pressure at different frequencies in the same 
direction on the right side 

 600Hz 700Hz 800Hz 900Hz 1000Hz 

right No.1 37.3dB 25.4dB 24.2dB 22.4dB 42.2dB 

right No.2 31.6dB 34.4dB 31.0dB 24.3dB 40.0dB 

right No.3 27.4dB 35.5dB 22.7dB 26.3dB 40.1dB 

right No.4 34.7dB 23.1dB 24.5dB 27.3dB 36.8dB 

Through the comparison of the sound pressure data of the left and right sides 
of the noise, in the frequency range of 600Hz to 1000Hz, it is found that the 
noise sound pressure on the right side of the computer case is smaller than the 
noise sound pressure on the left side of the computer case. Based on the 
analysis of the sound pressure cloud image of the radiation noise and the 
analysis of the sampling point data, it is found that the noise sound pressure is 
related to the radiation distance. This model of computer chassis fan noise 
source is located near the left side of the chassis. Therefore, the noise pressure 
on the left side of the chassis is higher than the sound pressure on the right 
side of the chassis. Then, sitting on the right side of the computer is the best 
direction. And within the proper working distance range, away from the 
chassis, the noise radiation pressure will be smaller. 

6.6 Chapter Summary 

The external radiated noise of the chassis is analyzed and extracted through 
multiple experimental sampling points. It can be seen from the PSD that the 
maximum amplitude of external radiated noise of the chassis is mainly from 
125 Hz to 500 Hz. The main noise of the noise source of the chassis is 20Hz 
to 500Hz. Therefore, for the construction of the best secondary sound source, 
only the main noise band needs to be noise-reduced. And through simulation 
experiments, the optimal secondary sound source has good noise reduction 
effect for the main noise band. Based on the optimal secondary sound source 
noise reduction simulation, through the analysis of the noise reduction effect 
position, it is found that the noise sound pressure is related to the radiation 
distance. The farther the radiation distance is, the smaller the noise pressure 
is. And it is verified that the noise sound pressure on the left side of the chassis 
is higher than the noise sound pressure on the right side of the chassis.
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7 Thesis Summary and Outlook 

7.1 Thesis Summary 

This paper is mainly based on the acquisition and analysis of computer chassis 
noise and effective noise reduction. The main purpose is to analyze and 
control the noise of the chassis through experiments and simulations. The 
noise reduction effect of the secondary sound source is around 35%. 

1. Firstly, in the first two chapters of the paper, the main generation of chassis 
noise is analyzed. Through analysis, it is believed that the main noise source 
of the chassis comes from the fan of the computer. Then based on the analysis 
of the characteristics of the chassis noise, the theoretical method of noise 
reduction of the secondary sound source is established. Second, explain the 
measure of noise and how to define the magnitude of a noise. Finally, for the 
noise analysis of the chassis. This paper decided to use the finite element 
method of sound and the finite element of acoustic-vibration coupling for the 
next analysis. 

2. Then, the effectiveness of the digital acoustic model is verified by 
experimentally extracting the characteristics of the noise field of the chassis 
noise. The experiment extracts the external noise of the chassis, and the 
position noise decibel value of the front and back field points of the chassis is 
about 5 dB. According to the spectrogram analysis, the noise level of the 
chassis is less than 500 Hz. According to the definition of noise, the noise 
generated by this chassis is low frequency noise. Finally, through the 
comparison of experimental data and simulated acoustic model data, the data 
results of the acoustic digitization model are consistent with the experimental 
data. Therefore, the model can be used for subsequent simulation experiments. 

3. Secondly, through the modal analysis of the chassis structure in LMS 
Virtual.Lab, the acoustic-vibration coupled sound field analysis and the 
analysis of the external radiated sound field of AML technology. Through 
multiple multi-point simulation sampling analysis, the secondary sound 
source has better noise reduction effect. After denoising, the external sound 
field sound pressure decibel of the chassis can be reduced by about 33% to 
42% compared with the decibel before denoising. 
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4. Finally, through the analysis of the sound field noise data of the three-
dimensional multi-field field in the chassis, the noise amount in the frequency 
band of 125 Hz to 500 Hz is about 80% of the total noise of the whole 
sampling frequency. This conclusion has a guiding role in the optimization of 
secondary sound sources. Finally, by optimizing the secondary sound source 
again and then conducting experiments, the noise decibel in the main noise 
band can be reduced by about 35%. 

7.2 Outlook 

In this paper, the noise of the chassis is mainly developed, and the noise of the 
chassis is denoised by proposing an active noise reduction method. Although 
experiments and simulations show that active noise reduction can achieve 
certain effects. However, due to lack of theoretical and practical experience, 
the following research work is still to be completed. They are: 

1.In fact, the noise generated by the fan has many factors, and there are many 
factors that affect the noise of the fan. We did not consider the factors affecting 
fan noise. Moreover, our simplification of the model of the chassis is too 
simple. In fact, there are many internal parts of the computer, and we have not 
considered the internal structure of the chassis too much. 

2.In the course of the experiment, due to the limited of sounding equipment, 
there is no random data collection at any location of the external field. If 
conditions permit, we should increase the test points of the field. This way, 
the conclusion of noise reduction will be more convincing. 

In the experiment of secondary sound source noise reduction, since the 
amplifier of the secondary sound source is not a professional sound device, it 
has structural noise or built-in noise. The effect of noise reduction is not as 
good as the simulation.
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