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Abstract: 

This thesis studies the parameters that affect the sound level of signal 
horns in a passenger car. The project is performed on the behalf of Volvo 
Cars Group. Physical testing was done on Volvo S90 with and without 
modifications. During the project, the influence of installation, frequency 
signature of horns and system parameters on sound pressure were 
investigated. Acoustic measurements were performed in semi anechoic 
chamber and open site using the setup specified by ECE R28 document. 
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1 Notation 
     Fluid density 

     Monopole source strength 

          Wavelength 

    Distance between source and measured point 

    Sound pressure 

   Reference pressure in the air 

     Speed of sound in air 

Ω    Angular frequency 

D    Outer diameter of the duct 

S    Area of the cross section of duct 

    Distance from orifice 

    Time 

    Length of the duct 

     Fluid velocity 

     Angular frequency 

     A specific angle in duct 

    Bessel function of order m 

    Neumann function of order m 

   Cut off frequency in duct 

     Particle velocity 
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Abbreviations 

CAE  Computer Aided Engineering 

DC  Direct Current 

FEM  Finite Element Method 

FFT  Fast Fourier Transform 

FRF  Frequency Response Function 

HF  High Frequency 

HTSH High Tone Signal Horn 

ICP  Inductively Coupled Plasma 

LTSH Low Tone Signal Horn 

SPL  Sound Pressure Level 

STFT  Short Time Fourier Transform 
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2 Introduction 
2.1 Background and Purpose 

Safety is a fundamental part of the Volvo Cars Group’s legacy and future 
strategy and Volvo’s mission is to take care with no severe accidents of their 
new products.   

In the vehicle exterior front part, signal horns have a legal function to warn 
pedestrians and nearby cars against potential dangers, i.e. the sound pressure of 
signal horn must fulfil certain levels. The goal of this project is to increase the 
sound pressure level (SPL) without redesigning or making big changes on horns 
or adjacent components. 

In reality, the challenge would be having both styling and functioning, for 
example, styling of bumper and function of signal horns. The purpose of this 
thesis is to save both time and money since the vehicles are already in the 
production. 

 

 Objective 

To improve the performance of signal horns state, it is important to know 
which parameters contribute to sound generation and how to increase SPL. 
There are many ways to improve sound level, the easiest way is to make more 
and bigger apertures in the bumper or change the horns. However, it would not 
be possible by the means of both having nice front appearance of car and 
keeping other parts’ functioning of exterior front part. Instead, it is more 
important to investigate the entire horn system parameters and which ones 
could be adjusted to increase SPL generated by the horn. 

The objective of this thesis is to improve the SPL in the way of finding 
parameters which affect the sound pressure both in measurement and 
simulation manners. There would be different solution among different cars and 
it is valuable to find general solutions, however, due to the time limitations of 
the project, Volvo S90 has been mainly used for the study purpose. The 
specified goal is achieving the SPL at least 94 dB(A) in Volvo S90 at certificate 
test place. 

Today car models are already designed and produced. It would save both 
cost and time if one could predict the sound pressure of horns in the completely 
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vehicle at early stage of the development, thus a stable and useful CAE model 
is needed and this is an additional part of this project. The thesis would be a 
milestone to reach the goal for predicting SPL where Volvo new XC60 bumper 
was used because the critical thing is to evaluate how good the correlation 
between measurement and simulation results, and in the measurement part, the 
electrical horns were studied.  

 

2.2 Signal Horn 

Signal horn is a kind of sound making device which can be equipped on 
vehicles, ships, trains and so on.  In early 20th century, the quest of electric 
signal device which could manually alert the road users to their approach or 
possible danger. Before long, the invention of signal horns changed the way to 
warn pedestrian [1]. Ordinary, vehicle signal horns are usually classified into 
two categories which are electrical-mechanical signal horns and electric signal 
horns. In this work, the latter one is studied. The 3D mechanical model of the 
signal horn can be seen in Figure 1. 

  
Figure 1 3D Signal Horn Model 

 

The characteristic of mechanical horn is that they have shorter life time than 
the electrical ones. Those mechanical horns are normally used in EU countries 
where people do not often to use horns. However, in some other countries such 
as China and India, people use horns quite often due to different traffic 
conditions and it is needed for horns to be designed to have a long-life time.  

The structure and basic working principle of the electrical signal horns 
consist of several main parts which are spring, membrane and bobbin. The 
detailed schematic diagram of signal horn can be seen in Figure 2 of the 
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working principle of the electrical horn [2]. When one uses signal horns, the 
DC current will flow into the circuit, the magnetic field created by the bobbin 
on fixed nucleus attracts the mobile nucleus that opens the circuit pushing down 
the spring. On the contrary, when the circuit is opened, current stops to flow 
inside bobbin and the membrane recovers to the initial position. This repeated 
process is tuned to a certain frequency when the user pushes the horn button. 

 
 

 

Figure 2 Horn Working Principle   

 

In Volvo S90, there are two different fundamental frequencies of electric 
horns installed in the research car and the horns were designed with identical 
structure but different frequencies. One is called low tone sound horn (LTSH) 
with 400 Hz fundamental frequency located in the right front side of the car and 
another one is high tone sound horn (HTSH) with 500 Hz fundamental 
frequency located in the left front side of the car. 
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2.3 Current State 
Volvo S90 has been studied, and the whole system has been shown in the 
Figure 3. 

  
a)                                                   b) 

Figure 3 Signal Horns and Their Surrounding 

 

The horns are coloured in orange in both figures and the front view of the 
car is shown in Figure 3a). The side view is shown in Figure 3b) where the 
openings in the bumper is shown. 
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2.4 Previous Work 

Before this project, some corresponding research has already been done at 
Volvo Cars Group which includes two parts. The first part was to study the 
signal horns’ properties, for example, the frequency range of interest and the 
directivity of the horns. And the second part was to try to capture the acoustic 
characteristic of generated sound (frequency and amplitude in frequency 
domain) on both simulation and measurement. The sound source was a 
loudspeaker and the tested object was a box. In this test, the effect of multiple 
small holes and one big hole which are drilled on the box was studied [3]. 

Second pervious work was also done at Volvo Car Corporation to investigate 
a best horn installation angle with different aperture configuration on bumper. 
All possible angles were tested in that study combined with different type of 
bumper. From the results, best angle is 65° towards to the ground. However, in 
some cases, for example, if the aperture is drilled in air guide which is a bit 
small and far away from signal horn, the sound performance was still lower 
than the requirement. In short, this method can make benefits to SPL in only 
some specific type of cars [4].  

HeeSu Kang, Taejin Shin etc implemented boundary element method and 
transfer path analysis to increase the sound quality in the car. In addition, some 
modification of mounting signal horn location and structure of mounting 
bracket were investigated to improve interior sound. Their research work gives 
idea on what kind of parameter is possible to change to optimise sound output 
[5]. 

Another interesting works described  control or reduction of the noise in the 
duct, for example, in 2006, Lixi Huang and Yat-Sze Choy developed a passive 
method by using the porous duct lining to reduce the noise in the duct. Initially, 
the method was used in the low- medium frequency band [6].   

For the thesis, the purpose is to increase the sound performance instead of 
reducing noise. Since we already knew from relative work that sound duct 
could preserve sound energy by preventing the sound leaking out. So, our idea 
is to employ duct as a sound guide connecting signal horn and apertures to guide 
more sound energy out of the car.  
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2.5 Scope and Structure 

This thesis includes two parts. First part is improving the sound pressure 
level by conducting a series of measurement both in semi anechoic chamber 
due to the special requirement of measurement environment, for instance, 
temperature, humidity and so on, and on certificate track. Second part is 
creating a CAE model in ANSA (Computer aided engineering toll for finite 
element analysis developed by BETA CAE system) and ACTRAN (ACoustic 
TRANsmission) and post signal processing for evaluating the correlation 
between simulation results and measurement results.  

The measurement started with investigation of frequency signatures of horns 
in Volvo S90. To get to know the system and the installation, system parameter 
studies were done afterwards. Simulation started with creation and initial study 
of a simple CAE model of sound paths, and compared with corresponding 
measurement results, which could help to judge if the numerical model, the 
measurement setup and all employed equipment were working properly. When 
the results of both measurement and simulation were matching, we could move 
forward to the real complicated simulation setup and measurement and 
analysing the results. 

 

2.6 Limitations 

In Volvo S90, it is not acceptable to make irreversible modifications, 
however, some parts were ordered for testing purpose. The modifications do 
not include things that cannot be easy implemented. 

Due to the limited size of semi-anechoic room, three microphones are placed 
at three meters in front of car for comparison purpose and the height of three 
microphones is placed at 0.5 meter, 1 meter and 1.5 meters. On the open site, 
three microphones are placed at the same height as previous case, but seven 
meters away from the car.  

Another limitation is that the project should be done in 20 weeks, 
unfortunately all details cannot be fully followed up. 
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2.7 Hypotheses 

The following hypotheses were studied  

 Horns’ installation study: The space where signal horns installed is 
almost sealed, however, there are two small apertures on the bumper. 
These apertures are not right ahead of the horns. The sound pressure 
could be increased by making full use of those gaps. Two sets of 
experiments will be implemented for determining the best 
installation of signal horns. One set of measurement is to determine 
the relative distance between apertures and signal horns, which is 
limited in the enclosed space in the car.  Another set is to change the 
angles of the signal horns in order to better guide the sound to the 
openings.  

 

 System parameter study: the system includes horns, brackets and the 
mounting material. Minimizing the transmission of vibration of the 
system. The main idea is to make the natural frequency of the system 
as far away from the horns’ frequencies as possible. In this particular 
case, the excitation/input frequencies are limited to be changed, on 
the contrary, the system dynamic parameters are reasonable to be 
modified– it is possible to increase sound pressure by changing 
stiffness or/and mass of the system. 

 

 Horns frequency signature study: Due to the fact that the signal horns 
used in cars have quite big frequency range tolerance, and this range 
could influence the sound pressure. The main idea in this study is to 
get greater sound pressure by shortening the range of frequency 
variance of signal horns. 

 

 Environment study (predicting SPL): An CAE model is established 
in this study to visualize the sound path and it is treated as the base 
of making complex model. Due to the complexity of the air cavity, 
where the sound sources are, it is hard to know what exactly happens 
during the propagation of sound, i.e. reflection, refraction, which 
makes trouble for simulation. The first step is only use the bumper 
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Volvo XC60, to simplify the model. And in the FE model, the 
bumper acts as rigid barrier during the sound propagation. 

 

2.8 Overview 

The outline of this thesis is as following: 

In chapter 3, fundamental acoustic theories and relative acoustic parameters 
have been introduced, for instance, sound pressure level, duct acoustic, 
superposition. Also, this chapter includes several acoustic phenomena 
explanations. This chapter plays a critical role as a base for understanding and 
optimizing performance of horns. 

In chapter 4, the measurement methods are introduced, which includes the 
devices, the setup of measurement both in semi anechoic room and open site. 
The equipment and setup of measurement are also included.  

In chapter 5, a series of measurements have been conducted in semi-
anechoic room for comparison of sound pressure using different modification 
which includes changing and optimizing system parameter, frequency 
signature, installation of horns in the complete vehicle. Additionally, acoustic 
duct is applied. The signal acquisition is done by using different hardware and 
software for instance, HEAD Acoustic SQuadriga and HEAD Recorder 
interface, and post-processing is done by using both MATLAB and Artemis 
SUITE and the results are described in both chapter 5 and chapter 6. The 
simulation and corresponding measurements have been presented in chapter 5 
in which the CAE model was simplified, and the HF sound source was used, 
i.e. omni-directional sound source.  

In the chapter 7 and chapter 8, the conclusion and future work are presented, 
which includes suggestions on increasing sound pressure based on what we 
investigated. What more, we proposed any other possible ideas and methods to 
investigate horn function as the future work. 
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3 Acoustic Theory 
Sound can be described as a wave motion though media, for example, 

though air. In this chapter, some basic acoustic theories are presented. The 
generation and propagation of sound can be associated with mechanical 
oscillations or vibrations. However, in the cases where these vibrations are too 
weak to be detected by humans, for example, when sound penetrates a wall, the 
vibration can be caught by means of special devices. The generation of sound 
can be described as shown in Figure 4. 

 

Figure 4 Sound Propagation 

The bold black line represents a motion body, for instance, diaphragm. 
When it moves to right in the middle part of the Figure 4, it can displace the air 
in front of it and compress a part of air together. When the moving body goes 
in reverse direction which causes in sucking in some air by expanding some of 
it (see Figure 4 bottom figure). Hence the compressed air tends to generate the 
pressure and transfer to the neighbouring air space, likewise, a decompressed 
air tends to release the pressure and transfer energy to its vicinity. The surface 
of the moving body moves forth and back, i.e. oscillates, causes the pressure 
disturbances to travel in the air. It is so called sound wave. The region filled 
with sound waves is referred to as sound field. 
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3.1 Wave Equations 

Acoustic waves propagate in the air by generating fluctuations in the 
pressure and density which are generally much less than the average pressure 
and density in a stationary state. Even for the loudest sounds, for example, jet 
engines generated pressure fluctuations are around 600 Pa which is much 
smaller than the average pressure of the atmospheric air . Similarly, for 
the density fluctuation, the loudest sounds produced are still around 1000 times 
less than the average density of atmospheric air ( ). 

Additionally, the process of sound propagation occurs very stable since the 
audible sound frequency range is from 20 Hz to 20 kHz. Thus, the process can 
be considered as adiabatic. Under those circumstances, some assumptions can 
be made for simplification. The density changes are associated with the 
pressure fluctuations but not to the little increase or decrease of temperature. 
Because of the small fluctuations of density and pressure compared to the 
average value of atmospheric air, which can be assumed linearly related.  

Acoustics pressure fluctuation  is related to the acoustic density fluctuation  
 by  and  is the speed of sound in air [7].  

As sound propagates, it produces a very small motion to the air so that the 
pressure fluctuation is associated with a fluctuating displacement of the air. 
This small air motion is called particle velocity.   

Because the acoustic pressure, density and particle velocity fluctuates 
associated with the sound waves in air are quite small, the conservation 
equations can be linearized i.e. those terms that are proportional to the product 
of acoustical variables can be neglected from the equations. The equation of 
mass conservation in homogeneous three-dimensional medium can be reduced 
to [8]  

 

where  is fluid velocity,  is the divergence of the vector . Similarly, the 
linearized equations of momentum conservation for an inviscid medium is 
reduced to 

Using the relation  and taking the difference between (Eq. 3-1) and 
(Eq. 3-2) the wave equation for the acoustic pressure fluctuation given by 
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.      

The simplest and informative solutions of the wave equation in three 
dimensions are related to spherically symmetric wave propagation.  The 
equation can be transferred into spherical coordinates where the pressure 
fluctuations depend on the radial  according [8]. 

 
The Equation (Eq. 3-4) can be rewritten in the form  
 

The general solution given by [7]. 

 

 

From the solution, obviously acoustic pressure is a function or radial  and 
time t.  

Equation (Eq. 3-6) also can be written as an alternative form 

where A and B are complex numbers and defined as  

and 

 Equations (Eq. 3 8) and (Eq. 3-9) describe the amplitude of the waves and 
their relative phase. 

The first term of right hand side of the equation (Eq. 3-6) represents the wave 
propagation outwards from the origin of the coordinate system, and the second 
term is standing for the incoming wave towards to the origin of the coordinate 
system. 
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It can be assumed that the acoustic pressure everywhere has a dependence 
on time the form , where  is the angular frequency. In such a case, the 
solution for the acoustic pressure as a function of time in the case of spherically 
symmetric radial outwards propagation wave can be written as 

where Re is the real part,  is the wave number, the term describes 
the change in phase of the pressure fluctuation with increasing the radial 
distance from the origin, and in time domain it represents time delay of 
propagation. 

Equation (Eq. 3 10) can be written in the following form 

Equation (Eq.3 11) shows that the amplitude of the sound pressure depends 
on the radial and the single frequency pressure fluctuation is associated with 
harmonic outgoing spherical waves. It is useful to separate variables from 
Equation (Eq. 3-11), and the following expression can be obtained 

where  is the complex pressure amplitude [8]. 

In the case of spherically symmetric wave propagation, the acoustic particle 
velocity is only function of radius. 

During the process of sound propagation, the attenuation of sound is 
inevitable due to air absorption, interaction with the ground, barriers and so on. 
In this part, the main physical principles associated with the source of 
attenuation are presented. 

In order to simplify the model for calculating the SPL, the sound source, the 
obstacle (bumper) are simplified as monopole source and barriers respectively 
and the ground is treated as rigid ground.  
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3.2 Sound Pressure Level (SPL) 

Sound pressure level is the logarithmic measure of the sound pressure 
relative to a reference value. The value of SPL is measured in dB (decibel). For 
the simplifications, we assumed that the sound source of signal horn is a 
monopole simple sphere source, in this case, the acoustic monopole would be 
equally dispersing in all directions [9]. Any source whose dimensions are much 
smaller than the wave length of the sound propagation being radiated can act as 
a monopole. In this case, the conditions between wavelength and dimension of 
the sound source is express as  where is the dimension of source 
dimension and k is wave number.  

What more, if there is no barrier in front of the source, for the free field (no 
reflections) of the acoustic propagation at a distance  from the source such 
that , the free field pressure by the uniform, radial, harmonic pulsation 
of a sphere is [10]. 

For a monopole, the volume velocity Q can be determined from sound 
pressure at anechoic conditions according to [11]. 

As long as the sound pressure is defined from the Equation (Eq. 3 16), then 
it is possible to achieve SPL in the following equation: 

where  is reference pressure of air, and its value is  [12]. 
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3.3 Duct Acoustics  

In industry, an effective application to reduce the noise from various 
machinery and equipment is using acoustic duct as a transmission guide. The 
duct system prevents most of sound energy from disperse into the surrounding 
air cavity. Acquired inspiration from this scenario, it is possible to use duct as 
a sound guide to concentrate acoustic energy towards out of car bumper through 
the aperture on the bumper. 

Regarding to the duct cross section in this project, the circular cone cross 
section pipe is applied to transmit the sound energy. However, it is quite 
complex to explain the theory for this kind of non-uniform cross section duct. 
For simplicity, circular cross section duct will be presented in this part. 

In order to determine the sound field in a duct with circular cross section, it 
is necessary to express the Helmholtz equation in a cylindrical coordinate 
system in [13]. 

where parameter r is the diameter of the duct, definition of parameter z,   
can be seen in the Figure 5,  

 
Figure 5 Schematic Duct Diagram 

The boundary condition for duct with rigid wall is 

Assume that the sound pressure can be expressed as [13] 
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Insert Equation (Eq. 3-20) into Equation gives 

 

The second last term, on the left side of  depends on only z, so we can 
conduct that 

Also for the third term gives 

Inserting (Eq. 3-22) and (Eq. 3-23) into (Eq. 3-21) and we obtain 

This has a general solution: 

 

where    ,            (Eq. 3-24) 

is the Bessel function of order m, and  is the Neumann function of 
order m. C1 and C2 are two arbitrary constants.  

From the boundary condition in Equation (Eq. 3-19), it follows that 

This equation is satisfied with only for certain discrete values of , denoted 
as with , The solution of Helmholtz equation in this case 
can be written as 

Where 

   . (Eq. 3-27) 
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Each acoustic mode is defined in terms of value . where  represent 
the number of nodes in the transverse pressure distribution as shown in Figure 
6. 

 
Figure 6 Duct Transverse Pressure Distribution [13] 

 

The smallest cut-off frequency that follows from Equation Eq. 3-29 with 
 when  . In other words, the first diametric mode starts 

propagating at . The lowest cut off frequency in a duct can be 
expressed as 

If the acoustic wave frequency is below than the smallest cut-off frequency, 
the only plan waves could propagate. The sound pressure can be defined as: 

 

 

The amplitude of the plane wave which generated by the vibration surface 
can be defined as: 

This is the sound pressure when sound propagates in the duct.  
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4 Method 
This chapter presents the methods used in this project for the experiment 

implementation. It includes the presentation of system parameter study, 
frequency signature study, and installation of sound horns study.  

The first part of this chapter describes the measurement equipment and 
measurement setup. All measurements were conducted at acoustic room                 
(semi-anechoic room) for the following reasons. 

a) The certificate test needs to be performed at open site (free field), 
that can be restricted by the weather requirements.  Therefore, due to 
the changeable weather, we have to do the measurements indoor 
instead (good measurement condition). 

b) The room is used to conduct experiments in nominally ‘free field’ 
conditions, which means the sound will be travelling away from 
sound source except sound reflection from ground. 

 

4.1 Measurement Equipment 

The following equipment were used for sound measurements described in 
this section: 

 ICP type Microphones (see Figure 7a)) 

 Microphone calibrator 

 Laptop with Head Acoustics software 

 Laptop with Artemis SUITE software 

 Signal horns 

 Cables 

 3Microphone frame 

 HEAD recorder (see Figure 7b)) 

 3 Wind protectors  

 Volvo S90 

 Signal generator (see Figure 7c)) 
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a)                                              b) 

 
c) 

Figure 7 Equipment, a) Microphone b) SQuadriga device c) Signal 
Generator 

4.2 Experimental Setup 

 Semi-anechoic room  

Setup: three microphones were placed at three meters in front of the tested 
car. The microphone shall be placed approximately in the mean longitudinal 
plan of the vehicle. The height of microphones is above the ground at 0.5, 1 and 
1.5 meters, see Figure 8. The values of the microphone positions are specified 
by the certificate test. 
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Figure 8 Measurement at Semi Anechoic Room 

 

 Open site 

Setup: Three microphones are placed at seven meters in front of the tested 
car. The microphone must also be placed approximately in the mean 
longitudinal plan of the vehicle. Each microphone was also placed above the 
ground at 0.5, 1 and 1.5 meters, see Figure 9. 

 
Figure 9 Measurement at Open Site (Free Field) 

From now on, in the rest of the report, the microphones of distance 0.5m, 
1m and 1.5m above the ground are referred as ‘mic1’, ‘mic2’ and ‘mic3’. The 
method used to measure the sound is based on the ‘Audible warning devices, 
Horn, Sound-signalling devices’ document ECE [14]. The values of the 
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microphones positions and the distance between the microphones and the test 
car are specified by the certificate test. 

4.3 Study Methods 

In this section, three studies are described, which are system parameter study 
in 4.3.1, frequency signature study in 4.3.2 and installation study in 4.3.3 
respectively. 

 System Parameter Study 

The system is the entire signal horn with its attachment parts which includes 
bracket and crash beam. According to the law of conservation of energy, the 
total energy of an isolated system remains constant. The certain quantities of 
energy (electrical energy) is sent into the system and converted into sound, heat 
and vibration energy, see Figure 10. Ideally, we wish all input energy could be 
transferred into sound energy instead of vibration which goes through to the 
whole car, and heat energy. 

 

Figure 10 Energy Conservation Diagram 

To investigate how much energy dissipates through vibration, this study has 
been carried out by changing the system dynamic parameters i.e. m (mass), c 
(damping), k (stiffness) to reduce vibration.    

In this work, m and k were changed for testing purpose except c, due to the 
fact that damping plays the role of absorbing energy to reduce vibration. 

 

 Frequency Signature Study 

Each horn has its own frequency, the purpose of this study is to find such 
horn pair with frequencies that match optimally to produce greatest combined 
SPL.   To do so, a pair of ‘Magic’ horns were used, i.e. ‘Sweeping Frequency 
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Horns’. The pair of horns were programmed to generate the sound with 
different frequencies over the time. Based on observation of output, the possible 
optimal frequency pairs should be found. This pair of horns was made by the 
sound horn supplier.

 Signal Horn Installation Study 

Front part of car is fully packaged with different components, which causes 
difficulties in installation of signal horn at a good position to deliver enough 
sound power. In the current installation, the signal horns are quite away from 
the apertures in bumper which is probably not the best manner to deliver sound 
goes out of the car. The limited space in the exterior front part constrains 
modifications of the position and the orientation of the sound horns in the 
current installation. However, a sound guider i.e. sound duct can be used to 
improve the current installation problem as well. 
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5 Measurement  
This chapter reports a series of measurements. Some reversible 

modifications have been done for improving the performance of signal horns 
and the results are compared with corresponding base line. All results here are 
based on the reference pressure  and A weighting filter was used. 

In the first part of the study, a pre-study measurement was done for getting 
to know and understand the system which includes the frequency signature of 
horns. Based on that, further experiments were conducted to find the optimal 
pairs of frequency.  

 The second part of the work contains all the installation studies. Different 
modifications of installation were carried out to figure out the best solution on 
how to place signal horn in the exterior front part.  

In the third part, system parameter study is discussed, the intention for the 
experiment in this part is reducing vibration energy dissipation to get more 
sound energy out of the signal horn.  

In the fourth part, several verification experiments are presented. The 
measurements were done in the certificate track place. Those results are utilized 
for the further conclusion in the last part.   

 

5.1 Optimal Frequency Pair Study 

In this test, varying frequency of signal horns was performed for optimizing 
the sound pressure by doing measurement at semi-anechoic room. 

 Signal Horn Frequency Signature Investigation 1 

In this section, the measurement has been set up for testing the characteristic 
of frequencies components in the sound signal from signal horn. The 
measurements have been done for both LTSH and HTSH separately. The 
intention of this testing is to gain a good understanding of frequency signature 
of horns and the system. 

The measurement was started to test the LTSH, and the frequency domain 
result has been shown, see Figure 11, where different colour represents 
microphone signal in different channels. Here, green curve stands for mic1 at 
0.5m, red curve stands for mic2 at 1m and black curve stands for mic3 at 1.5m. 
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Figure 11 LTSH Frequency Signature  

 

Under the same measurement set up, high frequency signal horn is also 
tested and its frequency spectrum is shown in Figure 12. Also, green curve 
stands for mic1 at 0.5m, red curve stands for mic2 at 1m and black curve stands 
for mic3 at 1.5m. 

 

 
 

Figure 12 HTSH Frequency Signature  
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 Discussion 

It is obvious that there are more than one dominant frequency components 
in the frequency spectrum. The components are located in integer multiple of 
the fundamental frequencies which are around 400 Hz for LTSH, and 500 Hz 
for HTSH. Those components are so called harmonics.  Here, it comes up an 
essential issue where those harmonics come from. Theoretically, harmonics can 
be caused by the surrounding environment of the sound source. In our 
experiment, the measurements were conducted in the semi-anechoic room, the 
influence from environment assumed to be negligible. The single frequency 
component at the position of fundamental frequency was expected. The results 
of the measurement imply that those harmonic frequencies components in this 
case are generated by horn itself. 

Based on the results above, the observations were made: 

 The SPL from HTSH makes more contribution than from LTSH 
since we measured higher SPL in high tone signal horn, 

 Many large magnitude peaks components are in high frequency 
range (700Hz-2000Hz). 

 Highest sound peak does not correspond to the fundamental 
frequency as explained below.  

 

One unusual phenomenon is that the harmonics, especially the 3rd or 4th order 
harmonics, exceeds the fundamental frequency in amplitude for example: 
amplitude at 1950 Hz in LTSH is higher than its fundamental frequency at 398 
Hz which is shown in Figure 11.  According to the bell effect [15] which affects 
its acoustics by raising the lower resonances from those of a close tube toward 
a more useful harmonic sequence. Due to the fact that human ear is most 
sensitive around 2-3 kHz [16] the loudness of horns or any other sound making 
device depend a lot on how much energy emit in the harmonics in the range 2-
5 kHz. That is why it is reasonable to make the horn with highest SPL amplitude 
located over 1000Hz. 

 

 Sound Directivity for Signal Horn 

Directivity is a significant characteristic of sound source, which need to be 
measured in the acoustic field. The sound directivity depends on the frequency 
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of sound source. It is necessary to investigate which sound direction or which 
angle of signal horn could make more contribution to the position of 
microphone in standard test. The experiment data for directivity of sound path 
was given from the signal horn supplier.  

The general procedure for determining the radiation of sound source is 
setting several microphones in both horizontal and vertical directions which can 
be seen in the Figure 13, the number from one to fourteen represent each 
microphone. The signal horn is directed towards to the front which is facing to 
microphone number 9. Principally, the determination of sound directivity is 
necessary to be defined in a circular area around the sound source with a 
constant distance. Corresponding result can be seen in the Figure 14.  

 

 
Figure 13 Microphone Positions for Directivity Test

  



34 
 

 
 

a)                                 b) 

 
c)             d) 

Figure 14 Directivities of Signal Horn Results 

From the above directivity results, the sound source has almost omni 
directivity. However, for high frequency component, the SPL becomes slightly 
different at different angels. According to the sound radiation theory, the higher 
sound frequency, the more directivity factor influences on SPL.  

 Optimal Frequency Pair Study 

Based on the acoustic theory, different frequencies signature of signal horns 
makes different contributions to the output sound pressure. Those frequencies 
are defined not only by original signal horn itself but also from the tolerance of 
signal horn because of the manufacture issue. In this part, the sweeping signal 
horns were used for determining the best frequency pairs of signal horns and 
the proper frequency margin for manufacturing.  
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 Sweeping Horn  

Sweeping horn is a kind of testing electrical horn which is not existed on the 
market. The horn is specific for understanding how varying frequency 
influences SPL. There is no difference for the appearance of sweeping horns 
with normal signal horn. The setting up is that there are 13 pairs of frequencies 
included in the horns and the sweeping frequencies start from 430 Hz (the upper 
limitation of LTSH) and 530 Hz (the upper limitation of HTSH) with 5 Hz 
intervals till 370 Hz (the lower limitation of LTSH) and 470 Hz (the lower 
limitation of HTSH). Thus, while the tester presses the button, those two horns 
start making sound from the first combination (430Hz with 530Hz) to last 
combination (370Hz with 470Hz) and the sound time span for each frequency 
pair is around 5 seconds.  

 

 Analysis Results 

The SPL time domain plot is shown in Figure 15. The measurement started 
from the high frequency pair (430Hz with 530Hz) to the low frequency pair 
(370Hz with 470Hz). In this case, green curve stands for mic1 at 0.5m, red 
curve stands for mic2 at 1m and black curve stands for mic3 at 1.5m. 

 
 

Figure 15 Sound Pressure Level of Sweeping Horn with A-weighting 
Frequency Filter 
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From Figure 15, which is SPL diagram in time domain, it can be seen that 
the magnitudes are lower at first three frequency pairs (430Hz with 530Hz), 
(425Hz with 525Hz), and (420Hz with 520Hz) compared to magnitudes of the 
others. The corresponding frequency for each peak can be seen in Figure 16, 
which is the FFT with time plot so called Short Time Fourier transform (STFT), 
from which it is clear to find the optimal frequency pair of signal horns. 

 
Figure 16 STFT of Sound Pressure of Sweeping Horns 

In STFT figure, the highest SPL (marked as white circle in the Figure 16) is 
given from the third harmonic of the frequencies pair 405 Hz and 505 Hz, and 
the corresponding sound pressure level is 103,68 dB(A). This optimal 
frequency pairs would be used for the verification in this chapter.  

    
 

 Discussion 

The optimal frequency pair is found at 405 Hz and 505 Hz for the tested car, 
However, the manufacturing variations of frequency are inevitable in reality 
and the variation are around  Hz. And we can see the difference of SPL 
between those pairs. To solve the problem, the frequency range of signal horns 
need to be determined. The purpose for the range is both easy for manufacture 
(not too small frequency tolerance) and getting relevant high SPL. 
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Figure 17 Sound Pressure Comparison using both High and Low Tone 

Signal Horns 

 
 

From Figure 17, seven relative highest sound pressure frequencies pairs have 
been chosen. The sound pressure level is from 98,03 dB(A) to 103,68 dB(A) 
and the frequencies pair can be kept as the original ones, 400Hz and 500 Hz, 
with suggested 15 Hz margin instead of 20 Hz, i.e. and 

 for manufacturing purpose. 

Figure 18 shows the results from each single horn (orange line for LTSH, 
blue line for HTSH). 
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Figure 18 Sound Pressure Comparison with HTSH and LTSH 

 

As the Figure 18 shows that the frequency pairs before 510Hz with 410Hz 
see dash line, HTSH makes more sound contribution than LTSH one. But after 
the dash line, LTSH is dominant.  

 
 

5.2 Signal Horn Installation Study 

In this section, the original signal horns were used for testing purpose and 
contains two installation studies. The relative position between signal horns and 
those apertures is quite far, due to the limited room in the interior cavity of car 
front. In the first part, it presents the installation study on the crash beams for 
packaging purpose. In second part, our attention is moved on under shield to 
investigate two parameters: area of aperture and the position of aperture. The 
reason of modification in under shield instead of bumper is that it is hard to 
make apertures on bumper, even it may cause in crackers since the bumper is 
made of hard plastic material and the costs of bumper is higher than under 
shield. 
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 Implementation 

In this part, the contents mainly focus on studying how the signal horn 
positions and direction effect on SPL. The reason behind this study is because 
of the sound directivity factor in signal horn. Which indicate that it is possible 
to find better position, angle, and direction to improve the SPL. Some schematic 
diagrams of setting ups can be seen in Figure 19a) to e).  

All those schematic diagrams are top views, Figure 19a) is the original signal 
horn positions mounted on the crash beam which represent as the base line to 
compare to the rest of experiment setups. In Figure 19b) and c), the signal horns 
kept the same direction as original one. However, in Figure 19d), two horns are 
mounted on the side of the crash beam towards to the openings and those two 
horns are rotated 90 degrees (horizontal direction). For the last two figures, only 
one signal horn is angled into horizontal direction. 

       

 
 

a) Installation 1             b) Installation 2  
 
 

   
   

c) Installation 3               d) Installation 4 
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e) Installation 5 

Figure 19 Schematic Diagrams of Installations

 

For Figure 19d), the photography has been given in Figure 20, also in e) the 
left signal horn was installed in the position which can be seen in Figure 20. 

  
Figure 20 a) The Photography of Installation 4, b) Shows the Photography 

Installation 5 at Left Hand Side 

 

 Results and Disscussion 

The original installation results in 0.5 m ,1m and 1.5 m have been shown in 
Figure 21, ‘0’ in SPL improvement axis represents the base line (0 
improvement), and the above five different installation positions results are 
given in the same figure. 
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Figure 21 SPL Comparison Results of Different Installations 

 Discussion 

From the results shown in Figure 21, one can see that the distribution of SPL 
at each height (difference colours) is variant comparing to the ‘0’ line in SPL 
improvement axis, i.e. the original SPL. In general, although there are some 
improvements were obtained in some specific microphones, those individual 
improvements do not contribute significantly to the maximum SPL, which 
means the current installation is already optimal one, it is difficult to get 
obvious improvements from those new installations.  

 

 Under Shield Study 

Since the limitation of interior space, the under shield was studied in this 
section in order to understand how much SPL can be improved when openings 
are made in it.  

According to interior structure, the possible interior available position, the 
two regions of under shield are decided to be used for the new installation of 
signal horn, see Figure 22. 
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Figure 22 Under Shield, Blue Region Represents Available Room for 

Installation of Signal Horns in Internal Car Front 

According to Figure 22, the signal horns are decided to be installed at the 
side of the crash beams for being as close to the under shield as possible. Those 
two horns are installed on the side of crash beam which can be seen in Figure 
19d).  To investigate, which is the dominant factor to influence SPL, area or 
position of the holes. Three holes made for this purpose, see Figure 23. 

 

 
a) 

 
b) 
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c) 

Figure 23 a) Original Under Shield, b) Modification of Under Shield c) 
Installation of Signal Horn with Modified Under Shield 

There are three different size of holes made for this experiment, as shown in 
Figure 23, the area of hole from big to small is 8 , 4.8 , 4  
respectively.    

 Results and Discussion 

During the measurement two cases have been conducted. In the first case, 
all holes were covered and tested against base line SPL for the further 
comparison. Then one tape was released to increase the opening area, 
afterwards the holes were covered again and the middle tape was released until 
the last (smallest) one was used. The second case was to keep previously 
opened tape and proceed to measure the SPL until all holes are opened.

For the measurement results, the ‘base line’ has been measured first, which 
means there is no hole open, and the result is shown Figure 24. 
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Time (s) 

Figure 24 SPL in Time Domain in Anechoic Room 

 

Here, the green curve belongs to the mic1 which was placed at 0.5 m, and 
the red and black curve belong to mic2 and mic3 which were placed at 1 m and 
1.5 m respectively. The rest of measurement results are shown in the following 
chart which is based on the base line, see Figure 25. 

 
Figure 25 The Comparison Results of under Shield Study 

 

From the results in Figure 25, one can see the improvement of SPL from 
different microphones, and those holes affect the SPL no matter how many 
holes are used.  The result matches our expectation which is the more holes are 
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opened, the higher sound pressure we obtained. However, what was unexpected 
is that the sound pressure is quite similar when only one hole was used in the 
test, the size of the hole does not influence too much on the output. So, for the 
industry point of view, they can only make a small hole on the under shield if 
there is no need to improve too much SPL.  

 

5.3 System Parameter Study 

 Experiment for Different Mounting Materials (crash beam) 

In this study, three different stiffness materials: rubber, woods, and metals, 
are used to be the support materials. According to the diagram, see Figure 26, 
those three-different material can be classified into ‘soft material’ (woods and 
rubber) and ‘hard material’ (metal). 

 
Figure 26 Stiffness of Material [17] 
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 Measurement Results and Discussion 

Table 1 SPL Comparison 1 

Mounting Material Comparison 

Materials Mic1 
1.5 m(dBA) 

Mic2 
1 m(dBA) 

Mic3 
0.5 m (dBA) 

Steel 107.83 106.9 105.99

Rubber 108.29 107.7 105.73

Wood 108.34 106.23 106.23

 

The results in Table 1 tell us that the mounting material (crash beam) does 
not significantly affect the SPL. In other words, no matter how the stiffness, 
damping or mass for the mounting material has been changed, there will not be 
too much improvement we could obtain, so this is not a proper method in this 
situation.  

 
 

 Experiment for Adding Mass  

A 310-gram mass was used on each signal horn in order to investigate how 
much does the mass of the bracket contribute for the SPL. Actually, the added 
mass is almost the same weight as signal horn itself. The measurement was 
conducted in the Semi-anechoic room, those masses were attached on the 
bracket of the signal horns, see Figure 27. Three microphones were placed at 
three meters away from the vehicle.  

 

  
Figure 27 Signal Horn with Extra Mass 



47 
 

 

In this section, three experiment settings were implemented, which are 
original settings test, shift horns towards to the openings and both shift horns 
direction together with adding mass into this system. 

 

 Result and Discussions  

Visualizing the improvement of different settings, experiment results were 
displayed in the column chart in Figure 28. Significantly, SPL for original 
setting result is lower than those other two. The one which both changed angle 
and added mass could obtain the improvement of SPL. 

 
Figure 28 SPL Comparison Result 2 

 

 Discussion  

Concluding the results in this section, we understand that the material of 
crash beam (mounting material) does not influence too much on the SPL.  

In second mass study, the mass of the system is changed for observing the 
sound pressure and the comparisons are shown. The increasing of mass of the 
system can be regarded as vibration isolation, i.e. increasing the mass of the 
system can change the natural frequency of the system.  

 
 

98.53 98.12

99.55
98.49

99.22

100.55

96.62

99.53

101.81

96
97
98
99

100
101
102

Original Horns towards to Opening Horns towards to Opening
with Mass

So
un

d 
Pr

es
su

re
 (d

BA
) 

Comparison

Mic 1 Mic 2 Mic 3



48 
 

5.4 Verification (Open Site) 

A series of measurement have been conducted to prove those hypotheses (in
Chapter 2.7). All the measurements in this section were implemented in the 
Open site with the standard legal test requirement, so that we could get real 
improvement value of SPL.  

In the bumper of car exterior front part, there are two small holes designed 
for sending more SPL out of the car. However, due to uneven structure of the 
crash beam, those signal horns are installed in different distance away from 
those holes, see Figure 29. 

Regarding sound duct implementation, owing to the theoretical background 
presented in Chapter 3, when the sound is propagated to outside directly, sound 
pressure quite depends on the propagation distance. And between the distance 
from horn to bumper, the enclosed surrounding also influences on sound 
pressure. However, referring to the (Eq. 3-32) one can see that sound pressure 
does not depend on sound propagation distance (principally, sound attenuation 
in duct is much smaller than the attenuation in open area), so we could prevent 
sound energy losing in complex air cavity. Thus, the duct is an efficient tool to 
transmit sound pressure without considering the distance factor. This a kind of 
straightforward and efficient auxiliary tool to transmit sound pressure which 
contains the most of sound power to be out of duct mouth.  In the following 
experiment study, two ducts have been used for wrapping the signal horns to 
guide the sound towards to those two small openings. The material of sound 
duct is rubber.   

 Measurement Preparation 

Since the surrounding of the measurement site would influence the results, 
a good weather (i.e. no strong wind, not too low temperature and no rain) must 
be taken into consideration when doing the measurement. Table 2 shows 
weather condition of the day when the measurements were carried out from 
8:30 to 10 o’clock. 
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Table 2 Measurement Weather Condition at Open Site 1 

Weather condition 

Time 08:00 10:00

Precipitation 0% 2%

Humidity 93% 80%

Barometric pressure 1024 hpa 1024 hpa 

Wind speed 0m/s 2m/s 

Temperature 1  3  

 

 Measurement Surrounding Requirement 

To get reliable measurement of the sound pressure, surrounding 
environment needs to be controlled. The test area, limited by a circle of 15-
meter radius with the test car in the center of the circle. should be empty (free 
field/ open site). Testers are not allowed standing between sound source (signal 
horns) and receivers (microphones) to prevent the reflection of the sound 
waves. In addition, since the ground affects the sound propagation, the ground 
should be as smooth as possible. During the measurement, the engine was shut 
off.   

Before measurement, three microphones must be calibrated and the 
calibration error has to be less than 5% (less than 1 dB (A) fluctuation). 

 

 Alternative Measurement Sets  

The original installation shown in Figure 29 serves as the base line to show 
the improvement of the sound pressure by changing installation of the signal 
horns. The base line setup is investigated in the first test series. The second tests 
are investigating how much changes of sound pressure can be obtained after 
making signal horns towards to openings.  

The last set is about using sound guide (sound duct). Two rubber ducts were 
made and installed in the front of signal horn, and the mouth of the duct are 
placed close to the openings of the bumper.  



50 
 

 Original Horns Installation  

The schematic figure shows the layout of signal horns, crash beam and 
bumper with two holes, see Figure 29.  

Signal horns are installed on the crash beams with the connector of bracket. 
However, those two crash beams are asymmetrically placed, which implies that 
sound sources have different surroundings while they generate sound, i.e. one 
is closer to the hole than another. 

 

 
Figure 29 Schematic Diagram of Original Installation of Signal Horns

 
 

 First Alternative Setting Up 

 As mentioned in the previous section, asymmetric installation of signal 
horns may influence the sound pressure, since the one horn that is closer to 
holes makes more contribution to sound from the installation point of view. 

In this set, the angles of signal horn have been changed towards to openings, 
see Figure 30, which may cancel some fault of original installation. The 
influence of air cavity can be somewhat eliminated as well. 
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Figure 30 Schematic Diagram of Signal Horns Directed towards to 

Opening 

 

The angle of left signal horn is changed by 60 degrees in horizontal direction, 
and the angle of the right horn is changed by 45 degrees.  

 Second Alternative Setting up (Sound Duct) 

In this set, the sound is being guided to the opening as well, the measurement 
set up is shown in Figure 31. In practice, it is hard to control sound transmission 
path in such air cavity. However, in this setup, the uncontrolled region (where 
the gap space between the sound guide and the bumper) of sound field is 
decreased by using sound duct. The corresponding schematic diagram can be 
seen in Figure 32. 

 

 
Figure 31 Sound Duct Installation 
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Figure 32 Schematic Diagram of Signal Horns towards to Opening with 
Sound Guide 

 
 

 Result and Discussion 

The three measurement results are shown in the chart in Figure 33. 

 
Figure 33 SPL Comparison  

 

Both sound guide and modified installation (changing angle) has increased 
the SPL output, especially in the Mic1 (0.5 m) which has the difference around 
6 dB (A) improvement. The SPL at microphone which is located at 1.5 m 
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(Mic3) has not increased much, however, the observation of SPL can be 
accepted under the legal requirement.  

 Experiment on Specified Frequency Pairs of Signal Horn 

 Cross Frequency Combination Experiments  

As discussed in section 5.1.4.2, the optimal frequency pair for horns are 
405 Hz and 505 Hz, However, those frequency pairs from sweeping horns have 
constant frequency difference equal to 100 Hz. Hence, we cannot test any other 
frequency difference between HTSH and LTSH i.e. such combination as LTSH 
405 Hz and HTSH with 510 Hz. And the frequency range is also possible 
influence output according to the experimental results, see Figure 15. To get 
possible higher SPL, several signal horns are ordered, whose frequency 
signatures are around 405 Hz and 505 Hz, for this arbitrary frequency 
combination testing purpose and those fundamental frequencies of the sound 
horns are shown in Table 3:  

Table 3 Signal Horns’ Specification 

Horn type Frequency 

Low tone signal horns 

400 Hz 

405 Hz 

415 Hz 

High tone signal horns 

495 Hz 

505 Hz 

510 Hz 

 

The fundamental frequencies of low tone horns are 400Hz, 405Hz, and 
415Hz, the fundamental frequencies of high tone horns are 495Hz, 505Hz, and 
510Hz. 

First, all the combinations were done in the semi-anechoic room. Then based 
on those results, two signal horn pairs with higher SPL than the rest, were 
selected to do the further measurement in the open site. 
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 Result and Discussion 

In the semi-anechoic room: 

As described above, all specified signal horn pairs have been tested by 
matrix pattern and the results are shown in Figure 34. 

 

 
Figure 34 SPL Comparison of Different Combination of Horns 

 

Comparing to the original signal horn pair, all the new frequency pairs have 
improvement. Due to the time limitation, two pairs of horns were selected to be 
tested at open site, which are 400 Hz with 495 Hz and 400 Hz with 505 Hz. 

At open site:  

The two pairs (400 Hz with 495 Hz, 400 Hz with 505 Hz) and original signal 
horn pair have been measured in the same condition, the weather condition is 
shown in Table 4 and results are shown in Figure 35. 
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Table 4 Measurement Weather Conditions 2 

Weather condition 

Time 07:30 09:00 

Precipitation 4% 0% 

Humidity 80% 69% 

Barometric pressure 1016 hpa 1016 hpa 

Wind speed 3m/s 4m/s 

Temperature 12  14  

 
Figure 35 SPL Comparison at Open Site 

.  
 

 From this frequency signature study, two points can be summarized. 

1. Optimal frequency pairs 

Based on the limited frequency pairs of the sweeping horns, the optimal 
frequency pairs are around 405 Hz and 505 Hz, according to the initial 
investigation. But after matrix pair testing, we suggest that the optimal 
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Due to the manufacturing limitation, the current frequency variation range 
is greater than necessary to get a stable performance of sound horn. The 
suggestion is that it would be good to shorten the range from 20 Hz 
to , to make both stable results and easy for manufacturing. 
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6 Simulation 
It is known that an acoustic problem is not always mathematically simple to 

be estimated by a physical model. There are many factors that can influence 
sound propagation, for example, temperature, humidity etc., and the geometry 
of air cavity in a car is quite complex. 

As discussed in the previous chapters, several solutions were proposed to 
increase the SPL in the experiment manner. However, in the future, one would 
like to have a reliable CAE model for predicting sound pressure from the 
complete vehicle perspective. In this section, we describe initial simulation by 
using a bumper instead of the whole car and this is the first phase of the 
simulation project. 

The pre-study simulation results are shown at beginning of this chapter to 
get some expectation before the measurement was conducted in semi anechoic 
chamber and those results were compared with each other in order to make sure 
all equipment was working properly. Then the measurement using the setups 
that are approximated by simulation models and boundary conditions was done 
according to the setup of boundary condition in the software. In the simulation, 
ANSA, ACTRAN and MATLAB software packages were used for pre-
processing, solving and post processing of signals.  

 

6.1 Simulation Method 

There are three parts involved into this section. First, all equipment tools and 
measurement setup are described.  Secondary, the algorithm and simulation 
flow chat are shown as well as the different models for the simulation in CAE 
software are presented. Finally, several comparisons between CAE results and 
with experiment results are shown in the last part.  

 

 Equipment 

The following equipment were used for measurements of mimicking 
simulation setups in this section: 

 3 ICP type microphones  

 Microphone calibrator 
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 Laptop with Head Acoustics software 

 Laptop with Artemis SUITE software 

 HF source designed by Volvo 

 Cables 

 3 Microphone frames 

 HEAD recorder 

 Ruler, meter tape 

 Volvo XC60 bumper 

 Sound Source  

An artificial sound source has been employed in this experiment, and the 
white noise was generated as input signal with the frequency range from 200 
Hz to 6500 Hz. The structure of the sound source can be seen in Figure 36. 

  
a) Artificial Sound Source            b) Orifice of Source 

Figure 36 HF Sound Source 

There is a small microphone which is placed above the sound hose which 
can be seen in Figure 36 b). The sound of this microphone was treated as input 
signal and the data was used for the further progress.  

 Setup of Measurement 

In this section, two setups of the measurement are described. 
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In the first section, a pre-measurement setting up is introduced, the purpose 
was to make sure all equipment should work properly before the measurement 
for SPL of bumper simulation. In the second section, we decided to simplify 
the model since it is the first step of simulation plan in which Volvo XC60 
bumper and 12 microphones were employed, and the bumper was wrapped to 
fit the rigid body assumption. 

 Pre-measurement Setting up 

 
Figure 37 Pre-measurement Setup 

Under semi anechoic condition, only the sound source and a microphone 
was used in the measurement, and both were placed at 0.33 m height which is 
the same height as where the real signal horns are and the microphone was 
located at one meter away from the source, i.e. there is no object between them, 
see Figure 37.  

 Preparing for Bumper 

To simplify the model in the simulation part, the bumper was wrapped which 
can be seen in Figure 38 a). All holes were sealed to get rid of diffraction effect. 
To make the boundary conditions close to simulated ones, the bumper was hung 
up by using two poles which also can be seen in Figure 38b). 
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a)                                       b) 

Figure 38 Wrapping and Hanging up the Bumper

 

 Measurement Points  

There were 12 microphones used in both measurement and simulation. The 
layout of microphones is shown in Figure 39. In measurement, the microphones 
were used from the inner diameter (microphone 6, 7 and 8) to the outer diameter 
(microphone 1, 2 and 12), which indicate that there is no interference in the 
measurement between front microphones, i.e. microphone 2, 4 and 7, and 
microphones at behind, i.e. microphones 8, 10 and 12.  

 
Figure 39 Microphones’ Placement 
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The origin of the 3D coordinate is located the middle front point of the 
bumper, the coordinates of microphones are shown in the Table 5. 

Table 5 Microphones’ Coordinates in ACTRAN 

Microphone coordination 

Mic X (m) Y (m) Z (m) 

1 -1.4142 -1.4142 1 

2 -2 0 1 

3 -1.0607 -1.0607 1 

4 -1.5 0 1 

5 -1.0607 1.0607 1 

6 -0.7071 -0.7071 1 

7 -1 0 1 

8 1 0 1 

9 1.0607 -1.0607 1 

10 1.5 0 1 

11 1.0607 1.0607 1 

12 2 0 1 

Source 0.2 -0.5 0.4 
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6.2 Simulation Part 

Introduction of Simulation 

The overall procedures of the simulation are shown in Figure 40. 

 
Figure 40 Flow Chart of Simulation 

The intention of the simulation is to get frequency response functions 
(FRFs). The bumper model which was built in CATIA V5 software, was the 
only object between the sound source and receivers and the simulation model 
was wrapped and meshed in ANSA to approximate the wrapped bumper as 
described in sec. 6.1.2.2 and Figure 41. In Actran, microphones’ locations, the 
ground, perfectly matched layers were used to model semi anechoic condition, 
the perfect omni directional sound source and 12 microphones were set 
according to the measurement setup. The post signal processing was done in 
MATLAB. 

 
Figure 41 The Wrapped Bumper in ANSA 

 Sound Source in Simulation 

A sound source need to be defined for simulation purpose. In the 
measurement, the power of the artificial sound source was unknown under 
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semi-anechoic condition (since all measurement of the sound source were done 
under anechoic condition, e.g. directivity, and sensitivity at one meter away 
from the orifice etc.). However, the relation between the input and the output 
can be described using transfer functions. In this case, the spherical source was 
used and the amplitude of sound pressure was given by one Pa. 

 

 Perfectly Matched Layers (PML) 

The PML is a particular finite element method to define the boundary 
domain for the whole acoustic calculation field. According to the conditions in 
our simulation, our external domain apart from bumper is homogeneous. Far 
field pressures can be computed at a post processing step using a boundary 
integral representation. Thus, PML is an efficient non-reflecting boundary 
condition. The method leads to truncate the mesh to an inner domain and to 
surround it by an external artificial absorbing layer. A simple schematic 
diagram can be seen in Figure 42.  The advantage offered by this technique is 
the symmetry of the matrix operator to be more efficient.  

 
Figure 42 Schematic Diagram of Sound Field in ACTRAN 

 Acoustic Cavity 

In the free field radiation of structures usually requires a specific acoustic 
domain which surrounding the simulated object by a boundary component. This 
boundary layer is so called acoustic cavity or acoustic component. This 
methodology requires the generation of a mesh which can be supported for the 
whole acoustic (fluid) domain. In this cavity domain, most acoustic phenomena 
are considered and simulated such as sound refraction, sound scattering and so 
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on. Thus, the simulation in this domain contains most acoustic information with 
high accuracy.  

 Material Property 

A PML component need to be linked with a fluid material, i.e. air in our 
case. The material is then characterized by the following parameters: 

 The fluid density  

 The sound speed 

 Simple Illustration on Simulation Process 

Briefly, if we use a simple model (gear box) as our research object for the 
simulation, the main procedure for applying PML can be seen in Figure 43: 

 
 

 
Figure 43 Schematic Diagram for Acoustic Computation Process [18] 

First, we need to define an acoustic cavity like a convex hull surrounding 
the whole structure. The number of elements, the thickness of the layer need to 
be defined for this domain. Secondary, the PML layer is conducted as a 
boundary which covered the whole acoustic cavity as shown in the Figure 43, 
third sub-diagram. This field is non-reflective and the thickness and element 
size will be computed based on each frequency band. So, the benefits for PML 
is reducing meshing effort and optimized computation time for this sound 
radiation problem. At last, we need to specify the coordination for the output 
points which we are interested in. The final simulation FRFs can be obtained 
after implementing the procedure above. 

 Simulation Main Process in ACTRAN 

In the simulation, the frequency range of sound source was set from 20 Hz 
to 2000 Hz. It would cause problem to calculate the results in high frequency 
range because the wave length of the highest frequency will decide the size of 
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element of meshing and the wave length of the lowest frequency will decide 
the thickness of PML. Taking the size of bumper and calculation domain into 
account, we did calculate the highest frequency up to 2000 Hz. If one wants to 
do simulation in high frequency, FEM does not fit so well on the ground of time 
consuming, however, ray trace, i.e. geometry acoustics, can be used in that case. 
The acoustic cavity and PML at 20 Hz has been shown in Figure 44 a), and 
2000 Hz in Figure 44 b) and c). 

 
a) 
 

  
b)                                       c) 

Figure 44 a) the size of PML at 20 Hz, b) and c) the size of PML and 
acoustic cavity domain at 2000 Hz  

As we mentioned before, the lower the frequency is the thicker the PML 
becomes. 

 
 

6.3 Pre-simulation Result 

The pre-test measurement setting up has been introduced in section 6.1.2.1 
and the model has been made according to the schematic diagram, see Figure 
45. 



66 
 

 
Figure 45 Theoretical Model of Sound Path 

To avoid the unknown influence factor sound strength from the HF sound 
source till microphones, transfer function has been calculated here. One can see 
that two sound paths, the direct path and the reflect path (due to the reflecting 
ground), contribute to the SPL of microphone. The first order virtual sound 
source is used for calculating the reflected sound wave and the corresponding 
transfer functions have been shown in Figure 46. 

 
Figure 46 Comparison of Theoretical and Measurement Results 

 

The anti-resonance marked in Figure 46 indicate the frequencies of the 
cancellation of two sound paths. As we expected, the measurement curve is 
close to our simulation curve. The reason is because of phase difference and the 
different sound path. Due to the fact that the frequencies are the same for signals 
via direct path and the reflected path, when the two signals are in phase or out 
of phase, the construction and cancellation of amplitude happens respectively,  
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 Discussion 

In the signal processing for measurement curve where the 1/24 octave band 
has been used (averaged), and the averaged octave band was used to cancel out 
unexpected peaks which were from the resonator, i.e. sound hose. 

The purpose of doing this comparison is to make sure all equipment working 
properly and the result should be predictable, now we can move to next step. 

 

6.4 Measurement and Simulation with Bumper 

In this section, a further step of simulation has been taken. The bumper is 
used to simplify the simulation model, and the reason why we did not take the 
whole car as object is because the calculation domain i.e.  up to 7 m in front of 
car with the width of the vehicle which is around 1 m. The calculation domain 
would be too big compare with the interested frequency range, which is up to 
5000 Hz, because the frequency range is associated with wave length of the 
signal and sound speed in the air. To capture acoustic behaviour and predict 
SPL, 12 measurement points were selected and the same measurement setting 
up was repeated three times but in different environment condition. 

In the first case (referred to as Group 0), see Figure 47 and Figure 48, in 
which the ground behind the bumper is not desired due to the lift system, also 
some other objects are around the testing object.  

 
Figure 47 Measurement Setup 1 
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Figure 48 Measurement Setup 1 (back side) 

In the second case (referred to as Group 1), see Figure 49, measurement 
surrounding is getting better, some extra objects were wrapped by foam, 
however, the testing ground is partially rough with unknown acoustic 
impedance. 

 
Figure 49 Measurement Setup 2 (results show in group1) 

In the last case (so called Group 2), see Figure 50, the ground is identical 
smooth, part of door was covered by foam in case the sound leakage and 
unexpected influence. 
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Figure 50 Measurement Setup 3 (results show in group2)

 

In these three cases, the only difference is the surroundings and this study 
would help to know how sensitive the measurement results are under different 
surroundings. 

 Measurement Results and Discussion 

In this part, the measurement results acquired in previously presented three 
surrounding are compared.  

 Front Microphones’ Results Comparison and Discussion 

In this part, Group 1 and Group 2 results have been shown for comparing 
transfer functions evaluated for the microphones in the same positions, which 
can be seen from Figure 51 to Figure 53. From three transfer functions for 
microphones at the position 2, 4 and 7 as shown in Figure 37 (the rests can be 
found in Appendix 1), one can see that, the results from smooth ground have 
more cancellation that the ones from the rough ground but the tendency of the 
curves goes almost together. 



70 
 

 
Figure 51 Measurement Comparison of Transfer Function 2 

 
Figure 52 Measurement Comparison of Transfer Function 4 

 
Figure 53 Measurement Comparison of Transfer Function 7 

The acoustic impedance of the two grounds are not the same, which probably 
causes in the difference of two curves. 

 

 Behind Microphones’ Results Comparison and Discussion 
In this part, Group 1 and Group 0 results have been shown for comparing 
transfer functions evaluated for the microphones in positions 8 to 12 which 
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can be seen in Figure 54 to Figure 58.

 
Figure 54 Measurement Comparison of Transfer Function 8 

 
Figure 55 Measurement Comparison of Transfer Function 9 

 
Figure 56 Measurement Comparison of Transfer Function 10 
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Figure 57 Measurement Comparison of Transfer Function 11 

 
Figure 58 Measurement Comparison of Transfer Function 12 

One can quite clearly see that the results are quite different from each other 
(from the comparison of results acquired in Group 0 and Group 1). It can be the 
following reasons 

 The material of lifting system has different impedance than the 
ground, 

 The ground is much smooth than the lift system, one can probably 
see that many gaps around the lifting system. 

 Undesired objects were in the measurement surrounding due to the 
first less experience measurement i.e. Group 0. 

From this comparison of measurement results, one can see that the results 
are really depending on the surrounding, even little bit changes, for example, 
an extra object, the ground effect, it also could be influenced by the 
temperature, humidity, and the measurement setting up (it is impossible to 
guarantee that all repeats are identical) etc. that is why acoustic measurement 
need to be well taken care of.  
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6.5 Simulation results 

Different Testing on Simulation (change the parameters)

After working on the whole procedure of acoustic calculation, several 
simulation results (FRFs) are obtained for different microphones.  Meanwhile, 
we tried different parameters in the ACTRAN (such as element numbers per 
wave length, elements order) to compare the correlation between the results.  

The detailed configuration of each simulation can be seen in Table 6.  

Table 6 Different Setup in ACTRAN 

Name Modal based on Explanation 

Simu R8  1st order elements, Thickness of PML is 
150mm, 4 elements per wavelength 

Simu R14 Simu R8 2nd order elements and PML thickness 
relative to wavelength is 2 

Simu R15 Simu R14 Thickness of PML is 300 mm. 

Simu R16 Simu R14 8 elements per wavelength  

 

Regarding simulation results, there is not too obvious difference among 
them. However, what we are unsatisfied is there are some sharp peaks or dips 
appear in the Simulation R15 and R16, see the marks in Figure 59.   

So many factors could fact the final results of simulation, for this kind of 
specific reason, we think the reason is that when software deal with each 
frequency band, there are some conflict nodes which are located exactly in the 
edge of frequency range. So, it is necessary to try different parameters like 
thickness of PML or frequency elements order in order to avoid the undesired 
continuality.  

All the simulation FRFs can be seen in Appendix 3 and here transfer function 
1 has been shown in Figure 59.  
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Figure 59 CAE Comparison of Transfer Function 1 

 

6.6 Comparison Between CAE and Measurements 

As one has seen, from previous two sections, the fact that the simulation 
results are close in each setting, but the amplitudes are bit variant due to 
different settings. i.e. the measurement results are really sensitive and 
dependent on the surroundings. From the previous observations, measurement 
Group 1 and simulation Run 14 are compared in this part, and the corresponding 
transfer function can be seen from Figure 60 to Figure 67 and the rests can be 
found in Appendix 2. 

The three transfer functions of microphones right straight from the bumper 
i.e. microphones 2, 4 and 7, have been shown in Figure 60 to Figure 62. One 
can see that the amplitudes are almost in the same level, and some cancellations 
have been caught.   

 
Figure 60 Transfer Function 2 Comparison of CAE and Measurement 
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Figure 61 Transfer Function 4 Comparison of CAE and Measurement 

 
Figure 62 Transfer Function 7 Comparison of CAE and Measurement 

Here come the transfer functions of the microphones located behind the 
bumper, i.e. microphone 8 to 12, 

 
Figure 63 transfer function 8 comparison of CAE and measurement 
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Figure 64 Transfer Function 9 Comparison of CAE and Measurement 

 
Figure 65 Transfer Function 10 Comparison of CAE and Measurement 

 
Figure 66 Transfer Function 11 Comparison of CAE and Measurement 
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Figure 67  Transfer Function 12 Comparison of CAE and Measurement  

At low frequency band, the degree of matching from both simulation and 
measurement is much better than in high frequency band. 

 Comparison of Total Level of Sound 

The purpose of this simulation is to predict the SPL, even if the comparison 
results are not perfect matching all cancellation and sound levels. By taking 
integration of all frequency components, and we assume that the input signal 
with one Pa during the whole simulation frequency band, the comparison SPL 
can be obtained, see Figure 68. 

 
Figure 68 SPL Comparison of CAE and Measurement Results 

The total level of sound pressure from microphones behave as they should 
be, i.e. the farthest microphone has the lowest sound level (Mic 1), and the ones 
behind bumper have higher sound pressure than others. As one can see the 
comparison results where the CAE model overestimates the level around 2 dB. 
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 Results and Discussion 

The input signal in the simulation is the microphone which was placed above 
the sound source, however, the distance between the sound hose and input 
microphone is hard to be measured, see Figure 36b). Thus, four points have 
been set at 0 mm (-500 in figure), 10 mm (-510 in figure), 15 mm (-515 in 
figure), 20 mm (-520 in figure) away from the source point, see Figure 69. 

  
Figure 69 Input Signal Comparison 

The measurement results from centre point of sound source to microphone 
is 15 mm, and this value was used in all results. 

We had high expectation for those points behind bumper, since there is no 
object between the sound source and the microphones. However, the results 
from microphone 8 to 12, they are worse than the results in front of bumper 
(microphone 1 to 7). Due to the limitations, we could not verify the reasons, 
however, the following possible reasons were pointed out here. 

1. The directivity of the artificial sound source 

The artificial source, ideally, we think should be omni-directional, however, 
it always has different pressure level of sound in different directions, see Figure 
71where different colour lines show different measurement point at different 
direction around the sound source, and the measurement was done in full 
anechoic chamber, see Figure 70. The difference becomes obvious with 
increasing the frequency to compare the differences in SPL values at different 
direction at 200 Hz to the differences in SPL values at different direction at 10 
KHz. It could be the reason why in high frequency range the difference 
becomes much more then low frequency range. 
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Figure 70 HF Sound Source Measurement at Anechoic Chamber 

 
Figure 71 Directivity Results of HF Sound Source [11] 

 
2. The complicated geometry of bumper 

The wrapping function was done in ANSA, which causes the geometry of 
bumper to become smoother than the original one. The simplification benefits 
us in terms of calculation time. However, it causes that the diffraction 
phenomenon becomes hard to be caught. The rough surface tends to reflect in 
many directions- to diffract rather than reflect sound power coherently. 
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3. Assumptions 

For all measurement results, there are more peaks than in the ones from 
CAE. The reason could be coming from our assumption- rigid bumper. Since 
during the wide frequency band from 20 Hz to 2000 Hz where we do believe 
many resonance frequencies of the bumper there, which could probably cause 
in errors or mismatches in simulation. 

4. The difference between measurement and simulation results 

One should not have high expectation if the simulation setup and 
measurement setup are not identical. As we mentioned before, the results highly 
rely on the setup, and surroundings. It would be real tricky to know how close 
those setups are. We believe that it causes in difference between the results. 
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7 Summary and Conclusion  
This thesis consists of two parts, where first part is to investigate what 

parameters may influence the sound pressure and get improvement of SPL in 
semi anechoic room or using standard certificate measurement setup. The 
second part is to help verify how good the CAE model is in order to predict the 
sound level without doing measurement in the future. 

It has been shown that sound pressure of signal horns can be influenced by 
the surrounding environment, the signal horns’ frequencies signature deviation 
interval and bracket material properties. However, the mounting material 
property does not improve SPL significantly. In the installation of horns study 
part where we are concerned to achieve the maximum increase of SPL, the most 
efficient and useful method is shifting signal horns towards to openings.  All 
improvements have been listed in Table 7. 

Table 7 Summary of Improvement 

Number Method Improvement (dB) 
1 Sound duct (both sides) 3.97 

2 Installation (towards to openings) 1.73 

3 Add mass (310g) 2.28 

 

However, everything has two sides, as we see from the table, using ducts is 
the most effective method, but when we take the manufacture costs into 
consideration, it can be tricky to prevent the sound leakage by using sound duct 
for reasonable cost. Therefore, the company needs to balance both price and 
sound improvement level. In this case, the recommendation could be only 
making one sound duct which installed on the HTSH and shift both two signal 
horns toward to apertures.  

The simulation comparison results show that simulation model 
overestimates the SPL around two to three dB when the input signal strength is 
1 Pa in the frequency range from 400 Hz to 2000 Hz, and in the majority of 
comparisons of transfer functions where the levels are really similar especially 
for the microphones located in front of bumper and in the low frequency range. 

In total, the findings are summarised as below, 

1. , i.e. the contribution of HTSH is greater 
than LTSH when both are under the same condition. 
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2. The relative close distance between the horn and openings together 
with small opening area gives greater increase in SPL than far 
distance and big opening area, i.e. the relative distance is more 
important than the area of openings. 

3. Sound duct can give tremendous improvement. 

4. Mounting material does not influence significantly SPL unless the 
material is too soft. 

5. Mounting horns on the heavy objects may prevent energy dissipation 
to a certain degree. 

6. Manufacturing deviations of the specified frequency can cause 
unstable signal horn performance. 
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8 Future work 
 Sound measurement 

In general, the suggestion for installation to detect the sound weak point in 
the surroundings, which can be, for example, in the bumper or under shield, 
then install signal horns towards the weak points. The sound weak points can 
be found by using reverberation room together with semi or anechoic room. 
The weak points are not necessary to be holes or openings, also can be ‘sound 
transparent material’ with some certain thickness.  

 
 Sound simulation 

The white noise was used in the simulation part, which means both measured 
and simulated transfer functions approximate continuous spectrum. However, 
in reality, the frequency signatures of horns are more like comb, i.e. discrete 
spectrum, which means that we need to sample the calculated continuous 
spectrum according to the frequency signature of horns, then we can calculate 
the output based on the sampled frequency ‘points’. 

Due to the limited time of this project, the investigated frequency range has 
been simulated to 2000 Hz. We would like to suggest increasing the frequency 
range up to around 5000 Hz since there are might exist high frequency 
components of significant power. However, it would take much longer time to 
compute the extended spectrum range.   
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Appendix 1 Measurement Comparison  

 
A- 1 Comparison of Measurement of Transfer Function 1 

 

 
A- 2 Comparison of Measurement of Transfer Function 3 

 
A- 3 Comparison of Measurement of Transfer Function 5 
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A- 4 Comparison of Measurement of Transfer Function 6 
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Appendix 2 CAE VS Measurement Results 

 
A- 5 Transfer Function 1 Comparison of CAE and Measurement 

 

 
A- 6 Transfer Function 2 Comparison of CAE and Measurement 

 
A- 7 Transfer Function 3 Comparison of CAE and Measurement 
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A- 8 Transfer function 4 comparison of CAE and measurement 

 
A- 9 Transfer Function 5 Comparison of CAE and Measurement 

 
A- 10 Transfer Function 6 Comparison of CAE and Measurement 
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A- 11 Transfer Function 7 Comparison of CAE and Measurement 

 
A- 12 Transfer Function 8 Comparison of CAE and Measurement 

 
A- 13 Transfer Function 9 Comparison of CAE and Measurement 
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A- 14 Transfer Function 10 Comparison of CAE and Measurement 

 
A- 15 Transfer Function 11 Comparison of CAE and Measurement 

  
A- 16 Transfer Function 12 Comparison of CAE and Measurement 
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Appendix 3 CAE Comparison  

 
A- 17 CAE Comparison of Transfer Function 2 

 
A- 18 CAE Comparison of Transfer Function 3 

 
A- 19 CAE Comparison of Transfer Function 4 
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A- 20 CAE Comparison of Transfer Function 5 

 
A- 21 CAE Comparison of Transfer Function 6 

 
A- 22 CAE Comparison of Transfer Function 7 
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A- 23 CAE Comparison of Transfer Function 8 

 
A- 24 CAE Comparison of Transfer Function 9 

 
A- 25 CAE Comparison of Transfer Function 10 
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A- 26 CAE Comparison of Transfer Function 11 

 
A- 27 CAE Comparison of Transfer Function 12 
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