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List of Symbols 
Latin capital letters 
 
B = bending stiffness  
 
CB = constant 
 
C80 = the logarithmic ratio of early sound energy, 
arriving in the first 80 ms, to late sound energy, 
arriving after 80 ms. 
 
D50 = the logarithmic ratio of early sound energy 
arriving in the first 50 ms, to the total received 
energy.  
 
J0, J1 = Bessel function first kind of order zero 
and  
first 
 
L = length 
 
LF =  the ratio of early sound energy, arriving in 
the first 80 ms, weighted by the square of cosine 
of the lateral angle to the total sound energy. 
 
P0 = wave amplitude 
 
Q = possible acoustic monopole source terms 
 
R = reflectance coefficient  
 
RA = sound reduction 
 
S = surface area  
 
SM , ST  = surface area mouth or throat 
 
SPL = Sound Pressure Level 
 
T30 = reverberation time obtained by measuring 
the time of a 30 dB drop, with a decay range of 
45 dB.  
 
U = volume velocity  
 
XM, XT = length from vertex to mouth or throat 
 
Y0, Y1 = Bessel function second kind of order zero  
and first 
 
Z = acoustic impedance  
 

Latin lower case letters 
 
a = radius of the sphere 
 
c = sound velocity 
 
f = frequency 
 
fc = critical frequency 
 
j = imaginary unit  
 
k = wavenumber 
 
l = length 
 
m = mass, positive integer 
 
m’ = areal density 
 
p = air pressure 
 
p0 = reference pressure  
 
p̂ = wave amplitude 
 
p+ = amplitude of the wave incident 
 
p- = amplitude of the wave reflected 
 
q = possible acoustic dipole source terms 
 
r = radius  
 
t = time 
 
v = Particle velocity  
 
x = coordinate  
 
 
Greek letters 
 
θ = angle  
 
∆ = Laplace operator, difference 
 
λ = wavelength 
 
ω = angular frequency 
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Abstract 
To quantify room acoustic parameters impulse response measurements are conducted. The accuracy of 
impulse response measurement determines the reliability of the acoustic parameters. An omnidirectional 
sound source is essential for an impulse response measurement. Omnidirectional means equally in all 
directions, so if measured at 1 meter distance from the opening, sound will diffract in a sphere (4π steradian). 
The  quality of the sound source influences the reliability of the measurements. The sound source should be 
omnidirectional to a certain degree and it should have enough output. Currently, a rotational average of three 
measurements is advised by the ISO-3382 to get in the 1 dB Just Notable Difference range (JND range). So, an 
improvement in omnidirectionality is preferred to lower the measurement steps to one step and be within 
the 1 dB JND range. In this report, four omnidirectional sound source concepts are discussed and researched: 
a pulsating membrane, a two-way speaker, a ring radiator and an inverse horn. 

Firstly, a pulsating membrane is the schoolbook principle of an omnidirectional sound source. To have a 
certain output, the volume change or the excursion of the membrane must be enormous. However, with the 
current technology it is not possible to create this. 

Secondly, a two-way speaker is a design based on the principles of G. Behlers three-way speaker. To reproduce 
the entire range of frequencies with substantial output and omnidirectional radiation, multiple loudspeakers 
could be used. The two-way speaker consists of a dodecahedral for the lower frequencies and inverse horn 
for the higher frequencies. However, as they are two separate sound sources and so have different acoustical 
centres, the closer the measurement, the more it acts like two separate point sources. 

Thirdly, the ring-radiator principle: two sources are arranged face-to-face within a small distance from each 
other. The sound will be radiated from the ring-like area around the enclosed cavity. The width of the ring is 
small compared to the wavelength, hence the radiation principle from a small pipe opening. Both sources are 
radiating in phase, so the sound power will increase. However, the output for the lower frequencies turns out 
to be very low. 

Lastly, the inverse horn follows the radiation principle from a small pipe opening. Sound which radiates 
through a small opening will act like a point source at the opening. The sound diffracts at the opening if the 
opening is small enough the sound radiates omnidirectional. Diffraction occurs when the wavelength is larger 
compared to the opening diameter, but a smaller opening means more sound will be reflected. For this 
reason, low frequencies (large wavelength) show better omnidirectional directivity, and lower output.  

A simulation study of the different concepts have been conducted. Regarding a minimum output of 60.5 dB 
(optimal impulse response to noise ratio for Maximum Length Sequence signal)  and a maximum deviation of 
±1 dB (to stay within the JND), the inverse horn shows the most potential.  

There is an unlimited range to vary with the design of the inverse horn. First, a study has been conducted of 
what the effect of length, mouth opening, throat opening, inverse horn shape and amount of interruptions 
is, regarding output and omnidirectionality. It turns out an inverse horn consisting of 3 parts shows the most 
potential. Therefore, a parametric study has been conducted to calculate as many combinations possible and 
to obtain four designs with the most potential regarding output and omnidirectionality.  

Two different types of drivers are used for the designs. Firstly, a JBL pro 2490H MF Compression Driver with 
a 75 mm exit throat is used for two designs. Secondly, the SB acoustics SB12NRX25-4 100 mm speaker is also 
used for two designs. The choice fell on two designs for both drivers to be able to compare the results. The 
simulated models are not in agreement with the measured models for the JBL pro 2490H MF Compression 
Driver. It is yet unknown which causes the difference. The simulated models of the SB acoustics SB12NRX25-
4 100 mm speaker are in relatively good agreement with the measured results and the results turn out to 
have reach an improvement compared to the currently used sound source of Peutz. 
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 1  Introduction 
The Latin word acoustics translates as the science of sound or the physics of sound. Sound is the sensation, 
as detected by the ear, of very small rapid changes in the acoustic pressure above and below a static value. 
This static value is the atmospheric pressure, which is about 100,000 pascals. The acoustic pressure variations 
are typically described as pressure waves propagating in space and time. The wave crests are the pressure 
maxima while the troughs represent the pressure minima. [1] 

Sound is created when air is disturbed by a source. An example is a vibrating object, such as a speaker cone 
in a sound system. It is possible to see the movement of a bass speaker cone when it generates sound at a 
very low frequency. As the cone moves forward, it compresses the air in front of it, causing an increase in air 
pressure. Then it moves back past its resting position and causes a reduction in air pressure. This process 
continues, radiating a wave of alternating high and low pressure at the speed of sound. 

The response of sound depends on the characteristics of a space, therefore in a different space sound is 
perceived differently. Room acoustics describes how sound behaves in an enclosed space. Every enclosed 
space has its own acoustical parameters. To quantify those parameters impulse response measurements are 
conducted. In room acoustics, the acoustical parameters are of importance to give insight in the acoustic 
behaviour and so how sound is perceived inside the room. The accurate measurement of the impulse 
response is very important, since many acoustical parameters can be derived from it. [2] [3] 

To conduct an impulse response measurement an omnidirectional sound source is essential, a standard is set 
for the quality of this sound source. Nevertheless, to measure acoustical parameters in a room the currently 
used sound sources, even if they met the standard, have deviating results, which is discussed in 3.1 Influenced 
parameters. Therefore, it to have less deviating results it is wanted to design a new or improved  sound source 
used for impulse response measurements. 
 
Several attempts on the design of a sound source used for impulse response measurements have been 
conducted. The current problem is the conflict between sound power and omnidirectional radiation of sound. 
All current developments have their limitations and do not satisfy the performance requirements for a sound 
source. Therefore, a new research has been conducted for an improvement of an omnidirectional sound 
source used for impulse response measurement. 
 
This research consist out of 8 more chapters of which the first 3 is a literature study. First of all, an impulse 
response measurement and everything what is needed to conduct such a measurement is discussed in 
chapter 2. The ISO-3382-1 states requirements on which such measurement should fulfil, these requirements 
are discussed in chapter 3, this chapter includes the new set requirements and the reason to set these new 
requirements. Chapter 4 describes 5 concepts of whom are currently used for impulse response 
measurements or have possibly the potential to fulfil the requirements of chapter 3. Chapter 5 discusses 
everything regarding modelling and simulation of the models of chapter 4 with the most potential. A 
parametric study conducted in chapter 5 results in 4 models. Those models are built and measured in an 
anechoic room and the results are shown in chapter 6, followed by a conclusion in chapter 7 and the 
discussion in chapter 8.  
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 2  Impulse Response Measurement 
The ISO 3382 norm describes an impulse response as: ''temporal evolution of the sound pressure observed 
at a point in a room as a result of the emission of a Dirac impulse at another point in the room''. [4] 
 
In general, an impulse response is the reaction of any dynamic system in response to some external change, 
a brief input signal. The impulse response describes the reaction of a system on the brief input signal, the 
impulse, as a function of time and has the ideal of creating and emit real Dirac delta function as impulse. 
 
Theoretically, a Dirac delta function is a function that exerts an “infinite large” force over an “infinite small” 
time frame. However, creating a sound in an infinitely short time period is practically impossible. Nevertheless, 
several methods can offer close enough approximations to Dirac delta functions for measurements use. [5] 
 
An impulse response measurement can be conducted using several alternatives. For example, an alternative 
using impulse sources (pseudo-impulse signals), a sound source that generates a very short and transient 
sound. This alternative can be sub divided into; electrically generated impulses, compressed air sources, 
explosive sources, mechanical sources and computer-generated sources. Another alternative is to conduct 
impulse response measurements with deterministic signal processing. This alternative is widely used and 
therefore used and explained in this report. [5] 
 

 2.1  Deterministic signal processing 

An impulse response measurement could be conducted by emitting some external change, an impulse, and 
by measuring the response of the dynamic system. However, when conducting a measurement it is necessary 
to have a sufficient impulse response to noise ratio (INR). [6] A doubling in measurement time means a 3 dB 
improvement in INR. It reaches its maximum when the driver will distort. Nonetheless, the measurement 
time should be as short as possible and maintain the quality of the measurement. Therefore, the magnitude 
of the impulse must be large enough to obtain a decent signal-to-noise ratio or the measurement needs to 
be repeated and averaged to cancel out the random noise. Digital processing techniques are used to have 
processing gain, so accurate measurements can be conducted using lower sound levels, as compared to 
measurements without digital processing techniques. 
 
For this method, the energy supplied to the room is distributed over time. In this case, prior knowledge of 
the excitation signal must be known to apply deconvolution techniques. The most common devices that are 
used to gain knowledge of the excitation signal are digitally controlled devices, like loudspeakers. However, 
the use of a loudspeaker brings uncertainties, unless many pulse responses are averaged. Cross-correlation 
of the source signal and the received signal can provide impulse responses with good dynamic range and 
immunity to noise. Cross-correlation is a measure of similarity of two series as a function of the displacement 
of one relative to the other. The use of maximum-length sequence (MLS) signals is a successful deconvolution 
technique. Other signals with broad smooth spectrum, such as chirps and sweeps, can also be successfully 
used. [4] 



4 

 2.1.1  MLS (Maximum-length sequence) 

An MLS signal consists of a pseudo random sequence of 0's and 1's with a flat frequency spectrum for all 
frequencies up to the Nyquist frequency (equal to half of the sampling time). It is also computationally 
efficient to generate such a sequence on a computer and unlike white noise, a MLS is running a signal in which 
no randomness is involved in the development of future states of signal and therefore deterministic and so 
repeatable. The input of the circuit is obtained with the use of feedback, therefore being repeatable. The 
input impulse response of a system can be extracted by a cross-correlation procedure. By using a signal that 
continues over a longer time interval more energy is put into the system, improving the signal-to-noise ratio 
and removing the need for average multiple measurements. [7] 
 
A disadvantage of the MLS method is that it appears to have distortion peaks. Harmonic distortion is the 
imperfection of the sinusoidal signal. These peaks are more or less uniformly distributed along the 
deconvolved impulse response. These distortion peaks are caused by the non-linearities inherent in the 
measurement system, and especially the loudspeaker. [7] 
 

 2.1.2  Sine sweep signal 

A sweep signal is a continuous signal in which the frequency increases or decreases over time. There are two 
types of sweeps, linear and exponential sine sweeps. When the time scale is exponential, the same time is 
taken for every octave. While when it is linear, the time taken for every frequency step is the same. An 
exponential sine sweep is characterized by a pink like spectrum, having equal energy per octave. A linear 
sweep is characterized by a white like spectrum, the signal will contain all frequencies in equal proportion. 
 
An exponential time-growing frequency sweep, exponential sine sweep makes it possible simultaneously to 
deconvolve the linear impulse response of the system and to selectively separate each impulse response 
corresponding to the harmonic distortion orders considered. Harmonic distortion can be excluded, because 
all frequencies arising from a particular harmonic order arrive at the same time, creating an impulse response 
that precedes the linear impulse response by a certain time. The distortion will appear at the end of the 
exponential sweep and could be cut off. The harmonic distortions appear mainly to the linear impulse 
response. [8] 
 

 2.1.3  Comparison 

The sine sweep technique shows perfect and complete rejection of the harmonic distortions prior to the 
''linear'' impulse response. [7] However, the measurement technique should be conducted with at least a 
signal-to-noise ratio of about 80.1 dB, table 2.1 list for the discussed methods the lowest signal sound power 
level for optimal results. MLS method obtains optimal results for a relative low sound power level compared 
to the other measurement methods. Therefore, due to its strong immunity to all kinds of random noise, MLS 
is most suitable for occupied rooms. Nonetheless, sine sweep method is the most suitable for unoccupied 
quiet rooms. 
 
Table 2.1: Optimal Signal-to-Noise ratios for MLS and Exponential Sine Sweep. The signal-to-noise ratio 
definition used is the ratio expressed in dB between the average power of the signal recorded by the 
microphone and the average power of the noise and distortions present in the tail of the deconvolved (linear) 
impulse response. For the MLS method a sampling frequency of 44100 Hz is used up to sequence order 16, 
for the Sine Sweep an initial frequency of 10 Hz is used to a final frequency of 22000 Hz. The excitation signal 
is 1.5 seconds. [7] The optimal SNR should be the optimal INR. [6]  

Method MLS Exponential Sine Sweep 

Signal to noise 60.5 dB 80.1 dB 
 
These methods, requiring the use of loudspeakers to emit signals, are limited by the frequency response and 
directivity of the loudspeaker. The frequency response can be corrected, but variations in direction cannot be 
removed. 
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 2.2  How does a speaker work? 

A speaker converts an electrical signal into an acoustic signal, an audible sound. To understand the basics of 
a speaker the following parts are important; a voice coil, permanent magnet, spider, and cone. 
 
The coil behaves almost like a permanent magnet. However, reversing the direction of the current in the voice 
coil flips the poles. Therefore, the coil attracts to or repels from the magnet. 
 
The coil is mobile and placed in front of a fixed permanent magnet. A spider centres this coil in front of the 
permanent magnet and only the distance between the permanent and voice coil can be changed in this way. 
As pulses of electricity pass through the coil, the direction of its magnetic field will rapidly change. This means 
that it is in turn attracted to and repelled from the permanent magnet, thus vibrating back and forth. 
 
The electromagnet is attached to a cone made of a flexible material such as paper or plastic which amplifies 
these vibrations, pumping sound waves into the surrounding air. The amount of vibrations in a second stands 
for the frequency it emits. The amplitude affects the volume, which affects the sound power it emits. 
 
The output of a speaker is dependent on all these parts and even more. A small adjustment to the speaker 
changes the performance of a speaker. The Thiele and Small parameters describes this speaker performance 
and is discussed in appendix 11.1 Thiele & Small Parameters. So, an adjustment or addition to a speaker will 
influence the output of it. In this report, commercial speakers are used and modified (sound absorbing boxes 
are built around it). Because of the modification, the manufacturer’s speaker information could not match 
the actual speaker output and therefore it should be tested if used.  
 
 
 
 

 

 

 

 

 

 

 

 

Figure 2.1: The basic anatomy of a conventional loudspeaker. [32] 
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 2.3  Frequency range 

Sound is a vibration that typically propagates as an audible wave of pressure, through a transmission medium 
such as a gas, liquid or solid. Difference in vibration speed, the frequency, is perceived as a different type of 
sound. The vibration is the frequency of sound, frequency is the number of occurrences in 1 second. The 
audible frequency range for a human being is 20 Hz – 20 kHz. However, most people only perceive sound 
between 50 Hz – 16 kHz. Musical instruments have a range from 20 Hz up to 16 kHz, and the range of all the 
musical genres combined is between 40 Hz up to 12 kHz. 
 
In room acoustics, a frequency ranges from 44 or 88 Hz (minimum of octave bands 63 Hz and 125 Hz) up to 
5680 or 11.360 Hz (maximum of octave bands 4 kHz and 8 kHz)  is usually investigated when conducting an 
impulse response measurement. Measurements are not conducted up to 12 kHz, because higher frequencies 
are mainly influenced by air absorption [9] and therefore the interest in these frequencies for measurements 
is small. Besides, sound sources are often not able to generate an omni-directional sound for the higher 
frequencies, resulting in unreliable results. 
 

 2.4  Omnidirectional source 

An impulse response describes the reaction of a room to the brief input signal. The most ideal signal should 
be a signal propagating sound in an omnidirectional way, to have a good description of this reaction to the 
brief input signal and to obtain the characteristics of the room. An omnidirectional sound source is a sound 
source which propagates sound equally in all directions, so if measured at 1 meter distance from the opening 
in free field, the sound will diffract spherical (4π steradian) and of the same sound pressure level.  
 
Generally, when conducting measurements, the results you obtain need to be reproducible. To reproduce the 
directivity of a sound source, it should be arranged in an identical way. However, with a perfectly 
omnidirectional sound source only the acoustical centre should be placed exactly the same to reproduce the 
measurement results. 
 
As mentioned before, the methods requiring the use of loudspeakers to emit signals, are limited by the 
frequency response and directivity of the loudspeaker. The frequency response can be corrected, but 
variations in direction cannot be removed. The direction of the source is of importance for these methods 
and the requirements for an omnidirectional source are stated in the ISO-3382-1. 
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 2.4.1  ISO-3382-1 

The sound source shall be as close to omnidirectional as possible. It shall produce a sound pressure level 
sufficient to provide decay curves with the required minimum dynamic range, without contamination by 
background noise. The minimum impulse response to sound ratio should be used as an estimator for the 
decay range. The decay range is 35 dB for the measurement of T20 and 45 dB for the measurement of T30. [6] 
In the case of measurements of impulse responses using pseudo-random sequences, the required sound 
pressure level might be quite low because a strong improvement of the signal-to-noise ratio by means of 
synchronous averaging is possible. In the case of measurements which do not use a synchronous averaging 
(or other) technique to augment the decay range, a source level will be required that gives at least 45 dB 
above the background level in the corresponding frequency band. If only T20 is to be measured, it is enough 
to create a level at least 35 dB above the background level. [4] 
 
Table 2.2 lists the maximum acceptable deviations from omnidirectionality when averaged over “gliding” 30° 
arcs in a free sound field. In case a turntable cannot be used, measurements per 5° should be performed, 
followed by “gliding” averages, each covering six neighbouring points. The reference value shall be 
determined from a 360° energetic average in the measurement plane. The minimum distance between source 
and microphone shall be 1,5 m during these measurements, this distance is further than for example a STearly 
measurement, which is at a 1 meter distance. [4] 
 
 
Table 2.2:  Maximum deviation of directivity of source in decibels for excitation with octave bands of pink 
noise and measured in free field. According to the ISO-3382-1. [4] 

Frequency, Hertz 125 250 500 1000 2000 4000 

Maximum deviation, Decibels ± 1 ± 1 ± 1 ± 3 ± 5 ± 6 
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 3  Requirements 
The most common source which is used for impulse response measurements is a dodecahedron sound 
source, discussed in 4.1 Dodecahedron . A dodecahedron meets the ISO-3382 requirements. Nonetheless, 
Sound sources whom meet the ISO-3382 requirements still have deviating results when conducting 1 point 
measurements. To improve the quality of the measurements new requirements for the sound source needs 
to be set.  

 3.1  Influenced parameters 

Witew et al. conducted a research which shows the standard deviation on acoustical parameters for three 
omnidirectional dodecahedron sound source, whom all meet the ISO-3382 requirements, for frequencies 
beneath and above 1 kHz. Table 3.1 shows that the results of a dodecahedron deviates slightly for frequencies 
below 1 kHz for almost all the parameters. But the most important information is the large deviation in several 
parameters for the frequencies above 1 kHz. Especially, more time and directivity dependent parameters have 
larger deviations in results. According to Witew et al. the directivity from the sound sources causes the 
deviations in the results. However, the sound sources meet the requirements of the ISO-3382, this is one of 
the reasons the requirements for directivity are set stricter in the next subsection. 
 
C80, objective measure of the clarity of sound, is the logarithmic ratio of early sound energy, arriving in the 
first 80 ms, to late sound energy, arriving after 80 ms. A parameter calculating with the first 80 ms refers to 
music, while 50 ms refers  to speech. If a sound source is not perfectly omnidirectional, the early sound energy 
and late sound energy, could differ if, the source is directed differently. 
 
D50, subjective speech intelligibility, is the logarithmic ratio of early sound energy arriving in the first 50 ms, 
to the total received energy. Just as the C80, the energy received could differ if the source is directed differently. 
 
T30, is the reverberation time obtained by measuring the time of a 30 dB drop, with a decay range of 45 dB. 
[6] This parameter is less dependent on the directivity of a sound source, because the main influence of this 
parameter is the reflected sound, while for the other parameters the first arriving sounds are a determining 
factor.    
 
LF, is the ratio of early sound energy, arriving in the first 80 ms, weighted by the square of cosine of the lateral 
angle to the total sound energy. Just as the C80 and D50, the energy received at the beginning could differ a lot 
depended on the direction of a not perfect omnidirectional sound source.  
 
Table 3.1: Deviation of parameters for different dodecahedrons. Measurements are conducted in the 
auditorium of RWTH Aachen, dimensions 22 m x 28 m x 10 m. For this measurement 6 microphone positions 
are used, of which 5 on the parquet floor and 1 on the balcony. The sound sources, figure 3.1, Norsonic (new 
model), Norsonic (old model) and B&K are placed on a turning table and turned 10 degrees, resulting in 36 
measurements per microphone position. The results are placed in a random order, not knowing which sound 
source belong to which results. [10] 

Parameter Dodecahedron 1 Dodecahedron 2 Dodecahedron 3 Frequency 

σ C 80 [dB]   0,19 
0,99 

0,17 
0,87 

0,19 
0,93 

<1kHz 
>1kHz 

σ D 50 [%] 1,01 
6,62 

1,01 
6,01 

1,09 
6,24 

<1kHz 
>1kHz 

σ T 30 [s] 0,01 
0,02 

0,01 
0,02 

0,01 
0,02 

<1kHz 
>1kHz 

σ LF [%] 1,11 
5,47 

1,02 
4,97 

1,13 
5,24 

<1kHz 
>1kHz 
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Figure 3.1: Different dodecahedrons used in table 3.1. From left to right, Norsonic (new model), Norsonic (old 

model) and B&K. [10] 

 

The second reason to set new requirements is due 

to the recommended rotational average. When to 

large deviations approaches the limits, it is 

recommended to take a rotational average over at 

least three positions around the source according 

to ISO 3382-1. However, Hak et al. concluded the 

source directivity can deviate a bit more 1 dB for 1 

kHz and more than 2 dB for frequencies above 2 

kHz from average, when determined from 3 equal-

angular positions in the horizontal plane within 

the critical distance (1 meter) and advised 

averaging over 5, 7 or 8 equal-angular positions 

to reduce the maximum deviation to ±0.5 dB at 

any source-receiver distance, figure 3.2. [4] [6]  

However, if the directivity of the sound source is improved to only have a maximum deviation of ±1 dB, with 

only one measurement step it will be within the 1 dB JND (just notable difference), according to table 3.2. 

Therefore, it is advised to have only a maximum deviation of ±1 dB, so only one measurement step is needed. 

While rotating the sound source results in extra measurement steps, meaning increasing measurement time 

instead of a non-rotating measurement.  

 

Table 3.2:  A few room acoustic parameters and their allowed just notable difference, all parameters are 

according to the ISO 3382 standard. [4] [11] 

ISO 3382 Parameter Symbol Just notable difference Single number frequency averaging 

Sound Strength G [dB]  1 dB 500 to 1000 Hz 

Clarity C50 [dB] 1 dB 500 to 1000 Hz 

Clarity C80 [dB] 1 dB 500 to 1000 Hz 

Early Decay Time EDT [s] 5% 500 to 1000 Hz 

Early lateral energy fraction LF [s] 5% 125 to 1000 Hz 

Figure 3.2: Maximum dodecahedron sound source   
directivity deviation for receiver position P, with 
source-receiver distance of 1 m (direct/near field) [12].  
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 3.2  New requirements 

The influenced acoustical parameters, non-reproducibility of the measurements and less measurement steps 
are the motives to improve the sound source used for impulse response measurements in this report. As 
described in 3.1 Influenced parameters, according to Witew et al. the directivity from the sound sources 
causes the deviations in the measured parameters. However, it is preferred to have minimal deviations in the 
results, if the results are reproduced. Next to the influenced parameters, it is wanted to avoid an extra 
rotational measurement step, as mentioned in the previous subsection a maximum deviation of ±1 dB is 
advised to stay within the JND.  
 
 Therefore, new requirements are set for a new modelled sound point source. The new requirements, table 
3.3, are believed to be achievable and ensure reproducibility and close enough to correct values for acoustical 
parameters when doing one measurement step (no rotation of the sound source). 
 
Table 3.3 lists the maximum acceptable deviations from omnidirectionality, to comply with a JND of ±1dB  
when conducting one measurement. Unlike the ISO-3382, the self-set requirements will not be averaged over 
“gliding” 30° arcs in a free sound field. [4] Because, if the deviation is averaged over 30° the actual maximum 
deviation could be higher than the allowed JND. The area directly below the sound source is of less interest, 
except for the first order reflection, source to ground to receiver. Therefore, a dead angle is introduced of 
approximately 20°, based on including the first order reflection, source to ground to receiver, and a 1 meter 
source-receiver distance, and a source height of 1.5 meter (measurement height according to the ISO-3382-
1 [4]). 

 

 
Table 3.3: Maximum deviation of directivity of source in decibels for excitation with octave bands of pink 
noise and measured in free field. According to the ISO-3382-1 and self-set standard, which is believed to be 
achievable and ensures reproducibility and close enough to correct values for acoustical parameters. [4] 
 

Frequency, Hertz 125 250 500 1000 2000 4000 

Maximum deviation, Decibels, ISO-3382-1 ± 1 ± 1 ± 1 ± 3 ± 5 ± 6 
Maximum deviation, Decibels, self-set  ± 1 ± 1 ± 1 ± 1 ± 3 ± 3 

  

 
Besides the directivity, the 'Impulse response to Noise'' ratio should be high enough to obtain the 
reverberation time out of an impulse response. According to table 2.1 in 2.1.3 Comparison an optimal room 
impulse response to noise ratio (INR) for MLS measurements is 60.5 dB. So, the developed sound source 
should have a sound pressure level at 1 meter distance of at least 60.5 dB for the 1/3th octave bands for the 
frequencies of interest (100 Hz - 10 kHz, as mentioned in 2.3 Frequency range).  Nonetheless, the frequency 
spectrum should be flat. 
 
The sound pressure level of 60.5 dB is based on an optimal INR with an excitation signal of 1.5 seconds. [7] 
Therefore, the length of the excitation signal should be minimal 1.5 seconds. Besides the length, the excitation 
signal should be linear. However, when the excitation signal is longer a lower INR is needed , due to averaging 
over a longer time, but a longer measurement time is necessary. 
 
Beside the acoustical qualities of the sound source, the dimensions of the sound source has some limitations. 
The acoustical centre of the sound source is placed at a height of 1.5 meter during measurements. Next to it, 
in future measurements Peutz wants to be able to measure at a height of 1.2 meter. In concerts the sound is 
not always generated at a height of 1.5 meter. For this reason, the sound source should be able to has its 
acoustical centre be placed at 1.2 and 1.5 meter height. Beside this, due to conform the sound source should 
be easily be transported and built for measurements. 
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 4  Point Sources 
Throughout the years a widely range of omnidirectional sound sources have been constructed. Some of them 
are still on the market and used for measurements. Dodecahedron, inverse horn, an active point sound source 
and a monopole omnidirectional source are the most commonly sound sources on the market. The quality 
and limitations of these sound sources will be reviewed in the following part. Besides currently used and 
researched point sources, an innovative possibility of creating a new type of source is described. The 
innovative idea is based on the principle of a pulsating sphere, which is acting like an omnidirectional sound 
source. 
 

 4.1  Dodecahedron sound source 

The most common source which is used for impulse response 
measurements is a dodecahedron sound source, figure 4.1. 
Dodecahedron refers to the shape of the sound source, which is a 3 
dimension al solid with twelve flat faces. Every flat face consists of a 
loudspeaker and emits sounds in its direction. The dodecahedron meets 
the ISO-3382-1 requirements of an omnidirectional source for impulse 
measurements. Nonetheless, the dimensions of the dodecahedron 
compared to the distance of the receiver can be large, which results in 
the source not acting as a point source anymore. Besides this, the 
acoustical centre will be unknown.  
 

 4.1.1  Measurements from other papers 

In 3.1 Influenced parameters the influence of non-omnidirectionality is discussed. The directivity of a 
dodecahedron has been measured and discussed in several reports. Hak et al. has researched the directivity 
of a dodecahedron sound source, determined by stepwise rotation. The maximum possible directivity 
deviation from rotation measurements over a whole number of equal-angular steps have been calculating. 
Stating, if measured at a 1 meter distance from the dodecahedron, the maximum source directivity deviation 
is close to 3.5 dB for 2 and 4 kHz. [12] 
 
J.L.S Bote mapped the dodecahedrons deviation by extrapolation of 3D directivity balloon of dodecahedron 
loudspeaker from measurements near its equatorial plane. Figure 4.3 shows the average deviation from the 
mean value, calculated over 2592 angular points. For the higher frequencies the maximum error goes up to 
4 dB for 2.5 kHz, meaning the dodecahedron is less omnidirectional for the higher frequencies. Figure 4.3 
right shows the directivity from the dodecahedron at 4 kHz, these figures conclude that at a higher frequency 
it is indeed not omnidirectional. Method A and B represent different measuring methods, which is discussed 
in 11.8 Methods A and B. [13] 
 
Variants to a dodecahedron have been researched, for an example 
Arnela et al., constructed a sphere with radius 0.125 m and placed 750 
Multicomp 16 mm Transmitters on this sphere, this design is called the 
Omnidirectional Parametric Loudspeaker (OPL), figure 4.2.  The OPL 
generates a lower SPL compared to a dodecahedron. However, the 
omnidirectionality for the higher frequencies shows better results for 
the OPL compared to a dodecahedron. For the lower frequencies, 
because the SPL is so low the directivity fluctuates a lot for the OPL. 
Figure 4.4 shows the results of the OPL compared to a dodecahedron. 
[14] 

 

 

Figure 4.1: A dodecahedron sound 
source. [34] 

Figure 4.2: Omnidirectional 
Parametric Loudspeaker. [14] 
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Figure 4.3: Errors vs. frequency of the dodecahedron. These errors are attributed to the process of scattered 
sample interpolation. The mean, maximum, and standard deviation values were calculated over 2592 angular 
points, both for methods A, discarding overlapping areas, and B, without discarding overlapping areas. Method 
A and B are furthermore discussed in 11.8 Methods A and B (left). Directivity representation of a simulated 
dodecahedron at a frequency of 4 kHz and positioned on the loudspeaker frame (right). [31] 

Figure 4.4: Directivity pattern of the OPL (blue line) and a dodecahedral loudspeaker (red line) obtained when 
emitting sinusoidal signals at different frequencies. Results are normalized with respect to the average sound 
pressure level. [31] 
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 4.1.2  Conclusion 

The dodecahedron meets the requirements from the ISO-3382, however as mentioned in 3.1 Influenced 
parameters, Witew et al. conducted a research which shows the standard deviation on acoustical parameters 
for three omnidirectional dodecahedron sound source, whom all meet the ISO-3382 requirements, for 
frequencies beneath and above 1 kHz. There is large deviation in several parameters for the frequencies 
above 1 kHz. Especially, more time and directivity dependent parameters have larger deviations in results. 
According to Witew et al. the directivity from the sound sources causes the deviations in the results. However, 
the sound sources meet the requirements of the ISO-3382, for this reason the requirements for directivity 
should be stricter. Besides this, measuring in close distance of the source, the dodecahedral cannot be seen 
as a point source, but will be seen as multiple loudspeakers. A physical dilemma when making the sphere of 
a dodecahedron smaller the omnidirectionality of the higher frequencies improve, while the output for the 
lower frequencies drop and visa versa.  
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 4.2  Inverse horn point source 

To understand the principle of the reverse horn, the sound propagation in a horn is explained first. A horn is 
used for increasing the output of a driver. A driver has an internal source impedance and drives an external 
load impedance to the open air, open air has also an impedance which is quite low. If the impedance between 
the external load and the open is a mismatch sound will get reflected, which results in a loss of power. The 
larger the mismatch, the more sound will get reflected.  The problem is worse at low frequencies, where the 
size of the source will be small compared to the wavelengths. The horn is a design which enlarges the size of 
the opening of the source to have less reflections. [15] [16] 
 
The inverse horn point source has been proposed by several researchers, including Polack [17]. Sound which 
radiates through a small opening will act like a point source at the opening, this principle is applied in the 
inverse horn. The sound diffracts omnidirectional at the opening if the opening is small enough. 
Omnidirectional diffraction occurs when the wavelength is larger compared to the opening diameter. For this 
reason, low frequencies (large wavelength) show better omnidirectional directivity. On the other hand, the 
opening gets smaller with increasing frequency to have an omnidirectional sound, a smaller opening means 
more sound will be reflected. 
 
The inverse horn proved to constitute a solution for omnidirectional sound sources that comply with the ISO 
3382 standard but with a very irregular frequency response due to the resonances generated inside the 
inverted horn. The irregular frequency response can be flattened by an inverse filtering technique, this design 
is proposed by Cobo et al. Inverse filtering is an addition of a filter to obtain the original signal. Furthermore, 
the design proposed by Cobo et al. [18] is a bulky and heavy design, which makes it usable for ground 
impedance measurements, but can be difficult to handle for other applications. 
 

 4.2.1  Acoustical impedance 

Acoustic impedance Z is defined as the ratio of the sound pressure p at a boundary surface to the acoustic 
volume flow U through the surface. The acoustic impedance is the property of a geometry and the 
characteristic impedance is a property of a medium. So, the acoustic impedance can be calculated with 
equation 4.1. Where the acoustic pressure p is calculated with p+ is the amplitude of the wave incident and 
p- is the amplitude of the wave reflected at the intersection. [19] 
 

𝑍 =
𝑝

𝑈
=

𝑝

𝑣∙𝑆
   

𝑝 = �̂� ∙ 𝑒−𝑖𝜔𝑡   

�̂� = �̂�+𝑒−𝑖𝑘𝑥 + �̂�−𝑒−𝑖𝑘𝑥                        (4.1) 
 

The acoustic impedance is a complex number and exists of a resistive part (real part) and a reactive part 
(imaginary part) and the inverse 1/Z is called the admittance. The resistive part represents the energy transfer 
in an acoustical wave. And the resistive part is the acoustical resistance and is due to viscosity, which may be 
considered as friction between adjacent layers of air. When air travels through a tube, the velocity of the 
particles at the boundary are zero and a maximum at the centre of the tube, this causes friction between 
adjacent layers of air. Acoustic impedance also exists of an imaginary part, the reactive part, is associated 
with the reactions of forces of inertia (masses) or elasticity (compliance). [20] If a tube is small enough it also 
has inertance, this results in an increasing of the reactive component with increasing frequency. Therefore, 
at a higher frequency the acoustical impedance is higher. [21] 
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As mentioned before the larger the mismatch between the acoustical impedance and the impedance of air, 
more sound will get reflected. To obtain minimal reflectance the circumference of the opening should be 
bigger or equal to the wavelength, equation 4.2. Nevertheless, the opening should have a minimal radius to 
have omni directional diffraction. The wavelength should be equal or bigger than twice the radius, equation 
4.3. Combining these equations gives the maximum and minimum of the radius to obtain minimal reflectance 
and an omnidirectional point source. Besides, If the circumference of the mouth of the horn divided by the 
wavelength is less than about 0.5, the horn will resonate like a cylindrical tube. [22] 

 

2 ⋅ π ⋅ 𝑟 ≥ λ                       (4.2) 
 

λ ≥ 2 ⋅ 𝑟                      (4.3) 
 

λ

2
≥ 𝑟 ≥

λ

2⋅π
                       (4.4) 

 

 

 4.2.2  Standing waves 

When the gap between the impedance at the opening of the horn and the impedance of air is bigger more 
reflectance occurs. If reflectance occurs the power output drops, due to a part that is reflected and to the 
standing waves created by the reflected part. 
 
A standing wave is a wave that remains at a constant position. This occurs when two waves with the same 
frequency are travelling in opposite direction and interfering with each other. When they cancel each other 
out the amplitude of the wave drops. At which frequency standing waves occur can be calculated using 
equation 4.5. Standing waves causes drops in the output signal for certain frequencies, which influence the 
IR measurements. The standing waves can be reduced by not having the walls parallel to each other, for 
example creating a conical shape. 
 

 λ𝑛 =
4⋅𝐿

2⋅𝑛−1
                       (4.5) 

 
However, sound will no longer propagate along the tube without any change if the tube is converging. For 
cylindrical tubes, the surfaces of constant phase are planar (plane wave), while for conical tubes, the waves 
are spherical. If the width of a tube is changing slowly, a sound wave propagates without reflection. If the 
area of the tube is changing in a large ratio, most of the sound power is reflected. For a conical shape, the 
area of the tube is changing quadratic. Hence, the shorter the wavelength, it will reflect further out in the 
horn. 
 
To counter standing waves, Peutz is currently using Perfolin. 
Perfolin is a foil which passes through sound in one direction 
(from the driver) and absorbs the sound in the other direction 
(reflected waves). The horn shaped orifices in the face sheet, 
see figure 4.5. Perfolin is placed approximately 1 cm above the 
driver. However, the effect of Perfolin is studied in  11.3.5 Step 
5: Perfolin, and concludes there is no difference in sides when 
sound has a angle of incidence of 90.̊ 
 

 

 

  

Figure 4.5: Illustration of horn shaped 
orifices in the microporous face sheet of 
Perfolin [33] 
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 4.2.3  Distortion 

Another phenomenon which causes irregular frequency response and sound power drop is distortion, 
distortion arises due to high particle velocity. If the inverse horn is converging, the particle velocity will rise 
as well. A combination of the sound power generated by the driver and a rapidly converging horn causes 
distortion. Distortion caused by to high sound power, can easily be tested by lowering the sound power level 
and compare the frequency response and directivity. 
 
More distortion also occurs when increasing the length of the horn. Distortion occurs in the propagation of 
the waves itself, it is most noticeable in waves that expand slowly, as in horns, where distortion increases with 
the length propagated. 
 

 4.2.4  Cabinet 

It was observed that the loudspeaker system does not influence the horn resonances. However, the low 
frequency cut-off of the source and the width of the bandpass characteristics are controlled by the resonant 
frequency of the loudspeaker system. The smaller the cabinet volume (the higher the resonant frequency of 
the loudspeaker system) the wider and the smoother the bandpass frequency response. [23] 
 
Diffraction is defined as the bending of waves around the corners of an obstacle or aperture into the region 
of geometrical shadow of the obstacle, sharp edged creates geometrical shadow. For this reason, should the 
outer shape of the cabinet be smooth. 
 

 4.2.5  Different kind of horns 

The wave propagation is influenced by the shape of a horn.  This report discusses the 5 most common horn 
shapes. The pipe, conical, exponential, parabolic and hyperbolic horn. The formulas to calculate the mouth 
impedance of these types of horns can be found in the appendix 11.2 Formula sheet, acoustic impedance 
inverse horns. Parabolic and hyperbolic are the two extremes of these shapes, and exponential is a 
compromise between conical and hyperbolic. 
 

 

 

  

Figure 4.6: Plot of normalized throat impedances for finite parabolic (1), conical (2), exponential (3), and hyperbolic 
(4) horns using the equation according to 11.2 Formula sheet, acoustic impedance inverse horns for ZAM =Zs/SM, 
assuming termination in an infinite baffle. Real impedances STRAT/(ρ0c) are represented by solid curves and the 
imaginary impedances STXAT/(ρ0c) are represented by dashed curves. The value of α for the hyperbolic horn is 0.5. 
The cutoff frequencies of the parabolic, conical, exponential, and hyperbolic horns are 1182 Hz, 792 Hz, 337 Hz, and 
399 Hz respectively. [22] 
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A combination of these shapes is possible as well, for example a flared conical shape like figure 4.7.  In this 
case there is an impedance mismatch at the intersection, causing internal reflection. Equation 4.6 calculates 
the reflections at the intersection, the reflection coefficient is frequency depended and exists of a real and 
an imaginary part. The real part stands for the measure of reflections and the imaginary part stands for the 
phase shift. 
 

𝑅 =
𝑍2−𝑍1

𝑍2+𝑍1
                       (4.6) 

 

 4.2.6  Flares 

A previous study by S. Silverenberg [24], concluded an inverse horn with flares is the 
best possible solution. Figure 4.7 gives the dimensions of the inverse horn of S. 
Silverenberg, the inverse horn has interruptions of the shape. When an interruption 
in the shape of the horn occurs, there is an impedance shift, a change in impedance 
causes reflections inside the cone and a phase shift. If the dimensions are chosen 
right, it can result in positive results for the output of the cone. The impedance 
inside the cone can be calculated according to equation 4.7 and the reflection at this 
interruption with equation 4.8. When the impedance is equal there will be no 
reflections which would be preferred.  
 
 

𝑍 =
ρ⋅𝑐

𝑆
⋅

𝑗⋅ω

𝑗⋅ω−
𝑐

𝑙

        for conical part            

𝑍 =
ρ⋅𝑐

𝑆
    for straight part                      (4.7) 

 

𝑅 =
(𝑍2−𝑍1)

(𝑍2+𝑍1)
                            (4.8) 

 
 

 4.2.7  Cut-off frequency 

The cut-off frequency is the frequency where the second derivative of the acoustical impedance is zero. For 
frequencies lower than the cut-off frequency, no power will be transmitted down the horn, the impedance 
at all positions along the horn is purely reactive. Figure 4.6 shows the acoustical impedance for all different 
horns, with certain dimensions. The cut-off frequency can be calculated using equation 4.9, therefore you 
need the flare constant m calculated with equation 4.10. The length is an important factor in the calculation 
of the cut-off frequency, if the length of the inverse horn is decreasing, the cut-off frequency will be higher. 
 
 

𝑓𝑐 =
𝑚⋅π⋅𝑐

2
                       (4.9) 

 

𝑚 =
ln(

𝑆𝑀
𝑆𝑇

)

𝑙
                                           (4.10) 

 

 

 

 

 

Figure 4.7: Dimensions 
inverse horn in mm 
designed by S.Silverenberg 
(Graduate at Peutz). [24] 
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 4.2.8  Inverse horn dimensions 

As mentioned in the above theoretical explanation of the inverse horn, the shape is determined by the 
following demands; diffraction need to occur, especially at high frequencies this is an issue, and the mouth 
impedance should be as close to the impedance of air to prevent sound waves from reflecting. These factors 
determine the mouth radius. 
The throat radius is determined by the termination at the throat. If there is a mismatch between the driver 
and the horn, the reflected waves travelling from the mouth will be reflected when they reach the throat, 
producing standing waves in the horn. Another important factor is the throat to mouth ratio, if a throat is 
rapidly converging distortion occurs, so the throat to mouth ratio shouldn't be too high and of course not to 
low, otherwise you end up with a pipe. Peutz already has a design with a pipe, this is measured in  5.2.2 Pipe 
Sound Source. 
The cut-off frequency can be chosen, and this will determine the length of the horn. If you want the cut-off 
frequency as high as possible, the length of the horn needs to be as short as possible. Nevertheless, for an 
inverse horn it is the other way around. However, distortion occurs in the propagation of the waves itself if 
the horn gets too long. So, there will be a maximum length for the horn where it performs at its optimum. 
 
 

 4.2.9  Inverse Horn by Peutz 

Peutz is currently using a self-designed inverse horn. This inverse horn is discussed and measured in 5.2 

Validation. Based on this design, a new model, was proposed by S. Silverenberg in commission of Peutz, in 

2014. Still, the results do not comply with the requirements set in  3.2 New requirements. [24] 
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 4.3  An active point source loudspeaker 

The biggest issue of an omnidirectional sound source is the failure to reproduce the entire range of 
frequencies from the lowest to the highest frequency of approximately 35 Hz up to 15 kHz, with substantial 
output and omnidirectional radiation. A possible solution for this problem is to divide the frequency by using 
multiple loudspeakers, to create an omnidirectional point source with substantial output. 
 

 4.3.1  Three-way loudspeaker 

Dividing the frequency range and to use a multi-way loudspeaker concept resulted in a three-way design. 
According to G. Behler it is considered suitable, with respect to power handling and overall performance. The 
three-way design consists of a bass cabinet, mid-frequency unit (dodecahedral) and a high-frequency unit 
(dodecahedral). For the high-frequency unit to be omnidirectional, the size of the sphere is reduced to a 
diameter of 90 mm, by using silk dome tweeters with Neodymium centre magnets. 
 
The side-by-side arrangement is not suitable, as it causes a frequency dependent shift of the source position. 
To avoid the frequency dependent shift of the source position, the sources have been placed coincident for 
the mid- and high frequency range. For this reason, the high- and mid-frequency dodecahedron should be 
interchangeable at the same centre position. Therefore, the supporting rod is as long as required to maintain 
coincident placement with the mid unit when replacing it on the top of the subwoofer. In this way, the most 
orderly way of operation requires a two-step measurement for the entire frequency range. The subwoofer is 
in both measured RIR’s (room impulse responses), one with the mid dodecahedron on top, the second with 
the high dodecahedron on top. The two RIR’s are combined to give a full range of RIR. [25] 
 

The high- and mid-frequency dodecahedron are interchangeable at the same centre position, this process 
takes less than 5 minutes. So, all measurements needs to be done twice and the change between the high- 
and mid-frequency dodecahedron results in a longer measurement time.  
 

 4.3.2  Results 

Figure 4.9 shows the individual frequency response and sensitivity of the three systems. The crossover 
frequencies are based on the individual performance and to measurement requirements. Combining the 
three units, and applying a FIR-filter equalization gives a flat frequency response. According to the 
measurements of G. Behler, figure 4.9, the three-way source shows a good omnidirectional sound and sound 
power up to 10 kHz. [25] 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4.8: ITA measuring loudspeaker - set up in the orderly way with coincident placement for mid- and 
high frequency unit (left two pictures) and as a wide-band source for replay of any kind of test signals or 
music on site (right hand picture).  [25] 
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 4.3.3  Conclusion 

The active point source, a three-way sound source, shows good directivity and sound power level in the 
frequency range it fulfils the requirements according the ISO-3382-1 and the requirements set in 3.2 New 
requirements. 

  

Figure 4.9: individual frequency response and sensitivity of the three systems recorded for 1 V and 2 m 
distance (top) and deviation from the omnidirectional radiation as defined in ISO 3382-1. [25] 
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 4.4  A monopole omnidirectional source, Ring Radiator 

Q-sources is a company specialised in noise and vibration excitation solution and rooted in Belgium. Q-sources 
created a line of different point sources, just as the Qohm2. The Qohm2 is a monopole omni-directional 
source and claimed to be omnidirectional and having a maximum sound power level of 108 dB. 
 

 4.4.1  Theory 

The Qohm2 is an omnidirectional loudspeaker based 
on the ring-radiator principle, figure 4.10. [26] Two 
separated sources are arranged face-to-face within a 
small distance from each other. Both sources are 
radiating in phase, so the sound power will increase. 
The sound will get radiated from the ring-like area 
around the enclosed cavity. The width of the ring is 
small compared to the wavelength, hence the radiation 
principle from a small pipe opening. The gap size is like 
a pipe opening, a smaller opening improves the 
uniformity at higher frequencies but worsens the sound 
power output at lower frequencies. Compared to the 
small pipe principle the radiation area is much larger, 
resulting in a higher sound power. Also, the larger radiation area causes less internal reflection which results 
in a less irregular frequency response. However, figure 4.11 shows a frequency response which is still irregular. 
The shape of the cabinets reduces unwanted diffraction, for this reason a smooth shaped cabinet is used. The 
limited size of the drivers limits the sound power, especially for low frequency range. [26] 
 

 4.4.2  Results 

Kruse, R., Häußler, A., & van de Par, S. have researched the quality of a ring radiator. The shape of the sound 
source gives the largest weaknesses at a directivity of 90 degrees. In table 4.1 the difference in directivity at 
90 degrees for different gaps between the drivers and cabinet shapes have been measured. The length of the 
cabinet is 2 times the length of the driver’s diameter. In this case the cabinet length is 10 cm, while the results 
have been measured for a 5 cm driver. Nonetheless, using a 7.5 cm driver hardly influences the directivity, 
while as for larger drivers the directivity gets worse at higher frequencies. When the gap is 20 mm, the 
maximum sound power for pink noise for a 5 cm driver is 100 dB, while as for a 7.5 cm driver the maximum 
sound power is equal to 106 dB for pink noise. [26] 
 
As can be seen in table 4.1, the 40 mm gap shows the best directivity for a frequency range to 4 kHz, for the 
directivity at the higher frequency range a 20 mm gap performs the best, but still a large difference. The 
length of the cabinet shows better directivity over the complete frequency range, when the cabinet is longer. 
Finally, the shape of the cabinet shows better directivity when there is a smooth conical enclosure. [26] 
 

Table 4.1: Influence of the gap size, cabinet length and shape on the directivity of the source, as expressed as 

the maximum difference in sound pressure level in the [-90°;90°] range. [26] 

Gap size Cabinet  Difference in [-90°;90°] Range  

 length/shape 1 kHz 2 kHz 4 kHz 8 kHz 

20 mm 10 cm 2.1 3.5 5.6 6.5 
10 mm 10 cm 2.2 3.7 6.3 8.7 
40 mm 10 cm 1.9 2.7 3.6 8.4 
20 mm 5 cm 2.2 4.2 6.2 7.2 
20 mm 20 cm 1.6 3.3 5.2 5.8 
20 mm Cylinder/cone 2.3 3.6 5.8 7.1 

Figure 4.10: Loudspeaker based on a ring-radiator  
principle. [26] 
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 4.4.3  Conclusion 

The ring radiator is a promising design, it shows good to excellent uniformity of the sound pressure. A 
compromise between uniform directivity, frequency response and sound power needs to be found for this 
concept, by adjusting the dimensions. An example of a source equipped with 7.5 cm drivers in front of each 
other appeared to be a good compromise between uniform directivity, frequency response and sound power 
and has a useable frequency range of 150 Hz–10 kHz with a maximum pink noise power of 106 dB Lw. Still, 
the design has an inherent weakness, the limited size of the drivers, thus limited sound power, esp. in the low 
frequency range. Figure 4.11 shows the limited sound power for low frequencies. 
 
 

 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4.11: Frequency response of the source in figure 4.10 with two 7.5 cm drivers and a 20mm gap. The 
on-axis and off-axis are measures as a function of elevation angle, where an elevation angle of 0 (‘‘on-axis 
condition’’) corresponds measuring perpendicular to the symmetry axis and an elevation angle of 90 (‘‘off-
axis condition’’) with a measurement at the tip of the cabinet. [26] 
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 4.5  Membrane vibration 

A new alternative will be proposed in this report. Like most drivers, the new alternative is based on electro 
acoustics. Electro acoustics is the principle of electrical energy which is converted in acoustic energy. Electrical 
quantities give rise to forces that in turn set up air vibrations. These forces cause a membrane to vibrate, the 
vibrating membrane produces sound waves in the surrounding air. [27] If a membrane has the shape of a 
sphere and vibrates sound into the air, the sound will possibly be omnidirectional directed into the air. 
Perhaps two possibilities to execute this theory will be discussed in this report. 
 
First, a vibrating membrane produces sound waves in the surrounding air. So, if the membrane as a spherical 
shape and is vibrated sound waves are produced in the surrounding air. In this case, the membrane is some 
type of balloon and is vibrated by changing the inside air volume rapidly. 
 
Second, the use of a vibration transducer on a spherical shape. Vibration transducers are commercially used 
as loudspeakers, the vibration transducer is placed on any surface and this surface will emit the sound. This 
report will investigate the possibilities, when a vibration transducer is placed on a curved surface and several 
curved surface are combined into a spherical shape.  
 

 4.5.1  Pulsating Sphere 

In 2.2 How does a speaker work?, it is explained how sound is generated from an electric energy into 
mechanical energy and final acoustic energy. The switch from mechanical energy into acoustic energy is 
important for this concept. A driver is vibrating in a certain phase and is pumping sound waves into the 
surrounding air. Therefore, if a spherical shape is vibrating, it is pumping air in all directions and so sound will 
emit omni-directional. 
 
The basic formula for piston excursion is given in equation 4.11 and 4.12. Several parameters are necessary 
to know for example the diameter of the piston. The diameter of the piston determines the resolution of 
calculation, the smaller the diameter the more omnidirectional the sound will be. However, the smaller the 
diameter the higher the extrusion will be.  
 

𝑆𝑃𝐿 = 112 + 10 ⋅ log(4 ⋅ 𝑝𝑖3 ⋅
𝑅𝑜

𝑐
∗ 𝑉𝑑2 ⋅ 𝑓4) in dB                      (4.11) 

𝑉𝑑 = (0.83 ⋅ 𝑑)2 ⋅
𝑝𝑖

4
⋅ 𝑋𝑚𝑎𝑥                                    (4.12) 

 
We can rewrite equations 4.11 and 4.12 into equation 4.13. The maximum extrusion is determined by the 
preferred sound pressure level according to 2.1.3 Comparison ,the optimal signal-to-noise ratio for MLS is 
equal to 60.5 dB.  Furthermore, we know the frequency range of interest and the sound pressure level should 
be 60.5 dB at 1 meter distance. This gives the maximum extrusion in figure 4.12.  
 

𝑋𝑚𝑎𝑥 =
10

𝑆𝑃𝐿−112
10 ⋅𝑐

4⋅𝑝𝑖3⋅𝑅𝑜⋅𝑓4

(0.83⋅𝑑)2⋅
𝑝𝑖

4

                                    (4.13) 

 
Figure 4.12. is showing high numbers of maximum extrusion for the lower frequencies, this means the 
material of the pulsating sphere must be highly elastic. The new alternative of a pulsating membrane looks 
to be unachievable and therefore will not be discussed any further in this report. 
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Figure 4.12: Maximum excursion to generate a sound power level of 60.5 dB, using equation 4.13.  

 

 4.5.2  Vibration transducer - Buttkicker® 

A vibration transducer, manufactured by Buttkicker®, is similar to a driver, explained in 2.2 How does a speaker 
work?, except there is no diaphragm. Placing a vibration transducer on a solid surface positions the plate so 
that it will vibrate against that surface. As current alternates in the coil, it moves up and down, so the plate 
pushes against the surface, transferring the energy to the surface and turning it into a loudspeaker. Because 
vibration speakers convert electrical energy into mechanical energy, they are also known as transducers. A 
transducer is a device that can convert one form of energy into another. 
 
The solid surface will vibrate with the transducer, displacing air molecules around it, just as with loudspeakers. 
Some materials reverberate better than others, in general, manufactures of vibration transducers advice 
placement on glass and wood. 
 
For placing a vibration transducer speaker on an enclosed spherical shape, according to the equations it still 
needs to have the large excursion to emit a sound of 60.5 dB. If several vibration transducer speakers are 
placed on different plates, and those plates are combined to spherical shape, it still has the directivity like a 
dodecahedral. Besides this, the frequency range of a vibration transducer speaker is not matching the 
requirements of in  3.2 New requirements. Due to a shortage of time, the directivity of a vibration transducer 
speaker placed on a curved surface is not tested. Therefore, this conclusion is not scientifically supported. 
 

 4.5.3  Conclusion 

Theoretically this is the basic of an omnidirectional source. However, it is practically not possible to design a 

pulsating membrane. Because it is not possible to control the phase from the centre of a sphere, a point. 

When being able to pulsate something from a point, a membrane is not necessary any more. 

 

 5  Modelling 
The above theory, different types of omnidirectional sources, are modelled in COMSOL and compared in this 
sector of the report. An active point source loudspeaker is modified to a one step measurement as discussed 
in  4.3 An active point source loudspeaker. 
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 5.1  COMSOL® 

COMSOL is an interactive environment for modelling and simulating scientific and engineering problems. 
COMSOL has several modules, this report will make use of the acoustic module. Products and designs 
involving acoustic phenomena can be modelled to study and to predict. The Acoustics Module provides tools 
for modelling acoustics and vibrations, acoustics can be coupled with other physical effects, for example 
structural mechanics. The COMSOL software contains Multiphysics couplings to evaluate the performance of 
a product or design in an environment that is as close as possible to the real world. Before using COMSOL as 
a comparison to the real world, it needs to be understood and validated. In the following part the way 
COMSOL simulates is explained, a more extensive explanation is given in  11.9 COMSOL®. [1] 
 

 5.1.1  Basics of Acoustics - COMSOL 

Sound is the sensation of very small rapid changes in the acoustic pressure p above and below a static value 
p0. This static value is the atmospheric pressure (about 100,000 pascals). The acoustic pressure variations are 

typically described as pressure waves propagating in space and time. 
 
The frequency (f) is the number of vibrations perceived per second and the wavelength (λ) is the distance of 
one vibration. The speed of sound ©, the angular frequency (ω), the wave number (k), and the dispersion 
relation (relation between the angular frequency and the wave number in simple fluids) are defined in 
equation 5.1-5.4. The wave number is the number of waves over a specific distance. 
c=λ·f             (5.1) 
ω=2·π·f             (5.2) 
k=2·π/λ             (5.3) 
ω/k=c             (5.4) 
 
The equations that describe the propagation of sound in fluids are derived from the governing equations of 
fluid flow. That is, conservation of mass, which is described by the continuity equation; the conservation of 
momentum, that is often referred to as the Navier-Stokes equation; an energy conservation equation; the 
model constitutive equations; and an equation of state to describe the relation between thermodynamic 
variables. In the classical case of pressure acoustics, the flow is assumed lossless and adiabatic, viscous effects 
are neglected, and a linearized isentropic (adiabatic and reversible) equation of state is used. [1] 
 
Under these assumptions, the acoustic field is described by one variable, the pressure p, and is governed by 
the wave equation, equation 5.5. 

1

ρ0⋅𝑐2 ⋅
𝜕2𝑝

𝜕𝑡2 + 𝛻 ⋅ (−
1

ρ0
⋅ (𝛻𝑝 − 𝑞)) = 𝑄        (5.5) 

where t is time in seconds, ρ0 is the density of the fluid in kg/m3, and q in N/m3 and Q in 1/s2 are possible 

acoustic dipole and monopole source terms. 
 
Acoustic problems often involve simple harmonic waves such as sinusoidal waves. More generally, any signal 
may be expanded into harmonic components via its Fourier series. The wave equation can then be solved in 
the frequency domain for one frequency at a time. A harmonic solution has the form of equation 5.6. 

𝑝(𝑥, 𝑡) = 𝑝(𝑥) ⋅ 𝑒(𝑖ω𝑡)          (5.6) 
 
where the actual physical value of the pressure is the real part. Using this assumption for the pressure field, 
the time-dependent wave equation reduces to the well-known Helmholtz equation 

𝛻 ⋅ (−
1

ρ0
⋅ (𝛻𝑝 − 𝑞)) −

ω2

ρ0⋅𝑐2 ⋅ 𝑝 = 𝑄         (5.7) 

 
In the homogeneous case where the two source terms q and Q are zero, one simple solution to the Helmholtz 
equation 5.7 is the plane wave, as equation 5.8. 

𝑝 = 𝑃0 ⋅ 𝑒𝑖(ω𝑡−𝑘⋅𝑥)           (5.8) 
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where P

0
 is the incident pressure amplitude (wave amplitude), and it is moving in the k direction (longitudinal 

wave) with angular frequency ω and wave number k=|k|. 
 

 5.1.2  Pressure Acoustics, frequency domain – COMSOL 

This physics interface in COMSOL, is used to compute the pressure variation for propagation of acoustic waves 
in fluids at quiescent background conditions. It is suited for all frequency-domain simulations with harmonic 
variations of the pressure field. 
 
The physics interface solves the Helmholtz equation in the frequency domain for given frequencies. The 
sound pressure p, which is solved for in pressure acoustics, represents the acoustic variations to the absolute 
pressure (in this case  of the absence of flow). The equations hence contain the information about the 
background pressure, in this case it is a user defined plane wave. 
 
The model is axisymmetric, so the geometrical dimensions of the acoustic problems are reduced from 3D to 
2D. For a 2D axisymmetric case it is possible to specify an out-of-plane wave number kz and a circumferential 

wave number m, when applicable. kz is a component of the propagation direction in the z direction. The out-
of-plane wave number is appropriate to use when there is a known out-of-plane propagation constant or 
known number of azimuthal modes. Azimuthal modes are standing waves in the rotating direction. The 
default Circumferential wave number m (dimensionless) is 0. The default Out-of-plane wave number kz (SI 
unit: rad/m) is 0 rad/m. 
 
The Non-reflecting boundary condition approximation is of Second order. First order and Second order are 
formulated as hierarchies of conditions of increasing accuracy. Often increasing accuracy is synonymous with 
introduction of high-order derivatives on the boundary. [29] 
 

 5.1.3  Length and Time Scales and Boundary Conditions- COMSOL 

When solving the Helmholtz equation in COMSOL in the frequency domain, only one time scale T is used, it 
is set by the frequency, T = 1/f. So, when solving the Helmholtz equation only one vibration is simulated. In 
order to get an accurate solution, the mesh should be fine enough to both resolve the geometric features 
and the wavelength. As a rule of thumb, the maximal mesh size should be less than or equal to λ/8. A mesh 
can be seen as accurate if a finer mesh gives close to the same solution.  
 
The omnidirectionality of a sound source is measured at 1 meter of the acoustical centre in free field, free 
field means there are no reflections. Therefore, the boundaries in the models of this report are modelled as 
a perfectly matched layer, a boundary where no sound is reflected. The length of such a perfectly matched 
layer should be long enough so no reflection occurs. In this case, a length of 1 meter is taken. The perfectly 
matched layer is placed at 0.2 meter of the line of measurement. 
 
For this model, a linear elastic fluid model is used. Meaning, when the material parameters are real values 
this corresponds to a lossless compressible fluid. For each of the following, the default values (when 
applicable) are taken from material information. The initial values for the Pressure p (SI unit: Pa) and the 
Pressure, first time derivative, ∂p/∂t (SI unit: Pa/s) are 0 Pa and 0 Pa/s, respectively. 

 5.1.4  Thermoacoustic - COMSOL 

Geometries with small dimensions, it is necessary to include thermal conduction effects and viscous losses 
explicitly in the governing equations. Near walls, viscosity and thermal conduction become important 
because the acoustic field creates a viscous and a thermal boundary layer where losses are significant. A way 
to introduce losses in the governing equations is to use the equivalent fluid models available in the pressure 
acoustics physics interfaces. In a homogenized way, this introduces attenuation properties to the bulk fluid 
that mimic different loss mechanism. This contrasts with the thermoacoustic physics interfaces that model 
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losses explicitly where they happen, that is, in the acoustic boundary layer near walls. The fluid models 
include losses due to bulk thermal conduction and viscosity (in the main Pressure Acoustics domain feature). 
 

 5.2  Validation 

To draw conclusions and make decisions based on COMSOL models, COMSOL needs to be validated. Therefore, 
a currently used sound source used by Peutz is measured, modelled and compared. Two types of sound 
sources are measured and modelled. Firstly, a metal pipe attached to a horn driver type PASO UT-60, as can 
be seen in figure 5.1a. Further in this report mentioned as pipe sound source. The second sound source is a 
conical tube, build out of resin and Idikell (like bitumen), attached to a passive driver of type Meyer Sound 
MM-4, figure 5.1b. Further mentioned in this report as conical sound source. 

 

 

 

 

 
Figure 5.1: Measured already existing sound sources and its dimensions in mm, A: pipe attached to 
compression driver (PASO UT-60). B: conical tube attached to a driver (Meyer Sound MM-4), with Perfolin 
placed in between. 

A B 
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 5.2.1  Measurement Setup 

For the measurements the following measurement setup is used, the reason for this measurement is reported 
in 11.3 Measurement Setup, a short explanation is given in table 5.1. The acoustic centre of a sound source is 
placed at the centre of a turntable. At a fixed 1 meter distance of the acoustical centre of the sound source a 
½ inch microphone is placed. On the turn table a second ½ inch microphone is placed on a fixed position to 
the sound source (to measure the compression loss of the driver). The microphones are connected 2 channels 
to a Bruel & Kjaer 2270 sound level meter. The microphones are calibrated using a Brüel & Kjær sound 
calibrator type 4231, a calibration pressure of 94 dB with an accuracy of ±0,2 dB at 1 kHz. The turn table is 
rotated per 5° up to 360° and measured. For the measurement a pink noise is generated for the full frequency 
range (octave band 63 Hz up to 8 kHz) and for the one third octave bands from 1 kHz up to 5 kHz. Figure 5.2 
gives an overview of the measurement setup. The conical sound source is measured in two configurations, 
one with a box build around the driver to absorb the emitted sound by the driver itself and one configuration 
without the box. The values of the frequencies below 500 Hz are not trustworthy, because the measurement 
is conducted in a semi- anechoic room for frequencies above 500 Hz. The semi-anechoic room is modified, 
and absorption materials are placed on the reflective surface to make the semi-anechoic room an anechoic 
room for frequencies above 500 Hz. 
 
 
Table 5.1: Different measurements conducted to find the most suiting measurement. 
 

Measurement Description Result 

Speaker Impedance The impedance difference is 
measured with and without an 
inverse horn attached. 

The impedance stays quite similar 

Influence of the shape of the 
inverse horn  

The effect of the shape of the 
inverse horn is tested.  

It shows agreement with the simulated 
results if only the shape is taken into 
account.  

Speaker sound emission  The inverse horn is placed upside 
down in an absorbing box, so only 
the emitted sound by the speaker 
or at the junction of speaker and 
inverse horn is taken into account.  

For some of the frequencies the 
difference in output is less than 10 dB.  

Directivity inverse horn without 
speakers sound emission from 
the back 

To check the influence on the 
directivity of the speaker emission 
a absorbing box is placed around 
the speaker.  

The difference in output is high enough, 
so the speaker doesn’t influence the 
directivity of the speaker. 

Perfolin The effect of Perfolin is measured 
in the output and directivity and in 
an impedance tube. 

There is a difference in output and 
directivity but is not positively. The 
impedance tube shows no difference.  

1/3th octave band The influence of octaves band on 
each other is checked by 
generating the octave bands 
separately throughout the sound 
source.  

It is slightly more in agreement with the 
simulated results.  

Compression loss A second and fixed microphone is 
used as reference value to take 
compression loss into account 

There is influence of the compression 
loss and it shows acceptable agreement 
with the simulated results.  

New conus A similar inverse horn is measured 
to compare the results of both 
inverse horn to see if there are 
some errors.  

The measured results show acceptable 
agreement with the simulated results. 
Therefore, this measurement setup could 
be used.   
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When the measurement is conducted, the data is post processed using the software Spectralizer and 
Calculator the Leq is obtained. The information is exported to MATLAB, the MATLAB script is processing all 
the data into graphs and tables combined with the COMSOL data. The MATLAB script can be seen in 11.4  Post 
processing MATLAB script. 

Figure 5.2: Measurement setup in semi-anechoic room.  

 
COMSOL software enables you to evaluate 
the performance as close as possible to the 
real world. The measured sound sources are 
modelled in COMSOL according to 11.5 How 
to build the COMSOL model and exported 
and post processed in MATLAB. Figure 5.3 
shows the frequency response for the horn 
driver and the driver used in the conical 
sound source, however the frequency 
response of the MM-4 is according to the 
manufacturer and is an active speaker as can 
be seen to the flat frequency response. 
However, the one used for measurement is 
an passive speaker. For the input of COMSOL 
a straight line is used, mentioned if 
otherwise.      

  

Figure 5.3: Frequency response of the compression driver 
PASO UT-60 (red), Meyer Sound MM-4 driver (blue). 

 

ref 
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 5.2.2  Pipe Sound Source 

Figure 5.4 confirms that COMSOL could be used to evaluate the performance as close as possible to the real 
world. The above two polar peaks show the similarity between measurement and simulation. However, there 
are some peaks at the back of the sound source. Nonetheless, this area is of non interest as mentioned in  3.2 
New requirements. The average sound power level is following perfectly the line of the simulation. However, 
the input is different (right bottom graph), but is having the same shape for frequencies above 500 Hz it is 
only an absolute difference which could be adjusted for this study. 
 
 

  

 

 

 

 

Figure 5.4: Pipe sound source (figure 5.1 A), measurement vs COMSOL. The measurement is conducted 
according to  5.2.1 Measurement Setup. Two polar plots showing the SPL in dB for every 5 degree, at 
frequency 1000 Hz (left) and 4000 Hz (right). The graphs shows the average sound power level, the maximum 
deviation from the average SPL, and the input in COMSOL vs the frequency response of the driver. 
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 5.2.3  Conical Sound Source – configuration 1 

The first configuration is the sound source without an absorbing box build around the driver. Figure 5.5. shows 
the results and as can be seen are the results not matching. Therefore, a second configuration is tested. To 
exclude the emitted sound from the driver and the sound which is radiated by the conus, the half of the conus 
and its driver is placed in a large box with absorbing materials. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5.5: Conical sound source configuration 1, measurement vs COMSOL. The measurement is conducted 

according to  5.2.1 Measurement Setup. Two polar plots showing the SPL in dB for every 5 degree, at 

frequency 1000 Hz (left) and 4000 Hz (right). The graphs shows the average sound power level, the maximum 

deviation from the average SPL. 
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 5.2.4  Conical Sound Source - configuration 2 

Figure 5.6 confirms that COMSOL could be used to evaluate the performance as close as possible to the real 
world for the configuration with an absorbing box around the driver. The above two polar peaks show a lot 
of similarity between measurement and simulation. The average sound power level generated by COMSOL 
and the measurement differ quite a lot, because the input in COMSOL is a straight line and not matching the 
frequency response of the driver, according to figure 5.3.  

 

  

 

 

 

 

 

 

 

 

 

Figure 5.6: Conical sound source configuration 2, measurement vs COMSOL. The measurement is conducted 

according to  5.2.1 Measurement Setup. Two polar plots showing the SPL in dB for every 5 degree, at 

frequency 1000 Hz (left) and 4000 Hz (right). The graphs shows the average sound power level, the maximum 

deviation from the average SPL. 
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 5.3  Inverse Horn - Shapes 

The inverse horn has almost infinite possibilities in design. In 4.2 source the most important design 
possibilities are discussed and are modelled in this part. For four different shaped inverse horns the mouth 
diameter, throat diameter and length are changed. COMSOL could run a parametric sweep in which all 
combinations are calculated. The results are post processed in MATLAB and the inverse horn performing best 
on sound power level and omnidirectional are shown. A parametric study is done for a low frequency (125 
Hz) to mainly see the influence on output and for a higher frequency (1000 Hz) to see the influence on the 
omnidirectionality. In the next part if the shapes show the same effect, only one shape is discussed in the 
report. All the other shapes are discussed in 11.7 Shape study. When one dimension is changing, the other 
two have fixed dimensions according to table 5.2. 
 
Table 5.2: The dimensions of the parameters which are fixed if one of the parameters is changing for the 
four different shaped inverse horns (conical, exponential, parabolic and hyperbolic).  

Parameter Dimension 

Length inverse horn 0,5 m 
Mouth diameter 0,010 m 
Throat diameter 0,100 m 

 

 5.3.1  Influence Length 

The length is changing from 0.1 m up to 0.7 m, the results are shown in figure 5.7. Regarding the SPL for a 
shorter horn the SPL becomes higher and flatter. How flat and high it becomes is different for all the shapes. 
Regarding the omnidirectionality it is getting more omnidirectional up to 0.5 meter and then it gets worse 
again. This is probably due to distortion,  4.2.3 Distortion, distortion occurs in the propagation of the waves 
itself. So, if the horn gets to long more distortion will occur influencing the omnidirectionality of the inverse 
horn. 
 

 

 

Figure 5.7: Different lengths of a conical shaped inverse horn. A parametric study has been conducted in COMSOL for 

the frequencies of 125 Hz and 1000 Hz, COMSOL input is a plane wave of 1 Pa(≈94 dB). The mouth diameter (0.010 m) 

and the throat diameter (0.100 m) are fixed, while the length of the inverse horn is changing from 0.1 m up to 0.7 m 

with steps of 0.1 m.  
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 5.3.2  Influence Throat 

The throat diameter is changing in 3 dimensions, 0,05m, 0,075 m and 0,10 m which are the most common 
dimensions for drivers and compression drivers. Figure 5.8 and 5.9 show both if the throat is enlarged, the 
SPL rises but the omnidirectionality gets worse. Which is quite logical, a larger throat means more input. 
Regarding the omnidirectionality, as mentioned in 4.2.8 Inverse horn dimensions, another important factor is 
the throat to mouth ratio, if a throat is rapidly converging distortion occurs, causing a worse omnidirectionality. 
However, there is a difference in the size of the effect, between the shapes. For example, the hyperbolic shape 
shows smaller effects compared to the parabolic shape. Because the hyperbolic shape, due to its shape is 
converging quicker at the bottom and therefore reflecting more at the throat. A larger throat is therefore of 
less influence. 
 
 

 
Figure 5.8: Different throat diameters of a hyperbolic shaped inverse horn. A parametric study has been conducted in 

COMSOL for the frequencies of 125 Hz and 1000 Hz, COMSOL input is a plane wave of 1 Pa(≈94 dB).  The mouth diameter 

(0.010 m) and the length (0.5 m) are fixed, while the throat diameter of the inverse horn is changing from 0.050 m up to 
0.100 m with steps of 0.025 m. 
 
 
 

 
Figure 5.9: Different throat diameters of a parabolic shaped inverse horn. A parametric study has been conducted in 

COMSOL for the frequencies of 125 Hz and 1000 Hz, COMSOL input is a plane wave of 1 Pa(≈94 dB). The mouth diameter 

(0.010 m) and the length (0.5 m) are fixed, while the throat diameter of the inverse horn is changing from 0.050 m up to 
0.100 m with steps of 0.025 m. 
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 5.3.3  Influence Mouth 

The mouth diameter is changing from 0.008 m up to 0.020 m with steps of 0.002 m. As mentioned in 4.2.1 
Acoustical impedance a larger opening causes less reflections, resulting in a higher SPL. While a smaller 
opening is improving omnidirectional diffraction. Which could be seen in figure 5.10. 

 

 

 

 

 5.3.4  Optimal solution 

As mentioned before a parametric sweep is conducted in COMSOL. Table 5.3 shows the chosen dimensions 
for the different parts of the inverse horn. The study is focused on the sound power output for the lower 
frequencies (125 Hz) and omnidirectionality at (1000 Hz). The results are post-processed in MATLAB, and the 
most optimal solutions based on sound power level and omnidirectionality for all shapes are calculated, the 
dimensions which exceed the requirements set in  3.2 New requirements are excluded from the data. Table 
5.4 and 5.5 show the results of this study, more sound power output is related to a short horn, a large throat 
and a large mouth opening. For omnidirectionality this is vice versa. However, the length of 0.7m is worse 
than 0.6m regarding omnidirectionality, so there is a limit of length. For a hyperbolic shape this length is 
reached at 0,3m. This is probably due to distortion it occurs when the length of the horn is too long. Distortion 
occurs in the propagation of the waves itself, where distortion increases with the length propagated. 
 
 
Table 5.3: The dimensions of the parameters of the parametric study for all four of the shapes (conical, 
exponential, parabolic and hyperbolic). 

Inverse horn part Dimensions in m. Range (first step : step size : end step) 

Length Horn Range (0,10 : 0,10 : 0,70) 
Mouth Diameter Range (0,008 : 0,002 : 0,020) 
Throat Diameter Range (0,050 : 0,025 : 0,100) 

 
 
 
 

Figure 5.10: Different mouth diameters of a parabolic shaped inverse horn. A parametric study has been 
conducted in COMSOL for the frequencies of 125 Hz and 1000 Hz, COMSOL input is a plane wave of 1 

Pa(≈94 dB). The throat diameter (0.100 m) and the length (0.5 m) are fixed, while the mouth diameter of 
the inverse horn is changing from 0.008 m up to 0.020 m with steps of 0.002 m. 
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Table 5.4: For all the four different shaped inverse horns (conical, exponential, parabolic and hyperbolic) the 
dimensions (within the parametric study range, table 5.3) are given for the highest Sound Pressure Level at 
125 Hz. 

Dimension Conical Exponential Parabolic Hyperbolic 

Length Horn [m] 0,1 0,1 0,6 0,2 
Mouth Diameter [m] 0,02 0,02 0,02 0,02 
Throat Diameter[m] 0,075 0,075 0,075 0,100 

 
 
Table 5.5: For all the four different shaped inverse horns (conical, exponential, parabolic and hyperbolic) the 
dimensions (within the parametric study range, table 5.3) are given for the lowest deviation at 1000 Hz. 

Dimension Conical Exponential Parabolic Hyperbolic 

Length Horn [m] 0,6 0,6 0,6 0,3 
Mouth Diameter [m] 0,008 0,008 0,008 0,008 
Throat Diameter [m] 0,050 0,050 0,050 0,050 

 
 
Table 5.4 and 5.5 are both extremes, to compromise both aspects. The output at the lowest frequency is 
divided by the deviation of the highest frequency, and a compromise between both values is calculated. 
These values are shown in table 5.5. The results of these dimensions are shown in figure 5.11. 
 
 
Table 5.5: For all the four different shaped inverse horns (conical, exponential, parabolic and hyperbolic) the 
dimensions (within the parametric study range, table 5.3) are given for the highest value when deviating the 
Sound Pressure Level at 125 Hz by the deviation at 1000 Hz. 

 Conical Exponential Parabolic Hyperbolic 

Length Horn [m] 0,2 0,2 0,6 0,2 
Mouth Diameter [m] 0,012 0,012 0,008 0,014 
Throat Diameter [m] 0,050 0,050 0,050 0,050 

 
 

 
 

Figure 5.11: Full frequency response of the inverse horns according to the dimensions of table 5.5. The 
average SPL is calculated at 1 meter distance and averaged over 360 degrees in COMSOL. The maximum 
deviation is calculated at 1 meter distance in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 dB).   
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 5.4  Inverse Horn - Hybrid 

A previous study by S. Silverenberg [24], concluded a hybrid inverse horn is the best possible solution. When 
an interruption in the shape of the cone occurs, there is an impedance shift. A change in impedance causes 
reflections inside the cone and a phase shift, if the dimensions are chosen right it can result in positive results 
for the output and omnidirectionality of the inverse horn. The impedance inside the horn can be calculated 
according to equation 4.7 and the reflection at this interruption with equation 4.8. 

 5.4.1  Amount of interruptions 

An infinite amount of shape changes could be modelled and compared. However, due to time limitations a 

comparison is made for 3, 4 and 5 shape changes. Resulting in figure 5.12.  Figure 5.12 clearly shows the most 

potential for an inverse horn with 3 shape changes, the output for lower frequencies is promising and the 

deviation is low.  

Figure 5.12: Effect of different amount of interruptions inside a horn.  
 

 
Figure 5.13 shows the adjustable dimensions for the hybrid horn, 
existing of 3 shapes. Another parametric study is conducted by 
changing the length, first shape, first length, second shape, 
second length, width, mouth radius and throat radius. The width 
is calculated based on the width factor, and the throat and mouth 
radius. 
Table 5.6 gives the dimensions of the parametric study. Due to 
limited memory of 1 TB, this could only be the smallest step size 
to run the parametric sweep for 125 Hz and 1000 Hz. The first and 
second shape could be hyperbolic or parabolic, due to the 
promising results regarding SPL or omnidirectionality in the 
previous part. 
 
 
 
 
 
 
         
 
        

Figure 5.13: Shape and dimensions of 
the inverse horn with 3 interruptions.  
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Table 5.6: The dimensions of the parameters of the parametric study for the inverse horn with 3 
interruptions. 

Inverse horn part Dimensions in m. Range (first step : step size : end step) 

Length Horn Range (0,20 : 0,10 : 0,70) 
Length first part Range (0,05 : 0,05 : Length Horn / 2) 

Length second part Range (Length Horn / 2 + 0,05 : 0,05 : length Horn – 0,05) 
Mouth Radius Range (0,008 : 0,002 : 0,020) 
Throat Radius Range (0,075 : 0,025 : 0,100) 

Width Range (0,25 : 0,25 : 0,75) 
  
                    
The influence of every dimension changing separately is discussed in the next part, the parameters discussed 
in 5.3 Inverse Horn - Shapes have the same effect on a hybrid shape and therefore will not be discussed. When 
one dimension is changing, the others are fixed according to table 5.7. 
 
Table 5.7: The dimensions of the parameters which are fixed if one of the parameters is changing for the 
inverse horn with 3 interruptions. 

Parameter Dimension 

Length inverse horn 0,5 m 
First shape Parabolic 

Length first part 0,15 m 
Second shape Hyperbolic 

Length second part 0,25 m 
a (width factor) 0,5 

Mouth radius 0,008 m 
Throat radius 0,05 m 
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 5.4.2  Influence first length 

For a changing first length another parametric study has been conducted with more lengths, so the second 
length is changed to 0,45 meter. Besides this, more frequencies are simulated, to investigate a broader 
frequency spectrum. To make ensure no erroneous assumptions are made. This is only done for one 
parameter, to use time efficiently for other aspects. In figure 5.14 the length of the first shape at the mouth 
is changing, the results show a higher output for shorter distances, however a worse omnidirectionality. 

 

 

 
Figure 5.14: Different first lengths of an inverse horn of 3 shapes (throat – hyperbolic – straight – parabolic – 
mouth). A parametric study has been conducted in COMSOL for the ⅓ octave bands from 50 Hz to 2000 Hz, 

COMSOL input is a plane wave of 1 Pa(≈94 dB). The throat radius (0.050 m), the length (0.5 m), second length 
(0.45 m) and the width factor (0.5) are fixed, while the first length of the inverse horn is changing from 0.05 
m up to 0.40 m with steps of 0.05 m. 
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 5.4.3  Influence second length 

The length of the second part is changing from 0.25 to 0.45 meter in steps of 0.05 meter. Figure 5.15 shows 
the results. The omnidirectionality improves when the second length is longer, so the length of the third part 
is shorter. However, the output for higher frequencies gets better as well, for lower frequencies it gets worse, 
but this is relatively small. This is probably the case, because for a smaller length of the shape it is a more 
hyperbolic shape, if you stretch the horn it gets closer to an exponential shape. 
 

 
Figure 5.15: Different second lengths of an inverse horn of 3 shapes (throat – hyperbolic – straight – parabolic 
– mouth). A parametric study has been conducted in COMSOL for the frequencies 125 Hz and 1000 Hz, 
COMSOL input is a plane wave of 1 Pa(≈94 dB). The throat radius (0.050 m), the length (0.5 m), first length 
(0.15 m) and the width factor (0.5) are fixed, while the second length of the inverse horn is changing from 
0.25 m up to 0.45 m with steps of 0.05 m. 
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 5.4.4  Influence width 

The inverse horn is converging to a straight part, the width of this straight part is determined by the width 
factor in equation 5.14. This means, the larger the width factor, the wider the straight part of the inverse horn 
is. In figure 5.16 the width of inverse horn is changing, and the results show that if the straight part of the 
inverse horn is smaller, the omnidirectionality is better and the output is worse. If the width is smaller, the 
hyperbolic and parabolic shapes are wider, and the shapes are to its best advantage, therefore improving the 
omnidirectionality. 
 

𝑊𝑖𝑑𝑡ℎ𝑆𝑡𝑟𝑎𝑖𝑔ℎ𝑡𝑃𝑎𝑟𝑡 = (𝑟𝑡ℎ𝑟𝑜𝑎𝑡 − 𝑟𝑚𝑜𝑢𝑡ℎ) ⋅ 𝑤𝑖𝑑𝑡ℎ𝑓𝑎𝑐𝑡𝑜𝑟 + 𝑟𝑚𝑜𝑢𝑡ℎ               (5.14) 
 
 
  

Figure 5.16: Different widths of an inverse horn of 3 shapes (throat – hyperbolic – straight – parabolic – 

mouth). A parametric study has been conducted in COMSOL for the frequencies 125 Hz and 1000 Hz, COMSOL 

input is a plane wave of 1 Pa(≈94 dB). The throat radius (0.050 m), the length (0.5 m), first length (0.15 m) 

and second length (0.25 m) are fixed, while the width factor of the inverse horn is changing from 25% up to 

75% with steps of 25%. 
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 5.4.5  Conclusion 

There is no perfect solution, it must be a compromise between SPL for the lower frequencies and 
omnidirectionality for the higher frequencies. To find the best compromise, the SPL for the lowest frequency 
is divided by the deviation for the highest frequencies. Setting the minimum SPL to a certain level and 
maximum deviation, gives two optimal solutions for a 75 and 100 mm throat. 
 
Table 5.8: Different optimal dimensions based on SPL at 100 Hz and directivity at 1000 Hz for two throat 
diameters (75 mm and 100 mm). 

Parameter Hybrid 1 (75 mm) Hybrid 2 (75 mm) Hybrid 3(100 mm) Hybrid 4(100 mm) 

Length inverse horn 0,20 m 0,20 m 0,50 m 0,50 m 
First shape Hyperbolic Hyperbolic Hyperbolic Parabolic 

Length first part 0,10 m 0,10 m 0,15 m 0,20 m 
Second shape Parabolic Parabolic Parabolic Hyperbolic 

Length second part 0,1001 m 0,1501 m 0,45 m 0,45 m 
a (width) 0,25 0,25  0,50 0,75 

Mouth radius 0,009 m 0,009 m 0,009 m 0,006 m 
Throat radius 0,0375 m 0,0375 m 0,05 m 0,05 m 

 
 

 
Figure 5.17: Full frequency response of the inverse horns according to the dimensions of table 5.8. The 
average SPL is calculated at 1 meter distance and averaged over 360 degrees in COMSOL. The maximum 
deviation is calculated at 1 meter distance in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 dB).   
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 5.5  Ring Radiator 

Two separated sources are arranged face-to-face within a small distance from each other. Both sources are 
radiating in phase, so the sound power will increase. The sound will get radiated from the ring-like area 
around the enclosed cavity. The width of the ring is small compared to the wavelength, hence the radiation 
principle from a small pipe opening. COMSOL could run a parametric sweep in which all combinations are 
calculated, different frequencies, lengths, gap size and driver radius. The results are post processed in MATLAB 
and the ring radiator performing best on sound power level at 125 Hz and omnidirectional directivity at 1000 
Hz is shown in figure 5.18 and its dimensions in table 5.9.  
 
Table 5.9: The most optimal dimensions of a ring radiator for SPL at 125 Hz and omnidirectional directivity at 
1000 Hz within the parametric study range.   

Parameter Ring Radiator 

Gap opening 0,01 m 
Driver radius 0,05 m 

Length cabinet 0,1 m (total length ring radiator: 0,21 m) 
 
 
 
 
 
 

 
 
Figure 5.18: Full frequency response for the ring radiator with dimensions according to table 5.9. Two polar 
plots showing the SPL in dB for every 5 degree, at frequency 1000 Hz (left) and 4000 Hz (right). The graphs 
shows the average sound power level, the maximum deviation from the average SPL. The average SPL is 
calculated at 1 meter distance and averaged over 360 degrees in COMSOL. The maximum deviation is 
calculated at 1 meter distance in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 dB).   
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 5.6  Two-way Loudspeaker 

The biggest issue of an omnidirectional sound source is the failure to reproduce the entire range of 
frequencies from the lowest to the highest frequency of approximately 35 Hz up to 15 kHz, with substantial 
output and omnidirectional radiation. A possible solution for this problem is to divide the frequency by using 
multiple loudspeakers, to create an omnidirectional point source with substantial output. However, this 
results in a 2-step measurement. There are not yet sufficient drivers on the market to have the design of G. 
Behler, 4.3 An active point source loudspeaker , and only a 1-step measurement. 

 5.6.1  Inverse Horn - Dodecahedral 

Dividing the frequency range and to use a multi-way loudspeaker concept resulted in a two-way design. By 
modifying the dodecahedral to a 14 faced loudspeaker (for the lower frequencies) and combining it with the 
inverse horn (for the higher frequencies), sound power and omnidirectionality for the entire range of 
frequencies from the lowest to the highest frequency can be hopefully guaranteed, this needs more research. 
 
The inverse horns are placed on the corners of the 14 faces and all have the same distance or double distance 
to each other. Because they have the same or double distance to each other it is possible to cancel out the 
interfering part of the sound waves, by shifting the emitted sound of the inverse horn next to it, figure 5.19 
explains it more clearly. Also, by shifting the emitted sound to a later time, the acoustical centre could be 
traced back to the centre of the sound source. However, it are all separate drivers, and therefore for close 
range measurements it cannot be seen as point source, as figure 5.19 shows as well. Therefore, it is potentially 
not interesting for further research. 
 
 
 

 
Figure 5.19: A dodecahedron with the inverse horn placed on the corners of the surfaces. The inverse horn 
will radiating the higher frequencies and the dodecahedron will be radiating the lower frequencies. The cut-
off frequency has yet to be determined.  
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 5.7  Conclusion 

It can be concluded that the two-way loudspeaker for close range measurements cannot be seen as a point 
source. At the moment, the membrane sound source is impossible to be built. Therefore, the only two 
solutions left are the inverse horn and the ring radiator. Figure 5.22 compares the results for the inverse horn 
and ring radiator. Out of these results, it appears the inverse horn has the most potential. Therefore, the 
inverse horn will be built and discussed further in the report. 

 
Table 5.10: Different optimal dimensions based on SPL at 100 Hz and directivity at 1000 Hz for the inverse 
horn; two throat diameters (75 mm and 100 mm) and ring radiator.  

Parameter Hybrid 1 (75 
mm) 

Hybrid 2 (75 
mm) 

Hybrid 3(100 
mm) 

Hybrid 4(100 
mm) 

Ring Radiator 

Mouth radius/ 
gap opening 

0,009 m 0,009 m 0,009 m 0,006 m 0,01 m 

Throat radius/ 
driver radius 

0,0375 m 0,0375 m 0,05 m 0,05 m 0,05 m 

Length inverse 
horn 

0,20 m 0,20 m 0,50 m 0,50 m 0,1 m (total 
length: 0,21 m) 

First shape Hyperbolic Hyperbolic Hyperbolic Parabolic - 
Length first part 0,10 m 0,10 m 0,15 m 0,20 m - 

Second shape Parabolic Parabolic Parabolic Hyperbolic - 
Length second 

part 
0,1001 m 0,1501 m 0,45 m 0,45 m - 

a (width) 0,25 0,25  0,50 0,75 - 
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Figure 5.22: Full frequency response for the models from table 5.10 and directivity in polarplots for 1kHz and 
4 kHz. The average SPL is calculated at 1 meter distance and averaged over 360 degrees in COMSOL. The 
maximum deviation is calculated at 1 meter distance in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 
dB).   
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 5.7.1  Reflections 

The reason why the hybrid shaped horns are performing better compared to the inverse horn existing of one 
shape is unclear. There is difference in shape, for example, the interruptions and its place. Interruptions cause 
internal reflections inside the horn and can be calculated using equation 4.6 and 4.7, where Z1 and Z2 are the 
impedance at both sides of the intersection. The internal reflection coefficients are shown in figure 5.23 to 
5.26. However, out of these figures it cannot be concluded why certain dimensions improve the performance 
of the horn. 
 

Figure 5.23: Internal reflections for hybrid 1. The reflection coefficient is calculated by equation 5.17 and 5.18. The 

graph shows a first and second reflection, standing for the reflection at the first or second interruptions traveling from 

the throat. The real part illustrates the reflection coefficient, while the imaginary part illustrates the phase shift. 

 

Figure 5.24: Internal reflections for hybrid 2. The reflection coefficient is calculated by equation 5.17 and 5.18. The 

graph shows a first and second reflection, standing for the reflection at the first or second interruptions traveling from 

the throat. The real part illustrates the reflection coefficient, while the imaginary part illustrates the phase shift. 

[-
] 

[-
] 
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Figure 5.25: Internal reflections for hybrid 3. The reflection coefficient is calculated by equation 5.17 and 5.18. The 

graph shows a first and second reflection, standing for the reflection at the first or second interruptions traveling from 

the throat. The real part illustrates the reflection coefficient, while the imaginary part illustrates the phase shift. 

 

Figure 5.26: Internal reflections for hybrid 4. The reflection coefficient is calculated by equation 5.17 and 5.18. The 

graph shows a first and second reflection, standing for the reflection at the first or second interruptions traveling from 

the throat. The real part illustrates the reflection coefficient, while the imaginary part illustrates the phase shift. 
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 5.7.2  Driver choice 

The currently used driver for the inverse horn by Peutz is the Meyer sound MM-4X, a 4-inch driver (100 mm). 
For the newly build inverse horns, the SB acoustics SB12NRX25-4 4-inch driver (100 mm) and the 3-inch (75 
mm) exit JBL pro 2490H MF Compression Driver are used. Figure 5.27 shows the frequency responses and 
the specification sheets can be found in appendix  11.12 Specification sheets of drivers in the report. 
 
The Meyer sound MM-4x has a flat frequency response from 250 Hz up to 16 kHz, however it drops below 
the 160 Hz. While previous results for the inverse horn, shows that the SPL for the lower frequencies should 
be as high as possible. The SB acoustics SB12NRX25-4 is similar to the Meyer sound MM-4X except for the 
lower frequencies it is not dropping as fast. The red line is the JBL pro 2490H MF Compression Driver, the 
right axis applies. The frequency response only goes from 160 Hz to 8 kHz. However, the output is 30 dB 
higher compared to the other two frequency responses. 

Figure 5.27: Frequency response: JBL pro 2490H MF Compression Driver (red, right axis), Meyer sound MM-4X (blue, 

left axis) and SB acoustics SB12NRX25-4 (black, left axis). In 11.11 Frequency response drivers a separated and 
more clear view of the frequency response of the drivers is given.  
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 5.7.3  Material choice 

In COMSOL the inverse horn is modelled so there is no sound radiation by the cone itself. However, in real life 
this depends on the choice of material and it should be as low as possible. The sound reduction RA of a single 
leaf wall is calculated using equation 5.18. 
 
So, to have a high as possible sound reduction RA, below the critical frequency, the density m’ should be as 
high as possible and the characteristic impedance of the material should be as low as possible. Nevertheless, 
the characteristic impedance is calculated with equation 5.19, so the density of the material should be as low 
as possible to have a low characteristic impedance Z0, this is in contradiction with the high density for a high 
sound reduction. 
For the frequencies above the critical frequency fc the bending stiffness B should be as high as possible. 
However, the critical frequency is dependent on the bending stiffness, a high bending stiffness means a high 
critical frequency. 
So, the most important characteristic of a material, to have a high sound reduction, is a low speed of sound 
in the material. For example, sound travels with a relative low speed of 60 m/s in rubbers, compared to other 
materials. 
 
 

𝑅𝐴 = 20 ⋅ log10(
ω⋅𝑚′

2⋅𝑍0
⋅ cos(θ))  for below fc 

𝑅𝐴 = 10 ⋅ log10(1 + (
ω⋅𝑚′𝑒𝑓𝑓

2⋅𝑍0
⋅ cos(θ))2) for above fc                 (5.18) 

 

𝑍0 = ρ ⋅ 𝑐                           (5.19) 

 

𝑚′𝑒𝑓𝑓 = 𝑚′ ⋅ (1 −
ω2

ω𝑐
2 ⋅ sin4(θ))                        (5.20) 

 

𝐶𝑏 = √ω ⋅ (
𝐵

𝑚′
)(

1
4

) = 𝑐 ⋅ √
ω

ω𝑐
= 𝑐 ⋅ √

𝑓

𝑓𝑐
 

ω𝑐
2 =

𝑐4⋅𝑚′

𝐵
                              (5.21) 
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 5.7.4  3D printing 

Due to the complex shape of the inverse horn, a computer-based type of 
model building is preferred.  For example, aluminium CNC machining, 
Stereolithography, selective laser sintering, or 3D printing. Due to costs and 
availability , there has been chosen for a 3D printed model. There will be 
made use of the Ultimaker 2 and 3 extended 3D printers. The maximum 
length for these printers is 300 mm. Because ‘Hybrid 3’ and ‘Hybrid 4’ 
dimensions exceeds the limitations of the 3D printer there has been chosen 
for a mold. ‘Hybrid 1’ and ‘Hybrid 2’ are in the boundaries of the 3D printers 
abilities. However, to compare building methods and drivers to each other, 
‘Hybrid 1’ will be build similar to ‘Hybrid 3’ and ‘Hybrid 4’, while ‘Hybrid 2’ 
will be 3D printed. So, Two different building methods for the inverse horn 
are applied.  
 
Firstly, the mold is printed in three pieces. Basically, it is separated because 
of the size of 0.5 meter and the limitations of the 3D printer. Furthermore, 
there needs to be a separations to insert and remove Perfolin, 4.2.2 Standing 
waves. So, the model is cut 1 centimetre above the bottom to place the 
Perfolin. The mold is printed according to figure 5.27, in this way the resin 
could be poured in a thick way at the bottom so it could be attached to the 
driver. A more extensive description to build the sound source is described in 
11.10 Build process. 

  

Figure 5.27: Basic mold for the 
inverse horn. Blue is the 3D-
printed mold, red will be the 
poured resin.  
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 6  Results 
The optimal solutions, mentioned in 5.7 Conclusion, for a 75 and 100 mm inverse horn are built and measured 
according to 11.10 Build process, 5.7.4 3D printing and 5.2.1 Measurement Setup. The sound power level, 
deviation and compression loss are all measured and discussed in this part of the report. 

 6.1  Measurement 

The measurements are conducted according to 5.2.1 Measurement Setup. Figure 6.1 an table 6.1 shows the 
output and the deviation of the different designed sound sources in COMSOL and the corresponding 
dimensions.  
 
Table 6.1: Different optimal dimensions based on SPL at 100 Hz and directivity at 1000 Hz for the inverse horn; 
two throat diameters (75 mm and 100 mm). 
 

Parameter Hybrid 1 (75 mm) Hybrid 2 (75 mm) Hybrid 3(100 mm) Hybrid 4(100 mm) 

Mouth radius/ 
gap opening 

0,009 m 0,009 m 0,009 m 0,006 m 

Throat radius/ 
driver radius 

0,0375 m 0,0375 m 0,05 m 0,05 m 

Length inverse 
horn 

0,20 m 0,20 m 0,50 m 0,50 m 

First shape Hyperbolic Hyperbolic Hyperbolic Parabolic 
Length first part 0,10 m 0,10 m 0,15 m 0,20 m 

Second shape Parabolic Parabolic Parabolic Hyperbolic 
Length second 

part 
0,1001 m 0,1501 m 0,45 m 0,45 m 

a (width) 0,25 0,25  0,50 0,75 
 

 

 

Figure 6.1: Full frequency response for the models from table 6.1. The average SPL is calculated at 1 meter 
distance and averaged over 360 degrees in COMSOL. The maximum deviation is calculated at 1 meter distance 
in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 dB).   
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 6.2  Compression Driver  

The ‘Hybrid 1’ and ‘hybrid 2’ are both designed cones of 0.2 meters long attached on JBL pro 2490H MF 
Compression Driver. In figure 6.2 the COMSOL model and the measurements of ‘Hybrid 1’ and ‘hybrid 2’, 
without Perfolin are shown. Both ‘Hybrid 1’ and ‘Hybrid 2’ show relatively high output for the higher 
frequencies compared to the currently used inverse horn by Peutz. ‘Hybrid 1’ should have a higher output at 
1 kHz and approximately equal at 4 kHz, which shows in the measurements as well. However, the output for 
the higher frequencies is not the issue, but for the low frequencies the performance is unexpected worse. 
The reason of this could be the difference in sound source, a compression driver is built for the higher 
frequencies and to not break the compression driver a high pass filter of 250 Hz was applied, besides not 
reaching its limits of sound power.  
 
According to the COMSOL simulations it should perform better on omnidirectionality. However, the directivity 
from both designs show high deviations in the measurements. It was expected that the ‘Hybrid 2’ is 
performing a little bit better in directivity to ‘Hybrid 1’. The polar plot shows that the ‘Hybrid 2’ has a more 
flat directivity and has less deeper trough and peaks.  
 
 

 

 
Figure 6.2: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
1 and 2. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the calculation of 
the SPL and deviation, 20 degrees on both side are not taken into account. The SPL is averaged over the 
remaining steps and the maximum deviation is taken from this averaged number.  
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Figure 6.3 shows the measurement for ‘Hybrid 1’ and ‘Hybrid 2’ with Perfolin placed 1 cm above the throat. 
The measurements with Perfolin show similarity to the measurements without Perfolin. The higher 
frequencies have high output, while the lower frequencies lack of output.  The directivity of both hybrids 
show high deviations and again ‘Hybrid 2’ looks to be performing slightly better regarding omnidirectionality 
compared to ‘Hybrid 1’.  
 
 
 

 

 
 
Figure 6.3: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
1 and 2 with Perfolin placed at 1 cm distance from the throat. The SPL is measured at 1 meter distance, 360 
degrees in steps of 5 degrees. For the calculation of the SPL and deviation, 20 degrees on both side are not 
taken into account. The SPL is averaged over the remaining steps and the maximum deviation is taken from 
this averaged number. 
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Figure 6.4 shows a comparison of both hybrids with and without Perfolin. As can be seen a small loss is 
regarding the overall SPL. Besides that it doesn’t change anything regarding the directivity of the sound source.  
11.3.5 Step 5: Perfolin shows the effect of Perfolin and Perfolin does not improve the quality of the inverse 
horn.  
 
 
 
 

 

 
 
Figure 6.4: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
1 and 2 vs hybrid 1 and 2 with Perfolin placed at 1 cm distance from the throat. The SPL is measured at 1 
meter distance, 360 degrees in steps of 5 degrees. For the calculation of the SPL and deviation, 20 degrees 
on both side are not taken into account. The SPL is averaged over the remaining steps and the maximum 
deviation is taken from this averaged number. 
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‘Hybrid 1’ and ‘Hybrid 2’ are attached to the JBL pro 2490H MF Compression Driver. In the results it showed 
low values for the output for the lower frequencies. However, to not blow up the compression driver it was 
measured with the advised high pass filter. This caused a low output for the frequencies below 250 Hz. Figure 
7.2 shows the results for  a 80 Hz high pass filter. It is still not sure if this is the maximum output and lower 
limit of the JBL pro 2490H MF Compression Driver. However, figure 7.2 shows there is more potential in the 
output when attached to a JBL pro 2490H MF Compression Driver and therefore it is advised to improve the 
design regarding omnidirectionality for the compression driver.  
 
 

 
 
Figure 7.2: Frequency response and maximum deviation for hybrid 1, with an adjusted filter to give more 
output for the lower frequencies. ‘Hybrid 1’ has a 250 Hz high pass filter of -24 dB per octave applied. While 
‘Hybrid 1 filter’ has a 80 Hz high pass filter of -48 dB per octave applied, for both measurement the Krohn-
Hite Corporation model 3362 Dual Channel 4-Pole filter is used. The SPL is measured at 1 meter distance, 360 
degrees in steps of 5 degrees. For the calculation of the SPL and deviation, 20 degrees on both side are not 
taken into account. The SPL is averaged over the remaining steps and the maximum deviation is taken from 
this averaged number. 
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 6.3  Driver 

The ‘Hybrid 3’ and ‘hybrid 4’ are both designed cones of 0.5 meters long attached on SB acoustics SB12NRX25-
4 driver. In figure 6.5 the COMSOL model and the measurements of ‘Hybrid 3’ and ‘hybrid 4’, without Perfolin 
are shown. The output of ‘Hybrid 3’ and ‘Hybrid 4’ are quite similar for the low frequency of 100 Hz. It shows 
a quite flat frequency response, so the lower output for the higher frequencies is not an issue. ‘Hybrid 3’ 
shows a lower output compared to ‘Hybrid 4’, as expected according to the simulations.  
 
The directivity of both hybrids show improvement compared to the currently used inverse horn. Just as the 
simulated models, does ‘Hybrid 2’ appears to be more omnidirectional and less output.  
 
 
 

 
 
Figure 6.5: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
3 and 4. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the calculation of 
the SPL and deviation, 20 degrees on both side are not taken into account. The SPL is averaged over the 
remaining steps and the maximum deviation is taken from this averaged number. 
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Figure 6.6 shows the effect of placing Perfolin at 1 cm in front of the throat. Due to construction problems, 
discussed in 8 Discussion, this measurement has not been conducted for ‘Hybrid 4’. As before, the Perfolin 
causes a loss in output and has even a negative impact on the omnidirectionality of inverse horn.  
 
 

 

 
 
Figure 6.6: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
3 vs hybrid 3 with Perfolin placed at 1 cm distance from the throat. The SPL is measured at 1 meter distance, 
360 degrees in steps of 5 degrees. For the calculation of the SPL and deviation, 20 degrees on both side are 
not taken into account. The SPL is averaged over the remaining steps and the maximum deviation is taken 
from this averaged number. 
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 6.4  Comparison  

Figure 6.7 shows the measurement of all the inverse horns measured. It shows that the omnidirectionality 
and sound power level of both ‘Hybrid 3’ and ‘Hybrid 4’, the inverse horns attached on the SB acoustics 
SB12NRX25-4 driver, perform better compared to ‘Hybrid 1’ and ‘Hybrid 2’, the inverse horns attached on the 
JBL pro 2490H MF Compression Driver. The overall performance of ‘Hybrid 3’, regarding omnidirectionality 
and output, shows the best results.  
  

 

 
Figure 6.7: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
1, 2, 3 and 4. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the calculation 
of the SPL and deviation, 20 degrees on both side are not taken into account. The SPL is averaged over the 
remaining steps and the maximum deviation is taken from this averaged number. 
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 7  Conclusion 
For the design of an omnidirectional sound source used for impulse response measurements four concepts 
have been researched; Dodecahedron sound source, inverse horn point source, an active point source 
loudspeaker, a monopole omnidirectional source (ring radiator), and membrane vibration.  
 
The influenced acoustical parameters, non-reproducibility of the measurements and less measurement steps 
are the motives to improve the sound source used for impulse response measurements in this report. Table 
7.1 lists the ISO-3382-1 standard and the self-set standards. Besides maximum deviation, an optimal room 
impulse response to noise ratio (INR) for MLS measurements with excitation length of 1.5 seconds should be 
60.5 dB for the 1/3th octave bands for the frequencies of interest (100 Hz - 10 kHz, as mentioned in 2.3 
Frequency range). [7] The acoustical centre of the sound source should be able to be placed at a height of 1.2 
meter (height of a sitting musician) or 1.5 meter (ISO-3382-1 standard) during measurements.  
 
 
Table 7.1:  Maximum deviation of directivity of source in decibels for excitation with octave bands of pink 
noise and measured in free field. According to the ISO-3382-1 and self-set standard, which is believed to be 
achievable and ensures reproducibility and close enough to correct values for acoustical parameters. [4] 
 

Frequency, Hertz 125 250 500 1000 2000 4000 

Maximum deviation, Decibels, ISO-3382-1 ± 1 ± 1 ± 1 ± 3 ± 5 ± 6 
Maximum deviation, Decibels, self-set  ± 1 ± 1 ± 1 ± 1 ± 3 ± 3 

 
 
For close range measurements (1 meter distance) the dodecahedron sound source will be seen as multiple 
loudspeakers, which only can be solved by rotating the sound source and average over the measurements, 
meaning extra measurement steps. For the active point source loudspeaker at least two measurement steps 
are necessary. Therefore, the dodecahedron and active point source loudspeaker do not show enough 
potential for further investigation. According to calculations in  4.5 Membrane vibration, the idea of a 
omnidirectional vibrating membrane is physically impossible with the current technology and therefore not 
further researched. 
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Different designs for the monopole omnidirectional sound source and inverse horn point source are simulated 
and the most optimal solution regarding SPL and maximum deviation are shown in figure 7.1. As can be seen 
the monopole omnidirectional sound source (ring radiator) has a very low output for beneath 10 dB for 
frequencies lower than 250 Hz. An INR for MLS measurements with excitation length of 1.5 seconds should 
be 60.5 dB for the 1/3th octave bands for the frequencies of interest (100 Hz - 10 kHz). Therefore, according 
to the simulations the monopole omnidirectional sound source is not suitable for measurements for 
frequencies below 250 Hz.  
 
The most potential regarding SPL and maximum deviation has been shown for a parabolic and hyperbolic 
shaped inverse horn. Besides that, several simulations has shown a hybrid inverse horn consisting of 3 parts 
has the best results compared to 1, 2, 3, 4 or 5 parts. So, a parametric study has been conducted with a hybrid 
inverse horn consisting of 3 parts; a parabolic or hyperbolic part, a straight part, and again a parabolic or 
hyperbolic part.  Figure 7.1 and table 7.2 shows the four best solutions for the inverse horn.  
 

 
 
Figure 7.1: The average SPL and maximum deviation at 1m for a monopole omnidirectional source (ring 
radiator) and four different inverse horn point sources simulated in COMSOL, table 7.2. The average SPL is 
calculated at 1 meter distance and averaged over 360 degrees in COMSOL. The maximum deviation is 
calculated at 1 meter distance in COMSOL.  COMSOL input is a plane wave of 1 Pa(≈94 dB).   
 
 
Table 7.2: Different optimal dimensions based on SPL at 100 Hz and directivity at 1000 Hz for the inverse horn; 
two throat diameters (75 mm and 100 mm) and ring radiator.  
 

Parameter Hybrid 1 (75 
mm) 

Hybrid 2 (75 
mm) 

Hybrid 3(100 
mm) 

Hybrid 4(100 
mm) 

Ring Radiator 

Mouth radius/ 
gap opening 

0,009 m 0,009 m 0,009 m 0,006 m 0,01 m 

Throat radius/ 
driver radius 

0,0375 m 0,0375 m 0,05 m 0,05 m 0,05 m 

Length inverse 
horn 

0,20 m 0,20 m 0,50 m 0,50 m 0,1 m (total 
length: 0,21 m) 

First shape Hyperbolic Hyperbolic Hyperbolic Parabolic - 
Length first part 0,10 m 0,10 m 0,15 m 0,20 m - 

Second shape Parabolic Parabolic Parabolic Hyperbolic - 
Length second 

part 
0,1001 m 0,1501 m 0,45 m 0,45 m - 

a (width) 0,25 0,25  0,50 0,75 - 
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Figure 7.2.: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for 
hybrid 1, 2, 3 and 4. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the 
calculation of the SPL and deviation, 20 degrees on both side are not taken into account. The SPL is 
averaged over the remaining steps and the maximum deviation is taken from this averaged number. 
 
Figure 7.2 shows the results for the four hybrids from table 7.2, which are built and measured. The ‘Hybrid 3’ 
has the best overall results, as mentioned in 2.4.1 ISO-3382-1 and  3.2 New requirements, it should match 
these requirements, table 7.1 shows the set standards according to the ISO-3382-1 and self-set standards.  
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Figure 7.3 shows the final designs of hybrid 1 to 4. 
Hybrid 1 and 2 are both attached to the SB12NRX25-
4 driver, and to a circular box to absorb unwanted 
sound leakage. Both hybrid 3 and 4 are attached to 

the JBL pro 2490H MF Compression Driver and to 
the surrounding box, in which hybrid 4 is 
attached to the picture.  
 
Figure 7.4 shows the measurement of all the inverse 
horns measured. It shows that the 
omnidirectionality and sound power level of both 
‘Hybrid 3’ and ‘Hybrid 4’, the inverse horns attached 
on the SB acoustics SB12NRX25-4 driver, perform 
better compared to ‘Hybrid 1’ and ‘Hybrid 2’, the 
inverse horns attached on the JBL pro 2490H MF 
Compression Driver. The overall performance of 
‘Hybrid 3’, regarding omnidirectionality and output, 
shows the best results.  

  

 

 
Figure 7.4: Polar plot for frequency 1 kHz and 4 kHz, frequency response and maximum deviation for hybrid 
1, 2, 3 and 4. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the calculation 
of the SPL and deviation, 20 degrees on both side are not taken into account. The SPL is averaged over the 
remaining steps and the maximum deviation is taken from this averaged number. 

Figure 7.3: Final design of Hybrid 1, 2, 3 and 4 
from left to right.  
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Figure 7.5 shows the measurement results for ‘Hybrid 3’ and the currently used inverse horn by Peutz. The 
‘Hybrid 3’ shows good improvements regarding omnidirectionality and does not loses a lot of output for the 
lower frequencies. Therefor it could concluded that the ‘Hybrid 3’ is an improved design for an 
omnidirectional sound source used impulse response measurements. Besides an improvement, is meets the 
ISO-3382-1 requirements. Nevertheless, it does not meet the self-set requirements for the higher frequencies 
and improvements could be made, which are recommended in section 9 Recommendation.  

 

 

 
 
Figure 7.5: Frequency response and maximum deviation for hybrid 3 and the currently used inverse horn by 
Peutz. The SPL is measured at 1 meter distance, 360 degrees in steps of 5 degrees. For the calculation of the 
SPL and deviation, 20 degrees on both side are not taken into account. The SPL is averaged over the remaining 
steps and the maximum deviation is taken from this averaged number. In the graph for maximum deviation 
the standards are added.  
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The second reason to set new requirements was due to the recommended rotational average. When to large 

deviations approaches the limits, it is recommended to take a rotational average over at least three positions 

around the source according to ISO 3382-1. However, Hak et al. concluded the source directivity can deviate 

a bit more than 1 dB for 1 kHz and more than 2 dB for frequencies above 2 kHz from average, when 

determined from 3 equal-angular positions in the horizontal plane within the critical distance (1 meter) and 

advised averaging over 5, 7 or 8 equal-angular positions to reduce the maximum deviation to ±0.5 dB at any 

source-receiver distance, figure 3.2. [4] [6]  

Figure 7.6 shows the maximum deviation for the number of equal-angle steps for the ‘hybrid 3’, the 

currently used sound source by Peutz and the measurement for a dodecahedron by Hak et al. It shows that 

for the 1 and 2 kHz a measurement a two equal-angle points will be in its range of 1 dB JND. For the 4 kHz 

this is at three equal-angle points. While for the dodecahedron at least 5 equal-angle steps are necessary to 

be in the range of 1dB. Compared to the currently used sound source by Peutz the ‘hybrid 3’ is a big 

improvement, especially for the 1 kHz.  
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Figure 7.6: Maximum sound source directivity deviation for receiver position P for a dodecahedron, 
currently used sound source by Peutz and ‘hybrid 3’, with source-receiver distance of 1 m (direct/near 
field).  
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 8  Discussion  
The results of the ‘Hybrid 1’ and ‘Hybrid 2’, attached on the JBL pro 2490H MF Compression Driver, are not as 

good as expected. The reason for this is unknown, when blocking the sound out of the mouth of the inverse 

horn almost no sound escapes from the inverse horn, so this is not the problem. Furthermore, more models 

should be tested to get more insight in the reason behind the results. Figure 8.1 shows a 100 mm throat 

compression driver, which performs better compared to the used compression driver in this report. This 

compression driver could be attached to ‘Hybrid 3’ and ‘Hybrid 4’ to give a more clear comparison between 

the drivers.  

Furthermore, the building process of the inverse horns consisted of some difficulties. For the 0.5 meter 

length inverse horn it was hard to release the epoxy from the mold. Therefore, it was not possible to place 

Perfolin inside the ‘Hybrid 4’. Besides this, the mold existed out of 2 parts, because of the Perfolin, however 

it showed that Perfolin is not positively influencing the results, and therefore it should be built out of one 

piece to create the same levelness.  

The parametric study was due to computational power limited in its range and more parameters could be 

modelled. Therefore, not all the data is collected and this is the best solution in its parametric study.  

 

 

Figure 8.1: Maximum calculated SPL at 1 meter for the JBL pro 2490H MF Compression Driver (75 mm) and 

JBL pro CMCD-81H Compression Driver (100 mm throat). Both are measured with an 2393 horn attached.  
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 9  Recommendation 
The main focus of this report was the research into an improved 

omnidirectional sound source. However, due to several limitations this 

study could be expanded in several ways.  

Firstly, the parametric study was due to computational power limited in its 

range. Therefore, an improved study could be conducted with a lower 

minimum and larger maximum value and a smaller step size. Besides 

including more data of the existing parameters, new parameters could be 

added to the study. For example, a parameter could be generated that 

generates a shape between a hyperbolic and parabolic shape, like figure 9.1. 

The parametric study could be expanded by adding other shapes. The 

number of interruptions is shortly studied, this study should be expanded.   

Secondly, as mentioned in 7 Conclusion, there is more to win in the filter settings for the JBL pro 2490H MF 

Compression Driver. To improve the performance of the inverse horn, this is something were a lot of input 

could be added.  

Thirdly, the sound source should be calibrated. The sound power output of the designed sound source could 

be determined by the method described ISO 3741, 3747 and 6926. For determination of the sound power 

output a reference sound source is necessary. The reference sound source is normally built up as an axial fan 

and is a constant sound power source. Its characteristics are specified in ISO 6926. ISO 6926 gives two 

alternative methods of calibration. Firstly, calibration in free field in a hemi-anechoic room. Secondly, 

calibration in diffuse field in a reverberation room. As results, the sound power level is given A-weighted, 

linear and in 1/3 octave band. As an option, the directivity index in free field can be determined. 

Room acoustics often use scale models to measure adjustments to rooms, these models are often 1:10 or 1:8 

scale models. The models designed, built and measured in this report are 0.2 meter and 0.5 meter plus the 

length of the driver. This means that for a 1:10 scale measurement, using one of these sound sources, it can 

only be conducted at a fictional 2 meters or higher, while during 1:1 scale impulse response measurement 

the measurement is conducted at 1.5 meter according to ISO 3382-1. To have a suitable design for 1:10 and 

1:8 scale models a new parametric study, with usable dimensions,  needs to be conducted.   

The ‘Hybrid 1’, ‘Hybrid 3’ and ‘Hybrid 4’ is built according to 11.10 Build process in a similar way as previous 

models built by Peutz. ‘Hybrid 2’ is differently built, the inside of this inverse horn is 3D printed, furthermore 

the same building steps are applied. However, there are a lot of other possibilities for building an inverse horn. 

Especially with a complex shape as the designs in this report, it is necessary to have a functional building 

method. For example, aluminium CNC machining, Stereolithography and selective laser sintering are building 

methods which should be looked more into and compared to each other.  

 

  

Figure 9.1: Different  inverse horn 
shapes 
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 11  Appendix 

 11.1  Thiele & Small Parameters 

Thiele & Small parameters are a set of electromechanical parameters that define the performance of a 
loudspeaker driver. Often manufacturers publish these parameters, so that designers have a guide in selecting 
off-the-shelf drivers for loudspeaker designs. There are a lot of Thiele & Small parameters, the most important 
parameters for this report are discussed below. 
 
Mms - Mass of the diaphragm/coil, including acoustic load, in kilograms. 

Cms - Compliance of the driver's suspension, in metres per newton (the reciprocal of its 'stiffness'). Rms - 

The mechanical resistance of a driver's suspension (i.e., 'lossiness') in N·s/m. 
Re - DC resistance of the voice coil, measured in ohms. 

Bl - The product of magnet field strength in the voice coil gap and the length of wire in the magnetic field, in 
tesla-metres (T·m). 
 
Fs Resonance frequency of the driver can be calculated using equation 11.1. For this frequency the impedance 

of the driver can be calculated using equation 11.2. For this equation you need Qes 

 and Qms. Qes is an unitless measurement, describing the electrical damping of the loudspeaker. It could be 
calculated using equation 11.3.  Qms a unitless measurement, characterizing the mechanical damping of the 
driver, that is, the losses in the suspension (surround and spider), and could be calculated using equation 11.4. 
The main effect of Qms is on the impedance of the driver. It is determined by Mms, mass of the diaphragm/coil, 

including acoustic load, in kilograms. Therefore, adding extra mass or changing the air pressure around the 
driver could influence the impedance of the driver. This is tested in 11.3.1 Step 1: Driver Impedance. 
 

𝐹𝑠 =
1

2π⋅√𝐶𝑚𝑠⋅𝑀𝑚𝑠
                    (11.1) 

𝑍𝑚𝑎𝑥 = 𝑅𝑒(1 +
𝑄𝑚𝑠

𝑄𝑒𝑠
)                      (11.2) 

𝑄𝑒𝑠 =
𝑅𝑒

(𝐵𝑙)2 ⋅ √
𝑀𝑚𝑠

𝐶𝑚𝑠
                    (11.3) 

𝑄𝑚𝑠 =
1

𝑅𝑚𝑠
⋅ √

𝑀𝑚𝑠

𝐶𝑚𝑠
                    (11.4) 
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 11.2  Formula sheet, acoustic impedance inverse horns 

The following formulas are obtained from the book: Sound Fields and Transducers from Beranek & Mellow. 
[22] These formulas can be used to analytically determine the impedance of different types of horns.  

 

The acoustical impedance inside a straight pipe 

𝑍 =
ρ ⋅ 𝑐

𝑆
 

 

 

General formulas of a finite reversed horn 

𝑍𝐴𝑀 =
1

𝐷𝑒𝑡(𝐴)
⋅ [

𝑎22 𝑎12

𝑎21 𝑎11
] ⋅ [

ρτ̅

𝑈τ̃

] 

If no energy is added or dissipated within the horn: 

 

𝐷𝑒𝑡(𝐴) = 𝑎11𝑎22 − 𝑎12𝑎21 = 1  
1

𝐷𝑒𝑡(𝐴)
= 1 

𝑍𝐴𝑀 =
𝑎22 ⋅ 𝑍𝐴𝑇 + 𝑎12

𝑎21 ⋅ 𝑍𝐴𝑇 + 𝑎11
 

 

 

Formulas of a parabolic horn 

𝑎11 =
−π

2
⋅ 𝑘 ⋅ 𝑋𝑀(𝐽0 ⋅ (𝑘 ⋅ 𝑋τ) ⋅ 𝑌0 ⋅ (𝑘 ⋅ 𝑋𝑀) − 𝐽1 ⋅ (𝑘 ⋅ 𝑋𝑀) ⋅ 𝑌1 ⋅ (𝑘 ⋅ 𝑋τ)) 

𝑎12 = 𝑗 ⋅
ρ0 ⋅ 𝑐

𝑆𝑀
⋅

π

2
⋅ 𝑘 ⋅ 𝑋𝑀(𝐽0 ⋅ (𝑘 ⋅ 𝑋τ) ⋅ 𝑌0 ⋅ (𝑘 ⋅ 𝑋𝑀) − 𝐽0 ⋅ (𝑘 ⋅ 𝑋𝑀) ⋅ 𝑌0 ⋅ (𝑘 ⋅ 𝑋τ)) 

𝑎21 = 𝑗 ⋅
𝑆𝑇

ρ0 ⋅ 𝑐
⋅

π

2
⋅ 𝑘 ⋅ 𝑋𝑀(𝐽1 ⋅ (𝑘 ⋅ 𝑋τ) ⋅ 𝑌1 ⋅ (𝑘 ⋅ 𝑋𝑀) − 𝐽1 ⋅ (𝑘 ⋅ 𝑋𝑀) ⋅ 𝑌1 ⋅ (𝑘 ⋅ 𝑋τ)) 

𝑎22 = 𝑗 ⋅
𝑆𝑇

𝑆𝑀
⋅

π

2
⋅ 𝑘 ⋅ 𝑋𝑀(𝐽1 ⋅ (𝑘 ⋅ 𝑋τ) ⋅ 𝑌0 ⋅ (𝑘 ⋅ 𝑋𝑀) − 𝐽0 ⋅ (𝑘 ⋅ 𝑋𝑀) ⋅ 𝑌1 ⋅ (𝑘 ⋅ 𝑋τ)) 

 

 

Formulas of a conical horn 

𝑎11 = √(
𝑆𝑀

𝑆𝑇
) ⋅ (cos(𝑘 ⋅ 𝑙) −

1

𝑘 ⋅ 𝑋𝑀
⋅ sin(𝑘 ⋅ 𝑙)) 

𝑎12 = 𝑗 ⋅
ρ0 ⋅ 𝑐

√𝑆𝑇 ⋅ 𝑆𝑀

⋅ sin(𝑘 ⋅ 𝑙) 

𝑎21 = 𝑗 ⋅
√𝑆𝑇 ⋅ 𝑆𝑀

ρ0 ⋅ 𝑐
{(

1

𝑘 ⋅ 𝑋𝑚
−

1

𝑘 ⋅ 𝑋τ
) ⋅ cos(𝑘 ⋅ 𝑙) + (1 +

1

𝑘2 ⋅ 𝑋𝑀 ⋅ 𝑋τ
) ⋅ sin(𝑘 ⋅ 𝑙)} 

𝑎22 = √(
𝑆𝑇

𝑆𝑀
) ⋅ (cos(𝑘 ⋅ 𝑙) −

1

𝑘 ⋅ 𝑋τ
⋅ sin(𝑘 ⋅ 𝑙)) 
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Formulas of an exponential horn 

𝑎11 = √
𝑆𝑀

𝑆𝑇
⋅ (cos(𝑘 ⋅ 𝑙cos(θ) − tan(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)))) 

𝑎12 = 𝑗 ⋅
ρ0 ⋅ 𝑐

√𝑆𝑇 ⋅ 𝑆𝑀

⋅ 𝑠𝑒𝑐(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)) 

𝑎21 = 𝑗 ⋅
√𝑆𝑇 ⋅ 𝑆𝑀

ρ0 ⋅ 𝑐
𝑠𝑒𝑐(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)) 

𝑎22 = √
𝑆𝑇

𝑆𝑀
⋅ (cos(𝑘 ⋅ 𝑙cos(θ) − tan(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)))) 

 

θ = arcsin(
𝑚

2 ⋅ 𝑘
) 

𝑚 = 𝑓𝑙𝑎𝑟𝑒𝑐𝑜𝑛𝑠𝑡𝑎𝑛𝑡 =
ln(

𝑆𝑀

𝑆𝑇
)

𝑙
 

𝑓𝑐 = 𝑐𝑢𝑡𝑡𝑜𝑓𝑓𝑓𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦 =
𝑚 ⋅ 𝑐

4 ⋅ π
 

 

 

Formulas of a hyperbolic horn 

𝑎11 = √
𝑆𝑀

𝑆𝑇
⋅ (cos(𝑘 ⋅ 𝑙cos(θ) − β ⋅ tan(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)))) 

𝑎12 = 𝑗 ⋅
ρ0 ⋅ 𝑐

√𝑆𝑇 ⋅ 𝑆𝑀

⋅ 𝑠𝑒𝑐(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)) 

𝑎21 = 𝑗 ⋅
√𝑆𝑇 ⋅ 𝑆𝑀

ρ0 ⋅ 𝑐
(β − α) ⋅ sin(θ) ⋅ cos(𝑘 ⋅ 𝑙 ⋅ cos(θ)) + (1 + (α ⋅ β − 1)) ⋅ sin2(θ) ⋅ 𝑠𝑒𝑐(θ)

⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)) 

𝑎22 = √
𝑆𝑇

𝑆𝑀
⋅ (cos(𝑘 ⋅ 𝑙cos(θ) − α ⋅ tan(θ) ⋅ sin(𝑘 ⋅ 𝑙 ⋅ cos(θ)))) 

θ = arcsin(
1

𝑘 ⋅ 𝑋τ
) 

β = √
𝑆𝑇

𝑆𝑀
⋅ (sinh(

𝑙

𝑋τ
) + α ⋅ cosh(

𝑙

𝑋τ
)) 

 

 

𝐽0 𝑎𝑛𝑑 𝐽1 = 𝑏𝑒𝑠𝑠𝑒𝑙 𝑓𝑢𝑛𝑐𝑡𝑖𝑜𝑛 𝑓𝑖𝑟𝑠𝑡 𝑘𝑖𝑛𝑑 𝑜𝑓 𝑜𝑟𝑑𝑒𝑟 𝑧𝑒𝑟𝑜 𝑎𝑛𝑑 𝑓𝑖𝑟𝑠𝑡  

𝑌0𝑎𝑛𝑑 𝑌1 = 𝑏𝑒𝑠𝑠𝑒𝑙 𝑓𝑢𝑛𝑐𝑡𝑖𝑜𝑛 𝑠𝑒𝑐𝑜𝑛𝑑 𝑘𝑖𝑛𝑑 𝑜𝑓 𝑜𝑟𝑑𝑒𝑟 𝑧𝑒𝑟𝑜 𝑎𝑛𝑑 𝑓𝑖𝑟𝑠𝑡  

𝑘 = 2 ⋅ π ⋅ 𝑓 

𝑋𝑀 𝑎𝑛𝑑 𝑋𝑇 = 𝑙𝑒𝑛𝑔𝑡ℎ 𝑓𝑟𝑜𝑚 𝑣𝑒𝑟𝑡𝑒𝑥 𝑡𝑜 𝑚𝑜𝑢𝑡ℎ 𝑜𝑟 𝑡ℎ𝑟𝑜𝑎𝑡 

𝑆𝑀 𝑎𝑛𝑑 𝑆𝑇 = 𝑎𝑟𝑒𝑎 𝑜𝑓 𝑡ℎ𝑒 𝑚𝑜𝑢𝑡ℎ 𝑜𝑟 𝑡ℎ𝑟𝑜𝑎𝑡 

𝑙 = 𝑙𝑒𝑛𝑔𝑡ℎ𝑜𝑓𝑡ℎ𝑒ℎ𝑜𝑟𝑛 = 𝑋𝑀 − 𝑋𝑇 

ρ0 = 𝑑𝑒𝑛𝑠𝑖𝑡𝑦 𝑜𝑓𝑎𝑖𝑟 

𝑐 = 𝑠𝑝𝑒𝑒𝑑 𝑜𝑓 𝑠𝑜𝑢𝑛𝑑  
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 11.3  Measurement Setup 

To validate the COMSOL model with measurements of the sound source a few adjustments have been made 

to the measurements. These adjustments are discussed in this chapter. The measurements are conducted in 

a frequency range from 500 Hz up to 5000 Hz, because the room is not anechoic below 500 Hz. The 

measurement setup is the same as discussed in 5.2.1 Measurement Setup. Or if mentioned differently it is 

according to figure 11.1. If the shape of the inverse horn changes, the model in COMSOL changes as well. 

 

A. Conus       B. Box 

 
Figure 11.1: Measurement setups, The acoustic centre of a sound source is placed at the centre of a turntable. 
At a fixed 1 meter distance of the acoustical centre of the sound source a ½ inch microphone is placed. On 
the turn table a second ½ inch microphone is placed on a fixed position to the sound source (to measure the 
compression loss of the sound source). The microphones are connected 2 channels to a Bruel & Kjaer 2270 
sound level meter. The microphones are calibrated using a Brüel & Kjær sound calibrator type 4231, a 
calibration pressure of 94 dB with an accuracy of ±0,2 dB at 1 kHz. The turn table is rotated per 5° up to 360° 
and measured. For the measurement a pink noise is generated for the full frequency band. The measurement 
is conducted in a semi- anechoic room for frequencies above 500 Hz. The semi-anechoic room is modified, 
and absorption materials are placed on the reflective surface to make the semi-anechoic room an anechoic 
room for frequencies above 500 Hz. 
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C. Compression driver         D: Packed Box 

 
Figure 11.1: Measurement setups, The acoustic centre of a sound source is placed at the centre of a 
turntable. At a fixed 1 meter distance of the acoustical centre of the sound source a ½ inch microphone is 
placed. On the turn table a second ½ inch microphone is placed on a fixed position to the sound source (to 
measure the compression loss of the sound source). The microphones are connected 2 channels to a Bruel 
& Kjaer 2270 sound level meter. The microphones are calibrated using a Brüel & Kjær sound calibrator type 
4231, a calibration pressure of 94 dB with an accuracy of ±0,2 dB at 1 kHz. The turn table is rotated per 5° 
up to 360° and measured. For the measurement a pink noise is generated for the full frequency band. The 
measurement is conducted in a semi- anechoic room for frequencies above 500 Hz. The semi-anechoic 
room is modified, and absorption materials are placed on the reflective surface to make the semi-anechoic 
room an anechoic room for frequencies above 500 Hz. 
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 11.3.1  Step 1: Driver Impedance 

An adjustment to a loudspeaker will change the frequency response of the loudspeaker, explained in  2.2 How 
does a speaker work? and 11.1 Thiele & Small Parameters. So, when attaching a cone to the driver the 
characteristics of the sound source could change. This could be checked by measuring the change in 
impedance. The impedance of a sound source is frequency dependent and therefore it is checked for all the 
1/3th octave bands from 250 up to 5000 Hz. In figure 11.2 the difference in impedance by attaching the cone 
is shown. As can be there is a small peak of less than 1 at the 3150 Hz band. 

 

 
Figure 11.2:  The impedance with an inverse horn and without an inverse horn is measured in an electrical circuit and 
the difference is shown in this graph. In the electrical circuit a 1000 ohm resistor is placed, so there is nothing 
influencing the measurement.  
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 11.3.2  Step 2: Problem search 

Two different type of sound sources are tested, one with a driver and another one with a compression driver. 
The validation of the compression driver was close without any adjustments, while the driver showed some 
deviations. To find the problem, the conical inverse horn with the driver is measured using the compression 
driver according to measurement setup C. The sound is generated from the compression driver, if the 
compression driver sound source was perfectly omnidirectional the effect of the shape of the inverse horn 
on the omnidirectionality is measured. However, this is only the case up to 1 kHz. Figure 11.3 shows a better 
agreement for the lower frequencies, and therefore the driver appears to be the problem. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
 
Figure 11.3: Effect of the shape of the inverse horn on the omnidirectionality. 
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 11.3.3  Step 3: Emitted sound by the driver 

Two different sound sources are tested, a driver and compression driver. Firstly, the compression driver, A 
compression driver is a small specialized diaphragm loudspeaker which generates the sound in a horn 
loudspeaker. It doesn't emit sound by itself, it must be attached to a horn. 
 
Therefore, this step is only applied on the driver. A  driver is not only generating sound from the front (where 
you want it) but is also generating sound from the back. The influence of the sound generated from the back 
is checked in this step. The inverse horn has been placed upside down into a box with absorbing material, so 
all the radiated sound from the cone is absorbed and only the emitted sound at the back of the driver is 
measured. Figure 11.4 compares the sound generated by the inverse horn in open surrounding and when 
placed upside down in an absorbing box. The driver is emitting a sound power level of 32-45 dB, when placed 
upside down in the box. When measuring the omni directionality of the driver. The opening of the inverse 
horn is placed on the same distance to the microphone, however the driver changes in distance. The furthest 
distance of the sound source to the microphone is 1 meter plus the length of the inverse horn and closest 
distance is 1 meter minus the length of the inverse horn. So, the difference in distance is 2 times the length 
of the inverse horn, 1.04 meter. When measuring at 1 meter of the centre of the mouth 1.04 meter is quite a 
big deal. The emittance of the driver is not modelled in COMSOL and therefore the driver should be placed 
inside a absorbing box. So, the emitted sound by the driver is not considered during the measurement. 

 

Figure 11.4: Influence of the emittance of the speaker. 
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 11.3.4  Step 4: Absorbing Box 

Step 2 concluded that the sound emitted by the driver is of such an influence it should be taken into account 
in COMSOL or should be absorbed. In this step the inverse horn is measured when the driver is placed inside 
a box filled with mineral wool, to absorb the sound generated by the driver. This resulted in the results shown 
in figure 11.5. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 11.5: Measurement setup A versus B. 
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 11.3.5  Step 5: Perfolin 

As mentioned in 4.2.2 Standing waves, to counter the standing waves inside the tube Perfolin is used. The 
COMSOL model does not includes the use of Perfolin, therefore a difference in results could be obtained. To 
compare the difference between both models, a measurement is conducted with and without Perfolin placed 
in the tube. Figure 11.6 and 11.7 shows the results of this measurement, there are quite some differences 
because of the use of Perfolin. However, it still shows that the measurement and COMSOL model are not in 
agreement. 
 

Figure 11.7: Effect of Perfolin measurement setup A (Conus). 
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Figure 11.8. Effect of Perfolin measurement setup B (Box). 
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 11.3.6  Step 5: Perfolin, impedance tube 

The impedance tube measurement obtains the normal incidence absorption coefficient of a layer of textiles 

with a small diameter, less than 100 mm. The measurement setup is according to figure 10.9, however it is a 

bit of an older impedance tube of Bruel & Kjaer. There is only one microphone and the sound source is 

moveable, for all the frequencies the absorption value can be measured by finding the lowest SPL and highest 

SPL and calculate its difference. Furthermore, the measurement setup consists of a PA-888 Monacor amplifier 

and a Bruel & Kjaer type 2215 precision sound level meter. Figure 11.9 shows the measurement results, and 

it clearly shows there is small to none difference in performance of Perfolin. Therefore, it can be stated the 

effect of Perfolin is neglectable. 

 

Figure 11.8: Measurement setup impedance tube, Bruel & Kjaer type 2215 precision sound level meter and 

a PA-888 monacor amplifier connected to a Bruel & Kjaer impedance tube.  

 

 
Figure 11.9: Sound absorption in dB vs frequency of Perfolin both sides. Measurement setup according to 
text and figure 11.8.  
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 11.3.7   Step 6: Influence of the 1/3th octave band 

When modelling in COMSOL, only one frequency is studied, or the 
full spectrum is studied. When the full spectrum is analysed the 
frequencies, whom count are in the frequency range of the bands, it 
is a straight cut off. However, measurement do not have a straight 
cut of the frequency band, this is more like figure 11.10. This could 
influence the omnidirectionality of the sound source, because the 
higher frequency which are worse regarding omnidirectionality are 
taken into account in the measurements while in COMSOL this is not 
the case. The impact of this is especially larger when the frequency 
response of the driver is not flat, in COMSOL it is modelled flat.   
 
To only look at a 1/3th octave band, filters have been applied on a pink noise sound, resulting in a pink noise 
of a 1/3th octave band. The rest of the measurement setup is kept the same. The results are shown in figure 
11.11. 

Figure 11.111: Measurement setup A (Conus) 

   Figure 10.10: Frequency band cut off. 
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Figure 11.11.2: Measurement setup B (Box). 
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 11.3.8  Step 7: Compression Loss 

As mentioned in 12.1 Thiele & Small Parameters, the loudspeaker output is effected by different parameters. 
One of the main influencers on the output of the loudspeaker is the temperature of it, when temperature 
rises it has a loss in output, these phenomena is called compression loss. When testing the omnidirectionality 
a loss in output can result in big differences. 
 
To test the compression lost, a second microphone is placed on a fixed position (distance and directivity stays 
the same) to the acoustical centre of the sound source. If the output of the sound source differs, it is measured 
with the second microphone. While the rest of the setup is the same. Figure 10.10 shows the sound power 
level for every measurement step. As can be seen in the figure, the final measurement step is of about 1 dB 
lower to the first measurement step. So, when looking into omnidirectionality, results of ±1 dB, the 
compression loss of a driver plays a major part. Using two microphones the compression loss could be taken 
into account in the results.  

 
 

Figure 11.12: Compression loss and measurement setup.  
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 11.3.9  Step 8: New Conus 

At Peutz they have multiple sound sources, to be sure the problem is not caused by the quality of the sound 
source a second similar sound source is tested. The results from the new sound source show better results 
compared to the COMSOL simulation and are therefore used as validation. The previous measured inverse 
horn had some errors and is discharged by Peutz. The results of the measurement with the new inverse horn 
are shown in figure 11.13 and 10.14 and are discussed in the report. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 11.13: Conical sound source measurement setup A. 
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Figure 11.14 confirms that COMSOL could be used to evaluate the performance as close as possible to the 
real world for the configuration with an absorbing box around the driver. The above two polar peaks show a 
lot of similarity between measurement and simulation. The average sound power level generated by COMSOL 
and the measurement differ quite a lot, because the input in COMSOL is a straight line and not matching the 
frequency response of the driver. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 11.14: Conical sound source measurement setup B. 
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 11.4  Post processing MATLAB script 

The script below is the most basic script for exported data from COMSOL, adjustments are made inside the 
script if necessary. 

 
clear all 

close all 

%% parameter to choose 

dead_angle = 0; %multiple of 5, to exclude that amount of degrees in 1 direction from the 

data.  

f_wanted_deviation = 1000; 

f_wanted_spl = 125; 

f_highest = 5000; 

% in decimeter 

length_wanted = [1 2 3 4 5 6 7]; 

% 1 = 0.05m   2 = 0.075m  3 = 0.1m 

throat_wanted = [1 2 3]; 

% lines = 1 points = 0 

lines = [0]; 

%% load files from COMSOL lines 

load('data.txt'); 

% n is number of different parameters in parametric sweep 

% column 1 to n = different parameters 

% column n+1 = frequency 

% column n+2 = average SPL at 1 meter 

% column n+3 = maximum SPL at 1 meter 

% column n+4 = minimum SPL at 1 meter 

%% load files from COMSOL points 

% n is number of different parameters in parametric sweep 

% column 1 to n             = different parameters 

% column n+1                = frequency 

% column n+1+point_number   = SPL at point number (steps of 5 degree) 

%% dead angle modification when 5 degree points are chosen 

elimination_low = 37-(dead_angle/5); 

elimination_high = 37+(dead_angle/5); 

% only use the SPL not the other parameters 

data = data_points(:,n+2:end); 

data2 = data; %backup of data 

data(:,elimination_low:1:elimination_high) = []; 

% average 

data_average = mean(data,2); 

%% rewrite parts 

data = data2; 

for i = 1:1:length(data); 

data(i,elimination_low:1:elimination_high) = [data_average(i,:)]; 

end 

%% script part 1 

for i = 1:1:length(data_average) 

    deviation_deviation(i,:) = max(data_average(i,:)-min(data(i,:)),max(data(i,:))-

data_average(i,:)); 

    max_data(i,:) = max(data(i,:)); 

    min_data(i,:) = min(data(i,:)); 

end 

data = [data(:,1:n)  data_average min_data max_data deviation_deviation ]; 

%% Choose to calculate by points or line average, max and min.  

f = [50 63 80 100 125 160 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 

5000 6300 8000 10000]; 

requirements = [1  1  1  1   1   1   1   1   1   1   1   1   1   1    1    3    3    3    

3    3    3    3    3    3    ]; 

if lines == 0; 

    x = 0; 

else  

load('data.txt') 

end 

%% data 

f_parametric = unique(data(:,4),'rows')'; 

for ii = 1:length(f_parametric); 

    [~,idx] = find(f==f_parametric(:,ii)); 

    requirements_parametric(:,ii) = requirements(:,idx); 

end 
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f_parametric(f_parametric>f_highest+1) = []; 

%% Delete unwanted throat dimensions 

s = zeros(length(data)/3,size(data,2),length(throat_wanted)); % 2 should be the column 

where the throat dimension is located. 

ss = zeros(length(data)/3,size(data,2),length(throat_wanted)); 

for ii = 1:length(throat_wanted); 

    g = find(data(:,1)==data(throat_wanted(ii)*(length(data)/3)-(length(data)/3)+1,1)); 

    s(:,:,ii)=data(g,:); 

    ss(:,:,ii)=data(g,:); 

end 

data = []; 

for ii = 1:length(throat_wanted); 

    data = [data ; s(:,:,ii)]; 

    data = [data ; ss(:,:,ii)]; 

end 

%% Delete unwanted length dimensions 

q=zeros(length(data)/7,size(data,2),length(length_wanted)); 

qq = zeros(length(data)/7,size(data,2),length(length_wanted)); 

for ii = 1:length(length_wanted); 

    g = find(data(:,3)==data((length_wanted(1,ii)*2-1),3)); 

    q(:,:,ii)=data(g,:); 

    qq(:,:,ii)= data(g,:); 

end 

data = []; 

for ii = 1:length(length_wanted); 

    data = [data ; q(:,:,ii)]; 

    data = [data ; qq(:,:,ii)]; 

end 

  

% example of the columns. 

% column 1 = length conus      

% column 2 = Throat Radius             

% column 3 = Mouth Radius                        

% column 4 = frequency                                     

% column 5 = average SPL 

% column 6 = min SPL 

% column 7 = max SPL 

% column 8 = dev SPL 

% creating deviation column in this case column 8 

data(:,8) = max(data(:,7)-data(:,5),data(:,5)-data(:,6)); 

for zz = 1:1:length(requirements_parametric); 

        xx = find(data(:,4)==f_parametric(:,zz) & data(:,8) > requirements_paramet-

ric(:,zz));         

        tf = isempty(xx); 

    if xx == 1 ; 

    else  

        for ff = 1:1:length(xx) 

        xxx = length(xx)+1-ff; 

        data(data(:,1)==data(xx(xxx),1) & data(:,2)==data(xx(xxx),2) & 

data(:,3)==data(xx(xxx),3),:) = []; 

        data(data(:,1)==data(xx(xxx),1) & data(:,2)==data(xx(xxx),2) & 

data(:,3)==data(xx(xxx),3),:) = []; 

        end  

    end 

end 

for ii = 1:1:(length(data)/length(f_parametric)); 

    for zz = 4:1:size(data,2); 

    average_data(ii,1) = data((ii*length(f_parametric)+1-length(f_parametric)),1); 

    average_data(ii,2) = data((ii*length(f_parametric)+1-length(f_parametric)),2); 

    average_data(ii,3) = data((ii*length(f_parametric)+1-length(f_parametric)),3); 

    average_data(ii,zz) = mean(data((ii*length(f_parametric)+1-length(f_paramet-

ric):ii*length(f_parametric)),zz));  

    end 

end 

%% finding the best values for SPL and Deviation at chosen frequencies 

[val, idx] = max(average_data(:,5)); 

best_spl_average_data = average_data(idx,:); 

[val, idx] = min(average_data(:,8)); 

best_deviation_average_data = average_data(idx,:); 

  

d=zeros(length(data)/length(f_parametric),size(data,2),length(f_parametric)); 
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for ii = 1:1:length(f_parametric); 

        q = f_parametric(ii); 

        u = find(data(:,4)==q); 

        b = data(u,:); 

        [val, idx] = max(b(:,5)); 

        best_spl_data (ii,:) = b(idx,:); 

        [val, idx] = min(b(:,8)); 

        best_deviation_data (ii,:) = b(idx,:);        

        d(:,:,ii)=data(u,:); 

end 

% Best deviation for f_wanted 

q = find(best_deviation_data(:,4)==f_wanted_deviation); 

values_deviation_data = best_deviation_data(q,1:3); % 3 = number of parameters 

x = find((data(:,1)==values_deviation_data(:,1) & data(:,2)==values_deviation_data(:,2) & 

data(:,3)==values_deviation_data(:,3))); 

best_deviation_graph_data = data(x,:); 

best_deviation_polar_data = data(x,:); 

% best SPL for f_wanted 

q = find(best_spl_data(:,4)==f_wanted_spl); 

values_spl_data = best_spl_data(q,1:3); 

x = find((data(:,1)==values_spl_data(:,1) & data(:,2)==values_spl_data(:,2) & 

data(:,3)==values_spl_data(:,3))); 

best_spl_graph_data = data(x,:); 

best_spl_polar_data = data(x,:); 

% best deviation for all frequencies 

x = find((data(:,1)==best_deviation_average_data(1,1) & data(:,2)==best_deviation_aver-

age_data(1,2) & data(:,3)==best_deviation_average_data(1,3))); 

best_deviation_average_data_graph = data(x,:); 

best_deviation_average_data_polar = data(x,:); 

% best SPL for all frequencies 

x = find((data(:,1)==best_spl_average_data(1,1) & data(:,2)==best_spl_average_data(1,2) & 

data(:,3)==best_spl_average_data(1,3))); 

best_spl_average_graph_data = data(x,:); 

best_spl_average_polar_data = data(x,:); 

%% figures 

% axes limits 

x = 0:2*pi/72:2*pi; 

t = find(f_parametric==f_wanted_deviation); 

%% hyperbolic 

figure(1) 

polaraxes('Rlim', [20 60]) 

hold on 

polarplot(x,best_spl_polar_data(t,:)); 

polarplot(x,best_deviation_polar_data(t,:)); 

polarplot(x,best_spl_average_polar_data(t,:)); 

polarplot(x,best_deviation_average_data_polar(t,:)); 

str = sprintf('SPL %dHz',f_wanted_spl); 

str2 = sprintf('Deviation %dHz', f_wanted_deviation); 

legend(str,str2,'SPL','Deviation','Location','northwest') 

str3 = sprintf('Hyperbolic: Omnidirectionallity at frequency %dHz', f_wanted_deviation); 

title(str3) 

  

figure(2) 

Names = {'Throat Radius';'mouth radius';'length Conus'}; % names of the column parameters  

T = table(Names, values_spl_data',best_spl_average_data(1,1:3)',values_devia-

tion_data',best_deviation_average_data(1,1:3)','VariableNames',{'dimension' 'SPL125' 

'SPL' 'Deviation1000' 'Deviation'}); 

% Get the table in string form. 

TString = evalc('disp(T)'); 

% Use TeX Markup for bold formatting and underscores. 

TString = strrep(TString,'<strong>','\bf'); 

TString = strrep(TString,'</strong>','\rm'); 

TString = strrep(TString,'_','\_'); 

% Get a fixed-width font. 

FixedWidth = get(0,'FixedWidthFontName'); 

% Output the table using the annotation command. 

annotation(gcf,'Textbox','String',TString,'Interpreter','Tex','FontName',Fixed-

Width,'Units','Normalized','Position',[0.1 0 0.9 0.9]); 

subplot(312) 
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semilogx(best_spl_graph_data(:,4),best_spl_graph_data(:,5),best_devia-

tion_graph_data(:,4),best_deviation_graph_data(:,5),best_spl_aver-

age_graph_data(:,4),best_spl_average_graph_data(:,5),best_deviation_aver-

age_data_graph(:,4),best_deviation_average_data_graph(:,5),'LineWidth',2) 

grid on 

str = sprintf('SPL %d Hz',f_wanted_spl); 

str2 = sprintf('Deviation %d Hz', f_wanted_deviation); 

legend(str,str2,'SPL','Deviation','Location','northwest') 

xlabel('Frequency in Hz') 

ylabel('SPL in dB') 

title('Average SPL') 

subplot(313) 

semilogx(best_spl_graph_data(:,4),best_spl_graph_data(:,8),best_devia-

tion_graph_data(:,4),best_deviation_graph_data(:,8),best_spl_aver-

age_graph_data(:,4),best_spl_average_graph_data(:,8),best_deviation_aver-

age_data_graph(:,4),best_deviation_average_data_graph(:,8),f_parametric,requirements_par-

ametric,'LineWidth',2) 

grid on 

str = sprintf('SPL %d Hz',f_wanted_spl); 

str2 = sprintf('Deviation %d Hz', f_wanted_deviation); 

legend(str,str2,'SPL','Deviation','Requirements','Location','northwest') 

xlabel('Frequency in Hz') 

ylabel('SPL in dB') 

title('Maximum deviation at 1 m') 

ylim([0 2]) 

% main title 

str = sprintf('Comsol data: The best shape for SPL %d Hz and Deviation %d 

Hz',f_wanted_spl,f_wanted_deviation); 

%[ax4,h3]=suplabel(str ,'t'); 

%% finding a compromise between omnidirectionality and SPL 

for zz = 1:1:length(data)/2; 

    data_middle(zz,:) = data(zz*2-1,5)/data(zz*2,8); 

end 

data_middle_best = max(data_middle); 

g = find(data_middle==data_middle_best); 

middle_values_data (1,:) = data(g*2-1,:); 

middle_values_data (2,:) = data(g*2,:); 

% end 
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The script below is the most basic script for data from measurement, adjustments are made for every 
measurement setup, but the calculation method is kept the same. 
 

clear all 

close all 

% Parameters to choose 

x = 0:2*pi/72:2*pi; 

f = [50 63 80 100 125 160 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 

5000 6300 8000 10000]; %1/3 octave band range for measurements 

f_wanted = 1000;               % one of the frequencies of f to generate a polar plot 

dead_angle = 0;                % must be 0 or a multiply of 5 - what angle behind the 

speaker you want to exclude from the calculation 

h = find(f==f_wanted);         % finds the index number to generate the polar plot with 

the right data 

a = 0:1:37;                    % measurement steps                  

%% load files 

 load('measurement.txt')    %microphone 1 (turning around sound source) 

 load('measurement_2.txt')  %microphone 2 (fixed position) 

%% Compression loss adjustment 

for i=1:length(measurement); 

    for k=1:length(f); 

        measurement(i,k) = measurement(i,k) + (measurement_2(1,k)-measurement_2(i,k)); 

    end 

end 

%% dead angle modification 

% delete parts 

elimination_low = 37-(dead_angle/5); 

elimination_high = 37+(dead_angle/5); 

measurement(elimination_low:1:elimination_high,:) = []; 

measurement_average = mean(measurement); 

% reload files 

load('measurement.txt') 

% rewrite parts 

elimination_low = 37-(dead_angle/5); 

elimination_high = 37+(dead_angle/5); 

for i = 1:1:length(measurement_average); 

measurement(elimination_low:1:elimination_high,i) = [measurement_average(:,i)]; 

end 

%% calculation of average sound power level and maximum deviation 

for i = 1:1:length(measurement_average); 

    deviation_measurement (:,i) = max(measurement_average(:,i)-min(measure-

ment(:,i)),max(measurement(:,i))-measurement_average(:,i)); 

end 

%% figures 

% axes limits 

a = 50; 

b = 100; 

%% figures 

figure(1)                           %polar plot 

polaraxes('Rlim', [a b]) 

hold on 

polarplot(x',measurement(:,h),'linewidth',2); 

legend('measurement','location','northwest') 

str = sprintf('Omnidirectionallity at frequency %d Hz', f_wanted); 

title(str) 

figure (2)      % average SPL and deviation 

subplot(121)    % average SPL 

semilogx(f,measurement_average,'LineWidth',2) 

grid on 

legend('measurement','location','northwest') 

xlabel('Frequency in Hz') 

ylabel('SPL in dB') 

title('Average Sound Power Level') 

subplot(122)    % average deviation 

semilogx(f,deviation_measurement,'LineWidth',2) 

legend('measurement','location','northwest') 

grid on 

xlabel('Frequency in Hz') 

ylabel('Deviation in dB') 

title('Maximum Deviation at 1 m') 
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 11.5  How to build the COMSOL model 

This chapter of the appendix shows step by step how to reproduce the COMSOL models designed in 
COMSOL. Since the model is axisymmetric, for the space dimension 2D axisymmetric was chosen. In   the 
Select physics tree, select acoustics>pressure acoustics>Pressure Acoustics, Frequency Domain (acpr). For 
the study, Frequency Domain was selected. 

 11.5.1  General Parameters 

To adjust the model in a quick way, there are some general parameters set. These parameters can be made 
in by pressing right click on Definitions underneath the header Global and pressing Parameters. Table 11.1 
shows the used parameters and where they are used for. The expression and value must be filled into your 
own preferences. 
 
Table 11.1: Parameters for COMSOL model 

Name Expression Value Description 

Rthroat   Radius of the throat 

Rmouth   Radius of the mouth 

length   Length of the cone 

alpha   Factor which determines how hyperbolic (=0) or 
exponential (=1) the shape is. 

cabinet   Shape of the half ellipse, used as cabinet. 

dB   Sound Power level of Plane Wave radiation 

 

 11.5.2  General model builder 

Every model is designed in the same way, but because of the shape different functions and numbers are used. 

These different numbers and functions are discussed later in this appendix. The first step is to design the 

geometry. 

Parametric curves 1 and 2 

In the Model builder window, right-click Geometry 1 and chose Parametric curve. The functions according to 

the cone shape. For the second Parametric curve right-click Parametric Curve 1 and select Duplicate. Multiplie 

in the setting the r in Expressions and Position with -1. 

Polygon 1 and 2 

In the Model builder window, right-click Geometry 1 and chose Polygon. For Data source select table, insert 

for the first and second polygon the coordinates according to table 11.2. 

Table 11.2: Coordinates for polygon 1 and 2, COMSOL model. 

Polygon 1  Polygon 2  

r (m) z (m) r (m) z (m) 

-Rmouth 0 -Rmouth -length 

Rmouth 0 Rmouth -length 
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Convert to solid 

In the Model builder window, right-click Geometry 1 under Conversions select Convert to Solid. Select for the 

input objects: The four lines: pc1, pc2, pol1 and pol2. 

Circle 1 and 2 

In the Model builder window, right-click Geometry 1 select Circle and one with a radius of 1.2 m and the other 

one of 1 m. 

Union 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Union and select 

for input objects both circles: c1 and c2. 

Parametric curves 3 and 4 

In the Model builder window, select Parametric Curve 1 and 2, right-click and select Duplicate. Change the 

position of both curves by adding 0.005 to Parametric Curve 3 and subtracting 0.005 to Parametric Curve 4. 

Polygon 3 and 4 

In the Model builder window, select Polygon 1 and 2, right-click and select Duplicate. Change the position of 

both curves by adding 0.005 to Polygon 3 and subtracting 0.005 to Polygon 4 to the r(m) in the table. 

Convert to solid 

In the Model builder window, right-click Geometry 1 under Conversions select Convert to Solid. Select for the 

input objects: The four lines: pc3, pc4, pol3 and pol4. 

Polygon 5 

In the Model builder window, right-click Geometry 1 and chose Polygon. For Data source select table, insert 

for the fifth polygon the coordinates according to table 11.3. 

Table 11.3: Coordinates for the fifth polygon, COMSOL model.  

r (m) z (m) 

Rthroat+0.005 -length 

Rthroat+0.005 -(l+0.005) 

-(Rthroat+0.005) -(l+0.005) 

-(Rthroat++0.005) -length 

 

Difference 1 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Difference and 

select for objects to add: uni1. And select for objects to subtract: csol2 and pol5. 
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Ellipse 1 

In the Model builder window, right-click Geometry 1 select Ellipse. Insert the values according to table 11.4. 

Table 11.4: Values to design the ellipse, cabinet shape, COMSOL model. 

Size and shape  

a-semi axis Rthroat+0.005 [m] 

b-semi axis length/cabinet [m] 

Sector Angle 180 [deg] 

Position  

r 0 [m] 

z -(length+0.005) [m] 

Rotation Angle  

Rotation 180 [deg] 

 

Difference 2 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Difference and 

select for objects to add: dif1. And select for objects to subtract: e1. 

 11.5.3  Finishing the models 

Perfectly matched layer 

In the Model builder window, in the Component window, right-click on Definitions and select Perfectly 

Matched layer. Select the outer part (1) of the circle as active. 

Plane wave radiation   

In the Model Builder window, right-click on pressure Acoustics, Frequency Domain (acpr) and select Plane 

Wave Radiation select line 4. Right click on Plane Wave Radiation and select Incident Pressure Field and 

change the Pressure amplitude to (2*10^-5)*10^(dB/20). This is derived from equation  X. 

LdB= 20 * log (pressure amplitude / (2*10^-5))       (X) 

Far field Calculation 

In the Model Builder window, right-click on pressure Acoustics, Frequency Domain (acpr) and select Far-Field 

Calculation select line 11 and 13, the inner circle. 

Material 

Right click Materials and select Open Material Browser. Search air and select Add material to model. 

Mesh 

Previous studies showed that, when modelling acoustic features, the following rule should be used. For the 

mesh, at least eight elements per wavelength should be used. (Guy-Bart, Jean-Jacques, Dominique, 2002). 

The highest frequency of research is 4 kHz, which results in a maximum element size of 1 cm. 
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Free Quad 1 

Right-click Mesh 1 and choose Free Quad. In the Free Quad settings window, locate the Domain Selection 

section from the Geometric entity level list, choose Domain. Select Domains 2-3 only 

Size 

Under Mesh 1 click Size. In the Size settings window, locate Element size parameters. In the Maximum element 

size change it to 0.01. 

Mapped 

Right-click Mesh 1 and choose Mapped. Right-click Mapped and choose Distribution. Select boundary 7 only. 

In the Distribution settings window, locate the Distribution section. In the Number of elements change it to 8. 

 11.5.4  Inverse horn shapes functions 

 

Table 11.5: Functions of the inverse horn shapes, COMSOL model.  

Shape Exponential Conical Parabolic Hyperbolic 

Parameter     

Name s s s s 

Minimum 0 0 0 Rmouth 

Maximum Rthroat-Rmouth Rthroat-Rmouth Rthroat-Rmouth Rthroat 

Expressions     

r: s s s s 

z: 2^(s*(log(1-
lengte)/log(2))/(Rth
roat-Rmouth)) 

-s*lengte/(Rthroat-
Rmouth) 

-(lengte/((Rthroat-
Rmouth)^2)*(s^2)) 

-
(1/(s*(1/Rthroat*le
ngte)-
1/(Rmouth*lengte))
)) 

Position     

r: Rmouth Rmouth Rmouth 0 

z: -1 0 0 (1/(Rmouth/(lengte
*Rthroat)-
(1/lengte))) 
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 11.6  How to build the COMSOL model (Ring-Radiator) 

This chapter of the appendix shows step by step how to reproduce the COMSOL models designed in 
COMSOL. Since the model is axisymmetric, for the space dimension 2D axisymmetric was chosen. In   the 
Select physics tree, select acoustics>pressure acoustics>Pressure Acoustics, Frequency Domain (acpr). For 
the study, Frequency Domain was selected. 
 

 11.6.1  General Parameters 

To adjust the model in a quick way, there are some general parameters set. These parameters can be made 
in by pressing right click on Definitions underneath the header Global and pressing Parameters. Table 11.6 
shows the used parameters and where they are used for. The expression and value must be filled into your 
own preferences. 
 
Table 11.6: Parameters for COMSOL model 

Name Expression Value Description 

Rd   Radius of the driver 

Dgap   Distance between drivers 

l   Length of the cone 

Rgap Dgap/2  Half the distance between drivers 

dB   Sound Power level of Plane Wave radiation 
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 11.6.2  Model builder 

Circle 1 and 2 

In the Model builder window, right-click Geometry 1 select Circle and one with a radius of 1.2 m and the other 

one of 1 m. 

Union 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Union and select 

for input objects both circles: c1 and c2. 

Ellipse 1, 2, 3 and 4 

In the Model builder window, right-click Geometry 1 select Ellipse and give the values according to table 11.7.  

  

Table 11.7: input values for ellipses, COMSOL model.  

 Ellipse 1 Ellipse 2 Ellipse 3 Ellipse 4 

Size and shape     

a-semi axis Rd+0,005 Rd+0,005 Rd+0,01 Rd+0,01 

b-semi axis l l L+0,005 L+0,005 

Sector angle 180 180 180 180 

Position     

r 0 0 0 0 

z -Rdgap Rdgap -Rdgap Rdgap 

Rotation Angle     

Rotation 180 0 180 0 

 

 

Rectangle 1 and 2 

In the Model builder window, right-click Geometry 1 select Rectangle and give the values according to table 

11.8.   

 

Table 11.8:  input values for rectangle 1 and 2, COMSOL  model.  

 Rectangle 1 Rectangle 2 

Size   

Width 2*Rd 2*Rd 

Height 0.005 0.005 

Position   

r -Rd -Rd 

z -0.005-Rgap Rgap 
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Difference 1 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Difference and 

select for objects to add: uni1. And select for objects to subtract: e3 and e4. 

Difference 2 

In the Model builder window, right-click Geometry 1 under Booleans and Partitions select Difference and 

select for objects to add: e1 and e2. And select for objects to subtract: r1 and r2. 

 11.6.3  Finishing the models 

Perfectly matched layer 

In the Model builder window, in the Component window, right-click on Definitions and select Perfectly 

Matched layer. Select the outer part (1) of the circle as active. 

Plane wave radiation   

In the Model Builder window, right-click on pressure Acoustics, Frequency Domain (acpr) and select Plane 

Wave Radiation select line 4. Right click on Plane Wave Radiation and select Incident Pressure Field and 

change the Pressure amplitude to (2*10^-5)*10^(dB/20). This is derived from equation  X. 

LdB= 20 * log (pressure amplitude / (2*10^-5))       (X) 

Far field Calculation 

In the Model Builder window, right-click on pressure Acoustics, Frequency Domain (acpr) and select Far-Field 

Calculation select line 11 and 13, the inner circle. 

Material 

Right click Materials and select Open Material Browser. Search air and select Add material to model. 

Mesh 

Previous studies showed that, when modelling acoustic features, the following rule should be used. For the 

mesh, at least eight elements per wavelength should be used. (Guy-Bart, Jean-Jacques, Dominique, 2002). 

The highest frequency of research is 4 kHz, which results in a maximum element size of 1 cm. 

Free Quad 1 

Right-click Mesh 1 and choose Free Quad. In the Free Quad settings window, locate the Domain Selection 

section from the Geometric entity level list, choose Domain. Select Domains 2-3 only 

Size 

Under Mesh 1 click Size. In the Size settings window, locate Element size parameters. In the Maximum element 

size change it to 0.01. 

Mapped 

Right-click Mesh 1 and choose Mapped. Right-click Mapped and choose Distribution. Select boundary 7 only. 

In the Distribution settings window, locate the Distribution section. In the Number of elements change it to 

8. 
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 11.7  Shape study 

This appendix shows the effect of changing parameters for all different shapes of the inverse horn. 

 11.7.1  Length inverse horn 

The length is changing from 0.1 m up to 0.7 m, the results are shown in the figures. Regarding the SPL for a 
shorter horn the SPL becomes higher and flatter. How flat and high it becomes is different for all the shapes. 
For example, the hyperbolic shaped inverse horn, figure 11.17, is flatter compared to the other lines. The 
exponential and conical shape results are quite similar, this is because the shapes are quite similar. 
 
Regarding the omnidirectionality it is getting more omnidirectional up to 0.5 or 0.6 meter, depending on the 
shape, and then it gets worse again. This is probably due to distortion, 4.2.3 Distortion , distortion occurs in 
the propagation of the waves itself. So, if the horn gets to long more distortion will occur influencing the 
omnidirectionality of the inverse horn. 
 
 

 
Figure 11.15: Influence length exponential inverse horn. 

 

 

Figure 11.16: Influence length conical inverse horn. 
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Figure 11.17: Influence length hyperbolic inverse horn. 

Figure 10.18: Influence length parabolic inverse horn. 

 

 11.7.2  Mouth radius inverse horn 

The mouth radius is changing from 0.004 m up to 0.010 m with steps of 0.001 m. As mentioned in 4.2.1 
Acoustical impedance a larger opening causes less reflections, resulting in a higher SPL. While a smaller 
opening is improving omnidirectional diffraction, the results confirms this. 
 

Figure 11.19: Influence mouth radius conical inverse horn. 
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Figure 11.20: Influence mouth radius exponential inverse horn. 

 

Figure 11.21: Influence mouth radius hyperbolic inverse horn. 

 

 

Figure 11.22: Influence mouth radius parabolic inverse horn. 
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 11.7.3  Throat radius inverse horn 

The throat diameter is changing in 3 dimensions, 0,05m, 0,075 m and 0,10 m which are the most common 
dimensions for the driver and compression driver. All figures show a rise in SPL and a worse omnidirectionality 
if the throat is enlarged. Which is quite logical, a larger throat means more input. Regarding the 
omnidirectionality, as mentioned in 4.2.8 Inverse horn dimensions, another important factor is the throat to 
mouth ratio, if a throat is rapidly converging distortion occurs, causing a worse omnidirectionality. 
 
However, there is a difference in the size of the effect, between the shapes. For example, the hyperbolic shape 
shows smaller effects compared to the parabolic shape. Because the hyperbolic shape, due to its shape is 
converging quicker at the bottom and therefore reflecting more at the throat. A larger throat is therefore of 
less influence. The difference between the middle throat and small and large throat is similar for all shapes. 
 

 

 

 
Figure 11.23: Influence throat radius conical inverse horn. 
 
 
 
 

 

Figure 10.22: Influence throat radius exponential inverse horn. 
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Figure 11.25: Influence throat radius hyperbolic inverse horn. 

 

 

 

Figure 11.26: Influence throat radius parabolic inverse horn. 
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 11.8  Methods A and B 

The dodecahedron’s geometry is invariant when rotating around an axis centred on any of its faces by a 
‘periodicity angle’ such that, after turning, one side of that face matches any other side of the same face. 
The faces of dodecahedrons are pentagons, and therefore the invariant rotation angle αn is an integer 

number of times the angle between faces. 
 
This geometrical property can be exploited to replicate a certain known part of the directivity pattern in 
such a way that the whole sphere of the directivity balloon can be extrapolated. Measuring a certain part of 
the dodecahedral, because of its geometrical property this measured part is for several positions the same. 
Therefore, using extrapolation gives the information for the complete dodecahedron. However, duplicating 
several parts are overlapping. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 11.27: Rotation of a dodecahedral 
 
After the coordinate rotation process, the whole balloon of regenerated directivity is available, that is, the 

entire sphere is covered but its position is now expressed using the new spherical coordinates (θ′, φ′). 

The first problem is directivity overlapping after rotation. When two directivity zones overlap, two strategies 

can be adopted: Methods A or B. 

Method A 

This method consists in discarding one of the overlapping areas. This is done by triangulating all the 

pentagons of the dodecahedron and using the barycentric technique to place each point (θ ′, φ ′) in these 

triangles. 

Method B 

All the rotated coordinates (θ′, φ′) are added to the scattered interpolation process described below, 

without discarding any of the overlapping areas. 
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 11.9  COMSOL® 

COMSOL is an interactive environment for modelling and simulating scientific and engineering problems. 
COMSOL has several modules, this report will make use of the acoustic module. Products and designs 
involving acoustic phenomena can be modelled to study and to predict. The Acoustics Module provides tools 
for modelling acoustics and vibrations, acoustics can be coupled with other physical effects, for example 
structural mechanics. The COMSOL software contains Multiphysics couplings to evaluate the performance of 
a product or design in an environment that is as close as possible to the real world. Before using COMSOL as 
a comparison to the real world, it needs to be understood and validated. [1] 
 

 11.9.1  Basics of Acoustics - COMSOL 

Sound is the sensation of very small rapid changes in the acoustic pressure p above and below a static value 
p0. This static value is the atmospheric pressure (about 100,000 pascals). The acoustic pressure variations are 

typically described as pressure waves propagating in space and time. The wave peaks are the pressure maxima 
while the troughs represent the pressure minima. 
 
The frequency (f) is the number of vibrations perceived per second and the wavelength (λ) is the distance of 
one vibration. The speed of sound (c) is given as the product of the frequency and the wavelength, equation 
11.5. The angular frequency (ω) of the wave, is the product of frequency and two times pi, equation 11.6,and 
measures angular displacement per unit time. The wave number (k) is defined as 2 times pi divided by the 
frequency, equation 11.7. The wave number, which is the number of waves over a specific distance, is also 
usually defined as a vector k, such that it also contains information about the direction of propagation of the 
wave, with |k|=k. In general, the relation between the angular frequency ω and the wave number k is called 
the dispersion relation; for simple fluids it is according to equation 11.8.   
c=λ·f                                     (11.5) 
ω=2·π·f                        (11.6) 
k=2·π/λ                        (11.7) 
ω/k=c                        (11.8) 
 
The equations that describe the propagation of sound in fluids are derived from the governing equations of 
fluid flow. That is, conservation of mass, which is described by the continuity equation; the conservation of 
momentum, that is often referred to as the Navier-Stokes equation; an energy conservation equation; the 
model constitutive equations; and an equation of state to describe the relation between thermodynamic 
variables. In the classical case of pressure acoustics, which describes most acoustic phenomena accurately, 
the flow is assumed lossless and adiabatic, viscous effects are neglected, and a linearized isentropic (adiabatic 
and reversible) equation of state is used. [1] 
 
Under these assumptions, the acoustic field is described by one variable, the pressure p, and is governed by 
the wave equation, equation 11.9. 

1

ρ0⋅𝑐2 ⋅
𝜕2𝑝

𝜕𝑡2 + 𝛻 ⋅ (−
1

ρ0
⋅ (𝛻𝑝 − 𝑞)) = 𝑄                   (11.9) 

where t is time in seconds, ρ0 is the density of the fluid in kg/m3, and q in N/m3 and Q in 1/s2 are possible 

acoustic dipole and monopole source terms. 
 
 
Acoustic problems often involve simple harmonic waves such as sinusoidal waves. More generally, any signal 
may be expanded into harmonic components via its Fourier series. The wave equation can then be solved in 
the frequency domain for one frequency at a time. A harmonic solution has the form of equation 11.10. 

𝑝(𝑥, 𝑡) = 𝑝(𝑥) ⋅ sin(ω𝑡)                    (11.10) 
 
where the spatial p(x) and temporal sin(ωt) components are split. The pressure may be written in a more 
general way using complex variables as in equation 11.11. 
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𝑝(𝑥, 𝑡) = 𝑝(𝑥) ⋅ 𝑒(𝑖ω𝑡)                    (11.11) 
 
where the actual physical value of the pressure is the real part. Using this assumption for the pressure field, 
the time-dependent wave equation reduces to the well-known Helmholtz equation 

𝛻 ⋅ (−
1

ρ0
⋅ (𝛻𝑝 − 𝑞)) −

ω2

ρ𝑛⋅𝑐2 ⋅ 𝑝 = 𝑄                   (11.12) 

 
In the homogeneous case where the two source terms q and Q are zero, one simple solution to the Helmholtz 
equation 11.12 is the plane wave, as equation 11.13. 

𝑝 = 𝑃0 ⋅ 𝑒𝑖(ω𝑡−𝑘⋅𝑥)                     (11.13) 
 
where P0 is the incident pressure amplitude, and it is moving in the k direction (longitudinal wave) with 

angular frequency ω and wave number k=|k|. 
 

 11.9.2  Pressure Acoustics, frequency domain – COMSOL 

This physics interface, is used to compute the pressure variation for propagation of acoustic waves in fluids 
at quiescent background conditions. It is suited for all frequency-domain simulations with harmonic variations 
of the pressure field. It could be part of a larger Multiphysics model which describes, for example, the 
interactions between structures and acoustic waves. It depends on the type model if structure interactions 
and acoustic waves are necessary to model. 
 
The physics interface solves the Helmholtz equation in the frequency domain for given frequencies. 
 
The sound pressure p, which is solved for in pressure acoustics, represents the acoustic variations to the 
ambient pressure. In this case, because of the absence of flow, the ambient pressure is simply the static 
absolute pressure. In the presence of a background acoustic pressure wave pb the total acoustic pressure pt 
is the sum of the pressure solved for p and the background pressure wave. The governing equations are 
formulated using the total pressure in a so-called scattered field formulation. The equations hence contain 
the information about the background pressure, in this case it is a user defined plane wave. 
 
The model is axisymmetric, so the geometrical dimensions of the acoustic problems are reduced from 3D to 
2D. In this case, it is possible to specify an out-of-plane wave number kz and a circumferential wave number 

m, when applicable. The wave number used in the equations keq contains both the ordinary wave number k 

as well as the out-of-plane wave number and circumferential wave number, when applicable. The ordinary 
wave number is calculated using equation 11.14. 

𝑘𝑧
2 + 𝑘𝑟

2 = 𝑘2                      (11.14) 
 
For 2D axisymmetric components, the default Circumferential wave number m (dimensionless) is 0. The 
default Out-of-plane wave number kz (SI unit: rad/m) is 0 rad/m, kz is a component of the propagation 
direction in the z direction. The out-of-plane wave number is appropriate to use when there is a known out-
of-plane propagation constant or known number of azimuthal modes. Azimuthal modes are standing waves 
in the rotating direction. 
 
The default Scaling factor Δ is 1/ω2. The Non-reflecting boundary condition approximation is a Second order. 
First order and Second order are formulated as hierarchies of conditions of increasing accuracy. Often 
increasing accuracy is synonymous with introduction of high-order derivatives on the boundary. [29] 
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 11.9.3  Length and Time Scales - COMSOL 

When solving the Helmholtz equation in COMSOL in the frequency domain, only one time scale T is used, it 
is set by the frequency, T = 1/f. So, when solving the Helmholtz equation only one vibration is simulated. In 
order to get an accurate solution, the mesh should be fine enough to both resolve the geometric features 
and the wavelength. As a rule of thumb, the maximal mesh size should be less than or equal to λ/8. If the 
mesh size gives an accurate solution can be checked by creating a finer mesh and compare the solution, it 
should be the same. 
 

 11.9.4  Boundary Conditions - COMSOL 

The omnidirectionality of a loudspeaker is measured at 1 meter of the acoustical centre in free field, free field 
means there are no reflections. Therefore, the boundaries in the models of this report are modelled as a 
perfectly matched layer, a boundary where no sound is reflected. The length of such a perfectly matched layer 
should be long enough so no reflection occurs. In this case, a length of 1 meter is taken. The perfectly matched 
layer is placed at 0.2 meter of the line of measurement. 
 

 11.9.5  Propagation of Sound in Solids - COMSOL 

The propagation of sound in solids happens through small-amplitude elastic oscillations of the solids shape 
and structure. These elastic waves are transmitted to surrounding fluids as ordinary sound waves. Through 
acoustic-structure interaction, the fluid’s pressure causes a fluid load on the solid domain, and the structural 
acceleration affects the fluid domain as a normal acceleration across the fluid-solid boundary. 
 

 11.9.6  Thermoacoustic - COMSOL 

Geometries with small dimensions, it is necessary to include thermal conduction effects and viscous losses 
explicitly in the governing equations. Near walls, viscosity and thermal conduction become important 
because the acoustic field creates a viscous and a thermal boundary layer where losses are significant. A 
detailed description is needed to model these phenomena; the dedicated Thermoacoustic, Frequency 
Domain interface solves the full linearized Navier-Stokes, continuity, and energy equations simultaneously. 
The physics interface solves for the acoustic pressure p, the particle velocity vector u, and the acoustic 
temperature variation T. These are the acoustic variations on top of the mean background values. 
The length scale at which the thermoacoustic description is necessary is given by the thickness of the viscous 
(v) and thermal (th) boundary layers, equation 11.15 and 11.16. 

δ𝑣 = √
𝑘

π⋅𝑓⋅ρ
                      (11.15) 

δ𝑡ℎ = √
𝑘

π⋅𝑓⋅ρ⋅𝐶𝑝
                       (11.16) 

 
Where μ is the dynamic viscosity, k is the coefficient of thermal conduction, and Cp is the specific heat 

capacity at constant pressure. These two length scales define an acoustic boundary layer that needs to be 
resolved by the computational mesh. 
Another way to introduce losses in the governing equations is to use the equivalent fluid models available in 
the pressure acoustics physics interfaces. In a homogenized way, this introduces attenuation properties to 
the bulk fluid that mimic different loss mechanism. This contrasts with the thermoacoustic physics interfaces 
that model losses explicitly where they happen, that is, in the acoustic boundary layer near walls. The fluid 
models include losses due to bulk thermal conduction and viscosity (in the main Pressure Acoustics domain 
feature). 
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 11.9.7  Initial Values - COMSOL 

For this model, a linear elastic fluid model is used. Meaning, when the material parameters are real values 
this corresponds to a lossless compressible fluid. For each of the following, the default values (when 
applicable) are taken from material information. Density and speed of sound, the speed of sound in dry air at 

20 degrees is equal to 343 m/s. This value is used in COMSOL in air. For density a value of 1.225 kg/m3 is 
taken. The Sound Hard Boundary (Wall) adds a boundary condition for a sound hard boundary or wall, which 
is a boundary at which the normal component of the acceleration is zero. Resulting in equation 11.17. 
 

−𝑛 ⋅ (
−1

ρ0
⋅ (𝛻ρ − 𝑞𝑑)) = 0                    (11.17) 

 
The initial values for the Pressure p (SI unit: Pa) and the Pressure, first time derivative, ∂p/∂t (SI unit: Pa/s) 
are 0 Pa and 0 Pa/s, respectively. 

 



110 

 11.10  Build process 

This chapter describes all the steps of the building process extensively. 

 11.10.1  3D printer 

From COMSOL the 2D axisymmetric design is converted to a 3D model, a 
very fine mesh is selected and is exported to an STL file. The mold exists 
out of 2 models. Firstly, the first centimetre of the horn is printed this is 
due to the fact Perfolin must be placed in between. Secondly, the rest of 
the model is printed. 

 11.10.2  Smooth Mold 

When the model is 3D printed, the surface of the mold is rough. Therefore, 
the mold is edited with sandpaper. Firstly, a rough type of sandpaper is 
used, with grain size P80. A second sandpaper of grain size P140 is used and 
finally the mold is edited with a P800 size of grain sandpaper. 
 

 11.10.3  Mold release 

When the mold is smoothed, it is anointed with TR mold release wax. TR mold release wax is a release agent 
for many composite molding applications utilizing polyester/epoxy tooling, Formica, metal and other hard 
surface molds. Every quarter a layer of  TR mold release wax is anointed, repeated for six times. Eventually, 
the final time a 30-minute wait is necessary. After these 30 minutes, a thin layer of Vaseline is anointed on 
the surface of the mold. 

 11.10.4  Resin and optical fibre 

Shortly after the Vaseline is applied, resin is poured over the mold. Resin is not attaching to the Vaseline, 
therefore it is necessary to have a syrupy texture, like honey, for the Resin. Resin is made with a 2:1 ratio of 
Resion EP101 epoxy resin and Resion EP113 epoxy hardener. When the Resin is poured over the mold, quickly 
after it, optical fibre is applied to the mold and a small layer of resin is anointed with a brush. 16 hours drying 
time is needed and this process is repeated until the inner part is thick enough to be self-supporting. 
 
When the inner part is thick enough to be self-supporting, this part is 
released from the mold. If the resin isn't releasing from the mold, the mold 
must be heated to have the mold release wax and Vaseline more liquid. 

 11.10.5  Idikell 

Finally, the Idikell is attached to the horn. Idikell is a thermoplastic based on 

bitumen and fillers with a high density. Idikell is heated with hot air gun, to 

have it easier shaped. Two layers of Idikell is attached to the horn. 

 11.10.6  Driver 

To have the driver to be demountable and for the Perfolin to be removable, 
the driver is built according to figure 11.29. The red part is the bottom part 
of the inverse horn, of approximately 1 cm. The yellow dotted line is the 
Perfolin, and the green part is the top part of the inverse horn. The blue lines 
are bolts and nuts.  
 

 

 

 

 

 

Figure 11.28: Blue is the 3D-

printed mold, red will be the 

poured resin.. 

Figure 11.29: How to attach the 
driver to the inverse horn. 
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 11.11  Frequency response drivers 

Figure 11.30 to 11.32 shows the frequency response from the drivers used in this report.  

 

 

  
Figure 11.30: MM 4X meyer sound, Frequency response acquired from MAPP XT. 
 
 

 

 
Figure 11.31:  SB acoustics SB12NRX25-4 (IEC baffle, mic. distance 31.6 cm, SPL shown for 2.83 V / 1 m). 
 
 
 

 
Figure 11.32:  Frequency Response and Impedance of JBL 2490H on JBL 2393 Horn. 
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 11.12  Specification sheets of drivers in the report  

The following part of the appendix includes the specification sheets of the used drivers in the report. The 

specification sheets are shown in the following order: PASO UT-60, MM 4X meyer sound, JBL pro 2490H MF 

Compression Driver and the SB acoustics SB12NRX25-4 4-inch driver. 


