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Abstract  

Wall mounted loudspeakers are becoming more and more appealing to the average home. 
The disadvantage with these kinds of loudspeakers is that the acoustic flaws of a room, in 
most cases, get more excited. A company named DLS Svenska AB is keen to find a solution 
to this problem and the following mission statement, translated from Swedish to English, 
was handed to the author from their loudspeaker engineer named Mats Andersen: 
 

“Mission to investigate, measure and verify the possibility to remove/minimize the effect the 
closest room boundary has on the sound from wall mounted speakers, or speakers standing 
close to a wall, using acoustic and electrical solutions. With focus on acoustic solutions. 
Electric solutions essentially means analog solutions, but also to examine digital solutions 
(DSP).” 

 
Five different prototypes called Chamfer, Plate, Pressient, Toploaded and Type R were 
developed based on acoustical theories. Chamfer was focusing on edge diffractions. Plate 
had a wide baffle which would lower the box shadowing. Pressient and Type R were based 
on microphone technologies and Toploaded used an acoustical mirror. Frequency 
spectrums for all the prototypes were measured in a room called multi-studio and in an 
anechoic chamber. By doing this it was possible to identify the problems created by the wall 
behind the loudspeaker. The polar patterns were measured in the anechoic chamber to 
investigate if the prototypes had the wanted radiation patterns. 
 
The results produced by the experiments in this thesis say that it is possible to minimize the 
effect the closest room boundary (i.e. the wall behind the loudspeaker) has on the sound 
from wall mounted speakers. However, it is not possible to remove the effect completely, 
with the tested acoustical solutions. Electrical solutions were not investigated since it fell 
outside the author’s educational orientation. Some of the prototypes did not behave as 
expected. All of the prototypes require further work to be usable for conventional 
loudspeakers, even those which had good cardioid or half spherical characteristics. 
Chamfer did minimize the back radiation quite well, but some pretty drastic interference 
appears when the baffle ends right at a room boundary. Plate did extend the box shadowing 
to lower frequencies so the reflections would not disturb the midrange as much. The baffle 
did, on the other hand, create drastic edge diffractions. Pressient did not work at all. It had 
a system which works in theory but needs more implementation in real life to work 
properly. Toploaded had more success than the previous prototypes. The acoustical mirror 
worked very well and the prototype acted as ka goes to zero up to 900 Hz instead of creating 
minimum and maximum. The theory for Type R works, but it created some acoustical 
disturbances which make it unsuitable for conventional use. 
 
KEYWORDS: Wall mounted loudspeakers, cardioid radiation pattern, half spherical 
radiation pattern, acoustics. 



 

Sammanfattning

Väggmonterade högtalare blir mer och mer tilltalande för det genomsnittliga hemmet. 
Nackdelen med denna typ av högtalare är att de akustiska bristerna i ett rum framhävs, i de 
flesta fallen. Ett företag som heter DLS Svenska AB är angelägna om att hitta en lösning på 
detta problem och följande uppdragsbeskrivning överlämnades till författaren från deras 
högtalarkonstruktör vid namn Mats Andersen:  
 

”Uppdrag att undersöka mäta och verifiera möjligheterna att ta bort/minimera väggens 
inverkan på ljudet från vägg hängda eller vägg nära högtalare med hjälp av akustiska och 
elektriska lösningar. Med fokus på akustiska lösningar. Med elektriska lösningar menas 
analoga lösningar i huvudsak men att även undersöka digitala lösningar(DSP).” 

 
Fem olika prototyper utvecklades utifrån akustiska teorier. Den första prototypen 
fokuserade på kantdiffraktioner. Den andra prototypen hade en bred baffel vilket skulle 
sänka högtalarens skuggning. Två prototyper baserades på mikrofonteknik och den sista 
använde sig av en akustisk spegel. Frekvensspektra för alla prototyper mättes i ett rum som 
kallas för multi-studio samt i ett ekofritt rum. Genom att göra detta var det möjligt att 
identifiera de problem som väggen bakom högtalaren skapade. De polära mönstren mättes i 
det ekofria rummet för att undersöka om prototyperna hade kardioida strålningsmönster.  
 
De resultat som experimenten i detta examensarbete tog fram säger att det är möjligt att 
minimera effekten som den närmaste väggen (dvs väggen bakom högtalaren) har på ljudet 
från väggmonterade högtalare. Det är emellertid inte möjligt att ta bort effekten fullständigt 
med de testade akustiska lösningarna. Elektriska lösningar undersöktes inte, eftersom det 
föll utanför författarens utbildning. Några av prototyperna betedde sig inte som förväntat. 
Samtliga prototyper kräver ytterligare arbete för att kunna användas som konventionella 
högtalare, även de som hade bra kardioid eller halvsfäriska strålningsmönster. Chamfer 
minimerade den bakåtgående strålningen ganska bra, men drastiska interferenser skapas då 
baffeln slutar precis vid en rumsavgränsning. Plate förlängde lådskuggningen till lägre 
frekvenser så att reflektionerna inte skulle störa mellanregistret lika mycket. Baffeln 
skapade däremot drastiska kantdiffraktioner. Pressient fungerade inte alls. Dess system 
fungerar i teorin men det behöver mer implementering för att fungera på riktigt. 
Toploaded hade större framgångar än tidigare prototyper. Den akustiska spegeln fungerade 
mycket bra och prototypen agerade som att ka går mot noll upp till 900 Hz istället för att 
skapa minimum och maximum. Teorin för Type R fungerar, men den skapade akustiska 
störningar vilket gör den olämplig för vardagligt användande.  
 
 
NYCKELORD: Väggmonterade högtalare, kardioid strålningsmönster, halvsfäriskt 
strålningsmönster, akustik. 
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1 Introduction  
This is a thesis of 30 hp written in 2014 for a Master of Science degree in Sound Design at 
Luleå University of Technology (LUT).  
 
1.1 PROJECT INCENTIVES 
Wall mounted loudspeakers is becoming 
more and more appealing to the average 
home. There are of course good reasons 
to why these kinds of loudspeakers are 
getting popular, and that is because of 
the design requirements today and the 
need to make the speaker blend in as 
much as possible into domestic living 
rooms. 
 
Listening to a loudspeaker specifically 
designed for placement near a room 
boundary can at the beginning feel 
disconcerting according to Colloms [1]. 
The acoustic flaws of a room get more 
excited with a wall mounted speaker 
which can create the illusion of lessened 
stereo depth and an altered spectral 
balance.  
 
Reflections in the midrange made from 
the wall behind the loudspeaker strongly 
depend on the radiation pattern of the 
loudspeaker. A good cardioid or half 
spherical radiation pattern improves the 
ratio of direct to reflected sound which 
will create a more focused and sharpened 
sound image. The treble consists of high 
enough frequencies that the width of the 
enclosure is sufficient to make it 
directional. The bass is magnified 
because of the back wall and floor, which 
will be explained later.  
 
The market lacks a conventional slim, 
wall mounted loudspeaker which can 
minimize the impact of the back wall has 

on the midrange. Because of this, the 
audiophiles are still disregarding the wall 
mounted speaker as a tool for great 
listening experiences. The incentive for 
this thesis is then to make the wall 
mounted loudspeaker accepted in the 
world of audiophiles and hence 
becoming a high end loudspeaker. 
 
The company DLS Svenska AB in 
Sweden is currently focusing on 
manufacturing high quality wall mounted 
loudspeakers. They are keen to find a 
solution to the problem described above 
and the following mission statement, 
translated from Swedish to English, was 
handed to the author from their 
loudspeaker engineer named Mats 
Andersen:  
 
“Mission to investigate, measure and verify the 
possibility to remove/minimize the effect the 
closest room boundary has on the sound from 
wall mounted speakers, or speakers standing 
close to a wall, using acoustic and electrical 
solutions. With focus on acoustic solutions. 
Electric solutions essentially means analog 
solutions, but also to examine digital solutions 
(DSP).“ 
 
1.2 PROJECT STAKEHOLDERS 
The customer for this thesis is DLS 
Svenska AB. As mentioned above, DLS’s 
main focus on their home audio 
department is wall mounted 
loudspeakers. DLS is a small company 
that targets the more audio interested 
groups by selling their products to audio 
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oriented stores all over Sweden. The 
products focus both on design and good 
sound quality with prices ranging from 
2500 to 27000 SEK a pair. 
 
1.3 RELEVANCE 
Since DLS focuses on wall mounted 
loudspeakers in their home audio 
department and because good sound 
quality is one of their main directives, 
they are very interested in manufacturing 
a loudspeaker which can revolutionize 
the way audiophiles think about wall 
speakers. To create a cardioid or a half 
spherical loudspeaker is definitely a 
priority because the main goal in 
improving a wall mounted loudspeaker is 
to remove the interfering wall reflections.  
 
 
1.4 PROJECT OBJECTIVES AND 
AIMS 
The goal of the project is to find 
solutions to the problems created by the 
back wall for wall mounted loudspeakers. 
The focus will be on finding theories, 
and later on implement them on 
prototypes, which will make the 
midrange radiate in a cardioid or half 
spherical fashion thanks to acoustical 
solutions. 
 
1.5 PROJECT SCOPE 
Electrical solutions were not investigated 
because they fell outside the author’s 
educational orientation. The focus of the 
project was only on the midrange because 
bass has such long wavelengths that it will 
behave as an omnidirectional source 

either way. The treble has such short 
wavelengths that its directionality is 
already good. 
 
Prototypes are only going to be built to 
test and verify that the discovered 
theories actually work. Therefore there 
will be no focus on sound quality and 
other important factors that a good 
loudspeaker need to fulfill.  
 
The room boundaries are limited to only 
one, which is the wall the loudspeaker is 
mounted on. The speaker will behave 
differently in a complete room with six 
boundaries, but this thesis will only deal 
with the reflections coming from the 
closest boundary. 
 
1.6 THESIS OUTLINE 

Chapter 1 includes an overview of the 
thesis and what it concerns. Chapter 2 
includes the theoretical information 
which the project is based upon. Chapter 
3 describes step by step how the project 
has been performed. Chapter 4 
summarizes an earlier project which is 
relevant to this thesis. Chapter 5 presents 
the prototypes that have been built for 
this thesis and the components that were 
used for them. Chapter 6 presents a 
combination of the results and the 
discussion for the thesis. Chapter 7 
concludes the results by validating if the 
mission statement and project objectives 
have been fulfilled. 
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2 Theoretical framework
This chapter will present the theory used for the project. First some fundamental acoustic 
theory will be presented before the chapter gets more immersed in microphone technology 
and loudspeaker solutions. The most researched system amongst those presented here is 
the acoustical resistance box. In addition to technical solutions, the placement of 
loudspeakers is mentioned. The midrange is also further explained because of its relevance 
in this project. The microphone theory comes first because some of the loudspeaker 
solutions are based on that theory. 
 
2.1 FUNDAMENTAL ACOUSTICS 
To get a better understanding of the 
forthcoming theories about loudspeakers 
some basic facts about sound waves will 
be presented. 
 

2.1.1 WAVE ACOUSTICS 

Wavelengths of sound within the audible 
range vary from 17.5 m - 17.5 mm (20 - 
20000 Hz) which naturally affects the 
behavior of the sound. Watkinson [2] 
says that if a sound wave is large 
compared to a solid then the wave passes 
without any major impact from the body. 
If the body is larger than the wavelength 
then it creates reflections. If the body and 
the wave are equally long, the result may 
be explained by diffraction theory (see 
2.3.3 EDGE DIFFRACTIONS). 
 
To determine if a sound wave passes a 
solid body or create reflections the 
wavenumber k is useful 

  
   

 
 

  

 
,   (1) 

where f=frequency, c= speed of sound 
and λ=wavelength. Watkinson [2] says 
that if 
    ,   (2) 
then the wavelength is long enough to 
pass around the object. If  
    ,   (3) 
the wavelength is short enough to be 

reflected against the object. a is the 
length of the object.  
 
In other words, a loudspeaker generates a 
spherical radiation if ka is small and a 
more directional radiation if ka is big. 
Higher frequencies (treble) see thus the 
baffle as infinite and direct the waves in 
the forward direction. On the other scale 
of the frequency spectrum there is bass 
which doesn’t see the baffle as an 
obstacle and creates a spherical radiation. 
It can therefore be claimed that treble is 
much more directive than bass, which is 
illustrated in Figure 1. 
 
 

 
Figure 1: a) The frequencies are high and the 
wavelengths are short, ka is thus big and treats 
the baffle as infinite. 
b) The frequencies are low and the 
wavelengths are long, ka is thus small and 
treats the baffle as finite. 
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The principles for physical waves are the 
same regardless if the formulas are for 
sound, radar, sonar, optics or other wave 
types. One of the most important rules 
concerning wave acoustics is how two 
waves with the same amplitude and 
frequency create interference when they 
come in contact with each other. The 
answer simply relies on the relative phase 
between the two waves. If the waves are 
180 degrees out of phase (the other wave 
reaches its maximum value as the first 
wave reaches its minimum value) then 
they cancel each other out completely. 
When they both are in phase then the 
amplitude of the resulting wave is 
doubled. This is called destructive and 
constructive interference, respectively. 
When two different waves with different 
amplitudes and phases than those 
mentioned above, then the final wave is 
calculated with vector addition. 
 
Watkinson [2] also says that the 
wavelength is of great importance when a 
loudspeaker stands near a wall. If the 
wavelength is short the wall is interpreted 
as if it would be in the reverberant field 
and the loudspeaker and the wall act as 
two different sources. If the wavelength is 
long then the wall and the loudspeaker 
will act as a single source because the wall 
will then be in the near field of the 
speaker. Let’s say that a loudspeaker is 
omnidirectional, then the result of 
having the wall in the near field is that 
the wall removes half of the spherical 
radiation. This in turn means that the 
angle of dispersion declines since the wall 
put limitations on the radiation pattern, 
the acoustic impedance increases since 
the loudspeaker operates on a smaller 
volume which will create an increase of 
intensity and sound pressure. 

 

2.1.2 STANDING WAVES 

Standing waves have stationary areas of 
peaks and dips in the sound pressure 
between two specific points [3]. It is 
created by interferences (constructive and 
destructive) between the direct sound 
from a sound source and the reflected 
sound from a boundary, or between two 
boundaries. If this theory is implemented 
in our case, it can be said that if a quarter 
of a sound wave fits between the baffle 
and the wall it is very probable that a 
standing wave will be created between 
those points. Sound waves of this length 
are called the fundamental 
frequency     . The frequencies of 
standing waves will be created according 
to 
      , (n=1, 3, 5,…,n). (4) 
In other words, at the fundamental 
frequency a quarter of a wavelength will 
fit between the wall and the baffle, at the 
first overtone (standing wave) 3/4 of a 
wavelength will fit, at the second 
overtone 5/4 of a wavelength will fit and 
so on. The formula for the wavelengths is 
then 

  
 

 
 L, (n=1, 3, 5,…,n), (5) 

where L is the distance between the baffle 
and the wall. 
 
There can also be standing waves created 
in spaces which have both ends open or 
closed, like inside a loudspeaker 
enclosure. The fundamental frequency is 
in this case half a wavelength. The 
formula for the wavelengths is then 

  
 

 
 L, (n=1, 2, 3,…,n), (6) 

where L is the distance between the sides 
inside the loudspeaker enclosure. 
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2.1.3 IMPACT OF BOUNDARIES 

When a monopole radiates sound close 
to a boundary some type of interference 
will happen between the direct and 
reflected sound. To find out where the 
maximum and minimum in the 
interference is there is an equation which 
states 
 ̅ 

  ̅̅ ̅̅ ̅
   (

        

   
),  (7) 

where  ̅  is the radiated sound power 
and   

̅̅ ̅̅̅ is the free field radiated sound 
power from a monopole. There is a plus 
sign when the reflective surface is ideally 
hard and a minus sign when the surface 
is ideally soft [4]. 
 
Equation 7 only applies to large ka. 
When ka goes to zero, when the distance 
a is small in comparison to the 
wavelength in other words, the direct and 
reflected sound coincide with each other 
which leads to a doubling of the original 
sound power. 
 
The idea was to find the maximum and 
minimum of the interference, and that is 
done by plotting equation 7 and finding 
the specific ka for which the normalized 
sound effect is maximum or minimum. 
The plot can be seen in Figure 2. 
 

 
Figure 2: Normalized sound effect from a 
monopole reflected on a hard surface. 

 
After studying Figure 2 it is obvious that 
minimum lies at         and 
maximum lies at        .  
 
A wave that gets reflected on a hard 
surface gets a 180 degree phase difference 
in comparison to the incident direct 
sound [4]. 
 
2.2 MICROPHONE TECHNOLOGY 
Here some theory will be presented about 
the first-order cardioid microphone 
which only registers sound from the 
front. It is mainly used for events when 
sound from the surroundings is 
unwanted, like on a concert. A cardioid 
microphone is based upon, according to 
Eargle [5] and Watkinson [2], the mixture 
of a source which is sensitive in all 
directions (omnidirectional, see Figure 3) 
and a gradient source which has a figure-
8 (bidirectional, see Figure 4) uptake 
capability. The cardioid response (see 
Figure 6) is created because the back of 
the figure-8 has opposite phase in 
comparison to the omnidirectional 
source, and that part is therefore 
subtracted from the omnidirectional 
uptake capability. The cardioid 
microphone will create a drier sound, but 
has the huge advantage of removing 
unwanted sounds from the environment. 
The polar equation for a cardioid 
microphone is expressed as 
            ,  (8) 
where   is a value of unity which 
represents the strength of an 
omnidirectional pressure source and   is 
a value which represents the strength for 
a gradient source. To make this gradient 
represent a figure-8 uptake capability the 
directivity parameter     is multiplied 
with        .   and   must always satisfy 
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      ,   (9) 
and a combination of different values for 
these factors will create different uptake 
patterns and the most common are 
displayed in Figure 3 to Figure 8.  

 
Figure 3: Characteristic: Pressure source, 
Polar equation:           . 
 

 
Figure 4: Characteristic: Gradient source, 
Polar equation:           . 
 

 
Figure 5. Characteristic: Subcardioid, Polar 
equation:               . 

 
Figure 6: Characteristic: Cardioid, Polar 
equation:               . 
 

 
Figure 7: Characteristic: Supercardioid, Polar 
equation:                 . 
 

 
Figure 8: Characteristic: Hypercardioid, Polar 
equation:                . 
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Eargle [5] says that the most common 
cardioid microphones today consists of 
one single diaphragm where the 
microphone is constructed in such a way 
that the front and the back of the 
diaphragm act as the two different 
sources (pressure and gradient) which are 
needed for a cardioid microphone. 
Naturally, the two different sides of the 
diaphragm then have opposite phase. A 
simple representation of this kind of 
microphone can be seen in Figure 9. 
 
The openings at the sides of the 
microphone create an internal delay from 
the outside of the casing to the back of 
the diaphragm. The diaphragm is also 
resistance controlled, with some sort of 
absorbent, to extend the internal delay. 
Watkinson [2] mentions that the internal 
delay can as well be delayed with an 
acoustical labyrinth. The external delay is 
the path the sound has to take from the 
side opening to the front of the 
diaphragm or vice versa. The external 
delay depends on the angle of the 
incident sound while the internal delay is 
a constant. The total sound pressure is 
then a combination of pressure on the 
front and the back of the diaphragm, 
controlled by the delays. Different 
cardioid patterns are formed thanks to 
different ratios between external and 
internal delays, as Figure 3 to Figure 8 
implies.  
 
If the usual cardioid pattern is wanted 
then the delays must be equal when the 
incident sound is on axis at the front of 
the microphone (0°). The sound going to 
the back of the diaphragm will arrive 
after the delay of both the external and 
internal factors, and that will make the 
sound arrive with opposite phase in 

comparison to the front. But, because the 
back and the front of the diaphragm 
register sound in opposite against each 
other the sound pressure will add to each 
other as seen in Figure 9. 

 
Figure 9: A cardioid microphone registering 
sound at 0° (on axis). 
 
On the other hand, if the incident sound 
is on axis but comes from the back of the 
microphone (180°) the sound will meet 
at the front and back of the diaphragm at 
the exact same time, thanks to the delays, 
with the same phase. As mentioned 
above the back and the front of the 
diaphragm register sound in opposite 
ways. If the sound arrives at the exact 
same time with the same phase they will 
cancel each other out as seen in Figure 
10. 

 
Figure 10: A cardioid microphone registering 
sound at 180° (on axis from behind). 
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If the sound arrives perpendicular against 
the microphone casing (90°) the sound 
will go straight into the side openings 
and therefore there will be no external 
delay. This means that only the internal 
delay affects the arrival of the sound to 
the back of the diaphragm. Since the 
internal delay must be equal to the 
external delay at 0°, the phase difference, 
and consequently the sound pressure, at 
90° will be half as much in comparison to 
the phase and sound pressure at 0° as 
seen in Figure 11 [5]. 
 

 
Figure 11: A cardioid microphone registering 
sound at 90°. 
 
The external and internal delay must be 
equal at 0° and 180°, otherwise the 
cardioid effect won’t work properly. If 
they are not equal the sound from 180° 
won’t arrive at the same time to the back 
and the front of the diaphragm. In other 
words, the microphone must be designed 
so these two delays match each other at 
the designated angels.  
 

2.2.1 FREQUENCY DEPENDENCY 

Watkinson [2] says that the directivity 
patterns shown in figurer 3 to 8 are only 
correct if ka is small. In high frequencies, 

when ka isn’t small, diffraction will come 
in to play and distort the polar patterns. 
Eargle [5] mentions a two-way cardioid 
microphone where one diaphragm 
handles the low frequencies and another 
controls the high frequencies. This is 
because an ordinary cardioid microphone 
has problems with keeping the correct 
uptake pattern at frequency extremes, but 
with two different configured diaphragms 
working together this can be solved. This 
problem can also be solved with the one 
diaphragm microphone by adding 
internal damping, but this decreases the 
sensitivity of the microphone 
considerably. 
  
The frequency response of a microphone 
should be flat and that is often tested on-
axis in an anechoic chamber. But, the 
microphones are more than often used in 
reverberant surroundings which means 
that the response will change because of 
the frequency dependency of the 
directivity. A microphone with flat 
response on axis and with a directivity 
pattern which narrows at higher 
frequencies will then sound dull in real 
life. 
 
 
2.3 LOUDSPEAKERS 
A loudspeaker contains one or more 
driver units which produces sound by 
exciting a membrane with an 
electromagnetic field. A loudspeaker’s 
frequency range is often divided into 
three categories: bass, midrange and 
treble. Since the focus of this project is 
mainly on the midrange of the 
loudspeaker frequency range, some facts 
about that will first be explained before 
going into more about the relevant parts 
surrounding loudspeakers.   
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2.3.1 THE MIDRANGE 

The midrange of a loudspeakers 
frequency response is very important 
according to Harley [3] and Colloms [1]. 
Most of the musical energy is placed here, 
like the lower harmonics of most 
instruments and the human voice. The 
human ear is also more sensitive to 
midrange, especially between 3000-5000 
Hz. In comparison to bass and treble we 
hear midrange at a much lower level of 
decibel. Midrange is very important to 
the final result of the loudspeakers sound 
image and colorations of this frequency 
band can be quite annoying. 
Loudspeakers with peaks and dips in the 
midrange can because of this sound very 
unnatural, and therefore it is important 
to any loudspeaker manufacturer that the 
mid frequencies should be as linear as 
possible and perform well.  
 
Dickason [6] as well as Colloms [1] 
mention that when the wavelength 
becomes the same size, or smaller, as the 
diameter of a driver the radiation pattern 
becomes narrower. This is called the 
drivers directivity. The driver size also 
affects the frequency range and output 
power. The lower limit of the frequency 
range is preferably one octave above the 
driver’s resonance, two octaves if it’s 
possible. The upper limit is determined 
by the size of the driver, as explained 
above.  The upper limit is set to when the 
directivity becomes too narrow. A rule of 
thumb says that this limit is when the 
sound pressure level (SPL) is 6 dB lower 
at 45° than on axis. If the drivers can 
handle it, it would be even better to set 
this limit to 3 dB instead. This in turn 
explains why the size of the driver affects 
the output power. 

 

2.3.2 BOX SHADOWING 

Holmes [7] mentions that when 
designing an enclosure for the midrange 
there are some complications regarding 
the size of the box. The wavelength of the 
midrange frequencies are small enough 
to be disturbed by the baffle of the box 
according to the ka rule. Therefore the 
box starts to shadow the waves at a 
certain stage which means that there will 
be less radiation sent to the wall behind 
the loudspeaker. This must be taken into 
consideration when creating a half 
spherical or cardioid loudspeaker. 
Therefore a decision about the shape of 
the box has to be determined in an early 
stage of the design process. This 
bespoken measure is the width of the 
baffle. The rule states 

   
    

      
,   (10) 

where    is the frequency for which the -3 
dB point occurs, when the box 
shadowing effect initiates for that 
frequency, and higher, in other words. 
Holmes [7] shaped this rule after the 
work done by G.G. Muller, R. Black and 
T.E. Davis [8*]. The box shadowing is to 
be interpreted as a low pass filter and the 
   point (the cut off frequency) for such a 
filter is when a certain frequency starts to 
radiate 3 dB lower than the remaining 
higher frequencies. The    point for the 
loudspeaker box is then an apparent cut 
off frequency for when the sound waves 
starts to go around the baffle instead of 
radiating straight ahead.  
 

2.3.3 EDGE DIFFRACTIONS 

Diffractions are defined according to 
Wright [8] as a change in direction of a 
wave front’s propagation because of an 
obstacle or discontinuity. A simplified 
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explanation can be the wave’s ability to 
bend around objects. The latter is not 
entirely accurate because it is the energy 
of the wave that is dispersed around a 
corner, the sound is not bent around it. 
 
A closer explanation concerning 
loudspeakers given by Olson [9] is that 
the sound is dispersed in all directions 
from a driver along the baffle of a 
loudspeaker, and when the sound reaches 
an edge the acoustic impedance 
dramatically changes. This change in 
impedance makes the sound reflect in all 
directions from the edge. This 
phenomenon is illustrated in Figure 12. 

 
Figure 12: Illustration of sound diffraction on 
a loudspeaker enclosure. 
 
Edge diffractions creates imbalance in the 
loudspeakers frequency spectrum because 
the diffractions has a 180 degree phase 
difference in comparison to the primary 
sound from the drivers. This creates 
peaks and dips in the spectrum as the 
reflected and the direct sound goes in 
and out of phase.  
 
Olson [9] describes a formula which is 
used to calculate the dips and peaks that 
goes 

              
 

  
, n=1, 3, 5, 7… 

(11) 
              

 

 
, n=1, 2, 3, 4…   

(12) 
where n is a multiple of the wavelengths 
and a is the path difference between 
direct and diffracted waves. If the edge 
where the diffraction occurs and the 
driver unit is not in the same plane, then 
the distance between the planes must be 
included in the path difference. Equation 
11 and 12 only work when the waves see 
the baffle as infinite and box shadowing 
is in effect above the -3 dB point. More 
on box shadowing and the -3 dB point 
can be read under 2.3.2 BOX 
SHADOWING.  
 
When calculating the path difference 
below the -3 dB point the path from the 
baffle to the wall must be taken into 
account. As an example: a loudspeaker 
with a depth of 0,1 meters and a 0,2 
meters wide baffle will have a path 
difference of 0,1 meters (half the baffle) 
above the -3 dB point. The loudspeaker 
will have a path difference of 0,3 meters 
(from the middle of the baffle, to the wall 
and up to the diffracting edge again) 
below the -3 dB point. The path 
difference is further explained in Figure 
13 and Figure 14. Worth mentioning is 
that true edge diffractions can only be 
measured in an anechoic chamber where 
no boundaries affect the sound. When 
the sound sees the baffle as finite the 
boundaries will affect the final result. 
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Figure 13: Path difference for edge 
diffractions over the -3 dB point. 

 
Figure 14: Path difference for edge 
diffractions under the -3 dB point. 
 
Olson’s [9] conclusion was that sharp 
edges on a baffle should be eliminated as 
much as possible so the diffractions 
decrease in amplitude. The distance from 
the driver to the edges of the baffle 
should vary so the mentioned phase 
difference gets more random. All this put 
together creates a less dramatic 
connection between the direct and 
reflected sound, which in turn creates less 
peaks and dips in the frequency 
spectrum.  

 

2.3.4 LOUDSPEAKER PLACEMENT 

The optimum for loudspeakers is to 
stand at least one meter from the nearest 
surface in a listening room according to 
Linkwitz [10]. At this distance, the 
reflections get a delay of at least five 
milliseconds in comparison with the 
direct sound from the speaker. The 
human brain can then, according to 
Linkwitz [10], distinguish between direct 
sound and reflections. If the speakers are 
recessed into the wall these problems 
disappear. But, this thesis focuses on 
loudspeakers which are wall mounted 

and the optimal distance from the 
nearest surface can then obviously not be 
met. 
 
Harley [3], Dickason [6] and Colloms [1] 
say that loudspeakers placed close to a 
boundary will create an enhanced bass. 
Some of the sound waves from the driver 
get reflected from the back wall and 
shoot back into the room with a slight 
delay. Since the waves from the lower 
frequencies are so long this delay does 
not make much of a difference, which 
means that the reflected wave will pretty 
much be in phase with the direct sound 
from the driver. Therefore, the bass gets 
reinforced when the delay, in length, is 
shorter than 1/4 of the wavelength in 
question. If the loudspeaker is placed 
right against the wall, the midrange will 
also be affected by this phenomenon if 
the delay is shorter than 1/4 of the wave 
length.  
 
The phase will differ between frequencies 
and this means that the sound will be 
reinforced or attenuated depending on 
whether the direct sound and the 
reflected sound is in phase or not. This 
effect called comb filter effect will 
continue until the baffle of the 
loudspeaker is 0,4 times the wave length 
as explained under 2.3.2 BOX 
SHADOWING. When this occurs the 
wavelengths are short enough to consider 
the baffle as infinite. 
 

2.3.5 POSSIBLE SOLUTIONS 

Many commercial loudspeakers designed 
for wall placement are often spectrally 
balanced in the attempt to decrease the 
interferences. However, Colloms [1] 
states that a loudspeaker for this purpose 
still cannot achieve a real smooth 
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frequency response until more drastic 
action is taken upon the problems 
occurring between the direct and 
reflected sound.  
 
Some solutions for this problem are 
suggested by Dickason [6] and the first 
one is to set the lower crossover 
frequency for the midrange right on the 
dip created by the wall reflections. Then 
the bass has to be actively equalized to 
make up for the loss created by the 
crossover point together with the dip. 
Just make sure the drivers resonance 
frequency is at least 2 octaves below the 
crossover point.  
 
The second one is to place the subwoofer 
at the crossing of the back wall and the 
floor. The midrange and the tweeter 
must be located at a distance of 0,75 of 
the wavelength for the crossover 
frequency. The woofer must also sit at 
the side of the loudspeaker, away from 
the sidewall. This will create a flat 
response for the woofer while the 
midrange and the tweeter is out of range 
for the effect placed upon the woofer.  
 
The third and last solution offered by 
Dickason [6] is to actively equalize the 
frequency response of the loudspeaker. In 
other words, the sound pressure is 
increased at those frequencies where dips 
occurs and the sound pressure is 
decreased at the peaks. This can also be 
done with integrated circuit filters, but 
this needs very careful planning because 
the response needs to be equalized at 
specific points.  
 
Just like Dickason [6] implies it is very 
useful to place the woofer as close to  a 
wall boundary as possible and Allison 

[11] states that it is just as effective on the 
midrange. Colloms [1] suggests one 
construction where a wall mounted 2-way 
loudspeaker is formed as a cube with 
300mm sides and with a 200mm 
bass/mid driver mounted on top of the 
enclosure as close to the wall as possible. 
The tweeter is mounted on the baffle as 
usual. The trick here is to shorten the 
distance between the driver and the wall 
as much as possible so the reflections will 
have the smallest possible delay. The back 
wall will then act as a good 2π acoustic 
mirror or a half spherical acoustical 
mirror, which means that the wall reflects 
sound in the same phase as the direct 
sound. As mentioned above it is 
important to have the midrange at a 
distance of at least 0,75λ at the crossover 
frequency from the bass if the 
loudspeaker is a 3-way system.  
 
There is a few problems with the above 
mentioned loudspeaker. The reflections 
from the roof will undoubtedly be 
reinforced when the driver fires upwards, 
but since this thesis is scoped to only 
concern the closest wall boundary it will 
not be investigated further. Another 
problem is that the loudspeaker will have 
low efficiency because most of the energy 
will go upwards instead of going directly 
to the listener. The driver’s directivity will 
also create problems when the 
wavelength gets shorter than the width of 
the membrane. The driver really need to 
be pointing forwards when this occurs 
because the radiation pattern will be 
more and more narrow as the wavelength 
gets shorter. This means that less energy 
will go towards the listener. 
 
Harley [3] also mentions a factor called 
Toe-in (seen in Figure 15), which is an 
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expression directly taken from the vehicle 
industry. In loudspeaker terms it 
symbolizes the angle of the loudspeaker 
against the listener. This setting affects 
the frequency balance in the mid and 
treble band, the focus of the soundstage 
and the sense of spaciousness. Increased 
toe-in results in a more focused 
soundstage and a sense of immediacy of 
the sound. Since the treble is more 
directive than the other frequency bands, 
which was explained under the headline 
2.1.1 WAVE ACOUSTICS, more toe-in 
equals to stronger treble. And of course, 
if the toe-in is decreased it will produce a 
more open soundstage and create a 
greater illusion of openness.  
 

 
Figure 15: Illustration of toe-in. 
 
The most important and relevant 
property of toe-in for this paper is that 
the ratio of direct to reflected sound 
increases with toe-in. The amplitude of 
the side wall reflections is decreased 
when toe-in in occurs and the sound 
image will be more focused than if the 
loudspeakers were pointed straight 
ahead. 
 

2.3.6 DIPOLE LOUDSPEAKERS 

The simplest dipole is the open baffle 
system where a driver is mounted in a 
baffle without any sidewalls or backside. 
If the back and the front of the driver are 
treated as different sources, it gets pretty 
clear that they radiate sound in opposite 
phase [1]. This will create an acoustic 
short circuit to the sides of the 

loudspeaker. The speaker will then have 
the dipole radiation pattern which looks 
like a figure-8 and can be seen in Figure 
4.  
 
It is also possible to create a dipole with 
two different sources placed close 
together. To make these two sources 
work together as a dipole there is a rule 
that states 

  
 

 
,     (13) 

Where d is the distance from the 
centerlines between the two sources and 
  is the wavelength of the lowest 
desirable frequency that the dipole 
should be able to perform. 
 

2.3.7 CLOSED BOX 

This is the most simple loudspeaker 
construction and it consists of one driver 
mounted in a box which is completely 
sealed. The optimal volume for specific 
drivers are calculated with 

   
   

(
 

    
 )  

,   (14) 

where     is the total quality factor and 
    is the volume of air that has the same 
compliance as the drivers suspension.  
More about these variables above can be 
found under 5.1 DRIVER UNITS [6]. 
 

2.3.8 THE ACOUSTIC RESISTANCE BOX 

The acoustic resistance box is a 
loudspeaker that is based on the cardioid 
microphone which is explained in 2.2 
MICROPHONE TECHNOLOGY. The 
principle is exactly the same, except that 
the membrane radiates sound in this 
case. The trick here is to create the 
correct acoustic resistance (  ) and mass 
(  ) from the openings at the side of the 
loudspeaker and to match those values 
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with an optimized delay path. It is also 
important to find a matching acoustic 
compliance (  ) of the internal volume in 
the enclosure.  
 
Backman [12] says that it is hard to create 
a good enclosure and the acoustical 
resistance, the finite baffle and the driver 
size creates a number of problems that 
makes it hard to achieve a smooth 
frequency response. 
 
As explained under the headline 2.2 
MICROPHONE TECHNOLOGY, the 
two sides of the diaphragm work in 
opposite phase because of the movement 
of the driver. Iding [13] then suggests that 
if the two phases has the same magnitude 
at zero degrees (on axis), right in front of 
the loudspeaker, then the two pressure 
entities should cancel each other out. It is 
given that the first phase is expressed as 

        (
      

        
), (15) 

thanks to the acoustic network that is 
created where   is simply 2πf. The other 
phase is formulated as 

   
   

 
      ,  (16) 

based upon the delay around the 
enclosure created by the delay path   . α  
is the angle of the direction of sound 
compared to the axis of the loudspeaker, 
and c is the speed of sound.  
 
If these two phases are set equal to each 
other and    , then the expression 
becomes 

     (
      

        
)  

   

 
. (17) 

To achieve the wanted effect of the 
acoustic resistance box, the expression 
above needs to be fulfilled. The next step 
is to choose the type of openings that will 
be at the side of the enclosure and create 

the correct acoustic resistance and mass. 
A perforated sheet was chosen where the 
acoustic resistance is calculated with [14] 

   
  

   √   [
 

 
  (  

  

  
)],   (18) 

and the acoustic mass with 

   
  

   [      (  
 

 
)].         (19) 

The variables mentioned in the formulas 
above are explained in Table 1 and the 
constant values of some entities are also 
given. 
 
Table 1: Entities for perforated sheet. 

 
  

Entity Denotation Unit Value 
Density of 
air at 20° 
celsius 

        ⁄   1,2041 

Kinematic 
coefficient 
of viscosity 
of air at 20° 
celsius 

      ⁄        
      

Radius of 
hole 

a m - 

Width of 
square 
around hole 

b m - 

Thickness 
of sheet 

t m - 

Area of hole              
Area of 
square 
around hole 

            

Angular 
frequency  

       ⁄         
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The formulas for the acoustic resistance 
and mass above are for one single hole in 
the perforated sheet as seen in Figure 16. 

 
Figure 16: A single hole for a perforated sheet. 
 
There is also a rule from Beranek [14] 
which dictates how big these holes can be 
and that rule is 
    

√  
   

  

  
.   (20) 

Since there is a limit on how big these 
holes can be and that Equation 15 must 
be fulfilled, it is very probable that there 
must be more than one hole. To find out 
the exact number of holes Equation 16 
and 17 are divided by n (number of 
holes) and put into Equation 15. The 
formula is then reformulated to 

   (    
(      (

  

 
)   )

   (
  

 
)

) ,  (21) 

where    is equal to 

   
  

   
 
,   (22) 

and    is the internal volume of the 
enclosure. The total impedance of the 
perforated sheet can be calculated with 
[14] 
          .  (23) 
 
According to Linkwitz [15] the 
compliance of the enclosure and the 
impedance from the perforated sheet 
create a low pass crossover filter. This is 
possible because the compliance can be 

seen as an acoustic capacitor. Therefore 
the impedance can also be calculated 
with an ordinary formula for low pass 
filter which is 

         
 

      
   (24) 

This means that the two impedances can 
be compared to each other which are a 
good tool to check if the calculations are 
correct. 
 
2.3.8.1 DRIVER PREFERENCES 
The driver basically needs the same 
characteristics as a driver best suited for 
an open baffle construction. These are a 
high total quality factor      , high force 
factor      and a high linear coil 
excursion (  ) [7].  
 
All these factors contribute to a driver 
that can easily be excited and can handle 
higher power outputs from the amplifier.  
The     indicates how easy the driver is 
to operate at its resonance frequency. 
The     needs to be high in this case 
because of how it affects the total     of 
the entire loudspeaker system. The     is 
calculated by       where Q is the 
quality factor of the enclosure which 
helps to stiffen the compliance of the 
driver. To create a reasonably linear 
frequency spectrum the     should be 
around 0,5-0,7 and in an open baffle 
system the enclosure has a very low  , 
therefore the     needs to be quite high 
so the accurate     can be achieved. A 
high     is a result of low total moving 
mass      , low mechanical compliance 
of the suspension      , high 
mechanical quality factor       and a 
high electrical quality factor       [6]. 
 
The force factor    consists of the air gap 
flux density (B) and the length of coil 
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wire which is effectively immersed in the 
field of the flux (l). Together they create a 
measurement of the mechanical force 
developed by the current which flows 
through the wire wrapped around the 
coil. A higher    creates greater 
excursion of the coil because the driver 
gets a higher motor strength, but it’s also 
important that the excursion is linear [6]. 

 

2.3.9 CORRECTION OF LOUDSPEAKER 

DRIVERS 

When measuring in the near field of a 
driver the resulting sound pressure level 
will depend on the effective area of the 
cone. Therefore a correction must be 
made when measuring two drivers with 
different cone areas so the sound 
pressure levels can be comparable.  
 

          (
                  

                 
)  (25) 
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3 Method
This chapter will explain the process of realizing the mission statement. 
 
3.1 PROCESS 
An experimental method was chosen. 
The steps in the thesis are: 

1. Planning 
2. Literature study 
3. Idea generation 
4. Computer Aided Design 
5. Prototype Building 
6. Measurements 
7. Report writing 

3.1.1 PLANNING 

A number of loudspeaker manufacturers 
in Sweden were contacted a year prior to 
the start of the thesis. DLS was a 
company which responded fairly quickly 
and after a conversation with their 
engineer Mats Andersen it was decided 
that they wanted to cooperate. A mission 
statement was conducted straight away 
which later on was approved by the 
supervisor at the university. 
 
At the beginning of the project a Gantt 
template were downloaded [17] and the 
steps mentioned above was inserted with 
the appropriate amount of weeks the 
author thought that specific task would 
require. The Gantt chart can be viewed 
in Appendix 1. 
 

3.1.2 LITERATURE STUDY 

The purpose of the literature study was to 
gather information to the thesis so that 
eventual theories and solutions could be 
formed based on the mission statement 
which the project builds upon. The main 
source for the articles was the Audio 
Engineering Society E-library which LUT 

has an institutional access to. The books 
used came from the library at the 
university. Information regarding making 
a loudspeaker more directive and radiate 
less sound backwards was searched for 
and some keywords that were used 
during the study were: cardioid, 
directivity, gradient, loudspeaker, 
microphone, pattern, radiation, 
resistance, resistive and unidirectional.  
 

3.1.3 IDEA GENERATION 

When the literature study was deemed 
sufficient, or rather when the schedule 
did not allow more time to be spent on 
that step, some ideas for prototypes were 
generated. These prototypes were of 
course based on the gathered 
information and the goal was to make 
them fulfill the mission statement. 
 

3.1.4 COMPUTER AIDED DESIGN (CAD) 

The ideas were formed in CAD in both 
3D and 2D. The 3D models were only 
made to be able to help create the 2D 
drawings. It is only the latter which is 
featured later on in the report. 
 

3.1.5 PROTOTYPE BUILDING 

The prototypes were built according to 
the 2D drawings in the workshop next to 
DLS’s headquarters in Gothenburg. The 
prototypes were constructed from MDF-
boards and all of them are explained 
further under the headline 5 Loudspeaker 
Prototypes. 
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3.1.6 MEASUREMENTS 

To find out if the prototypes actually 
fulfill the mission statement some 
measurements with a program called 
CLIO had to be done. Frequency 
spectra’s from different angles for all the 
prototypes were produced and evaluated. 
Graphs were made from the raw data 
where the measurements from a room 
called multi-studio were compared to the 
results created in an anechoic chamber. 
These two different rooms will be 
explained further in 3.1.6.2 SETUP. By 
doing this it was possible to identify the 
problems created by the wall. 360 degrees 
polar patterns were also made from the 
measurements done in the anechoic 
chamber to see if the prototypes had 
cardioid radiation patterns. 
 
3.1.6.1 EQUIPMENT 
The equipment that was used during the 
experiment was: 

 Measurement station with Clio, 
version 10 

 Proson PA-150 Mono Amplifier 
 Clio’s own Mic-01 microphone 

with a sensitivity of 13,6     ⁄  
 Microphone stand 
 Various cables 
 Loudspeaker prototypes 

3.1.6.2 SETUP 
The setup of the experiment, seen in 
Figure 17, was relatively simple and was 
taken directly from Clio’s manual [16]. 
The equipment used can be read under 
the headline 3.1.6.1 EQUIPMENT above. 
 

 
Figure 17: Setup of experiment. 
 
 
 
The task of the experiment was to 
investigate how the loudspeakers were 
affected by the reflections from the wall. 
The simplest way to do that was to 
substitute the wall with a floor. A room 
named F207B at Luleå University of 
Technology (LUT) was used for the 
measurements because of its size. The 
room was 11,6 meters wide, 6 meters 
deep and 7,2 meters high. This room will 
henceforth be called the multi-studio. A 
big room means later reflections which is 
good for the MLS measurements. Later 
reflections mean that the measurements 
will be more reliable. More about MLS 
can be found under  
3.2 MEASUREMENTS IN CLIO. The 
experiment was set up in the room 
according to Figure 18. 
 

 
Figure 18: Measurements in the multi-studio. 
 
The prototypes were measured from four 
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different positions which can be seen 
graphically in Figure 19. The microphone 
was placed on axis, 30°, 60° and 90° to 
the right of the loudspeaker. The 
microphone was always pointed towards 
the center of the loudspeaker with a 
distance of 1 meter from the middle of 
the baffle. A MLS measurement was done 
at every position. 

 
Figure 19: Measurement positions in the 
multi-studio. 
 
The prototypes were also measured in 
LUT’s anechoic chamber with the room 
number F204B. Three measurement 
positions were added according to Figure 
20 in order to study the difference in SPL 
between the back and the front of the 
prototypes. MLS and stepped sine sweep 
measurements were done at every 
position. 

 
Figure 20: Measurement positions in the 
anechoic chamber. 

The prototypes were hanged in two wires 
as in Figure 21 and thanks to the room’s 
acoustic properties the microphone only 
registered the direct sound.  
 

 
Figure 21: Setup in anechoic chamber. 
 
The prototypes were measured in these 
two rooms to expose the effects of the 
back wall. The measurements from the 
multi-studio created frequency spectrums 
with the effects from the nearest room 
boundary and the measurements from 
the anechoic chamber produced 
frequency spectrums with no impact 
from any room boundaries. If these two 
types of measurements were layered on 
top of each other it was possible to 
distinguish where the multi-studio 
measurements deviated from the 
anechoic room measurements and hence 
displaying the effects of the rear wall. 
 
3.2 MEASUREMENTS IN CLIO 
Some basic theory about the 
measurement methods used are 
explained here. The methods used were 
Maximum Length Sequence (MLS) and 
sine sweeps.  
 
When measuring the frequency response 
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the loudspeaker should be in a free field 
where no reflections from the 
surroundings affect the results. This 
experiment however is focusing on the 
back wall and how it influences the 
sound, the reflections from this wall are 
therefore going to be intentionally 
clarified. The wall in this experiment is 
going to be represented by some type of 
floor, which will be explained later, and 
to get a reliable result the rest of the 
room reflections need to be eliminated 
[16]. 
 
A method which is capable of this is an 
MLS measurement. MLS is a method 
that calculates the impulse response from 
a linear system with the help of cross 
correlation algorithms in a time based 
analysis. The frequency domain is 
developed by calculating the fast Fourier 
transformation (FFT) of the impulse 
response. The settings chosen for the 
MLS-measurements are also chosen for 
the FFT calculations. MLS can eliminate 
the late reflections because it is possible 
to enter the time domain and change the 
impulse response to the desired length. 
Evident reflections reveal themselves as 
peaks in the time domain, and if these 
peaks are left out in the impulse response 
then these reflections will disappear from 
the frequency domain [16]. 
 
The disadvantage is that some 
information regarding the lower 
frequencies will disappear along with the 
late reflections if the time domain is 
shortened. There is a formula which 
reads 

 

                       
   , (25) 

where            is the time where the 
time domain is cut at the end.              

is the time where the time domain is cut 
at the beginning and    is then a cut off 
frequency which indicates when the 
frequency response is starting to give an 
inaccurate result. However, this formula 
doesn’t quite match with the reality of it. 
What was done instead was to compare a 
MLS measurement with a sine sweep 
performed in an anechoic room [16]. 
This was already done in one of the 
authors other projects which are 
explained under 4 Earlier Work. The 
conclusion from the old comparison will 
be used for this thesis instead of doing 
the same procedure twice. 
 
A sine sweep is a very good method to 
display an almost exact representation of 
a loudspeaker’s frequency response. As 
the name implies this method is based on 
sine signals and in this case a stepped 
sine signal was chosen. This 
measurement was only performed in the 
anechoic room. Because of this it is very 
easy to see where the MLS measurements 
are starting to differ in the lower 
frequencies when compared with the sine 
sweeps. 
 
The configurations for the measurements 
in Clio made in the thesis can be seen in 
Table 2. The sampling frequency was a 
standard setting for Clio and was always 
set to 48 kHz. A rectangular window was 
used when there was need of a FFT 
window. This type of window was used 
because the majority of the information 
in the measurements come fairly quickly, 
and if the wrong type of window is used 
then the information will disappear. 
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Table 2: Configurations in CLIO. 

Configuration MLS Sine 
sweep 

Averages 10 - 
Size (MLS) 16k - 
Size (FFT) 16k - 
Stimuli MLS Sine 
Resolution - 1/12 

oktaves 
Sveep noise Stepped 

20000-20 
Hz 

Speed - Normal 
 
3.3 RELIABILITY AND VALIDITY 
As mentioned above, the program CLIO 
was used during the measurements which 
is a system developed by Audiomatica. 
The program is described by them as: 
 
“The CLIO System with software is a 
complete audio and electro-acoustic 
measurement instrument that gives state-of-the-
art solutions to laboratory, on-field and 
production-QC applications.”  
 
The tone generator for CLIO has an 
frequency accuracy of >0,01 % and the 
Mic-01 microphone has an accuracy of ±1 
dB at 20 Hz - 10 khz and ±2 dB at 10 kHz 
- 20 kHz (direct field). [16] 
 
The prototypes was measured from all 
the angles as explained under 3.1.6.2 
SETUP, but not all the measurements was 
used in the results. 
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4 Earlier Work
An earlier project [18] was done before this thesis where the aim was to identify the 
problems which occur when a loudspeaker is mounted on a wall. The aim for this thesis is, 
as it says in the introduction, to find a solution to these problems. This thesis is in other 
words a continuation of the previous project. Therefore a short review of that project will 
be presented here. 
 
4.1 SUMMARY 
Two different loudspeakers from DLS 
called Flatbox Midi and Flatbox Large 
was available during the project and the 
measurements were done in pretty much 
the same way as explained above in 3.1.6 
MEASUREMENTS. This summary will 
focus on the Midi loudspeaker which can 
be viewed in Figure 22 and the 
specifications are presented in Table 3. 
 

 
Figure 22: FLATBOX Midi. 
 
Table 3: Specifications for FLATBOX Midi. 

Flatbox Midi 
Type 2-way, vented 
Impedance 8 ohm 
Baselement 4” paper cone 
Tweeter 30 mm soft dome 
Frequency range 65 - 25000 Hz 
Sensitivity 88 dB 
Weight 3,6 kg 
Dimensions (W x D 
x H) 

210 x 92 x 380 
mm 

Indicative price 4995 SEK/pair 
 

The measurements made in the anechoic 
chamber were compared to the 
measurements from the multi-studio, and 
some interesting results were found. One 
of the graphs can be examined in Figure 
23. 

 
Figure 23: MLS measurement on axis with 
Midi. Red: Anechoic Chamber, blue: multi-
studio. 
 
The conclusion that can be made is that 
obvious destructive and constructive 
interferences are made between the direct 
sound from the loudspeaker and the 
reflections from the wall. The 
problematic area is between 100-800 Hz. 
The results in the frequencies below that 
are not to be trusted, which will be 
explained later on in the discussion. 
The reflections from the wall and the 
direct sound is pretty much in phase up 
to 300 Hz and therefore the sound will 
be reinforced. This is the case because the 
soundwaves are so long that the 
displacement (depth of the loudspeaker) 
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of the reflections will not make much of 
a difference, which means that the direct 
sound and the reflections will add on to 
each other.  
 
Between 300-800 Hz the soundwaves 
starts to get short enough to make the 
displacement significant and the sounds 
go out of phase. This means that the 
direct sound and the reflections will 
cancel each other out and will create a 
dip in the frequency spectrum. These 
phenomena gradually decreases when the 
shadowing effect of the baffle, according 
to equation 10, starts to operate.  
 
With sine sweeps it is possible to check 
how well the MLS measurements 
perform in the lower frequencies. The 
lowest frequencies (20-40 Hz) create 
interferences even when measuring sine 
sweeps in the anechoic room, but these 
frequencies are not relevant in this 
project. After comparing sine sweeps with 
MLS measurements it became clear that 
the MLS measurements are reliable down 
to about 60 Hz. The measurements 
would be reliable down to about 30-40 
Hz, depending on how the MLS 
measurement time domain was set, 
according to equation 25. This is clearly 
an overestimation of the systems 
functionality. 
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5 Loudspeaker Prototypes
Four different prototypes were developed after the extensive literature study, each with 
their own theory behind it. For simplicity most prototypes were modeled on a closed box 
solution. This may not give the best sound quality for these kind of loudspeakers, but that 
is not the goal in this thesis. All the prototypes were also modeled in Siemens NX in 
beforehand.  
 
5.1 DRIVER UNITS 
Three drivers were given to the author 
from DLS that could be used for the 
prototypes. All the drivers come from 
their products and they were all of the 
brand Wavecor. The loudspeakers were 
set up in a 2 way configuration, which 
means that only a tweeter and a 
midrange/bass were needed for each 
prototype. A small bass was requested so 
it could fit properly on certain 
prototypes. A slightly bigger bass which 
had a stronger force factor and could 
produce higher SPLs were also needed. 
One of the drivers should also have a 
high Qts. The properties of the drivers are 
explained more under 2.3.8.1 DRIVER 
PREFERENCES. The drivers are 
explained more in detail below.  
 
The tweeter is illustrated in Figure 24 
and the specifications for it are shown in 
Table 4. 

 
Figure 24: Tweeter TW030WA01. 

Table 4: Specifications for TW030WA01. 
Data TW030WA01 
Type Tweeter 
Size 30 mm 
Impedance 4 ohm 
Qts 1,30 
Qes 1,78 
Qms 4,8 
Fs (Hz) 1050  
Vas (litre) 0,010  
η  (%) - 
SPL (dB) 94 dB 
Mms (g) 0,42 
Re (Ohm) 3,4 
BL        2,3 
Cms     ⁄   0,055 
Rms - 
Sd      0,00115 
Air gap height 
(mm) 

3,0 

Voice Coil 
height (mm) 

1,7 

 
The smaller bass is viewed in Figure 25 
and the specifications for that are in 
Table 5. The bigger bass is presented in 
Figure 26 and Table 6. 
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Figure 25: Woofer/midrange WF090CUXX. 
 
Table 5: Specifications for WF090CUXX. 
Data WF090CUXX 
Type Woofer/midrange 
Size 3” 
Impedance 8 ohm 
Qts 0,84 
Qes 0,98 
Qms 5,61 
Fs (Hz) 103,95 
Vas (litre) 1,29 
η (%) 0,14 
SPL (dB) 83,52 
Mms (g) 3,4 
Re (Ohm) 5,5 
BL        3,5 
Cms     ⁄   0,7 
Rms 0,39 
Sd      0,0036 
Air gap height 
(mm) 

3 

Voice Coil 
height (mm) 

8,5 

 
 

 
Figure 26: Woofer/midrange WF118CU01. 
 
Table 6: Specifications for WF118CU01. 
Data WF118CU01 
Type Woofer/midrange 
Size 4” 
Impedance 8 ohm 
Qts 0,57 
Qes 0,62 
Qms 8,16 
Fs (Hz) 64,99 
Vas (litre) 4,30 
η (%) 0,18 
SPL (dB) 84,65 
Mms (g) 6,0 
Re (Ohm) 6,3 
BL        5 
Cms     ⁄   1 
Rms 0,3 
Sd      0,0055 
Air gap height 
(mm) 

5 

Voice Coil height 
(mm) 

11 
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5.2 CROSSOVER FILTER 
The crossover that was used in all 
prototypes was a passive crossover taken 
directly from DLS FLATBOX Midi and 
can be seen in Figure 27. It has a two-way 
configuration designed for a tweeter and 
a bass/midrange driver and the tweeter 
had a 12 dB slope and the bass/midrange 
had a 6 dB slope. The cutoff frequency 
was at 3500 Hz, which is the frequency 
where the signal is starting to go to the 
tweeter instead of the bass/midrange. In 
other words, the bass/midrange handles 
the frequencies up to 3500 Hz and the 
tweeter handles the frequencies above 
that. 
 

 
Figure 27: Crossover "Flatbox Midi X2". 
 
5.3 MIDI 
Some modifications on the DLS Midi 
seen in Figure 22 were made before the 
prototypes were built. A quick solution 
from the supervisor was to put chamfers 
on each side of the enclosure according 
to Figure 28.  
 

 
Figure 28: FLATBOX Midi with chamfers. 
 
The idea was to minimize the effect of 
the edge diffractions by having smoother 
edges on the baffle. Also to make the 
baffle more wide without taking too 
much space. More information about the 
theory can be found under the headline 
2.3.3 EDGE DIFFRACTIONS. This test 
model will be called Chamfer, for 
simplicity. 
 
5.4 PLATE 

The theory under the headline the 2.3.2 
BOX SHADOWING says that the width 
of the baffle strongly affects the 
attenuation and enhancements of the 
sound that are created by the nearest 
room boundary. When the width of the 
baffle is 0,4 times the wavelength of the 
sound, or longer, the sound starts to see 
the baffle as infinite and less sound will 
be radiated towards the back wall. A half 
spherical radiation pattern will then be 
created. 
 
The goal here was to extend the width of 
the baffle so it would shadow the 
problematic area between 100-800 Hz. 
Equation 10 showed that the 3-dB point 
was extended down to   =274 Hz if the 
width of the baffle was 0,5 meters. It 
doesn’t quite reach down to the desired 
100 Hz, but the baffle would have to be 
very big indeed if that frequency was to 
be reached. To be more exact, the baffle 
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would have to be 1,4 meters wide.  
 
An 3-dB point of 274 Hz is certainly 
better than 686 Hz, which the DLS Midi 
loudspeaker has with its width of 0,2 
meters. Hopefully this will mean that the 
frequency spectrum will be reasonably 
flat above 274 Hz because of the 
shadowing of the enclosure. The drawing 
of the prototype was then designed 
according to Figure 29. 

 
Figure 29: Drawing of Plate. 
 
With the data from Table 5 for the 4” 
driver that was chosen for this prototype 
and with equation 24 it was calculated 
that the volume for a closed box should 
be           for optimal performance. 
This volume was not really achievable if 
the baffle must have the measurements 
0,5 times 0,5 meters and the enclosure 
must be deep enough to fit the driver. 
Therefore a smaller box was fitted to the 
back of the baffle.  
 
When the time came to build the actual 
prototype it deviated a bit from the 
original drawing. To save time, and from 
advise from my supervisor, a DLS midi 

enclosure was fitted on the back of the 
desired baffle and the port was sealed to 
turn it into a sealed box. The finished 
prototype is presented in Figure 30. 
 

 
Figure 30: Prototype Plate. 
 
5.5 PRESSIENT 
The next prototype uses a certain 
microphone technique that causes the 
microphone to only register sound from 
the front. This type is called a cardioid 
microphone and to achieve the correct 
uptake capabilities it combines an 
omnidirectional and a bi-directional 
source. The theory behind this is 
explained further under the headline 2.2 
MICROPHONE TECHNOLOGY.  
 
The simplest way to implement this 
cardioid method on a loudspeaker was to 
create a dipole with the combination of 
an omnidirectional pressure source and a 
gradient source, hence the name 
Pressient. To create a bi-directional 
gradient source an open baffle was used. 
And an omnidirectional pressure source 
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is simply a sealed box. This idea came 
from Ferekidis and Kempe [19] who did 
the same thing for a subwoofer- 
According to equation 10 and 23 the 
distance between the two sources must be 
a maximum of 0,125 meters when the 
baffle is 0,3 meters wide and have a 3-dB 
point of 460 Hz.  
 
The distance 0,109 meters between the 
two sources was chosen and the ka rule 
from equation 1 and 2 says that 
         

   
             ,  (26) 

which means that these two sources 
should work together as a dipole. These 
two sources should be equally strong to 
create a cardioid radiation pattern, but 
without some testing in beforehand this 
was very hard to achieve.  
 
Since the open-baffle system has lower 
efficiency compared to a sealed box when 
it comes to the SPL output, the open-
baffle got the bigger 4” element. This 
choice was made in the hope that the 
bigger element could produce higher 
SPLs thanks to a bigger membrane, and 
in this way could make up for the lack of 
efficiency in the open-baffle. The 
prototypes’ drawing can be seen in Figure 
31. 

 
Figure 31: Drawing of Pressient. 
 
The final prototype can be seen in Figure 
32 below. 
 

 
Figure 32: Prototype Pressient. 
 
As with the previous prototype an 
enclosure from the DLS midi line was 
used to save time, but this time it was cut 
in half to accommodate this specific 
design. 
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5.6 TOPLOADED 
The theory behind this prototype is the 
use of a 2π acoustical mirror, or a half 
spherical acoustical mirror, which is 
explained further under the headline 
2.3.5 POSSIBLE SOLUTIONS in the 
literature study. The bass driver was 
placed on top of the enclosure to be as 
close as possible to a boundary when the 
loudspeaker is wall mounted.  
 
The three inch bass driver was chosen in 
this case to make the enclosure as slim as 
possible. The     for this particular 
driver was quite large so it was not 
suitable for small sealed boxes. An 
optimum volume for the enclosure was 
then ignored because the driver does not 
need to perform at its best for this kind 
of measurements that will be undertaken 
in this thesis. The box was simply created 
in an easy to handle size and made as 
thin as possible so the driver could come 
as close as possible to the rear boundary. 
Then the tweeter was mounted on the 
baffle. The result can be seen in Figure 
33. 
 

 
Figure 33: Drawing of Toploaded. 
 
The finished prototype can be viewed in 
Figure 34 below. 
 

 
Figure 34: Prototype Toploaded. 
 
5.7 TYPE R 
This particular prototype required most 
work and it was quite hard to find decent 
literature that presented a solid model of 
the theory. Mostly because of the original 
papers which were in German, and there 
aren’t that many in English. Anyhow, 
this prototype is based on a system that is 
called an “Acoustic Resistance Box”. It 
too, like the prototype Pressient, is based 
on the principle behind the cardioid 
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microphone. But instead of using two 
different sound sources the prototype 
sees each side of one driver as two 
different sources. This means that the 
loudspeaker will have a cardioid radiation 
pattern. This system is further explained 
under the headlines 2.3.8 THE 
ACOUSTIC RESISTANCE BOX and 2.2 
MICROPHONE TECHNOLOGY in the 
literature study.  
 
It was early on realized that the 
calculations explained under the headline 
2.3.8 THE ACOUSTIC RESISTANCE 
BOX were going to be repeated a couple 
of times with different values to get a 
satisfactory result. Therefore a matlab 
script was created so the values could be 
changed with ease without having to 
recalculate the whole system by hand. 
The script can be seen in Appendix 2. The 
measurements of the sheet were changed 
and tested a couple of times until the 
following result in Table 7 was achieved. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Table 7: Specifications for Type R. 
Entity Unit Value 
Width of 
baffle 

m 0.206 

Path outside 
enclosure 

m 0.179 

Internal 
volume 

   0.00301 

Sheet, Radius 
of holes 

m 0.0025 

Sheet, Width 
of plates 

m 0.0070 

Sheet, 
Thickness of 
plates 

m 0.0060 

-3 dB point 
     

Hz 666.02 

Number of 
holes, exact 

- 215.90 

Number of 
holes, 
rounded 

- 216 

Resistance per 
hole 

Acoustic 
ohms 
        ⁄  

    
     

Mass per hole  Acoustic 
mass 
      ⁄  

535.49 

Compliance 
of box 

Acoustic 
compliance 
    ⁄   

    
      

Impedance of 
sheet 

Acoustic 
Impedance 
       ⁄  

     
     

Impedance of 
low-pass filter 

Acoustic 
Impedance 
       ⁄  

     
     

Deviation of 
impedance 
(holes; exact-
rounded) 

% -0.046 

Deviation of 
impedance 
(sheet-low 
pass filter) 

% -1.050 
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The first thing that was done was to 
decide the width of the baffle, which 
both affected the path outside the 
enclosure and the -3 dB point. As with 
most of the previous prototypes the -3 dB 
point were calculated with Equation 10. 
That equation shows on which 
frequency, and below, the enclosure 
starts to lose its shadowing effects. It is 
beneath this frequency the real problems 
starts because the sound sees the baffle as 
infinite above that.  
 
The path outside the enclosure was 
defined as half the baffle width plus the 
side of the enclosure. The path was later 
on modified slightly to accommodate the 
holes which were on the side of the 
enclosure. The path on the side were 
changed to be from the edge of the baffle 
to the closest hole, and then of course 
plus half the baffle. The path outside the 
enclosure is illustrated in Figure 35. 
 

 
Figure 35: The path outside the enclosure. 
 
The next step was to decide the measure 
for the perforated sheet. The matlab 
script was very useful here and the values 
were changed around until it all matched 
together.  The radius of the holes had 
some limitations according to the rule 
defined in equation 18. The result of this 
rule can be viewed in Table 8. After some 
consideration it was decided that the 
radius would be 2,5 mm. 
 

Table 8: Limits in millimeters for radius (a) of 
holes in perforated sheet. 
Frequency 
(Hz) Limits of a (mm) 
25600 0.0625 < a < 0.391 
12800 0,0884 < a < 0,781 
6400 0,1250 < a < 1,563 
3200 0,1768 < a < 3,125 
1600 0,2500 < a < 6,250 
800 0,3536 < a < 12,500 
666      0,3875 < a < 15,000 
400 0,5000 < a < 25,000 
200 0,7071 < a < 50,000 
100 1,0000 < a < 100,000 
 
Each hole had a surrounding area in the 
form of a square plate which had to be 
more than the diameter of the hole in 
width. The goal was to get the sheet as 
small as possible, so the plate was set to 
be 7 millimeters wide. It was, in other 
words, only 2 millimeters between each 
hole since the holes had a diameter of 5 
millimeters. The thickness of the sheet 
was set to 6 millimeters because of the 
standard thicknesses of the MDF-boards 
that were available for purchase.  
 
These defined entities combined with 
Equation 19 stated that it should be 216 
holes. With that setting the true 
impedance had only a deviation of -
0,0456 % from the calculated impedance 
(the calculation wanted 215,9 holes). It 
was also possible to calculate the 
impedance with Equation 22 which is a 
formula originally adapted for low pass 
filters. The deviation between that 
impedance and the impedance calculated 
with Equation 21 was only -1,05 %. 
 
It was quite tricky to get the volume of 
the enclosure and the measurements of 
the sheet to match each other. The 
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volume is important because it affects the 
compliance, which can be seen in 
equation 20. It also affects the number of 
holes according to equation 19. The 
number of holes must also fit on the 
sides of the box without getting to close 
to the baffle. The solution was to have 
thicker material to get the volume down 
and at the same time get a good path 
outside the enclosure. This proved to 
take too much of the volume, so the 
backside of the box is thinner than the 
rest of the box. The drawing of the 
prototype can be seen in Appendix 3 and 
the finished model is seen in Figure 36 
below. 
 

 
Figure 36: Protoype Type R. 
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6 Results and Discussion 
The results of this report depend heavily on graphs and figures. Therefore it will be 
much easier to understand and interpret the results if the discussion for each and every 
graph comes directly before them. The prototypes will be presented one at a time. An 
important factor mentioned under 4 Earlier Work about the MLS measurements is that they 
are unreliable under 60 Hz, which can be taken into consideration when studying the 
graphs. 
 
As the theory under 2.1.3 IMPACT OF 
BOUNDARIES implies, the reflected 
sound from the wall and the direct sound 
from the driver add to each other when 
ka goes to zero. That is very useful and it 
does explain why the lower frequencies 
are stronger at the multi-studio 
measurements. But, what it does not say 
is exactly when this occurs. Therefore the 
author did some calculations on the 
results and found that if less than ¼ of a 
wavelength fits on the delay path, as in 
Figure 14, the reflected and direct sound 
will be in phase and add to each other. 
The delay path can in other words be 
ignored at that point. A rule can be 
formed from this conclusion which states 
that the sounds will be in phase if 
 

  
     

 
,   (27) 

applies. a is the delay path as in Figure 
14.  
 
6.1 MIDI 
Some continuation of the earlier project 
seen under 4 Earlier Work was done to see 
how the radiation patterns for The 
Flatbox Midi was. Figure 37, Figure 38 
and Figure 39 illustrates the polar 
patterns in SPL, measured in the 
anechoic chamber, for Midi. The 
loudspeaker is omnidirectional at 150 Hz 
as it should be according to the ka rule. 

The -3 dB point for Midi is 650 Hz so 
there should be some signs at 500 Hz 
that the baffle is starting to shadow the 
waves, and that is indeed correct 
according to Figure 38. The box 
shadowing is even stronger at 900 Hz in 
Figure 39, but it is not quite a cardioid 
pattern. 
 

 
Figure 37: Polar pattern for Midi at 150 Hz. 
 

 
Figure 38: Polar pattern for Midi at 500 Hz. 
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Figure 39: Polar pattern for Midi at 900 Hz. 
 
Figure 40 shows an MLS measurement 
where a comparison is made with and 
without the chamfers on Midi. The 
measurements were done in the multi-
studio and the red curve represents the 
measurements without chamfer and the 
blue curve with chamfer. As can be seen, 
the chamfers seems to make a slight 
improvement between 400-900 Hz. At 
300-400 Hz there is a pretty drastic dip 
clearly created by the disturbance of the 
chamfers since the dip is not as big on 
the red curve.  
 

 
Figure 40: MLS on axis with Midi in multi-
studio. Red: without chamfer, blue: with 
chamfer. 
 
Figure 41 shows the same situation as 
Figure 40, but the microphone is placed 

30 degrees off axis. The difference in the 
area 300-900 Hz is almost identical to the 
axial measurement. Although, the dip at 
300-400 Hz is not as dramatical on the 30 
degree measurement. This may depend 
on the lessened SPL that occurs off axis 
but also that the path differences from 
the microphone to the actual diffractions 
on the enclosure may work in favor for 
the interferences. 

 
Figure 41: MLS 30 degrees off axis with Midi 
in multi-studio. Red: without chamfer, blue: 
with chamfer. 
 
The midi with chamfers was investigated 
further in the anechoic chamber with the 
goal to locate the source of the 
problematic dip at 300-400 Hz. Figure 42 
shows on axis MLS measurements of 
Chamfer where the red curve represents 
the anechoic chamber and the blue curve 
represents the multi-studio. This graph 
clearly shows that the drastic dip is not 
created by the diffractions of the 
chamfers alone, but by a combination of 
the chamfers and the rear wall. The 
wavelength of 380 Hz is 0,9 meters which 
is exactly four times as long as the delay 
path for midi with chamfers (0,225 
meters) according to Figure 13. That 
frequency is right at the start of the 
bespoken dip. Equation 27 says that the 
direct and reflected sound should be in 
phase and add to each other at 270 Hz, 
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which is correct if the blue curve in 
Figure 42 is examined. That is also why 
the dip ends at around 300 Hz. The -3 dB 
point for midi with chamfers is still the 
same as for without chamfers because 
equation 10 only refers to the planar 
baffle, so the box shadowing starts at 650 
Hz.  
 
Ordinary edge diffraction on a 
loudspeaker is sound that radiates in all 
directions when it encounters a sudden 
drop in the acoustical impedance. In this 
situation however, the dispersion at the 
edge will focus its energy on a smaller 
area since the edge is right at a room 
boundary and a reinforced reflection will 
occur. Since the minimum according to 
2.1.3 IMPACT OF BOUNDARIES is at 
390 Hz that reinforced reflection 
coincides perfectly with the minimum, 
hence the strong dip. The maximum is at 
760 Hz which can be seen in Figure 42 
before the box shadowing takes over. 
 

 
Figure 42: MLS on axis with Chamfer. Red: 
anechoic chamber, blue: multi-studio. 
 
Figure 43, Figure 44 and Figure 45 
illustrate the polar patterns in SPL, 
measured in the anechoic chamber, for 
Chamfer. The patterns for 150 Hz and 
500 Hz are very similar to what Midi 
performed in Figure 37 and Figure 38. At 

900 Hz on the other hand, Chamfer has 
a narrower backward radiation which 
most likely is because of the chamfers 
which make the baffle a bit wider. 
 

 
Figure 43: Polar pattern for Chamfer at 150 
Hz. 
 

 
Figure 44. Polar pattern for Chamfer at 500 
Hz. 
 

 
Figure 45: Polar pattern for Chamfer at 900 
Hz. 
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6.2 PLATE 
This was the prototype with an enlarged 
baffle. Figure 46 shows on axis MLS 
measurements of Plate where the red 
curve represents the anechoic chamber 
and the blue curve represents the multi-
studio. The idea was that this wider baffle 
would lower the -3 dB point to 274 Hz, 
hence extending the box shadowing.  
 
If the spectrum above 400 Hz is neglected 
for a while it can be seen that this theory 
seems to work. According to the theory 
of reflecting surfaces under 2.1.3 
IMPACT OF BOUNDARIES the 
minimum should be at 280 Hz which is 
indeed correct if Figure 46 is studied. Ka 
goes to zero below 200 Hz and therefore 
the direct and reflected sound are in 
phase and add to each other. 
 
Above 400 Hz it is on the other hand a 
bit of a disappointment. The first 
thought was that the strong dips and 
peaks depended on the unfortunate 
shape of the baffle. Uniformity is not 
preferable when the suppression of 
diffractions is sought after. The baffle on 
this prototype is square and that means 
that the phase differences between the 
diffractions will be similar because all 
sides of the baffle have the same length. 
The diffracted sound will then have a 
more powerful effect on the direct sound 
when many of them have the same phase. 
But, the driver is not centered on the 
baffle so it is not exactly the same lengths 
to all the sides. It is on the other hand 
much more similar lengths to each edge 
of the baffle on this prototype than on 
the Midi loudspeaker seen in Figure 22.  
 
According to equation 11 there should 
be diffraction maximum at 590 Hz, 1760 

Hz, 2940 Hz, 4110 Hz and so on. 
According to equation 12 there should 
be diffraction minimum at 1170 Hz, 
2350 Hz, 3520 Hz, 4700 Hz and so on. If 
Figure 46 is studied it can be seen that 
these maximum and minimum are 
correct. The peak at 500 Hz in the multi-
studio measurement does also exist for 
the midi loudspeaker in Figure 23 at 
around 700 Hz, but that one is much 
smaller. That is when the reflected and 
direct sound gets into phase again but 
dies out quite quickly because the box 
shadowing takes over. That peak is also 
explained by the theory under 2.1.3 
IMPACT OF BOUNDARIES where it says 
that there should be a maximum at 480 
Hz for Plate. With the Plate prototype 
however, that maximum is unfortunately 
placed right on an edge diffraction 
maximum which amplifies the peak. 
 

 
Figure 46: MLS on axis with Plate. Red: 
anechoic chamber, blue: multi-studio. 
 
At 30 degrees off axis, seen in Figure 47, 
the frequency spectrum is quite smooth 
except for the rather radical dip at 370 
Hz. It is harder to explain why the edge 
diffractions have lessened at this angle, 
which by the way is the angle most 
similar to an ordinary listening position, 
because all the path differences and so on 
will differ when the microphone is not 
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on axis. But, all the dips and peaks 
explained for the on axis measurement is 
actually still there.  
 
The peak at 500 Hz is smaller because of 
the reduced amplitude of the edge 
diffractions. The reason why the dip is 
narrower than on axis might be that the 
reflections are stronger on axis than they 
are 30 degrees off axis which means that 
the interferences will not be as apparent 
off axis. This theory obviously does not 
match with the very clear peak at 370 Hz.   

 
Figure 47: MLS 30 degrees off axis with Plate. 
Red: anechoic chamber, blue: multi-studio. 
 
Figure 48 compares MLS measurements 
in the multi-studio. The red curve 
represents on axis, the blue curve 
represents 30 degrees off axis and the 
green curve represents 60 degrees off axis. 
The difference in SPL above 4000 Hz is 
because the higher frequencies are more 
directive. Therefore the sound pressure 
decreases further off axis. 
 

 
Figure 48: MLS in multi-studio with Plate. 
Red: on Axis, blue: 30 degrees, green: 60 
degrees. 
 
Figure 49, Figure 50 and Figure 51 
illustrate the polar patterns in SPL, 
measured in the anechoic chamber, for 
Plate. The prototype has pretty much an 
omnidirectional radiation pattern at 150 
Hz, which is in order. At 500 Hz the box 
shadowing has started to show its effects 
and the radiation is smaller at the back 
and on the sides. At 900 Hz the back 
radiation is much narrower but it is still 
not what are sought after. The on axis 
SPL is strong at 500 Hz and weak at 900 
Hz because they are right on the 
maximum and minimum caused by the 
baffle seen in Figure 46. 
 

 
Figure 49. Polar pattern for Plate at 150 Hz. 
 



 38 

 
Figure 50: Polar pattern for Plate at 500 Hz. 

 
Figure 51: Polar pattern for Plate at 900 Hz. 
 
The prototype was modified to check if 
the evident peaks and dips were caused 
by a uniform baffle. The original height 
of 0,5 meters was changed to 0,38 meters 
and the width remained at 0,5 meters. 
An on axis MLS measurement was done 
in the anechoic chamber and was 
compared to the old measurement and 
can be seen in Figure 52. The red curve 
represents the measurement with the 
original baffle and the blue curve 
represents the modified baffle. As can be 
seen there is not much of a difference. 

 

 
Figure 52: MLS on axis with Plate in anechoic 
chamber. Red: original baffle, blue: shorter 
baffle. 
 
The theory under 2.3.3 EDGE 
DIFFRACTIONS says that uniformity of a 
baffle creates stronger edge diffractions, 
therefore the prototype was modified yet 
again to create a more random baffle. 
The left side of the baffle was shortened 
horizontally with 0,1 meters and the right 
side remained the same. The edge on the 
left side became in other words much 
closer to the drivers. The prototype was 
now 0,38 meters high and 0,4 meters 
wide. The result of the MLS 
measurement on axis with the uneven 
baffle can be seen in Figure 53. The red 
curve represents the measurement with 
the original baffle and the blue curve 
represents the modified and uneven 
baffle. Finally some positive results are 
registered and the blue curve is smoother 
than the red which indicates that the 
edge diffractions have lessened.  
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Figure 53: MLS on axis with Plate in anechoic 
chamber. Red: original baffle, blue: 0,4 meter 
wide baffle. 
 
To confirm the theory that a more 
random baffle is favorable for edge 
diffractions the right side of the baffle 
was also cut with 0,1 meters. The 
measurements for the baffle was now 
0,38 meters high and 0,3 meters wide 
and the drivers had the same paths to the 
left and right side of the baffle. The result 
of the MLS measurement on axis with 
the heavily modified baffle can be seen in 
Figure 54. The red curve represents the 
measurement with the original baffle and 
the blue curve represents the modified 
and narrower baffle. Surprisingly, the 
frequency spectrum was even better on 
this one, despite the fact that the drivers 
had more similar path differences to the 
edges.  

 
Figure 54: MLS on axis with Plate in anechoic 
chamber. Red: original baffle, blue: 0,3 meter 
baffle. 

 
Figure 55 compares the two modified 
baffles from Figure 53 and Figure 54, and 
the red curve represents the measurement 
with the 0,4 meter wide baffle and the 
blue curve represents the 0,3 meter wide 
baffle. The difference is definitely not 
huge, but it is none the less noticeable. 
The accuracy of the measurements are ±1 
dB at the frequencies where the 
difference occurs, but the difference is 
still bigger than 1 dB. 
 

 
Figure 55: MLS on axis with Plate in anechoic 
chamber. Red: 0,4 meter wide baffle, blue: 0,3 
meter wide baffle. 
 
6.3 PRESSIENT 
It was very important that the two 
different sources were equally strong so a 
cardioid pattern could be created for this 
prototype. After studying Figure 56, it is 
clear that the sources were not equally 
strong. It is an on axis MLS measurement 
where the red curve represents the 
anechoic chamber and the blue curve 
represents the multi-studio. The 
backwards radiation from the open baffle 
solution is not cancelled out and it 
creates strong reflections from the rear 
wall. This in turn produces interferences 
all the way up to 3000 Hz, way above the 
-3 dB point which is 460 Hz for this 
prototype.  
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The calculations for diffractions are not 
correct, although the minimum and 
maximum are roughly on the same 
position as Figure 56 implies. The 
minimum and maximum are 360 Hz and 
620 Hz respectively according to the 
calculations under 2.1.3 IMPACT OF 
BOUNDARIES. When ka goes to zero the 
lower frequencies should be amplified for 
the multi-studio measurement, but this is 
not the case here. In fact, the bass is 
slightly weaker in the multi-studio than in 
the anechoic room. This suggests that the 
open baffle is the superior source since 
that system cannot handle low 
frequencies very well. The polar pattern 
must have a figure-8 pattern if the open 
baffle is stronger, which will be checked 
further down.  
 

 
Figure 56: MLS on axis with Pressient. Red: 
anechoic chamber, blue: multi-studio. 
 
The same sort of chaos is still present at 
the 30 degree off axis measurement seen 
in Figure 57 where the red curve 
represents the anechoic chamber and the 
blue curve represents the multi-studio. 
The minimum and maximum are still at 
the same place as on the on axis 
measurement and the frequencies below 
150 Hz are not amplified here either.  
 

 
Figure 57: MLS 30 degrees off axis with 
Pressient. Red: anechoic chamber, blue: multi-
studio. 
 
Figure 58 compares MLS measurements 
in the multi-studio. The red curve 
represents on axis, the blue curve 
represents 30 degrees off axis and the 
green curve represents 60 degrees off axis. 
The difference in SPL above 4000 Hz is 
because the higher frequencies are very 
directive. Therefore the sound pressure 
decreases further off axis. 

 
Figure 58: MLS in multi-studio with Pressient. 
Red: on Axis, blue: 30 degrees, green: 60 
degrees. 
 
 
Figure 59, Figure 60 and Figure 61 
illustrate the polar patterns in SPL, 
measured in the anechoic chamber. At 
150 Hz there are some signs of cardioid 
radiation. The SPL are a bit stronger 
from the front than from the back, but 
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only slightly. It can be seen that Pressient 
gets bi-directional at 500 and 900 Hz, as 
predicted from the earlier figures.  
 
Measurements of the equivalent SPL over 
20 seconds with pink noise as stimuli 
were made on the two different drivers. 
The microphone was set to a distance of 
1 decimeter from the drivers. With the 
correction seen in equation (24) the 
results was 81,42 dB for the 5” and 78,09 
dB for the 4”. The difference between the 
two drivers were in other words 3,33 dB. 
The omnidirectional source is therefore 
not strong enough compared to the 
driver in the open baffle solution, which 
leads to a figure 8 radiation pattern. It 
might also be that the two sources were 
too far away from each other in higher 
frequencies to make the dipole work. The 
drivers could have been 5 mm closer to 
each other before they would coincide. 
To lessen the distance even more it 
would be necessary to use smaller drivers. 
 

 
Figure 59: Polar pattern for Pressient at 150 
Hz. 

 
Figure 60: Polar pattern for Pressient at 500 
Hz. 
 

 
Figure 61: Polar pattern for Pressient at 900 
Hz. 
 
6.4 TOPLOADED 
A dip was expected at around 2500 Hz 
for this prototype because that is where 
the driver mounted on top of the 
enclosure gets directive and the transition 
from the bass/mid driver to the tweeter 
also lies in the same area. But, the dip 
seen in Figure 62 seemed a bit too 
radical. The graph shows on axis MLS 
measurements where the red curve 
represents the anechoic chamber and the 
blue curve represents the multi-studio. 
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Figure 62: MLS on axis with Toploaded. Red: 
anechoic chamber, blue: multi-studio. 
 
It was soon realized that the driver 
mounted on top of the enclosure was out 
of phase in comparison to the tweeter 
which was mounted on the baffle. The 
solution was to connect the top mounted 
driver 180 degrees out of phase to the 
crossover.  
 
The result of the new on axis 
measurement can be seen in Figure 63, 
which shows an improved dip. While this 
definitely is an improvement there are 
still some problems. The trick with this 
prototype was to make the difference 
between the direct and reflected sound as 
small as possible so that they would have 
the same phase. Therefore an 
amplification of the two is unavoidable 
and that shows below 900 Hz. The 
author’s opinion is that it is preferable to 
have the entire midrange act like ka goes 
to zero as explained under 2.1.3 IMPACT 
OF BOUNDARIES than to have the 
usual minimum and maximum. The 
minimum and maximum would have 
been at 420 and 730 Hz respectively.  
 
There is an obvious disturbance at 700 
Hz which may be explained by an edge 
diffraction created vertically on the 
enclosure. The wavelength of 700 Hz is 
0,49 meters which means that ½ of the 

wavelength is 0,245 and the height of the 
enclosure is 0,26 meters. That is only off 
by 0,015 meters. 
 

 
Figure 63: MLS on axis with Toploaded out of 
phase. Red: anechoic chamber, blue: multi-
studio. 
 
Figure 64 shows a MLS measurement 30 
degrees of axis. The Red curve represents 
the anechoic chamber and the blue curve 
represents the multi-studio. There is not 
much of a difference between the on axis 
and 30 degrees off axis measurements 
which it usually is because of length 
differences between the direct and 
reflected sound to the receiver. When the 
bass is on top of the enclosure the 
radiation is much more even at the 
different angles. There is of course the 
decreased SPL at higher frequencies 
because of the directivity for small 
wavelengths. Other than that the two 
spectrums are very similar in comparison 
to the other prototypes. 
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Figure 64: MLS 30 degrees off axis with 
Toploaded out of phase. Red: anechoic 
chamber, blue: multi-studio. 
 
Figure 65 compares MLS measurements 
in the multi-studio. The red curve 
represents on axis, the blue curve 
represents 30 degrees and the green curve 
represents 60 degrees. All three angles are 
actually very similar, except for the higher 
frequencies because of the directivity of 
the tweeter. 60 degrees off axis has its dip 
at 3000 Hz which is about 1000 Hz 
higher in comparison to the other 
measurements. 
 

 
Figure 65: MLS in multi-studio with 
Toploaded out of phase. Red: on Axis, blue: 
30 degrees, green: 60 degrees. 
 
Figure 66, Figure 67 and Figure 68 
illustrates the polar patterns in SPL, 
measured in the anechoic chamber, for 
Toploaded. The SPL is equally strong 

whether the prototype is measured from 
the back, the front or any other angle and 
that is because the driver is mounted on 
the top of the enclosure. 
 

 
Figure 66: Polar pattern for Toploaded at 150 
Hz. 

 
Figure 67: Polar pattern for Toploaded at 500 
Hz. 

 
Figure 68: Polar pattern for Toploaded at 900 
Hz. 
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6.5 TYPE R 
This prototype uses a proper cardioid 
microphone technique and the on axis 
measurement can be seen in Figure 69. 
The red curve represents the anechoic 
chamber and the blue curve represents 
the multi-studio. The first noticeable 
characteristics of the curve are of course 
the two major diverging factors at 350 Hz 
and 1500 Hz.  
 
The peak at 350 Hz is probably caused by 
a resonance which is created by the holes 
in the sides of the enclosure, much like a 
vented box where the ports are calibrated 
to reinforce a certain tone below the 
drivers capabilities.  
 
The disturbance around 1500 Hz is most 
likely caused by standing waves created 
inside the enclosure which leaks out 
because of the holes on the sides. The 
first standing wave vertically inside the 
enclosure lies at 1300 Hz and the first 
standing wave horizontally inside the 
enclosure lies at 1670 Hz according to 
Equation 6. These two standing waves 
together with reflected and direct sound 
will undoubtedly create the strong 
interference at around 1500 Hz (also 
mentioned above) seen in Figure 69.  
 
According to the equations under 2.1.3 
IMPACT OF BOUNDARIES the 
minimum and the maximum from the 
impact of the rear wall should be at 400 
Hz and 680 Hz. The minimum lie right 
at the bespoken resonance so it is rather 
well camouflaged. Despite this, a small 
dip in the blue curve can be seen after 
the resonance before the maximum 
occurs at 700 Hz. Another effect the wall 
had was that the bass is slightly amplified 
in the multi-studio measurement because 

of the omnidirectional behavior in these 
lower frequencies. 

 
Figure 69: MLS on axis with Type R. Red: 
anechoic chamber, blue: multi-studio. 
 
Figure 70 shows a MLS measurement 30 
degrees of axis. The Red curve represents 
the anechoic chamber and the blue curve 
represents the multi-studio. The peak at 
400 Hz is at exactly the same place, which 
supports the theory that it is a resonance 
created by the holes. The interference at 
around 1500 Hz has been greatly 
reduced, much like the decreased 
interferences for 30 degrees of axis in 
Figure 47 for the prototype Plate. Once 
again there seems to be a reduction of 
reflections when the loudspeaker is 
measured off axis. Although, there is still 
a dip at 1600 Hz created by the wall. 
Otherwise it is pretty similar to on axis. 

 
Figure 70: MLS 30 degrees off axis with Type 
R. Red: anechoic chamber, blue: multi-studio. 
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Figure 71 compares MLS measurements 
in the multi-studio. The red curve 
represents on axis, the blue curve 
represents 30 degrees and the green curve 
represents 60 degrees. The resonance is at 
exactly the same place, but the leaked 
standing waves differ a bit. Most likely 
because of phase shifts which occurs 
during different angles. There are phase 
shifts because the distance from the 
microphone and the reflections differ at 
respective angles. The difference in SPL 
above 4000 Hz is because the higher 
frequencies from the tweeter are very 
directive. Therefore the sound pressure 
decreases further off axis.  

 
Figure 71: MLS in multi-studio with Type R. 
Red: on Axis, blue: 30 degrees, green: 60 
degrees. 
 
Figure 72, Figure 73 and Figure 74 
illustrates the polar patterns in SPL, 
measured in the anechoic chamber, for 
Type R. The prototype is bi-directional at 
150 Hz which says that it is not calibrated 
to work properly at this frequency, which 
was deliberate. The system was tuned to 
work at its best on the -3 dB point and 
for this prototype that was 666 Hz. At 
500 Hz there are some signs that indicate 
that the system indeed has a cardioid 
radiation pattern, and at 900 Hz the 
pattern is clearly a cardioid.  
 

 
Figure 72: Polar pattern for Type R at 150 Hz. 
 

 
Figure 73: Polar pattern for Type R at 500 Hz. 
 

 
Figure 74: Polar pattern for Type R at 900 Hz. 
 
The prototype was filled with sheep wool 
to see if it would solve the problems 
concerning the resonance and the 
standing waves inside the enclosure. 
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Figure 75 shows MLS measurements on 
axis in the anechoic chamber with and 
without sheep wool stuffing. As can be 
seen, the resonance at around 400 Hz is 
reduced with 7 dB, but the lower 
frequencies are a bit stronger which 
might indicate that the cardioid does not 
work as well with stuffing. The problems 
caused by the standing waves at around 
1500 Hz are also reduced indicating that 
they were caused by standing waves inside 
the box. 

 
Figure 75: MLS on axis in anechoic chamber 
with Type R. Red: without stuffing, blue: with 
stuffing. 
 
The radiation graphs were measured 
again, stuffed with damping this time, to 
see if the cardioid radiation pattern was 
still evident. Figure 76, Figure 77 and 
Figure 78 illustrates the polar patterns in 
SPL, measured in the anechoic chamber, 
for the damped Type R. These figures 
show that the prototype still has its 
cardioid capabilities left. The fact is that 
it seems to be a bit more cardioid like 
with damping than without. 
 
At 150 Hz, the radiation is a bit stronger 
and wider in the forward direction and 
has slightly narrower and weaker 
radiation from the back. The backward 
radiation is the same at 500 Hz but the 
radiation from the front is a little bit 

narrower. At 900 Hz the backward 
radiation at 210 and 150 degrees is a bit 
stronger which creates a wider pattern. 
All in all there is not much to argue 
about, and the damping is definitely an 
improvement. 
 
 

 
Figure 76: Polar pattern for damped Type R 
at 150 Hz. 

 
Figure 77: Polar pattern for damped Type R 
at 500 Hz. 
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Figure 78: Polar pattern for damped Type R 
at 900 Hz. 
 
6.6 RELEVANCE 
Since DLS focuses on wall mounted 
loudspeakers in their home audio 
department and because good sound 
quality is one of their main directives, 
they are very interested in manufacturing 
a loudspeaker which can revolutionize 
the way audiophiles think about wall 
speakers. To create a cardioid or a half 
spherical loudspeaker is definitely a 
priority because the main goal in 
improving a wall mounted loudspeaker is 
to remove the interfering wall reflections. 
The results produced by this thesis with 
some further developments can definitely 
achieve this goal. 
 
A better sound will increase the social 
sustainability because the customer will 
be more satisfied by the product and use 
the loudspeaker for a longer period of 
time. This also affects the economical 
and the ecological sustainability because 
less people will buy new loudspeakers, 
which in turn means that the production 
will decrease and less natural resources 
will be used. 
 
 
 

6.7 REFLECTION 
The measurements were made from 
different angles as described under 3 
Method and this is because the speaker 
frequency response may be different 
depending on where the listener is in 
comparison to the speaker. Although all 
the prototypes were measured from on 
axis, 30 degrees off axis, 60 degrees off 
axis and 90 degrees off axis in the multi-
studio, it was only on axis and 30 degrees 
off axis that was chosen to be compared 
with the measurements from the 
anechoic chamber. That is because the 
listeners rarely find themselves outside 
these angles thanks to the speaker 
placement.  
 
These speakers are wall mounted which 
means that they will always be flat against 
the wall and thus always create an angle 
to the listener if the speakers are 
mounted far apart to create a proper 
stereo image as seen in Figure 15. 
Comparisons between the multi-studio 
and the anechoic chamber at 60 and 90 
degrees and other non-presented graphs 
can be found in Appendix 4.  
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7 Conclusions  
This chapter concludes the results of this project by discussing the mission statement stated 
in the introduction and checking if the project objectives have been fulfilled.  
 
7.1 MISSION STATEMENT 
The mission statement given to the 
author from DLS that was cited in 1 
Introduction reads: 
 
“Mission to investigate, measure and verify the 
possibility to remove/minimize the effect the 
closest room boundary has on the sound from 
wall mounted speakers, or speakers standing 
close to a wall, using acoustic and electrical 
solutions. With focus on acoustic solutions. 
Electric solutions essentially means analog 
solutions, but also to examine digital solutions 
(DSP). “ 
 
The results produced by the experiments 
in this thesis show that it is possible to 
minimize the effect the closest room 
boundary has on the sound from wall 
mounted speakers, but not to remove the 
effect completely, with acoustical 
solutions. Electrical solutions were not 
investigated since it fell outside the 
author’s educational orientation. 
 
The consistency of the project was good 
because all measurements were done in 
the same way, in the same environments 
and with the same equipment for all 
prototypes. That means that the only 
changing factor in the measurements was 
the prototypes.  
 
The Midi loudspeaker with chamfers on 
did minimize the back radiation quite 
well, but some pretty drastic interferences 
appear when the baffle ends right at a 
room boundary and it is not quite 

suitable for conventional loudspeakers 
with good sound quality in mind. 
 
The prototype Plate did what the theory 
said it would, which was to extend the 
box shadowing to lower frequencies so it 
would not disturb the midrange as much. 
The baffle did, on the other hand, create 
drastic edge diffractions which definitely 
is not suitable for loudspeakers. The best 
thing would be to do more 
measurements with a baffle that is 0,5 
meters high and 0,4 meters wide to 
decide if a wider baffle is worse or not, 
but there was not enough time. The 
conclusion that can be drawn from the 
measurements is that a wider baffle 
creates stronger edge diffractions than a 
narrower one, despite that the narrower 
has more similar path differences to the 
edges. 
 
The prototype Pressient was, there is no 
other words for it, a disaster. The two 
sources just were not equal in strength 
and the radiation pattern for the 
prototype became bi-directional. The 
strong back radiation created 
interferences all the way up to the cutoff 
frequency for the bass/midrange. This 
solution requires much more testing as it 
is very important to make the sources 
equal in strength.  
 
Pressient has a system which works in 
theory but needs more implementation 
in real life to work properly. It would be 
interesting to test with smaller drivers 
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and place them closer to each other so 
the dipole works more effectively.  Also 
to measure the two drivers in two 
separate enclosures and making them 
produce the same SPL before putting 
them together in one enclosure. 
 
The prototype Toploaded had more 
success than the previous prototypes. The 
acoustical mirror worked very well and 
the prototype acted as ka goes to zero up 
to 900 Hz instead of creating minimum 
and maximum. There was still some 
problems concerning the drivers’ 
directivity and the fact that the cutoff 
frequency lay in the same area.  
 
To improve Toploaded and to remove 
the dip it could be changed it into a three 
way system. It should in other words have 
three different drivers handling different 
parts of the frequency spectrum. A top 
mounted driver should handle the lower 
frequencies until the wavelengths gets to 
small and gets affected by the driver size. 
Another driver should then be mounted 
on the baffle which handles the 
frequencies where the directivity starts to 
distort the frequency spectrum, where the 
dip are for the different curves in Figure 
65 in other words. And at last there 
should be a tweeter mounted on the 
baffle that handles the high frequencies.  
 
The driver mounted on top needs to be 
quite small so the enclosure can be slim 
and because a bigger driver gets a 
narrower directivity pattern earlier. It 
would also be good if the two drivers 
mounted on the baffle would be at a 
distance of at least 0,75λ from the bass or 
the floor at the crossover frequency of the 
top mounted driver. This is to prevent 
the drivers from affecting each other or 

to be affected by the floor. 
 
Type R has very similar conclusions as 
the others. The theory works, but there 
are some acoustical disturbances which 
make it unsuitable for conventional use. 
The cardioid system seems to work 
because of the small effect from the 
minimum and maximum. There are just 
the problems created by the holes at the 
sides and the fact that it should have 
been tuned to a lower frequency.  
 
The holes produced resonances and 
leaked standing waves created inside the 
enclosure. The problems concerning the 
holes were addressed by filling the 
enclosure with sheep wool, which worked 
fairly well but the disturbances were still 
noticeable. A perforated plate is not ideal 
for creating the resistance in this type of 
enclosure, not with the dimensions 
chosen in this thesis. Linkwitz [20] 
recommends an industrial filter made of 
non-woven, sintered, stainless steel to be 
used as an acoustic resistor because of its 
frequency independency. This is on the 
other hand expensive and hard to come 
by. 
 
More understanding of this system and 
other theories has been gained during the 
project and Type R should not have been 
tuned at such a high frequency. It would 
have been better if it was tuned to 
around 400-500 Hz where the problems 
created from the back wall are most 
noticeable.  
 
  



 50 

7.2 PROJECT OBJECTIVES AND 
AIMS 
The goal of the project was to find 
solutions to the problems created by the 
back wall for wall mounted loudspeakers. 
The focus was on finding theories, and 
later on implement them on prototypes, 
which makes the midrange radiate in a 
cardioid or half spherical fashion thanks 
to acoustical solutions. 
 
The objectives and aims were fulfilled on 
some of the theories implemented on the 
prototypes which are mentioned under 
7.1 MISSION STATEMENT. Although, 
all of them require further work to be 
usable for conventional loudspeakers. 
One of the project scopes was that 
prototypes were only going to be built to 
test and verify that the discovered 
theories actually work. Therefore there 
was no focus on sound quality and other 
important factors that a good 
loudspeaker needs to fulfill. It was in 
other words expected that some problems 
would occur since the prototypes were 
not optimized for good sound quality. 
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8 Further Work  
If further work on this thesis wants to be done there are some notations here that 
preferably should be taken into consideration. 

The results would have been easier to 
interpret if the prototypes did not have 
any tweeters. That would remove one 
more uncertainty and the measurements 
would only reflect on the midrange and 
the effect the prototype had on it. A 
further simplification would be to use the 
same driver for all prototypes as well. 
 
The author recommends further work on 
the prototypes Toploaded and Type R. 
They had some issues which need to be 
solved concerning the audio quality. The 
theories for these two prototypes were 
validated, but there were some issues with 
creating a smooth frequency spectrum 
and some suggestions for solving these 
issues were mentioned under 7 
Conclusions.  
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

  



 52 

References
[1] Colloms, M. (1997). High Performance 
Loudspeakers (5th edition). Chichester: John 
Wiley & Sons 
 
[2] Watkinson, J. (1998). The Art of Sound 
Reproduction. Oxford: Focal Press 
 
[3] Harley, R. (1994). The Complete Guide 
to High-End Audio. Albuquerque, New 
Mexico: Acapella Publishing 
 
[4] Bodén, H. Carlsson, U. Glav, R. 
Wallin, H.P. Åbom, M. (2001). Ljud och 
Vibrationer. Stockholm: Marcus 
Wallenberg Laboratoriet. 
 
[5] Eargle, J. (2001). The Microphone Book. 
Boston: Focal Press 
 
[6] Dickason, V. (1995). The Loudspeaker 
Design Cookbook (5th edition). 
Peterborough; New Hampshire: Audio 
Amateur Press 
 
[7] Holmes, T.J. (1986). the “Acoustic 
Resistance Box” – A Fresh Look at an 
Old Principle. In Journal of the Audio 
Engineering Society, Vol. 34, No.12 (p. 981-
989). 
 
[8*] G.G. Muller, R. Black, T.E. Davis 
(1938). Diffraction Produced by 
Cylindrical and Cubical Obstacles and by 
Circular and Square Plates. In Journal of 
the Acoustical Society of America. Vol 10 (p. 
22-29) 
 
[8] Wright, J.R. (1997). Fundamentals of 
Diffraction. In Journal of the Audio 
Engineering Society, Vol. 45, No. 5 (p. 347-

356).  
 
[9] Olson, H.F. (1969). Direct Radiator 
Loudspeaker Enclosures. In Journal of the 
Audio Engineering Society, Vol. 16, No.1 (p. 
22-29). 
 
 
[10] Linkwitz, S. (2013). My Search for the 
ideal stereo loudspeaker. In AES 51st 
International Conference, August 22-24, 
Helsinki, Finland 
 
[11] Allison, R.F. (1974). The Influence 
of Room Boundaries on Loudspeaker 
Power Output. In Journal of the Audio 
Engineering Society, Vol. 22, No. 5 (p. 314-
320).   
 
[12] Backman, J. (2003). Low-frequency 
polar pattern control for improved in-
room response, From the Audio Engineering 
Society 115th Convention, October 10-13, 
New York 
 
[13] Iding, W.H. (1972). Unidirectionally 
Radiating Loudspeakers. From the Audio 
Engineering Society Convention of 72, March 
14-16, Munich, Germany 
 
[14] Beranek, L.L. (1986). Acoustics (1986 
Edition). New York: American Institute of 
Physics, Inc. 
 
[15] Linkwitz, S. (no data). H-frame and U-
frame open-baffle woofers. Retrieved 2014-
08-21 from 
http://www.linkwitzlab.com/H-
U%20woofer2.htm 
 

http://www.linkwitzlab.com/H-U%20woofer2.htm
http://www.linkwitzlab.com/H-U%20woofer2.htm


 53 

[16] Clio Softvare (2010). User’s Manual. 
Release 10.10, Standard Version, Florence: 
Audiomatica 
 
[17] Microsoft Office (2013) Gantt Project 
Planner. Retrieved 2014-03-19 from 
http://office.microsoft.com/en-
us/templates/results.aspx?qu=gantt&ex=
1#ai:TC102887601 
 
[18] Nilsson, D. (2014). Mätningar av 
FLATBOX i samarbete med DLS. Report 
for project course L7004A, at Luleå 
University of Technology. 
 
[19] Ferekidis, L. Kempe, U. (2004). The 
beneficial coupling of cardioid low 
frequency sources to the acoustic of small 
rooms, From the Audio Engineering Society 
116th Convention, May 8-11, Berlin, 
Germany 
 

[20] Linkwitz, S. (no data). Acoustic 
absorption and acoustic resistors. Retrieved 
2014-09-11 from 
http://www.linkwitzlab.com/frontiers.ht
m#A 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

http://office.microsoft.com/en-us/templates/results.aspx?qu=gantt&ex=1%23ai:TC102887601
http://office.microsoft.com/en-us/templates/results.aspx?qu=gantt&ex=1%23ai:TC102887601
http://office.microsoft.com/en-us/templates/results.aspx?qu=gantt&ex=1%23ai:TC102887601
http://www.linkwitzlab.com/frontiers.htm#A
http://www.linkwitzlab.com/frontiers.htm#A


 

 

Appendix 1 – Gantt Chart 
Project Planning, Thesis 

   
 

 

  Planned   
 

  Actual   %  finished 

     

     
 

 

  Actual (outside planning)   %  finished (outside planning) 

 
PLANNED PLANNED ACTUAL ACTUAL PERCENT WEEK 

                   

      
14 15 16 17 18 19 20 21 22 23 24 25 31 32 33 34 35 36 37 38 

ACTIVITY START DURATION START DURATION FINISHED PERIODS 
                   

            1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 

Luleå 1 8 1 8 100% 

                    
Göteborg 9 4 9 4 100% 

                    
Luleå 13 8 13 6 100% 

             
  

      
Planning 1 1 1 1 100% 

                    
Literature Study 2 4 2 7 100% 

                    
Idea generation 5 4 5 4 100% 

                    
CAD 6 3 5 3 100% 

                    
Presentation for DLS 9 1 9 1 100% 

                    
Prototyp building 9 4 9 4 100% 

                    
Measurements 12 4 13 2 100% 

                    
Report writing (literature) 6 3 6 3 70% 

                    
Report writing 13 8 15 4 70% 

                     
 
 
 



 

 

Appendix 2 – Matlab script 
clear all 

  
%basic enclosure measurements and properties of air 
baffle=0.206; %width of baffle 
l=0.1785;%path outside enclosure 
Vb=0.003013524; %internal volume of enclosure without cut for sheet 
V1=8.4672e-5; %internal volume of cut for sheet 1 (108 holes) in side 1 for 

a total of 216 holes 
V2=V1; %internal volume of cut for sheet 2 (108 holes) in side 2 for a total 

of 216 holes 
V=Vb+V1+V2; %internal volume of enclosure 
c=343; %speed of sound 
p0=1.2041; %density of air at 20C 
u=1.56E-5; %kinematic viscosity of air at 20C 

  
%perforated sheet 
a=0.0025; %radius of holes 
b=0.007; %width of plates for each hole 
t=0.006; %thickness of sheet 
Ah=pi*a^2; %area of holes 
Ab=b^2; %area of plates for each hole 

  
%calculating acoustic mass and resistance of the perforated sheet 
f=0.4*c/baffle; %frequency of when the enclosure starts shadowing 
w=2*pi*f; %omega 
tan=tan(w*l/c); %tangens 
C=V/(p0*c^2); %Compliance of closed box 
R=(p0/(pi*a^2))*sqrt(2*w*u)*((t/a)+2*(1-(Ah/Ab))); %acoustic resistance per 

hole of the sheet 
M=(p0/(pi*a^2)*((t+1.7*a*(1-(a/b))))); %acoustic mass per hole of the sheet 

  
%Design of perforated sheet 
n=-(w*C*(R-tan*w*M)/tan); %number of holes for the sheet 
n_real=round(n); 
col=n_real/6; %holes per column 
L=col*b; %Length of sheet when divided into 4 columns 

  
%Impedance check  
Z=(R+w*M)/n; %total impedance of the perforated sheet 
Z1=1/(2*pi*C*f); %total impedance based on a low-pass filter 

  
%Deviation of Impedance (difference in holes) 
real_Z=(R+w*M)/n_real; 
deviation=((real_Z-Z)/Z)*100; 

  
%Deviation of Impedance from low pass filter and sheet 
deviation=((Z1-Z)/Z)*100; 

  
%test 
phase1=atan(-w*(R/n)*C/(1-(w^2)*(M/n)*C)); 
phase2=w*l/c; 

  



 

 

Appendix 3 – Type R Drawing 

 

  



 

 

Appendix 4 – Graphs 
 

 
Figure 79: MLS 60 degrees off axis with Plate. Red: anechoic chamber, blue: multi-studio. 
 

 
Figure 80: MLS 90 degrees off axis with Plate. Red: anechoic chamber, blue: multi-studio. 



 

 

 
Figure 81: MLS in multi-studio with Plate. Red: on Axis, blue: 30 degrees, green: 60 degrees, purple: 
90 degrees. 
 
 

 
Figure 82: MLS 60 degrees off axis with Pressient. Red: anechoic chamber, blue: multi-studio. 



 

 

 
Figure 83: MLS 90 degrees off axis with Pressient. Red: anechoic chamber, blue: multi-studio. 
 
 

 
Figure 84: MLS in multi-studio with Pressient. Red: on Axis, blue: 30 degrees, green: 60 degrees, 
purple: 90 degrees. 
 



 

 

 
Figure 85: MLS 30 degrees off axis with Toploaded. Red: anechoic chamber, blue: multi-studio. 
 
 

 
Figure 86: MLS 60 degrees off axis with Toploaded. Red: anechoic chamber, blue: multi-studio. 



 

 

 
Figure 87: MLS 90 degrees off axis with Toploaded. Red: anechoic chamber, blue: multi-studio. 
 
 

 
Figure 88: MLS in multi-studio with Toploaded. Red: on Axis, blue: 30 degrees, green: 60 degrees, 
purple: 90 degrees. 



 

 

 
Figure 89: MLS 60 degrees off axis with Toploaded out of phase. Red: anechoic chamber, blue: multi-
studio. 
 
 

 
Figure 90: MLS 90 degrees off axis with Toploaded out of phase. Red: anechoic chamber, blue: multi-
studio. 



 

 

 
Figure 91: MLS in multi-studio with Toploaded out of phase. Red: on Axis, blue: 30 degrees, green: 
60 degrees, purple: 90 degrees. 
 
 
 

 
Figure 92: MLS 60 degrees off axis with Type R. Red: anechoic chamber, blue: multi-studio. 



 

 

 
Figure 93: MLS 90 degrees off axis with Type R. Red: anechoic chamber, blue: multi-studio. 
 
 

 
Figure 94: MLS in multi-studio with Type R. Red: on Axis, blue: 30 degrees, green: 60 degrees, 
purple: 90 degrees. 


