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Abstract:

This thesis documents the use of optimizatio
on loudspeakers in order to improve its magn

>

tude response and dispersion. The thesis bagses

its results and methods on the hypothesis th

a loudspeaker can be improved by optimizing

only the crossover network.
A loudspeaker model is created from theorig

describing a loudspeaker. This model is used as

basis for optimization of a loudspeakers magn
tude response and dispersion. The optimizati
method is steepest descent. A reference loy

speaker is constructed from basic methods |

order to evaluate the results of optimizing th
crossover network. Both the model and op

timization algorithm are verified by measuret

ments. The implementations are carried out
Matlab.

Simulations and measurements show, that t
loudspeaker model and optimization algorithr]
work satisfying, and the theory verifications
show that the theories are valid. When com
paring the reference loudspeaker using tf
standard crossover network and the optimize

crossover network it can be concluded, that

the magnitude response and the dispersion ¢

be improved by optimizing the crossover net-
work. The optimized loudspeaker has a mote

flat magnitude response both on-axis and 3
horizontally off-axis.

It is concluded that the loudspeaker modellin
and optimization are successful.
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PREFACE

This report documents the master thesis written by tifesEdnester group 1060, Section of Acoustics
at the Department of Electronic Systems, Aalborg Univer8@07. The report is meant to provide the
documentation supporting the project work done with thenthef "Master thesis in acoustics".

This thesis investigates loudspeaker modelling, and haiwnigation automatically can optimize a
crossover network to give the loudspeaker a desired taggponse. The report is intended for the
supervisor, censor, ¥0semester students and people who have a general interestispleakers and
optimization.

The report is divided into a main part and appendices. Theripes include calculations and mea-
surement reports. The report structure is shown in the disivi:

e Introduction: This chapter presents the background of the project togetitle the problem
statement. This is followed up by the project goal and scope.

e Theory: This chapter presents the theory, which is used as basisddotidspeaker modelling.
e Project Delimitations: Here are the project delimitations presented.

e Optimization: This chapter presents the optimization algorithm used is tiesis and the
theory behind it.

e Reference Loudspeaker DesignThis chapter describes how the loudspeaker drivers are cho-
sen. These are then measured and the driver parameterdiarated. Finally the reference
speaker is designed and constructed.

¢ Verification of Theory: This chapter verifies the theories by measurements madedatgado
each theory.

e Advanced Loudspeaker Model Designin this chapter is presented how the different theories
are put together to form the complete model. The model idigdnvith measurements.

e Automatic Crossover Network Optimization: This chapter presents how optimization can be
used on the designed loudspeaker model. It is furthermqguaieed how the model can be
reorganized in order to increases the execution time whargagptimization.

e Evaluation of Reference and Optimized LoudspeakerThis chapter presents simulations and
measurements of both the reference and optimized loudepaall a comparison of these.

e Conclusion: The final chapter gives the conclusion of the project andltesun addition,
suggestions for further investigations are presented.

A CD-ROM is enclosed containing Matlab files, measuremetd @ikes, datasheets and this thesis in
PDF-format.

Aalborg University, June 7, 2007

Lars Enggaard Lars Juul Mikkelsen
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CHAPTER 1

I NTRODUCTION

This chapter presents the background for this project. mMaeds, the problem statement describes
different factors that influence the response of a loudspeakinally the project goal and project
scope are presented.

1.1 Background

When designing a loudspeaker, the engineer has to do masydeoations. Some of the major con-
siderations are which drivers to use, and how to make theoves network.

To cover the entire audible frequency range, loudspeaktrs make use of multiple drivers. These
types of constructions introduce practical design isssiase all drivers have to be carefully integrated
to cover the full frequency range in a smooth way. Imaginensaf-speaker consisting of an 8" woofer
and 1" tweeter with a crossover frequency at 4 kHz. At thigdiency the woofer beams and its disper-
sion is very narrow. This is due to the fact, that soundwanas the center and sides of the membrane
have different delays. At high frequencies, these distaace large compared to the wavelength, and
at certain frequencies it results in destructive interiee2 The tweeter, which has a smaller mem-
brane, does normally not have these problems at 4 kHz andrisfiie close to omnidirectional at this
frequency. The outcome is a loudspeaker that has a markiadtge in dispersion when moving from
low to high frequencies. In order to make a natural soundings$peaker, it is therefore important to
investigate the sound dispersion.

There are several factors that influence the response apelrsisn of a loudspeaker: sound pressure
decrease because of driver roll off at low frequenciesgdideaming at high frequencies, interference

between drivers in crossover regions, the influence of thnea diffractions and finally the chosen
crossover filters.

The target response of a loudspeaker can be chosen in ménedtfways. For example, the response
can be optimized according to phase response, magnitupenss or dispersion. To solve the above
mentioned problem about dispersion, it may be interestiigvestigate not only the on-axis response,
but also off-axis responses when designing the loudspeaker

This thesis look into how the response and dispersion of @sjpeiaker can be improved by optimiza-
tion. The goal is to optimize for a flat magnitude responseadh lon-axis and off-axis positions,
which will make the speaker less dependent on the listerasgipn. The implemented optimization
will output optimized crossover component values accaytiina desired loudspeaker target response.
The optimization will be based on measurements of the drie&ctrical impedances and acoustical
impulse responses.



CHAPTER 1. INTRODUCTION

1.2 Problem Statement

As mentioned in the background, the dispersion of a loudgrezan be influenced by multiple factors.
To make these factors more clear a description of each ispied.

1.2.1 Driver Roll Off in Infinite Baffle

At low frequencies most speakers are omnidirectional, hetsound pressure level decreases when
moving downwards in frequency. This is due to the fact, thatwolume velocity of the membrane
is lower at low frequencies, and that the radiation impedas@lmost pure reactive. The function of
an infinite baffle is to prevent the driver back pressure ta@ebaut the front pressure. When using a
closed box it is possible to control the roll off or Q-valuestime extent, but it will maintain a second
order roll off at 12dB/octave like the infinite baffle. Figutel illustrates a typical infinite baffle roll
off.

Magnitude [dB]

g
b
S
g
¥

Frequency [Hz]

Figure 1.1: Typical infinite baffle roll off.

1.2.2 Cabinet Diffractions and Baffle Step

When using a cabinet and not an infinite baffle, diffractiomsiatroduced from the cabinet edges by
peaks and dips in the frequency response. This makes iestbteg to investigate the edge diffraction
behaviour. A baffle step will be present because of the chiamgeliation space over frequency. Atlow
frequencies, where the wavelength is assumed much largerttie baffle dimensions, the radiation
will be into a 4t space. When the wavelength get smaller and within the wifitheofront baffle the
radiation becomes into arspace. This change will introduce a theoretically 6 dB sopiregsure
level increase. In practice it will be less, since the boxetisions will not be invisible to even a 20
Hz tone. The baffle step can be corrected for in the crossaterank. Figurel.2illustrates the two
phenomena.

6 dB step{
Edge diffractions

Magnitude [dB]

Frequency [Hz]

Figure 1.2: lllustration of 6 dB baffle step and effects due to edge diffractions.
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1.2.3 Driver Beaming

Due to the nature of a driver or piston the beam pattern wiingfe from omnidirectional to very
directional when moving up in frequency. Figute8 shows a typical beam pattern from a circular
plane piston radiating sound with a wavelength that is aifsa®f the diaphragm diameter. The figure
is made over 180in the vertical direction.

Figure 1.3: Beam pattern from circular piston radiating sound with a wavelength that is a fraction of the diaphragm

diameter.

To get a flat magnitude response from all listening positibissimportant only to use the drivers in
the frequency range where the driver has not started to bd#wis.is often an issue in loudspeaker
designs, since the tweeter beams at high frequencies, had ib be used in that region.

1.2.4 Interference Between two Drivers

A loudspeaker has often two or more drivers to cover the eatidible frequency range. Interference
occurs where two drivers overlap each other in frequenchénctossover region. This interference
leads to an unequal dispersion of the speaker, and it hasitwdéstigated together with the crossover
filters. The interference pattern is 3-dimensional, andrédu4 shows the interference in two dimen-
sions at the crossover frequency. The figure is made overih@de vertical direction.

Figure 1.4: Interference pattern between two drivers. Typical pattern when the crossover wavelength is similar to

the distance between the two drivers.

1.2.5 Acoustic Center Offset

When using a woofer and a tweeter in a 2-way speaker theraypiltal be a horizontal offset in
the drivers acoustic centers, as shown in figliieon the following page. This is due to the drivers
physical constructions, and the woofers acoustic centébw/behind the one of the tweeter.

This offset tilts the mainlobe downwards. The offset willta&en into account in the modelling.

3



CHAPTER 1. INTRODUCTION

Figure 1.5: Downward tilt because of driver offset.

1.2.6 Crossover Network

Loudspeakers make use of filters to make sure that the woefsrthe lower frequencies and the
tweeter the higher frequencies. A good designis then to rakeooth transition between this lowpass
and highpass filter, see figutet.

Magnitude [dB]

Frequency [Hz]
Figure 1.6: lllustration of low and highpass filters and their summation.

A lot of things can be manipulated in the filter design. Théieamentioned baffle step can be avoided
by damping the baffle amplified frequencies. The interfezepetween drivers can be modified by
choosing different filter slopes, and the chosen crossogquéncy should be dependent on the drivers
beaming patterns and resonances. Finally it is possibleatohthe sensitivities of the drivers.

Loudspeakers are often used in rooms, which contribute igftactions, which affect the final sound
pattern. The critical room contributions like standing wsand reflections at low frequencies will not
be taken into account in the modelling.

1.3 Project Goal

The goal of this project is to assess the hypothesis thapiissible to improve a loudspeakers disper-
sion, i.e. making it more flat for more listening angles. Toedspeaker modelling will include the
following factors:

e Low frequency roll off in a closed cabinet
e Cabinet edge diffractions and baffle step

e Driver beaming



1.4. PROJECT SCOPE

e Interference between two drivers
e Acoustics center offset
e Crossover filters

The optimized loudspeaker will be compared to a referenealss, that has the same box construc-
tion, but with a standard crossover filter. The following sfien forms the initiating problem:

e |s it possible to improve a loudspeakers magnitude responsend dispersion by optimizing
the crossover network?

1.4 Project Scope
In order to answer the initiating problem, the scope of thiggrt includes
1. An analysis of the problem and a description of the necgdkaory to be able to optimize on

relevant factors. This includes study of speaker acoysiEaker construction and filter theory.

2. A design phase which includes choice of drivers and measemts of these. Afterwards a
construction of a reference speaker, which includes cabmfilter calculations.

3. Development of an optimization algorithm, which will b&roduced by general optimization
theory. Finally a model of the system that is going to be ojziih will be made.

4. Animplementation of the model and optimization algarith

5. Tests of the optimized loudspeaker and comparison tcefieeance speaker.






CHAPTER 2

THEORY

This chapter presents the theory used in this project. Therths are used when designing the loud-
speaker model. Additionally, loudspeaker placement im® s discussed.

2.1 Loudspeaker Driver Parameters and Equivalent Diagrams

This section presents the parameters used to describe spleaker driver. These parameters will be
used to make a model of the loudspeaker, that will be usedgirout the project.

2.1.1 Loudspeaker Driver Construction

The idea of a loudspeaker driver is to move air by sendingredteng electrical current through a coll
positioned in a magnetic field and connected to a membraneudspeaker driver consists of various
parts, as it can be seen on figzrd

Voice coil Suspension

Polepiece

Membrane

Airgap
Magnet

Figure 2.1: Cross section of an electrodynamic cone loudspeaker driver [8, page 5].

The magnet and the polepiece are used to create a magnetimfible airgap. When an alternating
current is sent through the voice coil it will make the voiod @and the membrane attached to it move
according to the frequency. The spider is used to keep theevanil centered in the air gap, and
keeping it from touching the magnet and the polepiece. Tidespnd the suspension is responsible

7



CHAPTER 2. THEORY

for introducing mechanical resistance and compliance lidipgimembrane back to its resting position.
The compliance together with the mass create a resonamgeefiey. The membrane, the dustcap and
part of the suspension are the parts of the loudspeaker thagsthe air. It is responsible for giving a
better coupling to the air, to more efficiently convert moeets of the voice coil to movement of air.
Furthermore the dustcap and the spider has to protect tpepadgainst dust.

2.1.2 Loudspeaker Parameteres

This section describes the parameters of loudspeaker.

Voice Coil Resistance, Re

The voice coil resistance is the part of the voice coil impegethat is resistive. It is measuredin

Voice Coil Inductance, L,

The voice coil inductance is the part of the voice coil impeztathat is reactive. It is measured in
Henry.

Voice Coil Inductance Correction Factor n

The voice coil correction factar is included to have a better model of how a lossy inductor beha
[11, page 102]. The correction factor is used as shown in equatio

jole — (jw)"Le (2.1)

wherenis a value between 0 and 1. When using the correction fati®sikze of the inductance has to
be adjusted.

Moving Mass, M,

The moving mass is the weight of the membrane assembly. iitlisdes the membrane, the dust cap,
the voice coil and partly the suspension and the spider. mhass does not include the air that moves
along with the driver. The moving mass is measured in kg.

Mechanical Resistance, Ry,

The mechanical resistance is formed by the suspension argpitier of the driver. It is the part of the
drivers mechanical impedance that is resistive. The mechlaesistance is measuredNty/m.

Mechanical Compliance, Cy,

Mechanical compliance is formed by the suspension and tigersgt is the part of the mechanical
impedance that is reactive. It is responsible for pullingtfiembrane back to its resting position after
exitation. The mechanical compliance is measured/in

8



2.1. LOUDSPEAKER DRIVER PARAMETERS AND EQUIVALENT DIAGRAMS

Force Factor, Bl

The magnetic force is the product of the magnetic flux in thgap, and the length of the wire in the
voice coil. This describes the strength of the loudspeakeéomThe magnetic force factor is measured
in N/a.

2.1.3 General Equivalent Diagram

The parameters can be used to make a model of how a loudspealkes. The model consists of
three parts describing the electrical, mechanical andsiwal part of the driver. The description of
the equivalent diagrams is based 8h [

Electrical Components

The electrical part can be directly derived from knowledfighe construction of a driver. It consist of
a coil and a resistor in series connection. It can be seenurefiy2

Figure 2.2: Equivalent diagram of the electrical part of a loudspeaker.

Mechanical Components

The mechanical part of the model includes the moving parth@fsystem. That is the membrane
assembly, the spider and the suspension. The weight of thimgpartsM,, multiplied with the ac-
celeration of the membrarwe/dt describes the force acting on the membranés the velocity of the
membrane.

The spider and suspension act as a spring with a total conggl@,. When the membrane is moved
out of its resting position, this spring will pull the memhgato the resting position with a force of
(Ycm) [vdt, where [ vdtis the displacement of the membrane.

Finally there is mechanical losRy,. This arises when movement is converted into heat in theesusp
sion and spider of the driver. All the mechanical parts adbeses on the membrane, and they can be
added together:

V- Zmech= Zexternal forces= Mm +rmv+ —/vdt (2.2)
Laplace transformed:
1
Z external forces= sMpV +rpV + ﬁV (2.3)

The external forces is the magnet motor forBé; 1. From the Laplace transformed equation it can
directly be seen, that an electrical analogy should comdist series connection of an inductor, a
resistor and a capacitor. This can be seen in figu8en the next page.

9



CHAPTER 2. THEORY

~CTTO A

Figure 2.3: Equivalent diagram of the mechanical part of a loudspeaker.

Acoustical Components

The acoustical part of the model consists of two forces gatimthe membrane. One on the front of
the membrane and one on the back. It is only the variance eétftgces that should be included in
the diagram, since the stationary pressure is the same brsigeis of the membrane. The force acting
on the membrane is defined as:

F = A(Poack— Pfront) (2.4)

whereA s the area of the membrane. The acoustical equivalentatimgan be seen in figu4. g is
volume velocity, which is defined as:

q=V-A (2.5)

This is used to relate pressure to acoustic radiation imupea

Pfront  —Pback
= - Z 2 .6
a a r (2.6)

whereZ, is the acoustic radiation impedance.

Figure 2.4: Fquivalent diagram of the acoustical part of a loudspeaker.

The three individual equivalent diagrams can be combinesd ¢domplete equivalent diagram for the
loudspeaker. The connection between the parts of the diagraetermined by the magnetic force
factorBl and the membrane aréa

The connection from the electrical to the mechanical pamasle by a gyrator, with a ratio @l:1.
The connection between the mechanical and the acoustitapaade by a transformator with a ratio
of A:1. The complete equivalent diagram is presented in figusen the next page.

2.1.4 Derived Parameters, fs, Q; and Vas

The parameters in the previous section gives a descripfitredoudspeaker driver, but they are not
easy to interpret. Therefore the datasheet of a loudspeaketly contains some derived parameters,

10



2.1. LOUDSPEAKER DRIVER PARAMETERS AND EQUIVALENT DIAGRAMS

Rm Cm L
|
Iyl %)+
Pfront
F p
_ _ Poack
A: 1l

Figure 2.5: Complete equivalent diagram of a loudspeaker driver.

namelyfs, Q; andVas

fs is the free air resonance frequency of the driver. It dessridt which frequency the transition
between stiffness control and mass control occurs, or iarotlords at which frequendg,, andMy,
cancels each other. This tells how capable a loudspeal@®pi®tiuce bass, as it below this frequency
rolls of with 12dB/octave when mounted in an infinite bafflds is calculated asg, page 19]:

1

for ——
*7 21 /My -Cry

(2.7

fsis measured in Hz.

Q is called the quality of the highpass filter that describesrttl off at low frequencies of a driver in
an infinite baffle. It describes the amplitude at the resoadmgjuency and how steep the first part of
the roll off is. Figure2.6.on the following page shows magnitude and phase responsasdond order
highpass filters with Q-values from 0.4 to 2.0, all with thensaresonance frequendy is calculated

as B, page 18]:
o-_ e [Mn
~ Re-Rn+(B)2Y Cy 28)

Vasis the equivalent volume of the driver. This parameter dessrthe volume that is needed to
achieve the same amount of compliance as the driver has itkaldriver is mounted in a box with
volumeVas it can be derived from equatich7 and 2.8 that the resonance frequency a@Qdis
increased by a factor af2 compared to infinite baffle. Therefovescan be used to get an idea of the
size of the enclosure needed for a driéasis calculated asl[1, page 92]:

Q is unitless.

Vas= Cp,- A?poc? (2.9)

whereA is the area of the drivepg is density of air ana is the speed of sound in air.
Vasis measured im?®.

2.1.5 Electrical Impedance

To determine the electrical impedance of a loudspeakesiliivs most convenient to move everything
to the electrical side of the equivalent diagram. This isedownfirst moving the acoustical parts to the
mechanical side, and then moving the mechanical parts tel¢iatrical side.

11
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Bode Diagram

Magnitude (dB)

_50 i
180 T

— 135F —— Q=08 ]
> ——Q=12
3 \ ——— Q=16
g 90 : ———Q=2.0]
©
T
45} 1
0 -1 ‘ 0 1
10 10 10

Frequency (rad/sec)

Figure 2.6: Magnitude and phase response for 2. order highpass filter with Q-values from 0.4 to 2.0.

When impedances are moved across the transformator betineeerechanical and acoustical side, the
transformation factor is:

Zr,mech: Zr.,acou' A2 (2 . 10)

whereZ; acou is the radiation impedance of the driver and is dependenbeanthe driver is mounted.
The mechanical impedance can be found as:

Zmech: j(*)Mm+ Rm+ +Zr,mech (2-11)

joCm
To convert everything to electrical impedances all thegparn the mechanical side have to be moved
to the electrical side. Since a gyrator is dividing the twaesi, the process is:

Series connections of impedances change to parallel cbonsof admittances. This means
inductors change to capacitors and vice versa.

e Parallel connections change to series connections of taimoé@s. This means inductors change
to capacitors and vice versa.

e When moving impedances from the electrical to the mechéasida, first divide by(BI)? and
then transform to admittance.

e When moving impedances from the mechanical to the eletsida, first transform to admit-
tance and then multiply b§BI)2.

¢ \oltage and current are transformed as if it was a normastoamator

12



2.1. LOUDSPEAKER DRIVER PARAMETERS AND EQUIVALENT DIAGRAMS

By moving all mechanical and acoustical components to teetétal according to the principles
mentioned above, the total electrical impedadgecan be found as:

1 1 1
Z = jwLe+Re+(BI 2-(.— — ] jCm —)
ot J e ( ) J(’\)MmHRmHJ HZI’,meCh
. 1
= Jwlet+Re+— T T T (2.12)
1L T ()2 T J'mlcm(Bl)2+ (B1)2
J‘*’ﬁz Rm Zr mech

From equatior2.12it can be seen that the components from the mechanical sidedem transformed
into a coil with a value oCy,(BI)?, a resistor with the valu@)?/r,, a capacitor with the valuér/(s)?

and an impedance with the val(®#?/z ... These components are all connected in parallel and then
in series with the original electrical components, as itlocarseen in figur@.7.

_»le Re
M
r 12 = @)° Mm
u Cm(B ) Rm — (Bl) 2 Zr,e|ec
Ztot

Figure 2.7: Equivalent diagram of loudspeaker driver, with all components moved to the electrical side.

The radiation impedance on the electrical side is given as:

(BI)?

Zr,mech

(2.13)

Zr,elec =

2.1.6 Infinite Baffle

The loudspeaker can be mounted in an infinite baffle to prexemastical short circuit between the
radiation from the front and the back of the driver. When aelris mounted in an infinite baffle, the
acoustical radiation impedanc&,acouis given as §, page 15]:

c 23 (%2) | 2H (%2
Zr"acou: p% . (1_ ZE;)aC ) + J ;C ) (2.14)
C C

wherel; is first order Bessel function andh is first order Struve function. This radiation impedance
has to be included twice, since there is radiation from bloghftont and the back of the driver. Fig-
ure2.8on the following page shows the radiation impedance as #&funf frequency.

This can be moved to the electrical side using fornfultDand2.13

I (B1)?
Zracou A2 Za) oy (2m
r,acou ApoC- (1_ ZJlgL)ac )+12H12 c ))

C C

Zr,elec: 2 (2-15)

13
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10°
) I — Im[zr,acou A)/(po ol

1Z, 2000 APy 0N

T S, o
ﬁ — Re[Zr‘act)u A)/(po o)

10’ n n P | n i n P | i n n P |
10 10° 10
Frequency [Hz]

Figure 2.8: Acoustical radiation impedance, Z; acou It can be seen that the absolute value of the impedance decreases
with 6 dB/octave

Electrical Impedance

Using the equivalent circuit shown in figue7 on the preceding page and exchangfngec with the
value given in equatio.150n the previous page, it is possible to simulate an impedamce. An
example of an impedance curve for a typical 5” driver can ke se figure2.9 on the facing page,
where the correction of the voice coil inductanoghas been included as shown in equaohon
page8. From figure2.9 on the facing page it can be seen that the peak value of thedanpe is at
approximately 58 Hz. This is the resonance of the driver. vithee ofR, can be found as the minimum
value of the impedance curve and where the phasg &t@round 500 Hz. Furthermore it can be seen
that the impedance rises with increasing frequency. Thiaused by the voice coil inductance.

Acoustical Response

To simulate the acoustical response of a loudspeaker, ib& oonvenient to move all components to
the mechanical side. This is shown in fig@:d0on the next page.

The membrane velocity can be calculated as the current, electrically seen. Whemiémbrane
velocity is known, the volume velocity and the pressure carfidoind as shown in equatiéhl6and
2.17[8, page 19].

q=Vv-A  [m/g (2.16)
whereq is the volume velocityy is the membrane velocity arlis the effective membrane area. To
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2.1. LOUDSPEAKER DRIVER PARAMETERS AND EQUIVALENT DIAGRAMS

Driver Impedance Magnitude
40 . R

Magnitude [Q]
N w
o o

i
o

0 i i PR | i i i ISR | i i i il
10 10° 10
Frequency [Hz]

Driver Impedance Phase
90 . ————

-90 i i PR | i i i ISR | i i i il
10 10° 10*
Frequency [Hz]

Figure 2.9: Simulated electrical loudspeaker impedance of an typical 5" driver mounted in an infinite baffle.

2
2Zy acouA

Figure 2.10: Equivalent diagram of a loudspeaker driver mounted in an infinite baffle, with all components moved
to the mechanical side.

calculate the pressure from the velocitythe distance and the area has to be u8eddge 28]:

PoA-V .
= w
21X

[Pa] (2.17)

wherex is the distance to the source from the measurement posifioa.2tis used because of the
infinite baffle, which causes the loudspeaker to radiatearttemisphere. Other values could be 4
describing radiation into free field drdescribing a speaker positioned in a corner.
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CHAPTER 2. THEORY

Figure2.11 shows the simulated frequency response of a loudspeaker anounted in an infinite
baffle.

Magnitude response
90 . R

Infinite Baffle

85

80

75

70

Magnitude [dB re. 20u Pa, 2.83 V input]

60 i i PR | i i i ISR | i i i il
10 10° 10
Frequency [Hz]

Phase response
180 . —————T

Phase []

-180 i i PR | i i i ISR | i i i il
10 10° 10
Frequency [Hz]

Figure 2.11: Simulated loudspeaker frequency response from a driver mounted in an infinite baffle, at 1 m. distance.

From the figure can be seen, that the magnitude decreasestheloesonance frequency, at approxi-
mately 60 Hz, with a slope of 1®/octave This is due to stiffness of the suspension and a decreasing
value of radiation impedance, which each contribute withdg/6:taveslope. At high frequencies the
magnitude decreases withi8/octave This is caused by the voice coil inductance.
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2.2. CLOSED BOX EQUIVALENT DIAGRAM

2.2 C(Closed Box Equivalent diagram

A more practical approach to the infinite baffle is the closex. brhis is a sealed box with the loud-
speaker driver mounted in one of the walls, hence isolatiegiont and the rear of the loudspeaker.
When the loudspeaker driver is mounted in a closed box asrshofigure2.12 the air in the box will
act as a spring, and increase the stiffness of the complsteray A closed box is typically damped
with absorbent material, to prevent internal reflectiomsrirthe box to be radiated out through the
driver membrane and to achieve a free field situation at hiffequencies. The radiation impedance
into a well damped closed box can be considered the sametagasiradiating into free field, when
the absorbtion coefficient of the damping material is abao8e [@, Page 219].

Figure 2.12: | oudspeaker driver mounted in a closed box.

The compliance from the cabinet can be represented as aittaypeith a value ofCy o in series with
the other components in the mechanical equivalent diagrant,can be seen in figug13

C
Vv m
— i
+
F=B||=ULI ZZrmech
Ret (0L e '
Chox

— ||
[

Figure 2.13: Mechanical equivalent diagram for loudspeaker driver mounted in a closed box.
The value ofC,x is given as 11, page 92]:

B Volume

Coox= m (2.18)
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CHAPTER 2. THEORY

When the driver is mounted in a box, both the system resorfaegeency and the system Q-value is

higher compared to the driver mounted in an infinite bafflee ldsonance frequency can be calculated
as:

f = ! (2.19)

211\/ (M 2-1M{Zemect) - (i)

The Q-value can be calculated as:

Re (Mm+2' Im[zr,mecr])
Re- (Rn+2-R€Z; mectf) + (BI)? (ﬁ)

Using equatior2.17 on pagel5 and the diagram shown in figu&213 on the preceding page it is
possible to plot a frequency response of a loudspeaker radumia closed box. Figurg.14shows a

frequency response of a typical 5” driver in a small box alaaiy a frequency response for the same
driver in an infinite baffle.

Qb=

(2.20)

Magnitude response
—— —

©
o

Infinite Baffle
Closed Box

o]
al

o]
o

~
o

fe2}
a

Magnitude [dB re. 20u Pa, 2.83 V input]
~
o

i i - i i i il
10° 10° 10*
Frequency [Hz]

D
o

Phase response
180 . —————T

Phase []

-180 i i PR | i i i ISR | i i i il
10 10° 10
Frequency [Hz]

Figure 2.14: Frequency response of a loudspeaker driver mounted in an infinite baffle and a closed box with an
infinite baffle.

It can be seen, that the box gives an increase in the outpufld®aHz - 200 Hz, and that the roll off

begins at a lower frequency but the slope is more steep. Atfrégiuencies the box theoretically does
not have any influence.

Figure2.15o0n the facing page shows a simulated electrical impedaneelaidspeaker driver in a
closed box. From the figure it can clearly be seen that thenesse frequency moves up in frequency
compared to when mounted in an infinite baffle.
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2.2. CLOSED BOX EQUIVALENT DIAGRAM

Driver Impedance Magnitude
40 . R .

Magnitude [Q]

0 i i PR | i i i ISR | i i i il
10° 10° 10*
Frequency [Hz]
Driver Impedance Phase
90 R S - R - R B

Phase []

Infinite Baffle

Closed Box
-90 i IS S | i i IS S | i i R S S

10 10° 10*
Frequency [Hz]

Figure 2.15: Simulated impedance of a loudspeaker driver mounted in an infinite baffle and a closed box with an
infinite baffle.
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CHAPTER 2. THEORY

2.3 Beaming of Plane Circular Piston

A moving piston starts to beam at wavelengths that are caabpato the piston diameter. It happens
because sound waves emitted from different places on thenpi not add up in phase anylonger.
Despite that a real loudspeaker diaphragm is not planenibeanodelled as a circular plane piston.
Figure2.16shows the geometry of such a piston placed in an infinite baffle

y
A
p(r,6, 1)
N r
2a \ © > 7
— v
N

Figure 2.16: Plane circular piston in infinite baffle.

p is the pressure at distancand8 is the listening angle with respect to the normal incideads.the
radius, and the piston moves uniformly with velocige!“* in the z-direction. The sound pressyre
can be rotated around the z-axis. Assuming thata, p can be calculated ass,[page 182]
j a, [2%(kasin®)] ik
== Zka| T2 | el (@ikn) 2.21

p(r,6,t) = ZPoCvo a[ asng | € (2.21)
whereJ; is the first order Bessel function, akd= w/c is the wavenumber. The velocity can be calcu-
lated from the equivalent diagram of a loudspeaker. Thisigdy transffering both the electrical and

acoustical parts into the mechanical domain as shown inégd0on pagel5. The velocity can now
be calculated as:

Bl
F_Yrdor
V= = c 2.22
Zmech Zmech ( )

To demonstrate the outcome of equat®l, figure2.17on the next page shows the radiation pattern
of a piston with radius a =5 cm. The magnitude is SPL repR8 at 1m, 2.83V input.

As seen, the dispersion gets more narrow when the frequeresy/up. Sidelobes are introduced when
kais close to four. Figur@.18on the facing page illustrates the dispersion over the dftibquency
range at four specific angles.

As seen, also the on-axis response rolls off at high fregeenthis is due to the voice coil inductance.
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2.3. BEAMING OF PLANE CIRCULAR PISTON

270

ka=1 (1092 Hz) ka=2 (2183 Hz) ka =3 (3275 Hz)

90 100 90 100

270 270

ka=4 (4367 Hz) ka=5 (5459 Hz) ka=10 (10918 Hz)

Figure 2.17: Radiation patterns for a piston with radius a = 5 cm.

20 T T
80 -
70 -
o
S
3
2 60 a
c
(=)
©
=
50
fl
ol On-axis
30° Off-axis
60° Off-axis
90° Off-axis
30 1 1
10° 10*

Frequency [Hz]

Figure 2.18: Dispersion for piston with radius a = 5 cm. at 0°,30°,60° and 90° incidence.
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CHAPTER 2. THEORY

2.4 Crossover Networks and Filter Theory

This section describes general filter theory and the funaifdahe crossover network.

The crossover networks function is to separate the freqesrand send them to the right drivers.
For example it has to send the low frequencies to the woof@tlaa high frequencies to the tweeter.
Figure2.19illustrates a lowpass, bandpass and highpass filter as itvib@uin a typical 3-way loud-
speaker.

Lowpass Bandpass Highpass

Magnitude [dB]

Frequency [Hz]
Figure 2.19: | owpass, bandpass and highpass in a 3-way loudspeaker.

A passive filter can be made from coils, capacitors and k@sisEurthermore filters can be made as
parallel or series filter, and the number of reactive comptmdetermine the filter order. Figu2e20
shows a second order parallel and series filtér page 166].

[l
I
— C ? % L Tweeter

Woofer Tweeter

L
Cc == L% C Woofer

Figure 2.20: Electrical 2. order parallel and series filter.

o

\\}

If the driver impedances are assumed resistive, there iliddifference between using the parallel or
series connection when focusing on the transfer functibmeal life, driver impedances are complex
due to the voice coil and mechanical parts, which introddd&srences from a pure resistance. In the
series filter, all components influence on all drivers. Theans that the woofer impedance will alter
the tweeter filter and vice versa. This is not a problem in go@ltel filter, which usually makes it the
preferred choicelll, page 164].

Furthermore the series filter suffers from problems intaedlby back electromotive force (back
EMF). The back EMF is a voltage that occurs across the voidend@n it moves in a magnetic
field. This means that the tweeter may start moving becaus@ofer movements.

Filters can generally be described by its roll off steepnessonance frequency and the Q-value of
the filter. The filter slopes can be of different orders, aral tgpically damping with 6, 12, 18 or
24 dB/octave. The resonance frequency is known as the téregfiency, and it describes at which
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2.4. CROSSOVER NETWORKS AND FILTER THEORY

frequency the filter starts to roll off. The Q-value deteresrihe shape of the filter response at the
resonance frequency. Figuee2lillustrates Butterworth lowpass filters that roll off with 82 and 18
dB/octave, which correspondto 1., 2. and 3. order eletfiltars. The Q-value of a Butterworth filter
is 1/v2, and the cutoff frequency in this example is chosen to 2 kHz.

|
=
o
T

—6dB/octave
—12dB/octave
—-18dB/octave
-30 L 3

10 10 10
Frequency [Hz]

Magnitude [dB]

|
N
o
T

0 T T

[0}
% . .
S -150f .
o
-200} : : .
-250 ‘ : E

10 10° 10
Frequency [Hz]

Figure 2.21: Lowpass filter slopes at -6, -12 and -18dB/octave.

It can be seen, that the magnitude responses differ neaeslb@ance frequency. This is due to the
difference in roll off. The phase is changing more when therfibrder increases. On figue6 on
pagel2 can be seen how different Q-values changes the responseatttbff frequency.

2.4.1 Filter Summation

When making a complete crossover with a low and highpass filtis important that the filters sum
in a smooth way. There will always be a certain overlap betwibe two filter, since practical filters
cannot have infinitely sharp slopes. The transition higldpehds on the chosen filters. A simple
example is the first order Butterworth filter, where the tfanginctions areZ, page 234]:

Wy S

Tw(s) = Ti(s) = 2.23
W( ) S+ Wy ) t( ) S+ ( )
When choosing the cut-off frequencies equal for both fijtdrs summation gives:
Wn s
Teum(S) = Tw(S) + Ti(S) = =1 2.24
sum(S) = Tw(S) + Ti(S) S_’_%‘Fs_i_wn (2.24)

From the result it can be seen, that both the amplitude andeptesponses are flat, as shown in
figure2.220n the next page.
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Figure 2.22: First order Butterworth high and lowpass filters and their summation. The blue curves correspond to
the lowpass filter, and the red curves the highpass filter. The black dashed lines are the summed filters.

As seen, both the magnitude and phase responses of the sommua flat. In the following, the
second order Butterworth filter is described. The low andhpéss filters can now be calculated &s [
page 567]:

W, S

Ta(S) = — (g
O=grsaig " giaiw

(2.25)

When using second order filters, the low and highpass filtélisber out of phase at the crossover
frequency. A way to make the summation better is simply temss the polarity of one of the filters.
Setting the cut-off frequencies equally, the summed mageitesponse is calculated as:

Tsun‘(s) - ‘TW(S) _Tt(s)‘ = 32+SQ%)%+Q)% - 32_'_31;_’_(0% (2'26)

In appendixA on pagel09is shown, that this expression is equal to 1, when the Q-valset tol/2.
This implies that the second order Butterworth filter has a-fiat magnitude response since the Q-
value is/v2. Figure2.23on the next page shows the filters and their summation. Thetéwpolarity

is reversed.

It is clear, that the summation is not flat anymore. Since therdiare in phase at the -3 dB cut-off
frequency, the summation shows a +3 dB bump. The summed phdsegoes a 18(phaseshift.
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5 " 0
iy o -50
o : —
® : %
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Figure 2.23: Second order Butterworth high and lowpass filters and their summation. The tweeter polarity is reversed.
The blue curves correspond to the lowpass filter, and the red curves the highpass filter. The black dashed
lines are the summed filters.
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2.4.2 Driver Attenuation with L-Pad

To match the sensitivities of two drivers, it is possible tteauate a driver by using a L-Pad circuit,
which can be seen on figuge24

R1

T

Figure 2.24: |-Pad attenuation circuit.
To describe the circuit, two things have to be fulfilled:

ZDriver H R2

Attenuation=
ZDriver H R2+R1

(2.27)

ZDriver H R2+R1= ZDriver (2-28)

Equation2.28is the impedance seen from the amplifier. The purpose of ticeitis to damp the
driver, and to make the amplifier seeing a constant load. RI1R&hcan be calculated from the two
expressions when the drivers nominal resistance is known.

2.4.3 Contour Networks

The contour networks can be used to shape the frequencyngspba driver. This section describes
two different types. Figur@.25illustrates a network, which for example can be used to corsgie

for the baffle step.
W z

= R lj

Driver

Figure 2.25: Contour network used for baffle step compensation.
The voltage transfer function across the driver can be tatled as:

_ ZDriver _ R+sL
Zorver+R||SL R+sL+s RL

Zpriver

H(s) (2.29)

Figure2.260n the facing page shows the response (R€B.B = 2 mH, Zpyiver = 8 Q).
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Magnitude [dB]

10 10 10° 10
Frequency [Hz]

Figure 2.26: Response of baffle step compensation network.

Another useful contour network is shown in figl27. It can for example be used to compensate for
the tweeter roll off at high frequencies.

1

Figure 2.27: Contour network used for tweeter roll off compensation.

The voltage transfer function across the driver can be tatled as:

o ZDriver . SRC+1
Zoiver+R || & SRCH+1+ 58

Zpriver

H(s)

(2.30)

Figure2.280on the following page shows the response (R =@, & = 5uF, Zpyiver = 8 Q).

2.4.4 Driver Load Compensation

The resonance of a driver introduces a peak in the impedaspense, which will influence the filter
response. To compensate for that, a series notch filter casdkB, page 139]. Figur@.290on the
next page illustrates the series notch filter in parallehwitoudspeaker driver.

The series notch filter is typically used on tweeters, sihes¢ may have resonance frequencies near
the cutoff frequency of the applied tweeter highpass filiére notch filter can also be used to reduce
or remove a impedance peak on a woofer, but will not be incindiee model in this project. To see
the function of the series notch filtef, is calculated as:
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Magnitude [dB]
U
N

-4 i i i
10 10 10° 10
Frequency [Hz]

Figure 2.28: Response of tweeter roll off compensation network.

C Dj Zpriver

-+

Figure 2.29: Series notch filter to compensate for driver impedance peak.
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1
Ziﬂ(s) = | R+—=+sL H Zbriver (2.31)
sC

Figure2.30showsZi, when Zyiver=8Q, R =8Q, C=25.33uF and L = 1 mH. This gives a resonance
at 1 kHz, where C and L cancel each other. The resistance lescdth since two 8Q resistors now
are parallel connected.

Magnitude [Q]
w b o o N Q0 ©

i i i

10 10° 10
Frequency [Hz]

30 T T T

Phase [°]

-30 L L 3 -
10 10 10
Frequency [Hz]

Figure 2.30: Plot of Zj, for a driver load compensation circuit.

This example would be able to reduce or eliminate an impeslpeeak of a driver at 1 kHz.

2.4.5 Driver Impedance Influence on Filter Response

The impedance of a real driver is not a constafdt @sistor. It has a peak at the driver resonance, and
the voice coil introduces a rice in the impedance at higregfiencies. Figurg.31on the next page
illustrates the response of a 2. order Butterworth lowp#tes fvith a cutoff frequency at 2 kHz. The
figure shows a curve calculated with a@8esistor and a curve calculated on a simulated impedance.

It can be seen, that the measured impedance changes thesegdohe filter. This is expected and it
is important to take this into account in the modelling.

2.4.6 Filter Design

e The filter cut-off frequency should be chosen proporly adoag to the driver dispersion. Also
the driver resonance frequency should lay within the filtepband, except for bass drivers.

e The acoustical center offset should be taken into accoustvdesigning the crossover. Avoid
wave cancellations in the listening position.
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Magnitude [dB]

— 8 Q Resistor
Simulated Impedance
1

i i

10 10° 10
Frequency [Hz]

T T T

-100

Phase [°]

-150

-200 L ‘3 -
10 10 10
Frequency [Hz]

Figure 2.31: Response of lowpass filter when calculated on 8 Q resistor or simulated impedance.

e Allfilters can be realized by active filters. These will notdmscribed in this project.
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2.5. ACOUSTICAL DRIVER INTERFERENCE

2.5 Acoustical Driver Interference

This section describes the radiation interference pattbat occurs when two sound sources radiate
close to each other.

2.5.1 Interference

Interference is known as situations where two waves eittiég in a constructive or deconstructive
way. This happens when for example two sound sources prattecgame signal. At some points
in space there will be constructive interference, and ireotioints deconstructive interference. To
describe the behavior of the pattern, it will be presentesimgmation of two simple sources. Equation
2.32shows how the pressupedepends on distanedor a pulsating spheré| page 171]:

p(r,t) = ?ej(‘*“k” (2.32)

whereA is the amplitude and is the wavenumber. To simplify the derivations, lets assthmaétwo
pulsating spheres are placed on the same vertical line.ig Higstrated in figure2.32

P(r,0, 1)

reference axis

Figure 2.32: lllustration of interference scenario.

The reference axis is chosen to be in frontSpf Therefore the distance ® from the pointP will
always ber when movingP on a circle or spherical surface centeredsat The two sources can be
described as:

) A
pu(r.t) = Dk () = Rl ke (2.33)

X

To calculate the pressure in poR(tr, 8,t) = p1(r,t) + pa(rx, t), the distancesandry have to be known.
The distance is a chosen distance, angcan be calculated as:

rX:\/d2+r2—2dr-cos<g+9) (2.34)

which can be derived by use of the cosine relation. In a 2-wagd$peaker, the interference pattern is
most pronounced at the crossover frequency. At this freqyuehe two drivers produces sound at the
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same level. If the lowpass and highpass filter were infingalrp, and had no overlap, no interference
would excist. This is not practical possible, so the intenrfiee has to be taken into account. In the
following simulations, the sound sources have the sameiardpl| as was it simulated at the crossover
frequency. Figure.33illustrates the interference pattern at two different frexgcies (a and b) and
three different separation distanak&, ¢ and d). The sources are radiating in-phase.

(c) d=0.15m, f = (343m/s / 0.3m) = 1143 Hz (d) d=0.10m, f=(343m/s/0.3m) = 1143 Hz

Figure 2.33: lllustration of interference pattern for different frequencies and source distances d. The levels are in
SPL re. 20 YPa.

The simulations are at= 1m, and the amplitudesare equal to 0.5 pascal. As seen on figu23a),
the wave cancellations occur with a spread of approxima@étywhen the wavelength is equal to
d. The main lobe is pointing a little downwards, since themefice axis is in front 0§ and not
centered between the two sources. This is chosen, sincendierfeasurements will be carried out
with reference to the tweeter height. The cancellationllsvaot infinitely small, which means that
the two source levels are not the same at out-of-phase @ositBy looking at figur®.33b) it can be
seen, that when moving up in frequency the interferenceepatias more peaks and dips. In figure
2.33c) the frequency is equal to situation (a), but d is now semalAs can be seen, this makes the
mainlobe wider. Figur@.33d) illustrates the situation at d = 0.1 m. The radiation graitis now
close to omni-directional. From this can be concluded, thatinimize interference, a low crossover
frequency is needed together with a short source separdistanced. These two factors are always
limited by practical reasons. To get a better idea of how niberference pattern behaves, fig@rd4

on the facing page illustrates the interference patterruastion of both frequency and angle. The
separation distanakis equal to 0.3 m.

As expected, the amount of peaks and dips gets larger whesasiog the frequency and listening

32



E
NC
RE

FE

ER

T

IN

RIVER

D

L

A

IC

T

us

(0]

AC

5.

2

//%////
i

i
/

il
i
7y

J

I

i/

II;II
IIIIII

i
j

iy
i
iy
2
7
%

s
'I/'ll,,
)

7
7%

i
%

ﬂ?
4

i

7
Mg
/IIIII/I
IIZ;”IIIII

.ﬂ::m,a;m,, R
,,a1’:::‘:‘.:;:::::::7’.’1:&:
,ur,u,,:;,,m./..,,'., o)
,,',:,,:;.n,,,.m,..., ».‘.'
',',;:,,',:",,,,4,..., «.v
'l:’:",l'l .m»., %% K
. 7

iy
4y
Illlzgll
,IlI'I'I
llllllg',';,,g',;gg,,
T
“

"llm

lm,, 'm,,,

it K 7
';'I/Z"/«,f"z,

i

%%0
%IIIIII

q

IIIIII
IIIII

fitl

lIIIIIIIIII

i
i

l%%;lllllll
4
:%Z’

i

I

i

i
'l"lllllll”/

IIIIIIII

1

IIIIII
X0%

l"':'ﬂ':
,' ]

”””’///////,,"”’/////////,
/
Ul

:z%%:sz,','z'”wf""

IIIIIIII
u%",%

)
/////////’”’llll//,,,,ll

IIIIIIIIIII
i

%
%

III"IIII
0

i
i
'"uum
'ulumln‘z

lll""
iy
y; l"l f
Y
it

oy
.

j
/IIIIIIIIII

IIIIIIIIIZ
IIIIIIIIIIIIII

IIIIIIIIIIIIIIII"I'I'Z"I'I"ZII
] ""I""I

,'.'l

IIIIIIIIIIIIIIIIIIIIII
y
"l',' T

""l
[ W, y,
...,'" l

".l

i

i {1

';:n,,,,,m, / L i

7 ;;1;122?777’”’ i W’/I’/

2 ,,/;;"2””’,”/ ,,,,,////l///,,” 1

"""""' s gy ! 4

i """'l"”’%m/llllll

"":':"':,'.,',,',,',""67,;51:”//// il

':':’.',',',:,;""Z,',mmlll/
i T
umml I

i
'i.', q
l,

o

§=
%\
%s
§\
—_—

I
Uiy
Illllll%f"’””'
IIIIIIIIIIIIIIIII
n%%%%%’”

W,

0
10

/lll'llllll'lllll
IIIIIIIIIII

o
iy

.I[

90

IIIIIIIIIIIIIIIIIIIII

d

80

Y

n
oy, Tl
mm'
o

IIIII[
Yl
" .

455
ol
o

ot

&

4
I
i
.

Yy
Al
%

o

Uy

o
i
.,,,.,;'.:‘v
h "'.5,1:,:."

it
il il

7
It
il

0

()
\f

;
)

7%
i
il
i
,mm/m
,,mmm,
7 it
74

4

2%

{/

7

i
7
i
l”’/ll”"l
)

i

v
iy
iy

()
i

il

70

]
(@B

nitude
g

Ma

ngle ']
Al

60
10

-80
10
HZ]
uency [
q
Fre

3m.
0.
d =
le.
ng
d a

an

ncy

e

eq

f fr

(o)

. n

tio

C

fun

as

attern
p

ce

en

rfer

inte

fin

(o)

. n

tio

stra

:

34:

2.

e

iour

Fig

33



CHAPTER 2. THEORY

angle.
In the final model, the interference pattern will be desatibethree dimensions. This will add the
interference pattern at horizontal off-axis positions.

2.5.2 Interference and Acoustic Center Offset

In a 2-way loudspeaker consisting of a woofer and tweetergthvill often be an acoustic center offset
between the two drivers if they are mounted on a plane baffleis & the scenario illustrated on
figure2.35

Offset

/
/
1
d
|
h
l
i
i
/
/

Figure 2.35: lllustration of acoustic center offset. The woofer acoustic center is behind the one of the tweeter

because of the physical construction.

The offset is caused by differences in the physical constmug. The woofers acoustic center is behind
the one of the tweeter. According t8,[page 113], the acoustic center of a driver is dependent on
frequency. This is the case since the group delay of a loadkspariver is larger near the resonance
frequency, since the group delay is derived from the dripéigse response. An approximation is to
assume that the acoustic center is in the center of the voit¢3; page 114]. In figure€.35can

be seen, that the consequence is an interference mainlabedints downwards. Figui236on the
next page shows how an acoustic center offset of 3 cm. infegetie interference pattern. In the
simulation, the acoustic cent8s is moved 3 cm. behind the tweeter acoustic center.

As expected, the mainlobe is moved downwards. The uppeltiation angle is moving closer to
the reference axis because of the offset. The sound presisOirés attenuated 2 dB compared to the
situation without any offset. In the simulation of the adbusenter offset, the sound sourgg is
added a simple delay, implementedeas®". Since the acoustic center offset influences the radiation
pattern of a loudspeaker, it will be included in the modgliThe acoustics center offset should be
determined at the crossover frequency, where the intexderkas strongest influence.

In the final model, the interference pattern will be caloedbbased on sound sources acting as beaming
pistons.
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2.5. ACOUSTICAL DRIVER INTERFERENCE

270 270

(a) d=0.3m, f=(343m/s /0.3m) = 1143 Hz (b) d=0.3m, f=(343m/s /0.3m) = 1143 Hz

Figure 2.36: llustration of interference pattern. Situation (a) is without acoustic center offset. Situation (b) is with
an acoustic center offset of 3 cm. The levels are in SPL re. 20 yPa. r = 1 m.
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CHAPTER 2. THEORY

2.6 Cabinet Edge Diffractions

Moving a loudspeaker driver from an infinite baffle to a louelsier cabinet makes a significant change
in the radiation pattern. The box introduces a baffle stelwis a matter of edge diffractions. The
baffle step is introduced because the radiation space chamitie frequency. At low frequencies,
where the wavelength is assumed much larger than the baffiendions, the radiation will be into
a 4rtspace. When the wavelength get smaller and within the witithefront baffle the radiation
becomes into ai2space. This change will introduce a theoretically 6 dB sqanedsure level increase.
In practice it will be less, since the box dimensions will betinvisible to even a 20 Hz tone.

At high frequencies, the cabinet edges introduce peaksigsdrdthe frequency response. Figa:87
illustrates the baffle step and high frequency diffractions

6 dB step{
Edge diffractions

Magnitude [dB]

Frequency [Hz]

Figure 2.37: lllustration of 6 dB baffle step and high frequency diffractions.

2.6.1 Diffraction Theory

The theory is based or9] and will be presented with focus on cabinets with @hgled corners.
Furthermore it is assumed that the sound source is flush mowmt the front baffle. Figur2.38a)
and (b) illustrates how the emitted sound travels from the®S to the left cabinet edge, and then
the diffracted sound to the observation pdmt

S
s = Q
L [e) Is S
’ 6
o
P
(@ (b)

Figure 2.38: lllustration of cabinet edge diffraction. Figure (a) shows a frontal view, and figure (b) shows a top

view.

The wedge angl® is 90°. The angled is the observation angle, and it is calculated only from €oor
dinates in the horizontal plane according to the theory. rapeterv, which will be used later, and
which is related to the open angle of the wedge is defined by
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2.6. CABINET EDGE DIFFRACTIONS

Q
=2—— 2.35
v=2- (2.35)

Since the sound source is flush mounted, the sound sourcipgas given by

2 .
ps= e kR (2.36)

which is the same as a point source with an amplitude &f2w/c, is the wavenumber. The diffracted
field contributiond py at P due to the element of length a distancé from O can be calculated as

e—jkrS e—jkrp dl

= — 2.37
dpa=F(0) —— —— - (2.37)
whereF (8) is an angle-dependent factor given by
Z2ginI
F(O)= ——Y 2.38
(©) cosT—cos? (2.38)

By combination of equatio@.36and2.37it is possible to simulate the sound from a sound source
placed on a loudspeaker baffle.

2.6.2 Shadow Boundary

As mentioned, the diffraction strength depends on theéigtgohase, wedge angle and the observation
angle®. In the following, the angle-dependent factor will be désed. Figure2.39shows the angle
factorF (0) as a function of observation andle The wedge angle is set to 90

Angle Factor [ -F(0) ]

0 20 40 60 80 100 120 140 160 180
Observation Angle 8 [°]

Figure 2.39: Plot of angle-dependent factor F(8) as function of observation angle 0. Notice that it is —F(0).

As can be seen, the diffraction strength is very dependetti®nbservation angle. The edge diffrac-
tion amplitude increases with increasing observation@ang@fhend approaches 180the amplitude
becomes infinite, which can be seen from both equai@8and figure2.39 This angle represents
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CHAPTER 2. THEORY

what is called the shadow boundary. It is unnatural that thelidude goes to infinity near the shadow
boundary, so the theory does not apply well close to the bayndAccording to 9, page 927] the
theory is valid when the angle away from the shadow boundaay ieast

tan ! ( % ) (2.39)

whered is the distance between the source and the edge. Pablgresents the minimum angles
according to five different frequencies. Also the resultimaximum observation angieis presented.
The distancel is chosen to 10 cm.

Frequency | Minimum Angle | Maximum Observation Angle 6
100 Hz 8¢ 100
500 Hz 69 11r
1 kHz 62° 118
5 kHz 40 140
10 kHz 30 150

Table 2.1: Angles for which the diffraction theory suffices.

It can be seen, that when simulating the diffractions at@8axis, the simulation will only be valid
down to 1 kHz. Generally, the maximum observation angle gataller when decreasing the fre-
guency. The theory is made with an highapproximation. Therefore the theory should not be trusted
at low frequenciesd, page 931].

2.6.3 Implementation

The implementation is carried out in the time domian, andaiselol on equatio®.37on the previous
page. Each edge of the front baffle is subdivided into segsnevtiich have to be smaller than the
smallest wavelength of interest. All these edge contringtiare then added to the direct sound, given
in equatior2.36on the preceding page. Since the implementation is made iimtie-domain, equation
2.36and equatior2.37on the previous page both have to be inverse Fourier transfiir

1 (/2 oo\ 2 R
- = £ o ikR ) qjwt - = _ =
Ps(t) Zn/_oo (R e ) e” dw R ) (t c> (2.40)
2ginT St —(rs+rp)/c dl
dpg(t) = v_ V. S (2.41)
cosT—cos? Fsf'p 2m

The size of the segmends, is given by the sampling frequency. The distance-resmius calculated
as:

C
dlresolution= T (2.42)

S

where fg is the sampling frequency. The sampling frequency is chtsd®0 kHz, which results in
dlresolution= 3.43 mm. This resolution is considered acceptable. The diffsa, contributed from
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2.6. CABINET EDGE DIFFRACTIONS

each segment, is then calculated by equa2idi on the facing page. Because of the discretized time
resolution ofl/f,, the calculated continuous time delay has to be convertiedan integer sample
number. The continuous time delay delay is calculated as:

rs+rp
C

(2.43)

teon delay = fs '

This delay is then splitted into the previous and next sarmpleounding ¢ondelay down and up. This
way, two edge diffraction contributions are added, togettescribing the diffraction contribution
for the continuous time delaydhdelay The diffraction pressure amplitudes gfedious and hext are
then assigned values corresponding to the distance fromainétcondelay Figure2.40illustrates the
scenario.

1
1
>
fs Leon. delay
—
1. 2
3 3 time [s]
(@)
2
3
1
3
\ \ | \ \
\ \ \ \ \ \
/ \ time [s]
t previous t next

(b)

Figure 2.40: lllustration of how edge segment contribution points are positioned in time. The new positions are
based on the calculated continuous time delay teon delay Figure (a) shows the situation when teon delay
has been calculated having an amplitude of 1. Figure (b) shows the situation after the splitting with

tprevious and tnext sharing the amplitude of teon delay

All edge contributions are finally positioned in an impulssponse at the position corresponding to
the time delay in number of samples.

In order to be able to simulate low frequencies, it is neagstainclude both 1., 2. and 3. order
reflections. This is carried out to be able to simulate thédatep, which is positioned in the low
frequency range. According t®,[ page 931], the low frequency simulations still have déwiet
despite that 3. order reflections have been included. Funitre it has been shown that 3. order
reflections from the back of the cabinet have very little iefloe on the net response. The simulations
are therefore only taking into account the edges at the bafiie.
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CHAPTER 2. THEORY

2.6.4 Simulations

This section presents simulations based on the edge difframodel. The simulations are made from

a front baffle as illustrated in figu241, where the sound source is placed in the center of the baffle. |
this situation, the diffractions from the two vertical sideill add up in-phase, and the top and bottom
edges the same.

22.4 cm

34.4cm o

Figure 2.41: Front baffle used for simulations of edge diffractions.

The first simulation is made by placing the microphone 1 m augtyt in front of the sound source,
which radiates sound with a pressure of 1 Pa. Fi@ud@ shows the time and frequency plot simula-
tion.

0.15
0.1f i
0.05f i

-0.05
-0.1F

Amplitude [Pa]
o

Time [ms]

Magnitude [dB]

10 10° 10
Frequency [Hz]

Figure 2.42: Edge diffraction simulation. Microphone at 1 m distance in front of the sound source.

As can be seen in the time plot, the direct sound is delayeld 28 ms corresponding to the 1 m
distance. The amplitude of the direct sound is 2 Pa. The mexpeaks are negative, and they come
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2.6. CABINET EDGE DIFFRACTIONS

from the first order reflections, which are reflections thdy drit one edge. It can also be seen, that
the amplitudes of the first order reflections are much smatierpared to the direct sound amplitude.
The following positive amplitudes are caused by 2. ordeea#ithns, and the amplitudes are smaller
compared to the 1. order reflections. Finally the 3. ordeecéfins gives negative and even smaller
amplitudes.

The frequency plot looks like expected. There are peaks gwdad high frequencies, and the baffle
step is clearly seen. Atlow frequencies the magnitude ambres O dB and becomes 6 dB when in-
creasing the frequency. The small dip from 300 Hz - 500 Hz israor introduced by the theor@|
page 931]. Still the results at low frequencies should besictaned carefully, since the theory is based
on highkr assumptions. At high frequencies the magnitude is dominayepeaks and dips around a
level of 6 dB. It is noteworthy that the magnitude change éselto 10 dB from the lowest magnitude
at 20 Hz to the highest magnitude at 950 Hz.

The next simulation is made by moving the microphoné 8f)-axis in the horizontal plane. Fig-
ure2.43shows the results.

0.15

0.05f i

Amplitude [Pa]
o

-0.05
_01 - . . -
2 25 3 35 4 4.5 5 5.5 6
Time [ms]
12 T T T

Magnitude [dB]

10 10° 10
Frequency [Hz]

Figure 2.43: Edge diffraction simulation. Microphone at 1m distance 30° off-axis in the horizontal plane.

It can be seen, that the tendencies are similar to the orsimation. The first order reflections are not
as delayed compared to the on-axis situation. At low freqgigsrthere is a small deviation compared
to the on-axis situation. According to equati®/39on page38, the theory is not valid below approx-
imately 1 kHz at observation angles above 71, Mhich correspond to 28off-axis. Despite that, the
result at figure2.43still seems to be reliable when compared to the on-axiste&uhigh frequencies,

a peak at 2.9 kHz is now more pronounced compared to the @resfponse, and the peak at 4.2 kHz
at the on-axis response is flattened out in the off-axis respo

In practice, the diffraction at high frequencies will notd&gpronounced as shown in the simulations.
This is due to the fact that sources beam at high frequenares therefore less sound will hit the
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cabinet edges. The worst case scenario is when placing thieesequidistant from all edges. This
way all the diffractions sum up in-phase.

2.7 Loudspeaker Placement in Rooms

This section describes briefly how a rigid surfaced room arflies the sound of a loudspeaker. The
situation changes according to the placement of the spéakiee room. To make this more clear, a
description of standing wave patterns and floor reflectisapeesented.

2.7.1 Standing Waves

To explain how standing waves occur, consider a rectangoden as illustrated in figur2.44
z

Lz

Ly

Lx
X

Figure 2.44: Rectangular room with dimensions Lx, Ly and Lz.

The standing waves, or room resonances, can be calculafédmege 247]:

w(r,s,t):c\/<z_—’;)2+<i—];>2+<tl_—j>2 (2.44)

wherer, sandt = 0,1,2,... according to the different modes. To illustthte standing waves,andt
is set to zero. This means, that the focus is on the one-diorelsstanding waves in the x-direction.
Equation2.44then simplyfies to:

rm r
pr— B — f e [
w(r,0,0)=c = f(r,0,0)=c 5 Ix

o (2.45)

It can be seen, that the first mode occurs when the waveleagtbriesponding to two times the
distance between two parallel walls. Fig@d5on the facing page illustrates f(1,0,0), f(2,0,0) and
f(3,0,0). The plot shows the absolute values of the pressaxes, since humans cannot detect the
difference between positive and negative pressure.

The places where the curves have a value of 0, are the presxigs. The places where the curve have
a value of 2, are the pressure antinodes. If a pressure souncksis positioned in a hode position,
that corresponding standing wave will not be excited. Opppthe mode will be excited maximally

if the source was placed at the antinode position.
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1.8

Amplitude
I = I =
(o] - N IS (]

o
=)

o
~

0.2

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
Lx

Figure 2.45: The first three room modes in the dimension Lx in a rectangular room.

Looking at figure2.45it can be seen, that to avoid exciting the first mode, the Ipedker has to be
placed in the middle of the room. By looking at the figure, aatise of 0.2 from one of the walls might
be a good solution for placing the loudspeakers. In thistionaboth the second and third mode will
be excited just a little and the first mode is excited almostgletely. That might not be that harmfull
since the first mode often is at a very low frequency wheredbddpeaker itself does not give a high
pressure output. For example if the room is 4 m long, the ficederhas a frequency of 43 Hz.

2.7.2 Reflections

In a room with rigid surfaces, these will add reflections te threct sound of the loudspeaker. In
figure2.46is considered a situation, where a floor reflection is addeldealirect sound.

2m

A
\J

Direct sound b

0.8 m

Figure 2.46: Microphone measuring direct sound and floor reflected sound from a single driver loudspeaker.

This summation causes a comb filter effect, since the twasgatthe a distance difference. The distance

43



CHAPTER 2. THEORY

differenceDD can be calculated as:

DD=2/(08m)2+(1m2-2m (2.46)

At some frequencied)D corresponds to half a wave length or a multiple hereof, wiésults in a
wave cancellation. At other frequenciB® corresponds to a wavelength or multiple hereof, which
results in a positve wave summation. Below the first cantietian frequency, the two waves will add
up more and more in-phase approaching a halfspace sitwaitioa gain of 6 dB. Figur®.47shows
the spectrum of the situation in figuBe46on the previous page.

20 T T

| |
N =
o o

Magnitude (dB)
o
o

|
N
o

|
al
o

-60

-70 i i
10" 107 10°

Frequency [Hz]

Figure 2.47: Comb filter result from situation on figure 2.46 on the previous page.

As seen, the wave summations results in a comb filter effebe liBtening room contributes with
reflections from any walls, so this comb filter effect is prageom side walls, ceiling and the backwall
to.
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CHAPTER 3

PROJECT DELIMITATIONS

This section describes the delimitations of the projece fdlowing could be included in the model,
but is chosen not to because of its minor expected influen¢beosimulations or its complexity of
modelling.

Near Field Axial Pressure

In the near field of a plane circular piston, the pressure anga is like illustrated in figure.1[6,
page 181]

—

PR2pocUy

Figure 3.1: Axial pressure amplitude of a baffled plane circular piston. ka = 81

where the peaks and dips are caused by phase differencesemepressure and particle velocity.
Moving downwards in frequency cause the dips to move to tfiedad the radiation will approach
that of a simple source. The dashed line is the far field appration. It can be seen that whela > 7
the far field approximation is valid. In other words this mgathat when the listening position is more
than seven times the piston radius away, the far field appratkon is valid.

Membrane Break up Patterns

At low frequencies, a membrane moves almost uniformly. Thisot the case at higher frequencies.
The membrane starts to break up, which means that parts ofahdrane move differently. Figuge2

on the next page shows normal modes of vibration for a ciraakembrane fixed at the rin] page
97]

These vibrations appear as peaks and dips at higher freiggandhe magnitude response. The cal-
culations of these modes will not be included in the modeleyTWill indirecly become a part of the
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Figure 3.2: Normal modes of vibration for circular membrane fixed at the rim. The black and white areas vibrate

out of phase.

model, since it will be based on the measurements of theiohaiV drivers.

Membrane Shapes

All modelling in this project is based on plane circular pistheory, even if loudspeaker drivers have
cone shaped diaphragms in order to make them r@gjipqge 50]. This different shape might change
the radiation pattern at high frequencies.

Box Shapes

A loudspeaker box can be made in several ways. It changedhmthternal and extern sound charac-
teristics. Figure8.3illustrates how the cabinet edges can alter the magnitigporee.

O
TRUNCATED PYRAMID
Cuse | o ON PARALLELOPIPED 'I
1 J A\
15 18
8lo gno
z = z
¥s /V NEVAN AN 8s =
x / \’ -4
Lo b go
[ 4 =
-8 -s
100 200 300 600 1000 2000 4000 100 200 300 600 1000 2000 4000
FREQUENCY FREQUENCY

Figure 3.3: Cabinet edge diffraction influence on magnitude response.

It can be seen, that the edge shape can change the respoisgerojéct focuces on rectangular boxes
with 90° angled corners.
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Other Enclosure Types

This project only deals with closed box designs. Later dgwelent could include for example
a vented box design.

Cabinet Wall Vibrations
Any sound contributions from cabinet walls are not inclutéie model.

Loudspeaker/Amplifier Interface
The model does not take any amplifier interface into accolims means, the final loudspeaker
impedance is not going to be fitted to any desired response.

Room Influence
The model does not take any room contributions into account.
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CHAPTER4

OPTIMIZATION

This chapter presents the optimization method used in thjegt. The optimization method presented
is the steepest descent with updating of stepsize. No fumisidods are investigated, since the steepest
descent algorithm performed well and fulfilled the demandstis project. This chapter is based on
[7, Page 37-40]

4.1 Method of Steepest Descent

The idea of the steepest descent method is to minimize arpaafwe function. This is achieved by
calculating the gradient of the performance function inhesiep. The gradient is used to determine
in which direction each parameter of the performance fomckias to be changed to minimize the
performance function, as shown in equatibt and figure4.1, whereF (n) is a vector containing the
parameters to the performance functfnThis minimization is repeated until the maximum number
of iterations is reached or the performance function hashega satisfying minimum level.

F(n)=F(n—1)—step OP(F(n—1)) (4.1)

P(F)

“VP(F)

P2

Figure 4.1: Minimization of performance function P by updating the parameter vector F. The parameters are changed
in the opposite direction of the gradient of the performance function [IP.

The performance function is used to describe how good amastn is. The result of the evaluation
of the performance function has to give a single number,ghatild be zero when the estimation is
perfect. A typical implementation of a performance functiowhen the goal is to make a model fit a
measurement, is to sum the squared errors over a variabbde esdmple the frequency. An example
is shown in figuret.2 on the next page.

The solid line is the measured values and the dotted linesisithulated values with the current set of
parameters. The hatched area is the difference, and thefsétmeerrors are squared and summed over
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Error

Sim%” B

Measured

Magnitude

Frequency [Hz]

Figure 4.2: Performance function. The dotted curve is the simulation and the solid is a measurement.

frequencies. The values are squared to extract the absalukes, and also to give a higher penalty for
values that are far from the target curve relative to theambtilose to the target curve.

4.2 Optimization Structure

The optimization consists of two nested loops as shown iblinekdiagram in figurd.3. In the figure,
F(n) is a vector with the variables of the performance functfnstepis the stepsize anstopis the
maximum number of iterations.

Initialize variables, F(0)
n=1
step =0.01
stop = 1000
¥
step =4 step -
— — \y —
F(n) = F(n-1)-step/ P(F (-1}
¥
| step=05 step |
i
No
Yes
n=n+l
i
No
Yes
Finish

Figure 4.3: Optimization block diagram for steepest descent algorithm.
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4.3. NUMERICAL DIFFERENTIATION

The purpose of the inner loop is to keep the stepsize at amaptivalue at any time. This is done
by increasing the value of the stepsize before enteringothye, land then decreasing the value until an
improvement of the performance function is achieved. Byroizing the stepsize continuously, the
optimization algorithm will be fast when it is far from the miinum of the performance function and
graduately change to be precise when it approaches the ommim

The outer loop performs the optimization. The paramefé(s) to the performance functiof®, are

in each iteration adjusted in the opposite directions ofgfaglient vector. The size of the adjustment
is determined by the optimized stepsize and the size of tadignt. In this way, the parameters to
the performance function bring the value of the performaneoetion closer to a minimum for each
iteration, until a minimum or the maximum number of iteraticare reached.

A problem by this method is the risk of finding a local minimuftlee performance function in stead of
finding the global minimum. This can be solved by adding ntoshe parameters to the performance
function.

4.3 Numerical Differentiation

To be able to use the steepest descent algorihm, it is negessietermine the gradient of the perfor-
mance function. This can be conducted analytically, bugrothis is not possible, if for example the
performance function contains measured values. In thesscaimerical differentiation can be used.

To find the gradient off (t) in the pointt in figure 4.4, the function has to be evaluatedtat € and
t +¢€, wheree is a small number.

f(t)
A

t—=< t t+e

y

Figure 4.4: Numerical differentiation.

The gradient of the function can be calculated as:

Ot (t) = f(t“)z_: t-¢) 4.2)

This is an expression of the slope of the line showed in figudeand for smalk this is equal to the
gradient off in the pointt.
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CHAPTERS

REFERENCE L OUDSPEAKER DESIGN

This chapter presents the loudspeaker drivers that are irsttk project and construction of a refer-
ence loudspeaker, that will be used as comparison to thenogetd loudspeaker.

5.1 Presentation of Loudspeaker Drivers

For this project a 5” bass-midrange driver and a 1” dome tereste chosen. The drivers are selected
with price as an important factor, since it is desired to skdvat can be done to improve the perfor-
mance of a cheap loudspeaker by optimizing the crossovemoniet The chosen drivers are both from
Visaton. Some selected datasheet parameters are shovineib th

Woofer Tweeter
Model W 130 S8 ohm| SC 10 N 8 ohm
Free air resonance frequency 52 Hz 1500 Hz
Sensitivity 87 dB SPL/W/m| 90 dB SPL/W/m
o 0.47 n/a
Vas 131 n/a
Recommended box volume 71 n/a
Price 195 DKK 135 DKK

Table 5.1: | oudspeaker driver datasheet parameters.

Visaton W 130 5 -8 Ohm

Frequenzgang und Impedanz

SPL [dB] Z [Ohm]

100 5D
4—/\ /I\I
a0 ——————— \’\ 40
a0 0
70 f /\\"5" 20
r—'_'_'_ﬂ_ﬂ_'_‘-‘ K
&0 —— 10
50

20 0 100 200 500 1000 2000 5000 10000 20000

— Amplitude bei Twatt, Tm
— Iripedanz [Ohm]

Figure 5.1: Frequency response and impedance of the woofer from the datasheet.
The parameters shown in taliel, the frequency responses in figlid and5.2 on the next page and
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Yisaton SC 10 N - 8§ Ohm

Frequenzgang und Impedanz

SPL [dB] Z [Dh]
100 50
a0 40
&0 0
70 20
&0 e ———— 10
50
20 50 100 200 500 1000 2000 5000 10000 20000

— Amplitude bei Twatt, Tm
— Iripedanz [Ohm]

Figure 5.2: Frequency response and impedance of the tweeter from the datasheet.

Figure 5.3: Picture of the woofer. Figure 5.3: Picture of the tweeter.

the pictures of the drivers in figue3are from the homepage of the manufact |

These drivers are selected since they fulfill the followiegwnds:

e A 5" woofer is chosen so that the dispersion is not to narrowa Bfpical crossover frequency
compared to the tweeter, as the situation would be for a 125fero

e The frequency responses of both drivers are relativelyriltié area where they are expected to
be used. That is from the resonance frequency to approXiyratedz for the woofer and from
1500 Hz and upwards for the tweeter. This ensures an oveflagsponses to make sure that a
reasonable crossover frequency can be selected.

e The sensitivity of the tweeter should not be lower than tlidihe woofer. This is due to the fact
that damping the bass with an attenuation circuit will makedamping factor of the amplifier
to the driver significantly lower, whereas damping the twedbes not introduce any problems.

e The value ofVasfor the woofer indicates that the box will be of a reasonatde.s

e The drivers are relatively cheap.
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5.2 Measurements of Loudspeaker Drivers

To verify the parameters from the datasheet, the driversrma@sured. The measurements are infi-
nite baffle frequency responses and electrical impedanths. measurements are described in ap-
pendixB.3 on pagell4

Figure5.4and5.50n the next page show the magnitude responses of the drieaxsured in an infinite
baffle.

100

T T LIS N L
Infinite baffle 0°
Infinite baffle 30°
951 Infinite baffle 60°
Infinite baffle 80°

Magnitude [dB re. 20 pPa, 2.83 V, 1 m]

-

10 10° 10
Frequency [Hz]

Figure 5.4: Measured magnitude response of the woofer.

It can be seen from figurg.4, that the bass driver has an acceptable dispersion°ai3@ approx-
imately 5 kHz, since the difference relative to the on-agisponse is not larger than approximately
5 dB. Furthermore it can be seen, that the sensitivities tf ddvers are lower than indicated in the
datasheet. The sensitivities are estimated to be 85 dB SiPthéowoofer and 87 dB SPL for the
tweeter. Finally it can be seen, that the magnitude ressarsemore or less flat as in the datasheet.

The impedances of the drivers are measured as describepgendigB.3 on pagel14 and the results
are presented in figui26and5.7 on pageb7.

In figure 5.6 on the next page the resonance frequency of the woofer iglfagrhe top of the peak
at low frequencies of the impedance curve. The resonangedrey is found to be just below 60
Hz, which is significantly higher than the 52 Hz from the dhtes. It is expected that the resonance
frequency will get lower as the suspension of the driver gefseened during use of the driver. Apart
from the higher resonance frequency, the measured impedaeems to be similar to the impedances
presented in the datasheets.
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Figure 5.5: Measured magnitude response of the tweeter.
Driver Impedance Magnitude

0 i i PR | i i i ISR | i i i il
10° 10° 10*
Frequency [Hz]
Driver Impedance Phase
90 R S - R - R B

-90 i S S S S | i i S S S S | i i S S S |

10 10° 10
Frequency [Hz]

Figure 5.6: Measured impedance of the woofer.
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Figure 5.7: Measured inpedance of the tweeter.

5.3 Loudspeaker Parameter Estimation

Since the resonance frequency for the woofer and the sdtiegifor both drivers differ from the
datasheet values, it is decided to develop a program thdtlésta determine all parameters of the
loudspeaker drivers on basis of a measured impedance durtlds way it is ensured, that the para-
meters used in the model are the correct parameters forudspeaker driver.

The program is made in Matlab, and uses the optimizationridtgo introduced in chaptet. As
mentioned in that chapter, this algorithm requires the @afimof a performance function. This per-
formance function should describe how far away the currstitnation is from the measurement. The
performance function should be zero when the fit is perfect.

The performance function includes the measured impedanaéunction of frequencyneasimp(f),
and the simulated impedance as a function of frequesityimp(f). The simulated impedance is
defined in equatio@.120on pagel3.

The performance functioR uses the complex numbers for the impedances, so that the ptiasna-
tion is also taken into account. To calculate the perforradnnction, the differences between the two
curves are found as complex numbers at each frequency. Tieitunde of these differences are then
squared and summed over frequency:

fmax

P= Y abs/measimp(f)—sim im (f))2 (5.1)
a easl Sim | .
f:§o simp Limp

whereaby) is the magnitude of a complex number.
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Frequency Vector

The impedance is measured as described in appdh8inn pagelld The sampling frequency is
100 kHz. The measured signal is Fourier transformed to muwétpedance to the frequency domain
using a 32768 point Fourier transformation. The resultiegidiency vector is linearly spaced with
a resolution of 3.05 Hz. The linearity is not desirable fastpurpose, since the optimization will
put higher weight on the high frequencies, where there amgyrpaints per octave, compared to low
frequencies. Therefore a new vector, containing the nurobgre wanted places in the original fre-
guency vector is created. Using this pointer vector, theuemcies are logarithmically distributed with
approximately 6-7 points per octave, resulting an equajtatéig of all octaves. This vector also sets
the highest and lowest frequency of interest. A benefit afgiailogarithmically distributed frequency
vector is that the computation speed of the optimizatiorrésrdtically increased due to decreased
number of frequencies. The number of frequencies changes 16384 to 67 for a frequency range
from 20 Hz to 20 kHz.

Optimization Results

The optimization is performed with the following condit&in

Woofer | Tweeter | Scaling factor and unit
Iterations 1000 1000

Minimum frequency | 20 Hz 20 Hz
Maximum frequency] 5kHz | 20 kHz
Start values:

Re 6 6.9 1-Q
Le 1 0.04 103H
Cm 1 0.1 1073 m/N
B 4.6 2 1-N/a
Rm 1 1 1-Ns/m
Mm 5.5 0.1 10 3kg
0.8 0.9 1

Table 5.2: Driver parameter estimation conditions.

From the table it should be noted, that there are used sdalitgrs to make sure that the loudspeaker
parameter values all are in the same order of magnitudes #iey will share a common step size. In
this way a step of 1 will have approximately the same influemcBeandMy,. This would not be the
case ifMy, was given in Kg.

Test shows that 1000 iterations is a good compromise betspesd and accuracy, as a larger number
of iterations do not change the results significantly.

The frequency range for the woofer is limited, since estinggparameters with the full frequency

range, sacrifies accuracy near the resonance frequencyk® arfaetter fit at high frequencies. This
error is a lack in the modelling of the lossy inductance invibiee coil at high frequencies. Itis chosen
that accuracy near the resonance frequency is preferredaowaracy at high frequencies. Therefore
the maximum frequency for the woofer is set to 5 kHz.
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The result of the optimization is presented in tabl@and figure5.8and5.9.

Woofer Tweeter
Re 7.01Q 7.36Q
Le | 1.43mH | 0.56 mH
Cn | 1.28mm/N | 0.05mm/N
Bl 4.41IN/a 1.82N/a
Rm | 0.75Ns/m | 1.14Ns/m
Mm 5.64 ¢ 0.22¢
n 0.82 0.81

Table 5.3: Estimated driver parameters.
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Figure 5.8: Measured and simulated impedance for the woofer.

As it can be seen in the figures, the optimization of the impedas exact for the tweeter whereas
there are deviations above 4 kHz for the woofer. This is ebguksince the upper frequency limit for
the woofer parameter estimation is set to 5 kHz. This is npeeted to have any major effect on the
transfer function of the crossover network, since the diia are above the expected working area
of the woofer. The estimated parameters found during thienigstion are considered to be reliable,
since they do not deviate much from the datasheet valuesharsimulated curves match the measured
well.
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Figure 5.9: Measured and simulated impedance for the tweeter.

Driver Membrane Radius

The radius of the drivers is measured, since the radius i insthe model. The radius is found by
measuring the diameter of the membrane includjfa®f the suspension, and dividing by two. The
radius of the woofer is found to be 4.5 cm and the tweeter t6 &r@. In sectiorB on page45it is
mentioned that the far field assumption is fulfilled when theeyvation pointis more than seven times
the driver radius away. This is 31.5 cm for the woofer and 9 onttie tweeter. Therefore the model
is valid for microphone distances greater than 31.5 cm.

5.4 Reference Loudspeaker

This section describes the design of a two way loudspeaktes.dEsign of the loudspeaker is made
with the use of simple knowledge and formulas. The idea diiing a loudspeaker with these simple
tools is to show what can be obtained by a novice loudspeakestizictor and how this result can be
improved with the use of the optimization system presemetis thesis.

5.4.1 Design of Reference Loudspeaker Crossover Network

It is chosen to make a parallel second order passive filtdoditr the highpass and lowpass sections.
The filter order is selected as a compromise between a higpidgrof the stopband and a desire for
a simple and cheap filter.

The Q-values of both filters are selected to be 0.5. This i®dorget a flat magnitude response as
described in sectio2.4.1on page23. To obtain the flat response, the polarity of the tweetenisnsed,
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as required.

The crossover frequency is selected by comparing the fre;yueesponses from the datasheets for
both drivers, that are shown in figuel and5.2 on pages4. It can be seen, that the lowpass cut-off
frequency for the woofer should be below 4 kHz since the respés relatively flat up to this frequency.
For the tweeter the cut-off frequency of the highpass filberdd be above 1500 Hz, where the tweeter
starts to roll off. Furthermore the cut-off frequency shibbié well above the resonance frequency to
ensure that the tweeter does not get overloaded. As a congadetween these demands, a crossover
frequency of 2500 Hz is selected.

With all specifications selected, the complete filter can ésighed. The filter is made according to
the parallel filter in figure®.200n page22.
The values of the components are calculated as describéd,ipdge 166]:

Lw = % - 2w 2580% Hzos ~ -02mH (5.2)
Cw=3 n.?:,vw. Re 2T ZS%C?HZ- gg oW ®3)
L= z.nit o) 2 2580% Azos  L02mH (54)
G = ﬁ 2T ZS%C?HZ- gq ~ 8HF (-5)

The filter is constructed with standard component valuesth&coils, 1 mH are selected, and for the
capacitors it is chosen to use a parallel connection betiweemrapacitors with values of 3} and
0.68F, yielding the calculated 3.98. The resistance of the coils are @5

To match the sensitivities between the drivers, where thefevdhas a sensitivity of 87 dB and the
tweeter has 90 dB according to the datasheet, a L-Pad ciscdésigned with a damping of 3 dB.
From this dB value the attenuation of the circuit can be dated:

att = 10" — 10 Y% = 0.708 (5.6)

From formula2.27and2.28on page26 the following component values are calculated:

R: - att 8Q-0.708
= = ———=194Q v
Re= 1 an 10708 G-
R2-R 194Q-8Q
g — = —7:2. Q .
RI=R-mR 8Q- 1940780 (5-8)

The calculated resistor values are not available, so theesieatandard values are selected. This
changes R1 to 2.8 and R2 to 22Q. Calculations show that the change in input resistance and
damping is negliable.

The complete filter is constructed as shown in figbirEOon the following page and tab&4 on the
next page.
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S |

Lw Ct
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Figure 5.10: Crossover network for reference loudspeaker.

Component | Value
Lw 1mH
Cw 3.98uF
L 1mH
G 3.98uF
R1 2.2Q
R2 22Q

Table 5.4: Component values for reference loudspeaker crossover network.

5.4.2 Loudspeaker Enclosure

The enclosure is chosen to be a closed box, and with the 7 m@kuggested in the datasheet, in
table5.10on pages3is used. To this volume is added 0.2 | to compensate for thenweloccupied by
the drivers and the filter. The box is build from 16 mm MDF p$ate

The dimensions of the box are chosen, so the ratio betweenrieedimensions is 2.6:1.6:1 as this
ratio gives the greatest uniformity in the frequency disition of standing waves3| page 100]. The
smallest inner dimension can be calculated by:

/0,0072I
X =2 =0.12 5.9
2.6-1.6 m (5-9)

When the smallest inner dimension is known, then the remgican be calculated by multiplying the
smallest dimension with 1.6 and 2.6 respectively. To findaiher dimensions, two times the material
thickness has to be added, and the box is then calculated34.6em high, 22.4 cm wide and 15.2
cm deep. The box is loosely stuffed with Acoustilux to reduternal reflections3, page 34]. With

the size of the box known, the resonance frequency and thal@g¢an be calculated. This is done
using formula2.19and2.200n pagel8 The resonance frequency is calculated to 80.5 Hz and the
Q-value is calculated to 0.94 using the estimated parasfiiethe woofer, adding 0.8 to R, as this

is the series resistance of the coil in the crossover. Furtbee it is asumed that the damping material
adds 10 % to the volume of the ba3, page 100]. The Q-value is higher th&egr2, which results in

an amplification of the frequencies near the resonance érexyu

The drivers are mounted above each other and horizontatteid, so the center of the woofer is
10.5 cm from the bottom of the box and the center of the twast26 cm above the bottom. These
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positions are selected from a visual design perspective.dfivers are counter sunk in the baffle, to
decrease reflections from the driver edges. The completet$fieaker is shown in figufell

Figure 5.11: Reference loudspeaker.
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CHAPTER 6

V ERIFICATION OF THEORY

This chapter presents results of measurements and sirongith order to verify the theory presented
in chapter2.

The measurements shown in this chapter are all conductédtieét loudspeaker drivers chosen in
section5.1 0n pageb3. All measured responses are not reliable below 60 Hz, shisdrequency is
the lowest frequency where the anechoic room can be coersiderechoic.

The simulations are based on the driver parameters estrratection5.3 on pages7. The closed
box simulations and measurements are conducted by usihg#heesigned in sectidh4on pagesO.

It is assumed in the simulations, that the internal dampiagenal adds 10% to the cabinet volun3e [
page 100].

Most figures shown in this chapter present two plots in a $ipesiay. The upper plot shows two
curves, which can be either measured or simulated respohisedower plot then presents the differ-
ence between the two upper curves together with a corresppsiinulated response.

6.1 Infinite Baffle Magnitude Response

This section presents the measured and simulated infirfite bsagnitude responses. The simulations
are based on secti@l on page7, and the corresponding measurements are described indipjze8
on pagell4

The results of the measurement and simulation are shownurefsgl on the following page.

It can be seen, that the measured and simulated responssgisndeg from 400 Hz and downwards
in frequency. This result is acceptable since the infinit#ldaimulation is only going to be used
when simulating the low-frequency roll off. The lower cusieows the difference from the simulated
response to the measured response. It is seen, that theasonulloes not take into account the
membrane breakup contributions, which are significant @dokHz. The simulated response rolls off
at high frequencies because of the voice coil inductance.
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Figure 6.1: Infinite baffle measurement and simulation. The lower curve shows the difference from the simulated
response to the measured response.
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6.2 Closed Box Magnitude Response and Impedance

This section presents the influence in the magnitude anddemee response when placing the woofer
in a closed box with an infinite front baffle. The simulatioms based on sectidh2on pagel?, and
the corresponding measurements are described in appBrdix pagell7.

6.2.1 Closed Box Magnitude Response

The results of the measurements and simulations are shdiguie 6.2

Magnitude response

100 u
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.|

Magnitude [dB re. 20 pPa, 2.83 V, 1 m]

Frequency [Hz]

Magnitude difference response

10 —

Measurement closed box - infinite baffle
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Figure 6.2: Closed box measurements and simulations. The front baffle is infinite. The lower red curve shows the
difference from the simulated infinite baffle response to the simulated closed box response. The same
curve is shown for the measurement responses.

From the lower curves can be seen, that the simulated inffluehthe closed box is similar to the

measured influence. The box attenuates the low frequemeigsh in this example is below 75 Hz.

From 75 Hz to 300 Hz the box amplifies the response.

At low frequencies from 100 Hz and downwards, there is a g@meagnitude difference at 1-2 dB.

The closed box simulation is made from the assumption, tteatoustilux damping material adds
10% to the cabinet volume. This assumption might be the refsahe difference at low frequencies.
To get a more precise simulation, the used damping matéralld add less than 10% to the volume,
which would bring up the system resonance frequency andduriore resultin a more steep roll off.
This deviation is not considered as a problem in the modgligince the simulation is close to the
measurements.

Furthermore it can be seen, that the box smoothes the mdgniésponse. The peak near 500 Hz in
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the infinite baffle measurement on figld on paget6is not present in the closed box measurement
in figure 6.2 on the previous page. It can be seen in the magnitude differmsponse, that the peak
is removed by the box.

From 1 kHz and upwards, the measured magnitude differesponse seems attenuated 1 dB. This
might be another influence of the damping material.

6.2.2 Closed Box Impedance

The results of two impedance measurements are presentgdiiedi3. The impedances are measured
in the infinite baffle and in the closed box.
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Figure 6.3: Measurements of electrical driver impedances.

Itis seen, that the resonance frequency moves upwards Waelniver is placed in the closed box. This
is expected, and the simulation on fig@.@50n pagel9 predicts the two same resonance frequencies
at approximately 60 Hz and 80 Hz respectively. The diffeechetween the simulated and measured
closed box impedance is the magnitude at the resonancesfregurhe measured impedance drops to
a level of 24Q compared to the simulated 2on figure2.150n pagel9. The impedance magnitude
at the resonance frequency can be calculate8,qmpe 33]:

(BI)?

Fm

Zeres= Re+ (6.1)

It can be seen, that to decrea&ges the mechanical resistancg has to be increased. When placing
the driver in the box, energy is transferred into movemefth® cabinet walls, and into heat in the

68



6.3. DRIVER BEAMING

air inside the box1, page 4]. Furthermore the damping material contributels miechanical losses,
since the acoustic energy is converted into heat in the dagnpiaterial 6, page 340]. These ways,
the mechanical resistance increases, which brings dowimpedance magnitude at the resonance
frequency. In addition, the phase change of the closed b&porese is less when compared to the
infinite baffle response.

The used theory does not predict the right impedance matmitithe resonance frequency for the
closed box situation. This is not considered as a problemeest will not significantly influence the
crossover transfer function.

6.3 Driver Beaming

This section presents the measured and simulated beamngatfehe woofer. The simulations are
based on sectio®.3 on page20, and the corresponding measurements are described indipi:8
on pagell4

6.3.1 Woofer Beaming

The results of the measurement and simulation for the wadf@@ off-axis are shown in figuré.4.
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Figure 6.4: Beaming of woofer at 30° off-axis.

It can be seen from the lower two curves, that the simulatosimilar to the measured response.
The deviation at approximately 6 kHz may be caused by diffecentributions from the membrane
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breakup patterns at’Gnd 30. This deviation is not considered as a problem, since the % fkét
guency typically lies in the stopband of the woofer lowpdsaifi

Figure6.5illustrates the measurement and simulation for the wodfé@aoff-axis.
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Figure 6.5: Beaming of woofer at 60° off-axis.

From figure6.5 is seen, that the simulation is similar to the measuremergairAthe membrane
breakup patterns contribute differently &tdhd 60. The beam theory is concluded to be valid for the
woofer.

6.3.2 Tweeter Beaming

The outcome of the measurement and simulation for the twae®D off-axis is shown in figuré.6
on the facing page.

The simulation and measurement response is close to eaeh ¢ttom 8 kHz and upwards in fre-
guency, there are deviations up to approximately 4 dB at 20 KHhe deviation might be caused by
the tweeters horn loading, which will make the dispersioalgn [2, page 35]. Otherwise the devi-
ations are close to 2 dB. The difference can be caused by suengsions made in equati@?21on
page20. This equation is based on plane circular pistons, whicloighre case for a 1" dome tweeter.
The simulation is also sensitive to small changes in theamosembrane radius The deviations at
high frequencies are not considered as a problem. The met&h will use the beam theory, will
probably not predict the exact beaming of the tweeter, baitéisult of the simulation is still close to
the measurements.

From figure6.7 on pager2is seen, that the simulation has the same tendency as in gsuneenent.
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Figure 6.6: Beaming of tweeter at 30° off-axis.

From 2.5 kHz and upwards in frequency, deviations startsetgpiesent. Up to approximately 13
kHz the deviations are still not more than approximately 4 @Be deviations are not considered as
a problem since the deviations are relatively small, andiddpeaker response at°a@e typically not
optimized as much as the on-axis response and thef8@xis response. Furthermore it can be seen,
that the dip at approximately 18 kHz is predicted right bygheulation.
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Figure 6.7: Beaming of tweeter at 60° off-axis.
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6.4 Filter Magnitude Response

This section presents the measured and simulated crossetweork transfer functions. The simu-
lations are based on secti@ on page22, and the corresponding measurements are described in
appendixB.5 on pagel19

6.4.1 Woofer Transfer Function

Figure6.8shows the lowpass filtered woofer magnitude response.
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Figure 6.8: L owpass filtered woofer magnitude response.

It can be seen, that the simulated electrical transfer fands similar to the acoustical transfer func-
tion. Above 4 kHz the deviations are caused by the used etihimpedance response. In sectod
on pageb8 can be seen, that the estimated impedance response dodsm®ihfieasured impedance
above this frequency. This will introduce differences ie fiiiter transfer function. The deviations
are small, and will not be considered as a problem in the niadgdrocess, since the deviations lies
within the typical stopband of a woofer lowpass filter.

It can further be seen, that the filtered response has aniatshlow-frequency roll off. This might be
due to the resistance in the used crossover coils. Thesaahagistance of 0.8. From equatior2.8
on pagell can be seen, that when placing a resistance in series withoibe coil resistanc®,
increases the Q-value. This finally results in a faster ancbrateep roll off. Also the 0.8 works as
a simpel attenuation, because of voltage division with tbefer impedance.
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6.4.2 Tweeter Transfer Function

Figure6.9shows the highpass filtered tweeter magnitude response.

Magnitude response
100 T T

80

—— Measurement without filter

— Measurement with filter
n n T

Magnitude [dB re. 20 pPa, 2.83 V, 1 m]

60 L L L Ll
10 10"
Frequency [Hz]

Magnitude difference response

T
—— Measurement with filter
— Simulation with filter

Magnitude [dB]

-15+

—20UL

Frequency [Hz]

Figure 6.9: Highpass filtered tweeter magnitude response.

Again it is seen, that the simulated and measured curvesidein
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6.5 Driver Interference

This section presents the measured and simulated inteckengattern, when placing two identical
woofers with a center distance of 30 cm. The simulation ofitlerference pattern is based on sec-
tion 2.50n page3l, and the corresponding measurements are described indipjBe6 on pagel2l

Figure6.10illustrates the result of the simulation and measuremehe measurement can be com-
pared to the simulation, since the drivers are almost omegtional at the chosen frequency, as it can
be seen in appendB.3 on pagel14

Measurement

Simulation

180 [ SRR 2 PR RPRRPTS RFR P A

270

d=0.3m, f=1143 Hz

Figure 6.10: Interference pattern of two woofer placed with a distance of 30 cm. The frequency is 1143 Hz.

It can be seen, that the simulation is similar to the measenémesult. The cancellation angles are
equal in both the simulation and measurement. It is condyitiat the interference theory is valid.

Figure6.11on the next page shows the interference pattern as fundtimmgbe and frequency.

This plot should be compared to figu2e34 on page33. It can be seen, that the tendencies are the
same. The dips are placed equal in the two plots. Above appedgly 2 kHz the used drivers in the
measurements start to beam. Therefore figutd on the next page is not directly comparable to the
simulated plot above this frequency.
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Figure 6.11: Interference pattern as function of angle and frequency.
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6.6 Edge Diffraction

This section presents the measured and simulated cabffratdon contributions. The simulation is
based on sectioR.6 on page36, and the corresponding measurements are described indipyien
on pagel23

6.6.1 Woofer Diffractions

Figure6.12illustrates the result of the simulation and measuremenguke woofer. The microphone
is placed in front of the woofer.
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Figure 6.12: Cabinet edge diffraction simulation and measurement. The microphone is placed in front of the woofer.

It can be seen, that the simulation and measurement is siffila deviation from approximately 300
Hz - 600 Hz is due to the diffraction theor9,[page 931]. The dip at approximately 2500 Hz is less
pronounced in the measured response. This might be due tedbiers beaming at that frequency.
The beaming results in a smaller edge diffraction contiduto the direct sound of the woofer. This
effect can also be seen at the high frequencies, where theuneebresponse has less ripples.

Figure6.130n the next page illustrates the result of the simulationraadsurement using the woofer.
The microphone is placed 30ff-axis in the horizontal direction.

As seen, the tendency is the same for the simulated and neglagsponse. At high frequencies there
are deviations up to 5 dB. This is not considered as a proldemoe these frequencies typically lies in
the woofers lowpass filter stopband.
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Figure 6.13: Cabinet edge diffraction simulation and measurement. The microphone is placed 30° off-axis in the

horizontal direction.

6.6.2 Tweeter Diffractions

Figure6.14 on the facing page illustrates the result of the simulatiod eneasurement using the
tweeter. The microphone is placed in front of the tweeter.

From the figure can be seen, that the simulated and meassgohes are similar. Again the mea-
sured response at high frequencies is more flat because loétineing tweeter.

Figure6.150n the next page illustrates the result of the simulationmaadsurement using the tweeter.
The microphone is placed 30ff-axis in the horizontal direction.

The simulated curve fits the measured curve closely. At gaqgies above approximately 14 kHz the
simulation does not predict the right response. The d@natmight be reflections from the tweeter
mounting screws. This is not considered as a problem, sircdaviations are relatively small.
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Figure 6.14: Cabinet edge diffraction simulation and measurement. The microphone is placed in front of the tweeter.
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Figure 6.15: Cabinet edge diffraction simulation and measurement. The microphone is placed 30° off-axis in the
horizontal direction.
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6.7 Damping Material

This section presents measurements of a closed box magmésplonse. A situation with and without
Acoustilux damping material inside the cabinet. The fraaftlp is the infinite baffle. Finally is shown
how the damping material influences on the electrical impedaThe measurements are described in
appendixB.8 on pagel 25

6.7.1 Magnitude Responses

Figure6.16shows the measurement of the box with and without dampingniaht
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Figure 6.16: Measured magnitude responses with and without damping material placed inside the loudspeaker cab-
inet.

As seen in the upper blue curve, there are reflections inbeledbinet. Calculations show, that the
2. standing wave, in the height dimension inside the capigetpproximately 1100 Hz. This could
be what is seen in the measured response. This reflectioradycdamped when putting damping
material inside the box. From the magnitude difference ewan easily be seen, that the damping
material causes an amplification of the frequencies belgwaimately 80 Hz. This is due to the
increased volume when using damping material, which agssultin a less steep low-frequency roll
off.
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6.7.2 Impedance

Figure 6.17 shows the measurements of the electrical impedances of dlogewpositioned in the
designed closed box. Situations with and without dampingeried are presented.

Driver Impedance Magnitude
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Figure 6.17: Electrical impedances of the woofer positioned in the designed closed box.

As seen, the damping material brings down the resonancedney. This is due to the effect of
increased cabinet volume. Also the magnitude at the resengets lower, which is a consequence
of introduced mechanical losses by the damping materiaheSaf the acoustical energy is converted
into heat in the damping material.

Itis concluded, that damping material increases the cabaleme seen from the drivers point of view.
Furthermore the damping material attenuates internaheabéflections.

Summary

The simulations based on the theories compared to measut®istgow, that there are some minor
deviations. These deviations are considered to be small,ae® not expected to have any major
influence on the performance of the complete model. In nespi, the theories will be put together
to make the complete loudspeaker model.

81






CHAPTER 7

ADVANCED LOUDSPEAKER M ODEL
DESIGN

This chapter presents the design of the advanced loudspeadael developed in this thesis. This
model is based on the theory presented in chaptefFurthermore, the model is verified using mea-
surements and simulations of the reference speaker designehapter5. The model is made in
Matlab.

7.1 Definition of Variables

The model requires information about the loudspeaker bexdtivers and the microphone position
in order to model the complete response from the loudspestkany microphone position. In the
implementation all these parameters are gathered in atsthat is used throughout the model. In
this way, changing a parameter has only to be done in one.pldts struct consists of 4 substructs
with constants and optimization variables, filter compdnedues, woofer parameters and tweeter
parameters. In the main struct there are parameters to dbér®ox dimensions and plate thickness,
the position of the tweeter and woofer on the front baffle drerhicrophone position. From these
parameters for example the volume of the box, the distantvedlea the drivers or the distance from
each driver to the microphone can be calculated.

A frequency vector is constructed using the defined paraséie sampling frequency and FFT-size.
As described in sectioB.3 on page58 a new frequency vector containing logarithmically spaced
frequencies is calculated, to decrease calculation time.

7.2 Model Design

It is desired to make a model that is easy to modify. To enshisg the model is made of a number
of blocks each containing one of the theories presentedadpteln2. The organization of the model is
shown in figurer.1on the following page.

The blocks all work in the same way. They are made as sepenmatédns that take a frequency vector
or a pointer to the desired frequencies in the frequencyovelgfined by the sampling frequency and
FFT-size. These functions all return a frequency respoaleeiated from the logarithmically spaced
frequency vector. In this way the output from each block msikir and can be handled in the same
way. Most of the functions require more parameters as fom@ka the struct containing all settings
or the output from another block. In the block diagram in fegi2 on pageB5 the input parameters

of all blocks can be seen. It should be noted that the onlykisloithat depend on other blocks, are
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Figure 7.1: Organization diagram for the loudspeaker model.

the simulations of the filter responses, which requires ifmelated impedances of the corresponding
driver. Appart from that, all blocks are independent.

When the model is constructed it is important to ensure,¢hah phenomena of the loudspeaker is
included only once. This could for example be the distanomfthe driver to the microphone which,
under normal conditions is included in several of the theopresented. The following list presents
what is included in each block of the model:

e measb, meast
This block loads an infinite baffle on-axis measurement ofwbefer or the tweeter respec-
tively. This measurement must be made in one meters disteoroethe baffle with the drivers
mounted as they would be on the loudspeaker baffle. In thistixiy acoustical center offset
relative to the baffle is included for each driver. This bl@dko includes level and phase shift
corresponding to 1 meter distance.
The block works by loading a time signal measured with the MlStem as described in ap-
pendixB.3 on pagell4 and moving the signal to the frequency domain using a Fotraes-
formation. Finally the frequencies, described by the fegtpy pointer, are selected from the
calculated frequency vector.

e Simbox
This block represents the change from adding a box to thekepeti is calculated as the dif-
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Initialization of parameter struct "seﬁ"

#

Initialization of frequency vector "f"
and frequency pointer "p"

'

f_measb = measb(p)
f _meast = meast(p)

#

f_box = simbox(set,f) ‘

f_beamb = sim_beamb(set,f)
f_beamt = sim_beamb(set,f)

'

imp_box = imp(set,f)
imp_tweeter = impt(set,f)

#

f_filtb = simfiltb(set,f,imp_box)
f_filtt = simfiltt(set,f,imp_tweeter)

f_diff = 0.5 sim_diff(set,p)
f_difft = 0.5 sim_difft(set,p)

#

f b=f meas f box f filth f beamb f_diff
f t=f meast f filtt f beamt f _difft sign

summed response =f b +f t

Figure 7.2: Block diagram for the loudspeaker model.

ference between simulations of a closed box and an infinfleeb@his includes magnitude and
phase changes.

e sim_beamb, sim_beamt

This block contains the simulated frequency responsesedb@aming of the drivers. Further-
more the distance from each driver to the microphone is tatled, and the level and phase of
the signal is changed according to the distance. The distaht meter that were used in the
measurements is subtracted from the calculated distantieesiotal distance included in the
model is correct.

The calculation of level and phase shift caused by distaaaesed when calculating the inter-
ference between the drivers, when they are summed.
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e imp, impt
This block calculates the electrical impedance of the teregnd the woofer mounted in a box.
This is done with the parameters estimated from the measomgeldance curve in sectidnh3
on pageb7. A simulated impedance, calculated with the parameteligetefrom the measured
impedance is used to be able to calculate the correct impgedan any box, since changes in
the box volume, leads to changes in the resonance frequency.

e simfiltb, simfiltt
In this block, the responses of the filters are calculatedddohis correct, it is necessary to
know the impedances of the drivers, which are given as inararpeters to this block.

e sim_diff, sim_difft
This block calculates the edge diffractions from the boxtfar woofer and the tweeter respec-
tively. This block calculates a time signal as describedeictisn2.6 on page36. This time
signal is transformed to a frequency signal in the same walgssribed for the measured signal
above.

e sign
This block sets the polarity of the tweeter and can be 1 or -1.

Every block of the simulation, except the measurementseftitivers, are designed so that the block
output is the difference that it contributes to the corresfiog driver. To maintain this, it is neces-
sary to decrease the level of the diffraction simulatiorhv@itdB since the simulation, as shown in
figure2.420n page40 has a level of 6 dB as reference. The level correction is mgdauitiplying
the result of the simulation by 0.5.

With each block of the simulation containing the differerthat it contributes to the corresponding
driver, each block can be considered as a filter to the medsasponse, and the final response for
the woofer and tweeter respectively can be calculated byiphyihg all the responses together. The
complete loudspeaker response can be found by summingspenses of the two sound sources, with
respect to the polarity of the tweeter, as shown in the lastkbbdf the block diagram.

7.3 Model Simulation and Verification

To verify the model, the frequency response of the referapeaker is measured on-axis and &t 30
horizontally off-axis as described in appen@iX on pagel28 The same two situations are simulated
and the results are shown in figufe8 on the next page and4on pagess.

From the upper plot in figur@.3 on the next page it can be seen, that there are deviationgéetw
the measured and the simulated response. Especially iratigee from 3 kHz to 6 kHz, where the
simulation generally has a higher level than the measuretiftee dip around 5.5 kHz is not situated
at the same frequency.

The lower plot shows the individual responses from the dsifer measurements and simulations.
This reveals, that the deviations in the edge diffractiometdor the woofer around 400 Hz and 1 kHz
described in sectioB.60n pager7remain. From the individual responses no explanation cdouyel

on the raised level from 3 kHz to 6 kHz and why the dip at 5.5 kéimbved upwards in frequency.
It is expected that these errors in the summed simulatigrorese are introduced by phase shift that is
not simulated correct.
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Figure 7.3: Simulation and measurement of reference loudspeaker on-axis.

Apart from the mentioned deviations, it can be seen that ithelated and measured responses for
both drivers are similar.

In figure 7.4 on the next page the upper plot shows, that the deviatiorsdnted by edge diffraction
are still present as discussed above. Furthermore the BlipH is not as pronounced in the simulation
as it is in the measurement, but the position seems to bectoBy examing the lower curves, the
reason for the level difference can be found to be the letdréince in the woofer responses, where
the simulated response is lower than the measured. Thiss#us cancellation between the drivers to
be less pronounced in the simulation. The deviations betweswoofer responses at 4 kHz to 6 kHz,
are the same that is found in the verfication of the diffractlzeory in sectio6.6 on pager7.

For the off-axis measurements and simulations it can als@ée that the results are similar.

The deviations of the loudspeaker model found in this sacti@ not expected to have any major
influence on the results of the optimization of the crossaetwork, so the model is considered to be
valid and is used in the rest of this thesis.

The complete model can be found on the attached CD-ROM. Amedlsbt file describes the use of the
model.

The next chapter uses the designed loudspeaker model, ® amakutomatic crossover optimization
system.
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CHAPTER 8

AUTOMATIC CROSSOVERNETWORK
OPTIMIZATION

This chapter describes how the crossover network can bengged by using the loudspeaker model
designed in chaptef. The optimization method is steepest descent, which isipied in chapted.

8.1 Optimization Conditions

The optimization is chosen to work on the crossover networkonents. The optimization is further
chosen to optimize on two different listening angles, ngn@8land 30 off-axis in the horizontal
direction. These two angles are chosen in order to optintizddudspeaker response in a typical
listening angle range. For example in a stereo setup, ttemiigy angle is typically 30[2, page 571].

The optimization is made with an adjustable weighting of theand 30 off-axis positions. The
weighting can easily be changed. This feature makes it plests optimize the loudspeaker response
to a desired listening position.

The evaluated frequencies, are the frequencies choseseddel in sectiob.3on pageb8. The filter
components, which are the optimization parameters, atedst@ have the same order of magnitude.
This is described in sectidh3on pageb8.

Optimization provides a lot of possibilities. In practiseries filters are hard to design, since the driver
impedances influence all transfer functions in the compaissover network. With the optimization
algorithm made in this project, it is possible to optimize &mnds of filters. It is furthermore easy to
try out first order and higher order filters.

8.2 Choice of Optimization Parameters

The optimization parameters are the crossover filter compisn These are presented together with
the chosen start values in talel on the next page.
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Filter Component | Start Value | Scaling factor and unit
Cw 3.98 10°°F
G 3.98 10°°F
Lw 1 103 H
L 1 103 H
R1 2.2 1-Q
R2 22 1-Q

Table 8.1: Filter components used in the optimization.

The start values are the component values calculated faefaence loudspeaker, described in sec-
tion5.4.10n pageb0. When running the optimization it is made possible to chahgepolarization of
the tweeter. This should be tried out in order to see whattrishiest.

Since no ideal inductors excist, a function is made to cateuthe series resistance as function of the
inductance. The values are based on inductors with wireagadiameter of 1 mmJ4].

8.3 Construction of Performance Function

The performance function is described as the differenosd®i the optimization result, OPTR, and a
target response, as described in sedlidron paget9. The result of the optimization, in each iteration,
is the output from the loudspeaker model with the currenbééitter component values. The target
response can be chosen in several ways, and this projede®@n a target response having a flat
magnitude response.

Since a loudspeaker works in a limited frequency range, aeifipérequency range is chosen before
optimization. The maximum frequencydy is chosen to 15 kHz, which is assessed to be a good ap-
proximation of how high in frequency most tweeters have edirmagnitude response on-axis and 30
off-axis. The minimum frequencyf, is calculated from the simulated woofer closed box magmitud
response. The frequency is chosen according to where theitmdg is -3 dB.

The target response level is, in each iteration, calculasetthe mean value of the current magnitude
response, OPTR. This way, the optimization focuses on thiatiens from the mean sensitivity level.
The current target response reference level can be dedathe

ref=mear( abgOPTRfmin : fmax)) ) (8.1)

Including the adjustable weightings X and Y, which are théhengs for 0 and 30 respectively, the
performance function can be calculated as:

fmax fmax
P = X-Z(OPTR)o—ref)z—i—Y- (OPTRyo — ref)? (8.2)

min
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8.4. REORGANIZATION OF MODEL STRUCTURE

8.4 Reorganization of Model Structure

In order to increase the performance of the optimizatioortigm, the structure of the loudspeaker
model is reorganized. The flowchart on fig@.& shows the reorganized structure.

Initialization
of parameters

|

Independent
simulation results
excist?

Yes

Run independent
simulations

l

Run optimization

l

Optimized filter
component values

Figure 8.1: Reorganized model structure used in optimization algorithm.

First the different parameters are initialized, which arespnted in the following list.

e Stepsize

e Filter component start values

e Tweeter polarity

e Loudspeaker driver parameters

e Constants ap andc etc.

e Outer box dimensions and plate thickness

e Woofer and tweeter positions on the front baffle

e \Weighting between on-axis response ant @®-axis response

e Magnitudes based on dB or pascal values

The next box in the flowchart tests if the independent sinuaesults exist. This is because they only
have to be executed once, so a repeated execution of theizgtion will be faster. The independent
simulations are presented in the following list.

e Edge diffraction simulations at bothk @nd 30 for both the woofer and tweeter.

e Beam simulations at®0and 30 are calculated for both drivers.

91



CHAPTER 8. AUTOMATIC CROSSOVER NETWORK OPTIMIZATION

e Box simulation for low frequency roll off.
e Measurements of infinite baffle acoustical frequency respsif the woofer and tweeter.

e Simulations of electrical impedances of the woofer and teree

After the initialization is done, the optimization is penfeed. After 1000 iterations the optimization
software returns a set of optimized filter component values.

The initialization part and the independent parts, thaehasen moved out from the iteration loop,
takes approximately 1 minute and 30 seconds to run. The eeldoptimization part takes approxi-
mately 20 ms per iteration. From this perspective, the meumation of the model structure saves a lot
of time in the optimization execution time.

8.5 Result of Optimization

This section presents the results of the optimization. Ttérozation runs on the box designed in
section5.4.2on page62. By trials, the polarity of the tweeter is chosen not to beersed, and the
weighting of the @ and 30 responses are chosen to 5:1 respectively. Finally the madgis evaluated
indB.

Table8.2 shows the optimization start values together with the ojohfilter component values.

Filter Component | Start Value | Optimized Value
Cw 3.98uF 18.89uF
G 3.98uF 3.80puF
Lw 1mH 3.34 mH
L¢ 1mH 0.96 mH
R1 2.2Q 9.77Q
R2 22Q 21.41Q

Table 8.2: Filter component start values and optimized values.

When constructing the optimized crossover network, stahdamponent values are chosen. The list
below shows how the components are realized.

e 3.80pF capacitor: Parallel connection of 348 and 0.47uF

18.89uF capacitor: Parallel connection of U5, 0.68uF and 3.3uF
e 0.96 mH inductor: 1 mH inductor with resistance of @5
e 3.34 mH inductor: 3.3 mH inductor with resistance a1

9.77Q resistor: 1Q resistor

21.41Q resistor: 22X resistor

Results of the optimized crossover network are presentigure 8.2 and figure8.3.
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Figure 8.2: Simulated on-axis response with optimized crossover network.
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Figure 8.3: Simulated 30° off-axis response with optimized crossover network.

It can be seen, that the crossover frequency is positionaggbximately 1500 Hz and the slopes are
smooth. The weighting between @nd 30 puts most effort on the on-axis response, which can be
seen on figur@.2 This response is most flat with an overall level at approxétys80 dB SPL.

The optimization program can be found on the enclosed CD-R®Madme.1st file describes the use
of the program.

The next chapter presents results and evaluation of thengatiion, and comparison to the reference
speaker.
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CHAPTER9

EVALUATION OF REFERENCE AND
OPTIMIZED L OUDSPEAKER

This chapter presents the measurements of the referendegdeeker, the optimized loudspeaker and
comparisons between these.

On-axis Measurements

The measured on-axis magnitude response of the referemdsgeaker is shown in figuél1 on the
next page. It can be seen, that the cut-off frequencies ftr Bovers are far from the desired 2.5
kHz. This is due to the change of the electrical transfer tioncof the crossover, introduced by the
true impedances of the drivers in stead d®8esistors, and membrane break up contributions for the
woofer. The effective cut-off frequency for the woofer igpampximately 6 kHz and for the tweeter itis
1.8 kHz. The result of this is interference between the dsiitea wider range. This can be seen from
2 kHz to 4 kHz where the drivers sum in phase and gives a raiieetanagnitude response. From
4 kHz to 6 kHz a cancellation is seen between the drivers.hEuriore it can be seen, that the level
decreases from 500 Hz and downwards. This is caused by effigetibns.

When the roll off at low frequencies is disregarded, thead&hce from the lowest level at 5.5 kHz to
the highest level at 17 kHz is found to be approximately 22 dé the sensitivity is approximately 84
dB SPL/1IW/1m.

In figure 9.2 on the facing page the on-axis measurement of the optimaedspeaker can be seen.
The cut-off frequencies between the drivers change, sodheyositioned at the same frequencies.
The crossover frequency is now 1.5 kHz. The effect of thigss loverlap between the drivers, hence
less interference. Furthermore the acoustical slopesdtr drivers at the crossover frequency are
smooth and the membrane break up contributions for the woafee been damped. The bafflestep
has also been removed, which lowers the sensitivity of thdspeaker.

When the measurement of the reference speaker is compatedhei corresponding simulations
shown in figure8.2 on page93 it can be seen, that the model has predicted the response opth
timized loudspeaker very well.

When the roll off at low frequencies is disregarded, theetlédhce from the lowest level at 700 Hz to
the highest level at 4 kHz is found to be 5 dB and the sengitisiapproximately 80 dB SPL/IW/1m.
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Figure 9.1: Measured reference loudspeaker on-axis.
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Figure 9.2: Measured optimized loudspeaker on-axis.
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CHAPTER 9. EVALUATION OF REFERENCE AND OPTIMIZED LOUDSPEAKER

30° Horizontally Off-axis Measurements

The measurement of the reference loudspeakeh8fzontally off-axis is shown in figur@.3 on the
facing page. From the plot can be seen, that the two drivérewtrlap in frequency, and there is a
cancellation at 5 kHz. It can also be seen, that the tweetanbdérom 5 kHz and upwards.

When the roll of at low frequencies is disregarded, the tiffiee from the lowest level at 5 kHz to the
highest level at 6 kHz is approximately 15 dB.

Figure 9.4 on the next page shows the measurement of the optimizedgeaker 30 horizontally
off-axis. It can be seen, that there is less overlap betweedrivers, hence less cancellations. It can
be seen that the drivers beam, as it was also seen in themedespeaker measurement. At this plot
it is also noticeable at the woofer. The beaming of the wordsults is in the area from 200 Hz to 2
kHz where the level is lower.

When the measurement of the reference speaker is compatethe/corresponding simulation shown
in figure 8.3 on paged4 it can be seen, that the model also has predicted the respohséf-axis of
the optimized loudspeaker very well.

When the roll off at low frequencies is disregarded, thead&@hce from the lowest level at 1 kHz to the
highest level at 3 kHz is found to be approximately 6 dB.
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Figure 9.3: Measured reference loudspeaker 30° horizontally off-axis.
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Figure 9.4: Measured optimized loudspeaker 30° horizontally off-axis.
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CHAPTER 9. EVALUATION OF REFERENCE AND OPTIMIZED LOUDSPEAKER

30° Vertically Upwards Measurements

Figure9.6 on the next page shows the measurement of the referencepkmalds 30 vertically up-
wards. At this microphone position the drivers still overia frequency, hence the cancellation at 5

kHz is still present.
0.155 N{

Figure 9.5: Measurement angles and distances 30° upwards.

As it can be seen in figurg.5there are different measurement angles to the drivers. igle o the
tweeter is at 30since the tweeter is the reference point. The angle to théewcbanges to 402y
moving the measurement positiorf3{p. The result of this, is that the woofer starts beaming avai
frequency compared to the 3RQorizonally off-axis measurement. Furthermore it can lemgbat the
level of the woofer is approximately 1 dB lower than the B0rizontally off-axis measurement. This
is caused by the increased distance from the microphone todbfer. From this distance change, the
expected level decrease is calculated to 0.67 dB.

When the roll off at low frequencies is disregarded, thead&@hce from the lowest level at 5 kHz to the
highest level at 6 kHz is found to be approximately 8 dB.

Figure9.7 on the next page shows the measurement of the optimizedgeaker 30 vertically up-
wards. A cancellation at 1.5 kHz is seen. This is introducgthie change in distance to the woofer,
which causes the sound from the drivers to be out of phaseahitrophone position. Furthermore,
the beaming and level change, as dicussed for the referpeeder above, occurs.

When the roll off at low frequencies is disregarded, thead&hce from the lowest level at 1.5 kHz to
the highest level at 4.5 kHz is found to be approximately 22 dB
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Figure 9.6: Measured reference loudspeaker 30° vertically upwards.
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Figure 9.7: Measured optimized loudspeaker 30° vertically upwards.
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CHAPTER 9. EVALUATION OF REFERENCE AND OPTIMIZED LOUDSPEAKER

30° Vertically Downwards Measurements

Figure 9.9 on the facing page shows the measurement of the referendspeaker 30vertically

downwards.
0.155 N{

Figure 9.8: Measurement angles and distances 30° downwards.

It can be seen from figurB.8, that the change off the woofer measurement angle and destan
opposite of moving 30upwards. The result is less beaming of the woofer, and thed téhthe signal
is increased. This together with interference causes talespend dips from 1 kHz to 5 kHz. From the
distance change, the expected level decrease is calctedetb dB for the woofer.

When the roll off at low frequencies is disregarded, thead&@hce from the lowest level at 2 kHz to the
highest level at 4.7 kHz is found to be approximately 15 dB.

Figure9.100n the facing page shows the measurement of the optimizetspaaker 30vertically
downwards. This response is similar to the responsaip@ards. The only change is that the level of
the woofer is increased and the cancellation at 1.5 kHz sspesnounced.

When the roll off at low frequencies is disregarded, thead&hce from the lowest level at 1.5 kHz to
the highest level at 4.5 kHz is found to be approximately 14 dB

Summary

From the measurements presented in this chapter it is st@wthie optimized loudspeaker has a more
flat magnitude response and there are less pronounced chahga moving off-axis. Furthermore
the drivers have less overlap in frequency.

By informal listening tests the impression of the improveiseis more and deeper bass in the opti-
mized loudspeaker. The loudspeaker sounds bigger tharaitdshas a more consistent sound image,
when compared to the reference speaker.

The changes introduced by the optimization are considerbd an improvement to the loudspeaker,
and the optimization is regarded succesfull.
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Figure 9.9: Measured reference loudspeaker 30°
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Figure 9.10: Measured optimized loudspeaker 30° vertically downwards.
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CHAPTER 10

CONCLUSION

This master thesis investigates loudspeaker modellingptichization in order to improve the perfor-
mance of current loudspeakers. According to the stateidiimgy problem, the question is whether it
is possible to improve a loudspeakers magnitude respomsdigpersion by optimizing the crossover
network. The conclusions, together with a description efitterk done in order to answer the initiating
problem, are presented in the following.

Several theories related to loudspeaker design are igatstl to specify which factors influence the
response of a loudspeaker. This includes how a closed baxgekahe low frequency output, and

how the cabinet edges contribute with sound. Furthermaregrdbeaming, driver interference and

crossover networks are investigated to fulfill the factbeg influence the total response. All theories
are verified by measurements to ensure they are valid, ahththiamplementations are made correctly.
The verifications show that the theories are valid.

The different theories are used to make a model of a compettspeaker. The model takes infinite
baffle measurements of the drivers as inputs, together Wwitlassociated impedance measurements.
This way, the model can be used to calculate a loudspeakepsitude response at different listening
positions. The calculations are based on the chosen cadmdetrossover network. The impedance
measurements are basis for estimating loudspeaker drarameters. The model is as well as the
theories verified by measurements, and the model verifitatimcludes that the model is valid with
only minor errors.

Finally, an optimization program is made to be able to optera loudspeakers response to a flat
magnitude response. The optimization is made with the lpealser model as basis, and optimizes by
adjusting the component values in a 2. order parallel ckasswetwork. The algorithm makes use of
the steepest descent method. The optimization works oniffevent listening positions; one in front
of the tweeter and one 30ff-axis in the horizontal direction. By selecting a weiigigtbetween these
two positions, it is possible to optimize the loudspeakéedently, and according to several different
applications. Both the loudspeaker model and optimizalgarithm are implemented in Matlab.

By simulations and measurements it is concluded, that thiengation works as intended, and it is
possible to improve a loudspeakers magnitude responseispetsion. The optimized crossover net-
work results in a loudspeaker having a more flat magnitugeorese both on-axis and 30orizontally
off-axis, which is an improvement when comparing it to a ¢orcted reference loudspeaker based on
a standard crossover network.

Further Investigations
This section presents possible further investigation#fisrproject.
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CHAPTER 10. CONCLUSION

Extension for vented box systems, since these types ofragstéten provide a lower cut-off
frequency.

Model extension for loudspeakers with more than two drivers

It could be interesting to model how a listening room influenthe response of a loudspeaker
setup, since room contributions can alter the loudspeasponse significantly.

The optimization could be extented with constraints to emshat the crossover frequency is
placed in a specified frequency range. Furthermore the gattian could also be made capable
of optimizing the driver positions in order to minimize edtjéractions.

A user interface could be developed for the model and thevopdition in order to ease the use
of the programs.
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APPENDIX A

M AGNITUDE RESPONSE OFSECOND
ORDER CROSSOVERNETWORK

This appendix describes the magnitude response of a secdadavossover network, which consists
of a lowpass and highpass filter. The polarity of the highi#ss is reversed, which makes the two
filters in phase at the crossover frequency.

Derivation

sS=jw

wh - _
32+s%+wﬁ+sz+s%+wﬁ B
Wi+ 7 B
—P+jwR |

W4 + 6

V(@R ()2

o + o
VOl =20 R P

Qis now set tat/2
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APPENDIX A. MAGNITUDE RESPONSE OF SECOND ORDER CROSSOVER NETWORK

Wh+ 0
Vot +0f+2- 0P - R

e + WP
V(WP +07)?

The derivation shows, that a second order crossover netwithkQ = 1/2 has a flat magnitude re-
sponse. It can also be shown that the response will have a B3ap at the crossover frequency if the
Qs set tol/v2, which is the Butterworth filter.
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APPENDIX B

M EASUREMENT REPORTS

This appendix describes the measurements conducted iprtjéct. They are used and presented in
the verification chapter and the impedance measurementsaais for the parameter estimations.

B.1 General Acoustical Measurement Setup

This appendix presents a general measurement setup, Biaceuwstical measurements are conducted
using the same equipment in the same setup.

Equipment

All acoustical measurements are conducted in the largehaieooom at Aalborg University. It is
chosen to use a maximum length sequence (MLS) system as mmggsystem. The used equipment
is presented in tablB. 1.

Equipment Manufactor | Type | AAU number
Microphone B&K 4133 06548
Microphone preamplifiel B&K 2639 08640
Measuring amplifier B&K 2636 08022
MLS system - - 37493
Power amplifier Pioneer | A-616 08249
Sound level calibrator B&K 4230 08373

Table B.1: Measurement equipment.

To gain a high measurement accuracy, the measurementdianetepgwo parts, one for low frequen-
cies and one for high frequencies. In this way, it is posdiblese a high sample rate to retain a large
bandwidth and use a low sample rate combined with a long MgB8as for creating accurate results
at low frequencies. The setup file for the MLS-system costttie settings shown in tabB2 on the
following page.

Measurement Setup

The measurement setup can be seen in figuten the next page.

A low frequency measurement and a high frequency measutdmeanducted when measuring the
woofer. This is to get the mentioned accuracy at low fregiemnand large bandwidth for high fre-
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APPENDIX B. MEASUREMENT REPORTS

Low Frequency | High Frequency
Acquisition length 65536 65536
Antialiasing filter Butterworth Butterworth
Bandwidth 1 kHz 25 kHz
Sampling frequency 4 kHz 100 kHz
Average cycles 8 8
Amplltude +2.83 VRMS +2.83 VRMS
MLS order 216 216

Table B.2: MLS-system setup for acoustical measurements.

*[ﬂ @ = Measuring Amp.

Speaker Microphone

MLS System

\

Power Amp

Figure B.1: Measurement setup.

guencies. These two measurements are afterwards put ¢ogdgth an intersection at 1 kHz. The
tweeter is only measured with the high sample rate.

To be shure that the measurement system does not influenceetsired responses, a short circuit
measurement of the MLS-system is made and used as referéhteway the influence of the an-
tialiasing filter etc. cancels out. The measuring systenalibi@ated with the sound level calibrator.

B.2 General Impedance Measurement Setup

This appendix presents a general measurement setup, Bimggexdance measurements are conducted
using the same equipment in the same setup.

Equipment

All impedance measurements are conducted in the large aitedom at Aalborg University. It is
chosen to use a maximum length sequence (MLS) system as mnmgasystem. The MLS-system is
the only equipment used for measuring driver electricalddgnce. The setup file for the MLS-system
contains the settings shown in talde8 on the facing page.
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B.2. GENERAL IMPEDANCE MEASUREMENT SETUP

Acquisition length 65536
Antialiasing filter Butterworth
Bandwidth 25 kHz
Sampling frequency 100 kHz
Average cycles 8
Amplitude +0.4922 \kmis
MLS order 216

Table B.3: MLS-system setup for electrical impedance measurements.

Measurement Setup

The measurement setup can be seen in fig.2e

MLS System 75Q out

Figure B.2: Setup for impedance measurement.

To be shure that the measurement system does not influenosetsired responses, a short circuit

measurement of the MLS-system is made and used as referéheway the influence of the an-
tialiasing filter etc. cancels out.
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APPENDIX B. MEASUREMENT REPORTS

B.3 Infinite Baffle Measurements

Aim

This appendix describes the infinite baffle measurementdumied with the woofer and tweeter. This
is both acoustical impulse response and electrical impatlareasurements.

Equipment

The used equipment and software setup for these measugen@nbe seen in appendd? on the
preceding page.

Measurement Setup

The measurement setup can be seen in figu8e

\
Measuring Amp.

‘ Microphone
O

MLS System

\

Power Amp

Figure B.3: Measurement setup for infinite baffle measurements.

Measurement Description

An infinite baffle is set up in the anechoic room in order to deteasurements. The measurements
are carried out in 1 m distance fot,B0°, 60° and 80. The last three angles show the beam patterns
of the drivers. The drivers are flush mounted in the baffle.

Results

The measurement results are illustrated in the followingrég.
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B.3. INFINITE BAFFLE MEASUREMENTS
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Figure B.4: Infinite baffle measurements of woofer at 1 m distance for 0°, 30°, 60° and 80°.
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Figure B.5: Infinite baffle measurements of tweeter at 1 m distance for 0°, 30°, 60° and 80°.
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APPENDIX B. MEASUREMENT REPORTS
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Figure B.6: Infinite baffle impedance measurement of woofer.
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Figure B.7: Infinite baffle impedance measurement of tweeter.
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B.4. CLOSED BOX MEASUREMENTS

B.4 Closed Box Measurements
Aim

This appendix describes the closed box measurements dedduith the woofer. The front baffle is
the infinite baffle. It is both acoustical impulse responsgelactrical impedance measurements.

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in fig.8e

\
Measuring Amp.

‘ Microphone
O

1m

ﬁd Speaker ‘
MLS System

\

Power Amp

Figure B.8: Measurement setup for closed box measurements.

Measurement Description

The measurements are carried out in 1 m distance’f@®, 60° and 80. The last three angles show
the beam patterns of the drivers. The closed box is mountédeonackside of the infinite baffle. The
box is loosely stuffed with damping material.

Results

The measurement results are illustrated in the followingrég.
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MEASUREMENT REPORTS
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Figure B.9: Closed box measurement of the woofer with infinite front baffle.
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Figure B.10: Closed box impedance of the woofer with infinite front baffle.
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B.5. CROSSOVER ACOUSTICAL MEASUREMENTS

B.5 Crossover Acoustical Measurements
Aim

This appendix describes the crossover measurements deddwvith the woofer and tweeter placed in
the infinite baffle. Acoustical impulse responses are mealsur

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in figuté.

\
Measuring Amp.

‘ Microphone
O

MLS System

\

i | Power Amp

Figure B.11: Measurement setup for acoustical crossover measurements.

Measurement Description

The measurements are carried out in 1 m distance ¥oB®, 60° and 80. The last three angles
show the beam patterns of the drivers. The crossover filesigded in sectiob.4.1on paget0 are
connected after the power amplifier.

Results

The measurement results are illustrated in the followingrég.
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Figure B.13: Infinite baffle measurement of the tweeter with highpass filter.
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B.6. INTERFERENCE MEASUREMENTS

B.6 Interference Measurements
Aim

This appendix describes the interference pattern measumtenconducted with two woofers. It is
measurements of acoustical impulse responses.

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in figutd.

Microphone !
Measuring Amp.
Im
0.3m
-
o
Speakers
J
4 MLS System
\
Power Amp

Figure B.14: Measurement setup for interference measurements.

Measurement Description

The measurements are carried out in 1 m distance for t8 B0 with a resolution of 10. The
reference point is in front of one of the woofers. The drivars flush mounted in the baffle with a
distance of 0.3 m.

Results

Some of the measurement results are illustrated in theWoilpfigures.
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Figure B.15: Interference measurements of two woofers at 1 m distance for 0°, 30° and 60°.
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Figure B.16: Interference measurements of two woofers at 1 m distance for 0°, -30° and -60°.
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B.7. EDGE DIFFRACTION MEASUREMENTS

B.7 Edge Diffraction Measurements
Aim

This appendix describes the edge diffraction measurementiucted with the woofer and the tweeter.
It is measurements of acoustical impulse responses.

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in figut&.

Im
*[[ @ = Measuring Amp.
Microphone
Speaker
\
MLS System
\
Power Amp

Figure B.17: Measurement setup for diffraction measurements.

Measurement Description

The measurements are carried out in 1 m distancé,&®, 60° and 80 with respect to the driver.
The drivers are mounted in the box which is positioned on ddpeaker stand.

Results

The measurement results are illustrated in the followingrég.
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Figure B.18: Edge diffraction measurements of the woofer at 1 m distance for 0°, 30°, 60° and 80°.
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Figure B.19: Edge diffraction measurements of the tweeter at 1 m distance for 0°, 30°, 60° and 80°.
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B.8. DAMPING MATERIAL MEASUREMENTS

B.8 Damping Material Measurements
Aim

This appendix describes the measurements of damping mdatéhience, conducted with the woofer.
It is measurements of acoustical impulse responses antiedompedance.

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in figL2é.

\
Measuring Amp.

‘ Microphone
O

1m

ﬁd Speaker ‘
MLS System

\

Power Amp

Figure B.20: Measurement setup for measurements of damping material influence.

Measurement Description

The measurements are carried out in 1 m distancg,aftte woofer is mounted in the infinite baffle,
and the box is mounted behind the woofer. Measurements aducted with an empty box and with
a box loosely stuffed with Acoustilux.

Results

The measurement results are illustrated in the followingrég.
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MEASUREMENT REPORTS
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Figure B.21: Measurements of the impedance of the woofer without damping material.
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B.8. DAMPING MATERIAL MEASUREMENTS
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Figure B.23: Measurements of the woofer at 1 m distance with and without damping material.
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B.9 Measurements of the Reference Speaker

Aim

This appendix describes the measurements of the referppe&ey. It is measurements of acoustical
impulse responses.

Equipment

The used equipment and software setup for these measueicemtbe seen in append2 on
pagell3

Measurement Setup

The measurement setup can be seen in figL.24.
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Figure B.24: Measurement setup for the reference speaker.

Measurement Description

The measurements are carried out in 1 m distancé,&®, 30° upwards and 30downwards. The
woofer and the tweeter is mounted in the box. The filter forrdference speaker is used, and mea-
surements are conducted with the woofer, the tweeter ariddsvers connected. The box is loosely
stuffed with Acoustilux.

Results

The measurement results are illustrated in the followingrég.
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Figure B.25: Measurements of the reference speaker on-axis.
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Figure B.26: Measurements of the reference speaker 30° off-axis.
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Figure B.27: Measurements of the reference speaker 30° upwards.
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Figure B.28: Measurements of the reference speaker 30° downwards.
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B.10. MEASUREMENTS OF THE OPTIMIZED SPEAKER

B.10 Measurements of the Optimized Speaker
Aim

This appendix describes the measurements of the optimpesaker. It is measurements of acoustical
impulse responses.

Equipment

The used equipment and software setup for these measueicantbe seen in appends2 on
pagell3

Measurement Setup

The measurement setup can be seen in figL2é.
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Figure B.29: Measurement setup for the optimized speaker.

Measurement Description

The measurements are carried out in 1 m distancé,&8®, 30° upwards and 30downwards. The
woofer and the tweeter is mounted in the box. The filter foradpemized speaker is used, and mea-
surements are conducted with the woofer, the tweeter ariddsiviers connected. The box is loosely

stuffed with Acoustilux.

Results

The measurement results are illustrated in the followingrég.
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Figure B.30: Measurements of the optimized speaker on-axis.
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Figure B.31: Measurements of the optimized speaker 30° off-axis.
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Figure B.32: Measurements of the optimized speaker 30° upwards.
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Figure B.33: Measurements of the optimized speaker 30° downwards.
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