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Abstract

The modern day loudspeaker’'s performance is limitg@d number of factors. An important
limiting factor is voice coil heating. Most loudsgpgeers are extremely inefficient. That is, of
the input electrical power only a small fraction thiat power is actually converted into
acoustical power. The vast majority of this lostvweo is converted into heat in the voice coill.
The heat generated can lead to a significant lbgeidormance and may eventually lead to
the destruction of a loudspeaker. It is importantimderstand the causes and effects of voice
coil temperature gain to allow for loudspeakerst thee designed in anticipation of this
problem. This paper will explore the principleshimel loudspeaker behavior and the
simulation of and experimentation on a loudspeaketer varying voice coil temperatures.
This will help to understand exactly how the vowal's temperature affects the overall

loudspeaker performance.
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1. Introduction

Loudspeaker performance optimization has been ubgst of numerous research projects
for the better part of a century. These projecteeacused on everything from the materials
used for the voice coil and diaphragm to the volwhenclosed air in the speaker. One area
that has been explored, although maybe not toest gf an extent as the other areas, is the

effect of voice coil temperature on loudspeakefgrarance.

Ideally, a loudspeaker would operate in a lineanmea. A linear increase of input power
would directly correspond to a linear increase ofpat power. Unfortunately, this is not
possible under all realistic (or unrealistic) opieig conditions. Nonlinearities can arise due
to everything from an overdriven signal to impedandsmatches and of course due to voice

coil heating.

The question is exactly how much does voice cadlting play into the occurrence of this
non-linear behavior? Is it a negligible factor @ndt seriously degrade the output’s audio

quality? Also, could this voice coil heating capsemanent damage to the loudspeaker?

These questions, among others, will be addressetiisnpaper using the knowledge of
previous work done in this area as well as origegberimental work through the use of
logarithmic sinusoidal sweeps and Maximum Lengtiqugaces (MLS). The experimental
work will measure the response of a loudspeakgaabdus on-axis and off-axis positions as

its voice coil heats up.

As well as referencing previous work and origingberimental work, a simple loudspeaker
performance simulator will be developed to giveasib idea of how different performance
parameters can vary depending on voice coil tenyperaThis could help to explain the

change in measured performance during experimentati

Chapter 2 will outline the project goals and speatfons. This will include the research,
simulation and experimentation goals. Chapter B gie a brief summary of existing work
and knowledge concerning voice coil temperatureat$fand prevention methods. Chapter 4
will cover loudspeaker principles. This will incleca brief history of the loudspeaker, the



structural details of a general cone driver, theeteical/mechanical/acoustical relationship of
the loudspeaker parameters, the common methoderédrmance evaluation, the known

effects of voice coil heating and the methods toimize voice coil heating.

Chapter 5 will present a simple loudspeaker simanatising original MATLAB software.
This will cover the simulation methods includingetkey parameters and equations and will

also describe the methods of software implememtatio

Chapter 6 will discuss the loudspeaker experimamtatt will go over the experimental
setup, the measurement techniques and the origiA3ILAB software written to carry out
these experiments. Chapter 7 will present the éexgeetal results including a detailed

analysis.

The paper will be concluded in Chapter 8 directlijofved by a reference section. A quick
software user’'s guide will be presented in Appendix All MATLAB code and key
measurement data/plots are contained on the Chstiatluded with this paper.



2. Project goals and specifications

The main aim of this project it to gain a thorougiderstanding of the effects of voice coil
temperature on loudspeaker performance. The gainedledge of temperature effects will
aide my future exploration of the field of loudskeadesign and audio engineering. Work

will be divided into three separate areas:

1) Research of loudspeaker principles
2) Simulation of loudspeaker performance with varyilegign parameters

3) Measurement of loudspeaker behavior under varyangevcoil temperature levels

2.1 Research goals

Loudspeaker design has become a very complexvigldnumerous known parameters that
can have great effect on loudspeaker performaniceteThas been a great deal of research
performed in this area and it is very importanstedy at least the most commonly accepted
loudspeaker design principles. Without this knowkedt would be impossible to accurately

analyze the experimental results. The primary rese@pics will be:

1) Loudspeaker structural details

2) Electrical/Mechanical/Acoustical relationship ofstgn parameters
3) Performance evaluation techniques

4) Known effects of voice coil temperature

5) Solutions to limit voice coil temperature increase

2.2 Simulation goals

The simulation will not be the focus of this prdjetts purpose will be to give a simple
illustration of how a chosen design or operatiguelameter can affect various aspects of a
loudspeaker's performance. The simulation shoulowala user to enter a loudspeaker’s
Thiele-Small parameters to get a performance ptiedicOnce experimental results are
collected and processed, the simulation can sex\zetaol to illustrate exactly how the voice

coil temperature affected the loudspeaker’s perémue.



2.3 Experimentation goals

This project will focus on experimentation. Thenpairy goal of all experiments will be to
determine the loudspeaker’s frequency and impudspanse at a given listening position
with a known voice coil temperature. The two meament techniques will be logarithmic
sinusoidal sweeps and Maximum Length Sequences \MB&h methods are commonly
used for acoustical measurements and should, ibqpeed correctly, give results that are in
agreement. This should help ensure the reliabilftthe experimental results and will help

develop the conclusions to this research project.



3. Existing work/knowledge

The effects of voice coil heating have been thei$oaf a number of research projects. These
projects have included exploring techniques forcgotoil temperature estimation [5] [6].
These projects were aimed at determining the voaié temperature without any direct
measurements other than knowledge of the inpuikigmaracteristics and the thermal time
constants of the drivers used. This system was tseapply negative impedance to the
system to counteract the voice coil impedance aszewith temperature. Similar studies
have been carried out focusing on amplifier de$idt} [13]. These projects have taken the
knowledge of the thermal properties of the voicié @od have designed amplifier circuitry to

that works to reduce the effects of voice coil heat

The majority of voice coil heating research hasusmd on developing techniques to
counteract the increased voice coil resistance.eFguwojects have focused on specifically
studying the effects on the frequency responsehef driver at various measurement
orientations. It is known that the acoustical otitghould decrease as the voice coil
temperature rises [2], but is this decrease lireear the entire frequency range and is it
constant from on-axis to off-axis positions? Thiegecs will be explored in this project.
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4. Loudspeaker principles

Loudspeaker devices can also be referred to asdwaers or drivers. In this paper, the
radiating device will be referred to as the drivEmne overall enclosure (including the driver)
will be referred to as the loudspeaker. This redeqroject focuses on the dynamic cone
driver mounted in a sealed enclosure. The drivaléseenclosure loudspeaker system is the
simplest of all loudspeaker systems (and alsoyfaioilmmon). Adding ports and/or horns to
the system adds to its complexity and requires nmaose considerations in regard to design
and simulation. The simplicity of the sealed enateswill allow this research to target
temperature effects without worrying about adduiorparameter contributions to the

performance of the loudspeaker.

4.1 Brief history

The dynamic cone driver has seen only minor impmas to its design since it was first
conceptualized by Siemens in 1874 and broughtiistmodern form by Rice and Kellogg in
1925 [1]. Since then the basic principles have meethunchanged. Improvements include
the usage of better materials in the driver andosnce construction. More attention is now
paid to the interaction between all the compongmasameters in a loudspeaker thanks to the
work of Thiele, Small and Benson [11]. This worleated what is now known as the Thiele-
Small parameters. This set of parameters allows mM@anufacturers to advertise the
specifications of their drivers to best help engisecreate loudspeakers with maximized
performance characteristics. These parametersbeiltliscussed in more detail in Chapter
4.4.

Image 4.1: 1920's loudspeakers [18] Image 4.2: Modern day PA
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4.2 Structural details

There are five separate elements in the movingesystf a driver: the cone, the outer
suspension (surround), the inner suspension (9pitlee voice coil and the dust dome
(Figure 4.3 [1]. These five elements must work well togetloerelse various forms of

distortion can arise.

Cone
suspension

Cone
Dust cap

Housing

Coil Center pole

Figure 4.3: Loudspeaker elements (not to scale) [6]

The cone is the part of the driver that radiatesstbund. It is important to make the cone out
of a material that is rigid enough to hold togethader heavy drive situations but also be
able to provide high damping to avoid the reflectad waves along with cone’s surface [1].
It is important to understand that the cone dog¢smave forward and backward in complete
unison; the cone actually moves in a quick ripgleing from the inner portion of the cone
which is nearest to the voice coil outwards to sheround. Since the outer part of the cone
doesn’'t move at exactly the same moment as the ipag, an outward moving wave is
created. When this wave reaches the surround ibegpartially reflected back towards the

inner part of the cone due to a lack of dampinthencone and surround [1].

This can be easily related to the problem of vatagflection in electronics. Ideally, two
components will be connected that have equal ioptglt impedances. This allows for
100% of the voltage sent from one source to beivedeby the other. With an impedance
mismatch, there will be a certain percentage ofthitage reflected back to the source which
will interfere with the forward traveling voltagpossibly causing the system to behave other
than expected. This is the same with the waveshéncone. These reflected waves can

interact with the forward going waves and cause dhger to break up (distort). An

12



additional effect can be a variable radiating stefaarea on the cone [2]. This causes

emphasis to be placed on the material used torcmhshe cone.

The two parts of the suspension system, the sudr¢outer) and spider (inner), add stability
to the driver. The surround attaches the outer glathe cone to the driver's metal frame.
Along with providing stability for the cone, thersound also contributes to the damping of
the waves traveling along the cone. The stiffndsthe surround adds to the mechanical
resistance of the driver, but is necessary to basertain amount of stiffness to keep the cone

centered [1].

The spider is usually folded like an accordion attdches the voice coil former (cylindrical
object which the voice coil wraps around) to theaah&ame of the driver. The spider serves
as a stabilizer for the voice coil, making sureeitnains centered in the magnetic air gap
inside the driver. While the spider is very stiff the direction perpendicular to the coil’s
movement, it is fairly flexible in the direction radlel to the coil motion [1]. If the spider isn’t
stiff enough in the perpendicular direction, theéceocoil could begin to rub against the pole
pieces causing the driver to distort and possikelstrby itself. A double spider configuration
is commonly used in low frequency drivers to ineeeastability [1]. The spider also
contributes to the driver’s resonant frequency wbgerating at high drive levels and in some
deigns must be constructed of a porous materialltw for the venting of enclosed air

around the voice coil [1].

The voice coil is a cylindrical coil of tightly waow copper or aluminum wire that is located
in the magnetic air gap in a driver. The electrmalrent moving through a wire will induce a
magnetic force field surrounding the wire. Since Woice coil is sitting in the magnetic field
of the driver's magnet, when a current is appliedhe coil the added magnetic force field
will naturally try to move towards magnetic statyili(positive to negative, negative to
positive) which in turn causes the driver to moxé [The voice coil is where the vast
majority of the heat is generated due to inefficies during the conversion from electrical to

mechanical energy [2].

There are a number of design parameters that taer éncrease or decrease the amount of
heat generated in the voice coil. One parametéreivoice coil's diameter (of its cylindrical

former). When this diameter is increased (with i€ resistance and conductor length
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remaining the same), the cross-sectional areaecfdhductor is increased. This decreases the
resistance per unit length (current can flow masilg through the wire). The decrease in
resistance per unit area will result in less haaldbp, allowing the voice coil to operate

cooler [8].

Also, the height of the cylindrical structure oéthoice coil affects the heat generated in the
same way. This is especially useful if the drivesidn calls for the voice coil to overhang the
magnetic air gap [8]. This means that the coil wéltaller than the magnetic air gap so that
there is always an equal length of conductor ingap. The added height to the voice coil
(with the conductor length and DC resistance remgithe same) requires a decrease in the
wire gauge resulting in a greater cross-sectiored.arhis has the same effect as increasing
the coil diameter in generating less heat perlangth [8].

Lastly, the dust dome attaches the top of the vo@kformer to the center of the cone. Its
primary function is to keep debris from entering thagnetic air gap but also serves to stiffen

the moving system [1].

4.3 Electrical/Mechanical/Acoustical relationship

There are 10 key parameters for a loudspeaker. &®umechanical, four are electrical and
two are acoustical [2]. The four mechanical paramseare as follows:

1) M, the effective moving mass (in kilograms). Inclsdiee mass of the cone, voice
coil, voice coil former, along with small contriliolns from other areas.

2) K, the stiffness constant of the suspension (in Neg/Mmeter) which is dependant
on the two suspension components of the driverstineound and the spider.

3) S, the effective radiating area of the cone (in meetequared). This can be
calculated directly from the radius of the cone #mel surround (in meters). The
inclusion of the surround in the calculation is dgge the cone has a larger surface
area than a circle of the same radius and is @&sause, under normal operating
conditions, the surround moves along with the cd2¢ A common
approximation used is to take the driver size fiches) as the effective radiator
radius (in centimeters). This is usually accuratwithin five percent of the actual
radius [2].

4) Rn, the mechanical resistance due to the surround #ed spider (in

kilograms/second).

14



The four key electrical parameters are:

1) Re, the DC resistance of the voice coil (in ohms).

2) L, the self inductance of the voice coil (in Henrys)

3) B, the magnetic induction in the air gap where tbieer coil is located (in Tesla).

4) |, the length of conductor in the magnetic air gapnieters). Depending on the
driver’s design, the entire voice coil may or mat be inside the magnetic gap.
Sometimes the coil will be deep enough to overhi@wegmagnetic gap, keeping
the length of conductor in the gap constant. Otiraes the coil will have a
variable length of conductor in the gap due torttteement of the coil in and out

of the gap [2].

The two acoustical parameters make up the ovadihtion impedance. They are split into
real and imaginary components since each has ereliff effect on the performance of the
driver [2].

1) R, the radiation resistance (in ohms). This is feegy dependent and also
depends on the radiating surface afa This tends to be directly proportional to
frequency.

2) X;, the imaginary component of the radiation impe&aftis also depends on the
radiating surface area and can increase the camersa when operating at low

frequencies [2].

4.4 Evaluating performance

A loudspeaker needs to be evaluated in a numbareafs to give the best idea of its overall
performance. The two most common methods of evaluare the frequency response and
the impedance vs. frequency relationshipiggre 4.4). Other important performance

parameters include efficiency, sensitivity and cliraty.

s
-
E 4 2288

Figure 4.4: Sample frequency response & impedancéart [14]
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Frequency response is easily determined by drivangpudspeaker with a logarithmic
sinusoidal sweep (usually from 20 Hz to 20 kHz)hwan input power of one Watt at a
measurement distance of one meter [2]. The amplitefdthe response is measured on a
logarithmic scale in decibels (dB). An ideal loudaker would exhibit a perfectly flat
response over the entire measured frequency raegeal( measured amplitude at all
frequencies). Due to the design parameters ofrikrerdand its enclosure, though, there exist
many limiting factors in performance that becomgaapnt at different frequencies. These
factors are best described using Thiele-Small perars. These parameters, all introduced in

Chapter 4.3, include:

a = radiator radius

S = radiator area

M = moving mass

K = suspension stiffness

Rm = suspension resistance

Re = voice coil resistance

Le = voice coil inductance

B = magnetic inductance in the air gap

I = length of conductor in the air gap [2]

These parameters usually are published by drivenufaaturers for use in designing
loudspeaker enclosures and proper amplificationcaogsover systems. There are a number
of equations to relate these parameters to ondn@ndill equations are taken from Chapter
12 of [2].

First, a useful equation in enclosure design wiidfthe ideal enclosed volume with the
driver's Thiele-Small parameters. This ideal volumi theoretically give the driver the

maximum linear frequency response.
V, = vP,S%/|K(V2/Q 1) = 1] (4.1)

Where,

Vo = ideal air volume in the enclosure¥m
7 = 1.4, adiabatic constant for air
Fo = 1.013 x10 Pa, static air pressure

Qra = quality factor for free air resonance

16



To calculate the ideal enclosed volume, the qudéstor for free air resonance must be

found. This is the quality factor of the driver whi¢is not mounted inside the enclosure.

Qra = VEM'/|R,, + (B*?)/R,] (4.2)

M =M + p,8Sa/3r (4.3)
Where,

M= overall mass of the moving system (Kg)

Po = 1.2 density of air (Kg/f)

Now that the ideal enclosed volume has been cdémjlathe rest of the theoretical
performance characteristics can be calculateds Ipdssible to use a non-ideal enclosed

volume by simply replacing the result of (4.1) wikfe true enclosure volume.

An important characteristic of loudspeaker perfaroeis the resonant frequency. This is
where the piston (cone) velocity is perfectly impl with the driving voltage. This is the

point where the driver is moving the fastest [2].

fo=(1/2m)/K'[M' (4.4)

K'=K+ K, (4.5)

Ky =yP,S*[V, (4.6)
Where,

fo = resonant frequency (Hz)

K’
K

overall stiffness (N/m)

added enclosure stiffness (N/m)

Next, the frequency dependant acoustical pressagnitude can be calculated by taking the
magnitude of both parts of the pressure equatidmauitiplying the two.
p 2 (Vi Blp,S)/ (2rr M'R,)|[(—w? fw?) /(1 + jw/(Qsw,) — w? fw?)|ed ¥ —F7) 4.7)

Pragpars = Via Blp,S/(2nr M'R,) (4.8)

Pragpar = | w* fws)/ 1%.!"'[:1 —w?/w?) + w?/(Qfw?) (4.9)

P.'urr_l_,l — ."-‘llr.'-q!'_,'_,,.,.q Ll |”.l|||’|'_|’j|.__|_.|: (410)
Where,

p = on-axis acoustical pressure (Pa)

17



Ve = driving voltage (V)

w = test frequency (rad/s)

Wo = resonant frequency (rad/s)
Q: = total quality factor

k = wave number

r = measurement distance (m)

To find the pressure magnitude, the total quaéstdr must be found.

Qi = w,M'/ (R, + (B**)/R,) (4.11)
Generally, a linear pressure scale is hard to aealpr loudspeaker performance. A
logarithmic scale is commonly used with the pressxpressed as the sound pressure level
(SPL). These values are measured in decibels {[di&ye is a simple process to calculate the
SPL.

L, = 20l0g(pmay/201077) (4.12)
Where,

Ly = sound pressure level (dB)

In addition to SPL the axial intensity is useful forther acoustical calculations.
I =p*/(pac) (4.13)
Where,
I

'

axial intensity (dB)

344, speed of sound in air at room temperaturs)(

Axial intensity means that it is the radiated at¢i@as intensity within the ideal coverage area
of a loudspeaker [2]. For example, an omni-dire@loloudspeaker would be on-axis
anywhere around the loudspeaker, whereas a carldiodspeaker would have an on-axis
coverage area of less than 180 degrees. With taéiatensity value known, other important

loudspeaker performance parameters can be caldulate

P, = I(2nr?) (4.14)

R. — PI .-"I.-rlf (415)
Where,

Pr = average power radiated (W)

P required input electrical power (W)

18



To find the required input power from the power &figy, the loudspeaker efficiency
coefficient needs to be found. The efficiency coefht is extremely important in
determining the amount of heat that will be createthin the voice coil. The efficiency
coefficient is the ratio of input electrical pow&r output acoustical power [1]. If the
coefficient is 0.03 (3% efficient), for examplegthonly 3% of the input power will become

acoustical output and the remaining 97% of the tigmuver will be converted into heat in the

voice coil.
n = Re/[(|Zwl*/(B)*)Re + R + R, | (4.16)
Zm = B + (paS*w?)/ (27¢) + jlw(M + p,85a/3m — K'/w| (4.17)
R, = p,S*w?/(2me) (4.18)
Where,
n = efficiency coefficient
R, = radiation resistance (Kg/s)
Im = mechanical impedance (Kg/s)

The mechanical impedance is generally a complexbeuraxcept for the case when the test
frequency equals the resonant frequency [2]. Fsrdase it is a purely real number and will
have a minimum amplitude at this point making tledspeaker most efficient when

operating at the resonant frequency. Additionalhe electrical impedance, which is also

dependant on the mechanical resistance, is atixsmum at this point.

_U?Iilj
Ze=R.+ jwl,. 4
Zm (4.19)
Where,
A = electrical impedance |

The impedance spike as seenFigure 4.4 will result in a decrease in current within the
voice coil, so there will be no increase (and dagsa slight decrease) in output at the
resonant frequency. This is important to note, beean loudspeaker design it is important to
maintain a flat frequency response over the desipsdlational frequency range.

Sometimes it is useful to create a simplified agaie circuit model of the system when only

a small number of parameters are kndiifigure 4.5. This can be used to determine the

electrical impedance of the loudspeaker.
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Figure 4.5: Analogous circuit model for simplified electrical mpedance calculation [6]

Where,
Vi

input voltage on voice coil

R(T) = DC voice coil resistance

0 = temperature resistance coefficient
Le = voice coil inductance

K = suspension compliance

M = moving mass

Rm = suspension resistance

After performing simple circuit analysis, the simfigd electrical impedance equation is

found.

1Z.| = VVRAT2 + (Le + M)? + 1//R2, + K? (4.20)

Ll

Where,

1Ze| = magnitude of the total electrical impedance

Graphical representations of these relationshigs bv@ given in Chapter 5 (Loudspeaker

Simulation).
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4.5 Effects of increased voice coil temperature

An increase in voice coil temperature can have rabar of adverse effects on the overall
performance of a loudspeaker. The voice colil teatpee directly affects the coil’s resistance

which in turn, affects the performance [8].

Ry = B[l + a(Ty — T1)] (4.21)
Where,

Ry = voice coil resistance at temperature J (

R, = voice coil resistance at room temperaturg (

0 = 4.33 x 1Gtemperature resistance coefficient for copper

It = voice coil temperature (°C)

Ti = voice coil temperature at room temperature (8T)

It can be seen in (4.21) that as the voice coilp@nature increases, the voice coil resistance
increases. Assuming that there is a constant wlguplied to the loudspeaker, then as the

voice coil resistance increases the current driteough the voice coil decreases (Ohm’s

Law).

i=V/R (4.22)
Where,

i = current in voice coil (A)

V = driving voltage (V)

i = voice coll resistance |

The current will directly affect the mechanicalderexerted on the moving mechanism of the
loudspeaker (voice coil and cone) through the basiociples of magnetism where the
electrical signal is converted to a mechanicalaliff].

fa = Bli (4.23)
Where,

fa = driving piston (cone) force (N)
The force on the moving mechanism will decreasé tie current. Clearly, as the voice coll

temperature rises, the voice coil resistance v&# and the current moving through the voice

coil will decrease, thus decreasing the overaluatioal output of the loudspeaker.
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The increase in voice coil resistance will affeatianber of other performance parameters
along with the radiated output pressure/power hokg:

Vi - the ideal enclosure volume

K - the enclosure stiffness

(2t - the total quality factor

Z. - the electrical impedance

1 - the efficiency coefficient

F. - the input power required

The voice coil temperature affects the majorityjaafdspeaker performance parameters. As
temperature increases the loudspeaker will ougag power less efficiently and will require
greater input power to maintain the necessary éuguel. Fortunately, loudspeakers are

designed with heat dissipation in mind.

4.6 Solutions to limit voice coil temperature incre ase

It is known that the voice coil will rise in tempuare very quickly over a short period of time
but then will only have a gradual increase in terapuge as it continues to operakggure
4.6) [5].

Temperstne /

.

“«—>e— 3  Time

min]
N t {min}

Figure 4.6: Voice coil temperature increase overie [5]
The voice coil can only dissipate heat to a certxitent on its own. The extent to which the
coil can do this is characterized by its thermaistance coefficient as seen in (4.21). This
usually is not enough to keep the coil at a redslentemperature. There needs to be
additionally paths for heat to travel out and avitlom the voice coil. The four basic heat

transfer mechanisms are as follows [9]:
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1. Conduction: Depends on the physical heat path and the prepedf the
loudspeaker materials. Mostly takes place betwden dir enclosed in the
magnetic gap and also the pole pieces.

2. Radiation: Depends on the surface emission rate and thecsuaf@a of the voice
coil.

3. Forced convection:Air is vented through the voice coil as the diggm moves,
cooling the coil.

4. Thermal storage: The heat is stored in surrounding materials sgcth@ magnet
structure, the back plate, and the frame. Thisoisnecessarily considered heat
transfer since it is the storage of heat, but seitjuire these materials to release the
heat at some point [9].

Without these heat transfer mechanisms, the vaiddenperature could potentially increase
uncontrollably until the driver fails. This has beseen personally on a number of occasions
when a loudspeaker has been heavily driven forxéended period of time. Most often, the
voice coil will warp due to the great heat and wiless itself against the magnet structure,
thus freezing the moving mechanism in place. THg solution to this problem is to replace

the voice coil structure.

Under more extreme conditions, the voice coil lezat actually cause other components of
the driver to combust (generally the cone whichssally made of a paper produdinéges
4.1&4.2.

i

Images 4.1 & 4.2: Driver after voice coil temperatte induced combustion

Generally, the pole pieces provide the best patheat transfer from the voice coil. This is

due to their close proximity to the coil inside timagnetic air gap. A common practice is to
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blacken these pole pieces to maximize the heatishatuted through them from the voice
coil [8].

The distance between the voice coil and the p@eqs in the magnetic gap ideally should be
kept to a minimum to allow for maximum heat tramsfat of the coil [8]. This must be done
carefully, though, keeping voice coil thermal exgan in mind. With too small a gap
between the two components, the coil could expamdbeegin to rub against the pole pieces

resulting in the above mentioned damages.

The diameter of the voice coil must also be comsidien driver design since the larger the
diameter, the cooler the voice coil can stay stheegenerated heat is less concentrated into a
single small area [8]. Additionally, the larger thie gap (both wide and deep) the greater the
heat transfer capacity. The downside to this opfillaugh, is an increase in production costs
[8]. Therefore, there must be reasonable compraristween the driver performance, the

heat transfer capabilities and the production costs

Since the difference between the electrical inpoMdvgr and the acoustical output power
equals the heat power in the voice coll, the hestsfer performance can be theoretically
determined with the knowledge of key charactesst€ the driver components. First, the
heat power can be determined by a simple equatidarg as the voice coil's DC resistance
and the input current are known [9].

P =R, (4.24)
Where,

P

i

i

heat power in the voice coll

input current to the voice coill

DC voice colil resistance (temperature dependant

€

The DC voice coil resistance will increase by apprately 0.0393% per degree Celsius (for
a copper coil) [9]. To determine the transfer a$ theat power out of the voice coil, a simple

electrical analogous circuit can be drawig(re 4.7).
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Figure 4.7: Electrical analogous circuit for heat tansfer [9]

Where,
Q) = heat power passing through the coil
R, = thermal resistance of voice coil varnish
Ry = thermal resistance of heat flow in the air gap
R, = thermal resistance from voice coil to back plate
Ruys = total thermal resistance of magnetic and het sfructure

To determine the total thermal resistance of the&eesystem, simple circuit analysis can be

performed.
kiR,
R=R,+—"° + Rys
R;+ R, (4.25)
Where,
R = total thermal resistance in the system

This now can be used to determine the amount thee \awil temperature will drop due to
heat transfer and also the amount of heat eneegytifi be stored in each element due to the

heat transfer out of the voice colil [9].

ATl'=0Hh (4.26)
. = MCAT (4.27)
Where,
AT = temperature drop across the element (°C)
E = heat energy stored in the heat sink structure
M = mass of the heat sink structure
' = specific heat of the heat sink structure

These relationships are key to the design of attdle driver. Without careful consideration
to the heat transfer capabilities of the driveg tloice coil can have serious performance

issues over time including permanent damage.
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5. Loudspeaker Simulation

The purpose of the loudspeaker simulation softuwate be able to theoretically predict how
the loudspeaker will behave due to varying paramseihis helps to explain observations in
the experimental data and possibly to explain aayg dehavior at high voice coil

temperatures.

5.1 Loudspeaker parameters

The Thiele-Small parameters were available forRare Sovereign 8-125 driver which was
used for all experiments. The parameters all plakew role in the performance of the

loudspeaker as discussed in Chapter 4.4. The T8ieldl parameters are as follows [14]:

i = 0.825m (radiator radius)

S = 0.0214rh  (radiator area)

M = 0.0177 kg (moving mass)

K = 3846 N/m (suspension stiffness)

i, = 6.8 (DC voice coil resistance)
Le = 0.62 mH (DC voice coil inductance)
B = 10T (magnetic inductance)

[ = 8.6 m (length of conductor)

fo = 73.9 Hz (resonant frequency)

Q: = 0.70 (total quality factor)

These parameters would be used for the input tdotidspeaker simulation software and to

also judge the accuracy of the simulation.

5.2 Key equations

Key equations used for the simulation softwareaaréollows. For a complete description of

these equations please refer to Chapters 4.4 &nd 4.

Vo = vP.S*/[K(VZ/Qra)* — 1]

f,_} fa = m-'::hr?m ! |, B-gllr-ﬂ‘:l:l.' Rr |

..|II.|.' — ' IIEFJ v _I!r1|:-'l:."_.||-!r|l
Il"""”.'.l’."--'- H 1 -n'.'-' .III.;I|I||".r,.|.r';|_,-'Il |: 2 wr .1I .|II ! .Ir}}r ]
Prnaspors = (w0 02) /[ (1 = w?/u2) + w?/(Q3u)
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Pmag = Pmagparss + Pmagparss
Qi = w.M'/ (R + (B*%)/R,)

L, = 20log(ppay/201077)

I =p*/(poc)

P, = I(27r?)

P.=P/n

n = R./[(|Zm|?/(B1)*)R. + R + R,]

Zm = R + [;,I,JSEEt"z:I,.-“{Eﬂt‘} + jlw{M + p,8Sa/3m — K'/w]
Ze = R. + jwl + B**/Z,,

Ry = Ry[l + a(Ty — T3)]

Where,
Vo = ideal enclosed air volume (m”"3)
Qra = free air quality factor
fa = resonant frequency
Prag = pressure magnitude (Pa)
Q= total quality factor
Ly = axial sound pressure level (dB)
I = axial intensity (dB)
Pr = average power radiated (W)
F = required input power (W)
n = efficiency ratio
Im = mechanical impedance (Kg/s)
e = electrical impedance |
Ry = DC voice coll resistance due to temperaturke (

5.3 Overview of MATLAB software

The MATLAB simulation software was created to alldhe user with a good deal of
flexibility in adjusting parameters to determinéoadspeaker’s theoretical performance. The
input parameters can be any real number. One eétharameters can be set to sweep over a
specified range of values. This is especially hedlgd determine performance over the
audible frequency band of approximately 20 — 20,8@0It could also be useful to sweep the

voice coil temperature to examine the effects ofgerature on performance.
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The user is also allowed to select the method afosore volume calculation. The first

option is to use the calculated ideal enclosedvaiume. This will give the loudspeaker

optimally flat response over the frequency rangéerhatively, the user can enter the

dimensions of the enclosure or directly enter thiewe of the enclosure.

Once all the parameters have been defined thecaseselect the number of measurement

points to be taken during the one parameter swadptlee scale for the plotting (linear or

logarithmic). Once the calculations are finishdgt tiser has a number of plotting options to

view the relationships between the swept paranmatdrthe performance characteristics of

the loudspeakeiHgure 5.1).

Loudspeaker Design Calculator

For use with designs involving a fully enclosed directly radiating loudspeaker

| Design  Test Parameters |
- —
Fixed I a
Fixed = |
Fixed = K
Fixed = R
Fixed = Re0
Fixed = Le
Fixed - B
Fixed 7 |
Range = f
Fixed =] ¥m
Fixed I r
Fixed = T

rad
moving mass

suspension stiffness

suspension resistance

voice coil resistance (room temperature)
woice coil inductance

magnetic induction in gap

length of conductor in gap

test frequency

input voltage (rms)

distance from sound source
temperatura of the voice coil

20
10

| 20000

Il
deg ©

200

Enlasure Valume Options

=1

IEnter the enclosure volume

Welume Sy =" [ooarss

ENTER DIMENSIONS |

5

Plot #1 O Plot #2 FLaT Flot #3 i Plot #4 FLaT
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0.03 40 10 B000
30 100
0.0z 4000
20 90
0.01 2000
10 80
| A S |
10 10° g0’ LT 10° g0’ 10°

Figure 5.1: Loudspeaker simulation tool (w/ Sovergin 8-125 Thiele-Small parameters)

5.4 Simulation results

A number of simulations were performed using theelBaSmall parameters of the Sovereign

8-125 driver that was used for the loudspeakemigsErequency was swept using a range

from 20 — 20,000 Hz. The three values that werétgroversus frequency were efficiency

coefficient, electrical impedance and axial SPL.
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These values were examined with a range of voideteroperatures from 20 °C to 100 °C.
At these temperatures, the efficiency and eledtimcpedance are at their peak around 90 Hz
(Figures 5.2 & 5.3. This indicates that the loudspeaker’s resonaguiency is close to 90
Hz. This is close to the manufacturer’s specifmatdf a resonant frequency at 73.9 Hz. The

difference is due to the effects of the enclostfg.[

T T T T T LI T T T T T T EEL T

y : e A E : : ] 20 degrees Celsius
40 degrees Celsius
B0 degrees Celsius
i : iow i ; i ; ; ; ; ; — 80 degrees Celsius
(A1) N 0 P S I 100 degrees Celsius

0.015 L R — o s

Efficiency Coefficient

R s s vl s g s - e o ——

| PR I j F A S S |
I 1’ 10
Frequency (Hz)

Figure 5.2: Efficiency coefficient vs. frequency daulation
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Figure 5.3: Electrical impedance vs. frequency caldation
Upon examining the axial SPL behavior as the voaiktemperature increasesSigure 5.4)
a noticeable non-linearity appears just above 100A#100 °C the frequency is 2 dB greater
in SPL than the rest of the frequency range. ¥ ihia valid simulation, then this heightened
response around 100 Hz at high voice coil tempegatshould appear in the experimental

results in Chapter 6.
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Figure 5.4: Axial SPL vs. frequency calculation
At room temperature, the efficiency peaks just a&, but now at this higher voice coil
temperature the efficiency is 2.25%, meaning heékeing generated at a greater rate than at
room temperature. This decrease in efficiency tesal the overall decrease in axial SPL
(Figure 5.4 of about 3 dB.

Voice coil temperature plays a key factor in theera¥l loudspeaker performance. As the
temperature rises, the loudspeaker becomes lasgeffin converting the input electrical
power into acoustical power. This results in a dase in the output SPL and a slightly

worsened frequency response and more heat geneviitéa the driver.

5.5 Limiting factors of the simulation

This simulation was created using only basic loed&er equations. It does not take into
account a number of aspects of the loudspeakegrdesiluding the enclosure geometry, any
insulation inside the enclosure, ports installedha loudspeaker or the factory specified
frequency response of the driver. A more advangedepof simulation software would be
required to get extremely accurate results. Fos thioject, though, only approximate
behavior plots are needed to help explain the éxjeertal results.
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6. Loudspeaker Experimentation

The loudspeaker measurements are the focus oprbjisct. Over the course of the research
period, a measurement technique was developed efited using existing loudspeaker
measurement techniques and then combined into onetidnal piece of software. The
purpose of the experiments were to directly exptbeeeffects of voice coil temperature on

loudspeaker performance.

6.1 Measurement techniques

In experimentation it is important to be able ttidate measurements. In this situation, it was
necessary to utilize two completely different meament techniques that would hopefully
give agreeing results. Agreeing results would alfow confident analysis of data without

doubt of validity.

6.1.1 Maximum length sequences

A common technique often used in acoustical measemés is the use of Maximum Length
Sequences (MLS). This technique is useful for sitma where the signal to noise ratio is
low to the point where a direct impulse responseotaibe measured. The MLS is a pseudo-
random binary signal that consists of repeatabiadi that at first glace may seem
completely random [3]. The signal is generated gisirfeedback shift register whose values

are determined using known recursion relations.

To better illustrate, take the example of the gatien of an MLS signal of the™order [3].

First, the recursion relation must be stated:

(6.1)

This recursion relation can now be applied to thi& segister to generate the MLS.

D

Lo — |— >

Figure 6.1: Block diagram for a 4" order MLS shift register [3]
The term in the diagram relates to thén (6.1). The term relates to. To find next
term () and are put through an exclusive or (XOR) operatolis Theans that the
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output will only equal one when either or equals one. If both or neither equal one, then
the output will be zero. The output vector will penerated from the elements shifted out of
the register on the right hand side. The initiatdidon used for this project will be ones for
all elements. Any initial conditions can be usdwhugh, with the exception of all zeros
because in that case the XOR output would alwayslezgero, giving an output vector of all

zeros [3].

The length of the output vector is directly detered by the order of the sequence.
(6.2)
Where,
= the length of the sequence
= the order of the MLS
In this case, the length of the sequence will beThis means that the shift register will cycle
through fifteen different states before returniogts initial state of all ones. It then repeats
itself. To make the signal best suited for a loedser system, the signal needs to be
converted to a -1 to 1 scale to allow for full Ispdaker movement [3]. In the signal’s current
state, the loudspeaker would only move from itsiléayium position outward. With this new
scale the loudspeaker can move within its entingea
(6.3)
Where,
= adjusted MLS element (-1 to 1 scale)
= raw MLS element (O to 1 scale)
Now that the MLS vector has been created it canseet through the system for
measurement. It is important to note that the ML&tnibe played twice in order to avoid an
unwanted impulse spike at the beginning of thediglue to the system being excited from
rest [3]. After recording the MLS played twice, tirst pass of the sequence can be discarded

and the second pass can be used as the measurement.

It is a simple process to extract the impulse raspoof the system. The goal will be to
extract the system impulse responsdrom the MLS signal,, and the measured signal,|t
is known that the measured signal is a result oivotution of the input with the system
response [3].

(6.4)
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Next, correlation is performed on the entire equatvith respect to the MLS signal.

(6.5)
The correlation of the MLS with itself (auto-com&bn) equals one, meaning that the MLS is
exactly the same as itself. Now all that is lefaisimple equation to find the system impulse
response, [7].

(6.6)
This means that once the measurement has been tdkérat needs to be done is to find the
correlation between the input and output signatss $hould give the impulse response of the

system.

Using only one variation of MLS signal is not alvasufficient. This is due to the presence
of harmonic distortion in measurements. A simpletsan to this problem is to generate five
different MLS signals from five different recursioelations [15]. Once the five MLS signals
are measured they can be averaged to remove amnteavdistortion. This is accomplished
by averaging the measurements, discarding the memiand minimum values for each time
step. This takes the measured signal spikes othieohveraging calculation, thus removing
the distortion Figure 6.2 & 6.3 [15].

0.25

hbest
hl
0.2 h, H
h3
h4
0.15+- hg H
g 01r e
£
[}
e}
2
g o0.05F .
<
0 b Il i i = . —
I
|
-0.05 - i
0.1 \ ! ! ! ! ! \ ! !
0 0.02 0.04 0.06 0.08 0.1 0.12 0.14 0.16 0.18 0.2

Time (seconds)

Figure 6.2: 5 MLS signals w/averaged “best” respores(July 27, 2008 meas. data)
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Figure 6.3: Magnification of Figure 6.2 to highlight MLS averaging
Once the impulse responses are measured and ayeoaganove distortion they can be used

to find the frequency response of the system. Thidone with a Fast Fourier Transform

function (FFT).

6.1.2 Sinus-Logarithmic sweep

The sinus logarithmic sweep is an extremely effici@chnique to determine the frequency
response of a system. This technique involves iogeat logarithmic sweep in frequency

starting and ending at given frequencies over gegbd of time. There are techniques for
taking this sweep measurement and extracting tbeisyimpulse response [10], but for this
project the frequency response is only of intesesthe further calculation is not necessary.
The sweep can be generated with a single equabiaf [L0] and once measured, can be

immediately used for analysis without any furthalcalations.

(6.7)

Where,
logarithmic sweep signal
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starting frequency (Hz)

ending frequency (Hz)

duration of the sweep (seconds)

6.2 Software overview

The software created to take both the MLS and swaeasurements was written in
MATLAB. All software is completely original usingey equations from [3], [7], [10] and
[15]. The software was written to allow for easy u8 user would need to connect the output
from the mixer (with the measurement microphoneneated) to the microphone jack on any
MATLAB-equipped PC and then connect the sound dugfuhe PC to the amplifier (or
mixer first) driving the loudspeaker. The only adihial configuration needed would be to set
the input and output levels of the PC’s sound ¢aravoid any clipping.

6.2.1 Maximum length sequences

Since the measurements for this project were aliexh out in an anechoic chamber, the
duration of the MLS signals used did not have tosery long. This is because there is no
room response due to the signal so all that isgoeirasured is the direct response of the
loudspeaker. With this in mind, an MLS signal ofl@r 13 was chosen. This MLS signal has
samples. A sample rate of 44100 Hz would corredptona signal with a
duration of 0.186 seconds. Since five MLS sighaésemused, each being played twice, the

duration of the full test signal was 1.86 seconds.

Since this experiment called for five different™i@&der MLS signals, it was necessary to find

five different recursion relations for the genesatof the signals [15].

(6.8)
(6.9)
(6.10)

(6.11)
(6.12)
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Figure 6.4: Initial MLS measurement tool GUI (measwement of PC sound card)

The initial version of the MLS measurement tool ga user a number of optiorSiqure
6.4). The program first generates the five MLS sign@itseese can be played back by clicking
the buttons below the MLS plots and can be writtenwav files. The user can define both
the sampling rate and the identification numbeibéoused with the current measurement
which will be used when writing the data to .wdedi

Next, the MLS measurements can be made by clickimeg record button or previous
measurements can be loaded for further analysiglibiking the load button. Once the
measurements are present, “CALCULATE RESPONSE” banclicked to extract the

impulse response of the system to calculate tlpiénecy response.

Once this has been done, the results can be wiittavav files and also expanded magnitude

and phase spectra can be plottedyre 6.5. This program also allows for the playback of
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pink and white noise. This is used to drive thedkpeaker between measurements, causing

the voice coil temperature to rise.

Figure 6.5: Magnitude and phase spectra of PC sounthrd MLS measurement
Since all measurements were set up identicallyMh8 measurement tool was simplified to
automatically play the MLS signals, take the measunts and analyze the data when the

start button was clicked={gure 6.6). Again, this GUI allowed for expanded spectratipig
and .wav file writing using the user-defined id&oétion number.

Figure 6.6: Simplified MLS measurement tool (measwment of PC sound card)
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Both MLS measurement tools utilize the wavrecordcfion in MATLAB to record the
measurements and the corr function to extractrtieiise response from the measurement. A
disadvantage to the simplified MLS measurement i®dhat it does not offer the option to
playback pink or white noise. This issue is addrddsr the final software package (Chapter
6.2.3).

6.2.2 Sinus-Logarithmic sweep

The logarithmic sweep software is fairly simpleitgplement in MATLAB using only one

equation (6.7)Jo generate the sound vector. In the initial impatation of the software, the
sweep is recorded and then three relevant plotcr@ated. First is the plot of the direct
sweep signal in the time domain. Next the sameasignplotted, but on the decibel scale.
Finally, the signal is analyzed through Fast Fauliemnsform, resulting in the frequency

response plotHigure 6.7).

Figure 6.7: Initial logarithmic sweep tool (measurenent of PC sound card)
This program also allows for the plotting of the gnaude and phase spectra using
MATLAB's freqz operation Figure 6.8). This tool helps to validate the third plot irgEre

6.5 and gives a clear representation of the frequegsponse.
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Figure 6.8: Magnitude and phase spectra for PC souhcard sweep measurement

6.2.3 Final measurement software package

The final MATLAB software package created to pemidhe loudspeaker measurements is a
combination of the MLS and logarithmic sweep sofevalhe two types of measurements
were combined to be performed one after the oi&en the two measurements are finished,
the user is prompted to rotate the loudspeakdreéméext measurement angle (0°, 30°, 60° or
90°). The measurements are repeated for thesagmssiintil they have all been covered.
Once the final measurement has been taken, thevageftwill plot the MLS and sweep
measurements in the open window. This allows feruer to verify that they were recorded

and processed properly.
Once all measurements have been taken, white caisebe played for a user-determined

length of time in minutes. Once the noise is fiediplaying a new set of measurements can

be taken. This can be repeated as many times assay [Figure 6.9).
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Figure 6.9: Final loudspeaker measurement tool (diaying one set of measurements)
Next, software to perform the data analysis waateck Figure 6.10. This software allows
for direct comparison of two measurements at a.tifitie user first loads the data set from
the loudspeaker measurement tool. Once the datadmasloaded, the software will generate
a plot of measured temperature, measured voiceresistance and calculated voice coill

temperature as a function of time.

Figure 6.10: Final measurement analysis tool (dispying analysis from anechoic
chamber measurements of the loudspeaker on August 2008)
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Now the user can choose which measurement numbegyot and compare. The software
allows for the plots to be expanded into a sepanaelow for detailed examination. This
software is extremely useful for a number of reason

1) MLS and sweep measurement agreement verification

2) direct comparison of MLS and sweep measurements dliferent data sets

3) ability to determine voice coil temperature effectsthe frequency response

at varying measurement positions and voice coipenatures

6.3 Experimental setup

Experimentation was performed in an anechoic chartbeliminate the possibility of room
effects on the measurements. This would ensureotiigitthe loudspeaker’'s response to the

input signal was measured. It also made the expatsreasily repeatable.

6.3.1 Hardware utilized

All signals were generated and transmitted throagRC’s sound card that was directly
connected to a Tascam M-08 mixing consdhea@e 6.1). The signal was routed to only the
left channel of the console’s output. This was fatb a Sherwood AX-3030R power
amplifier with an 8 ohm outputrage 6.2 which was connected directly to the loudspeaker

in the anechoic chamber. The loudspeaker used Wagaroy 607.

Image 6.1: Computer & mixer setup nhage 6.2: Power amp setup
The 607 had a single 8” driver for low and mid freqcies and a tweeter for the highs. To
simplify the experiments, the tweeter was discotewedrom the system and the passive

crossover circuitry was bypassed to allow for aaticonnection to the 8” driver.
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The original 8” driver was rated at 8 ohms with nokwn Thiele-Small parameters. This

driver’s voice coil ended up warping after onlyeavfexperimental runs. It was replaced by a
Fane Sovereign 8-125 8” driver (8 ohms). This drceme with Thiele-Small parameters and
also had a design that made for easier temperegaings mages 6.3 & 6.4. All results

presented in this paper were obtained by measthiaglriver only.

Image 6.3: Sovereign 8-125 rear Image 6.4: Soegn 8-125 in the enclosure

A Neumann KM-184 condenser microphone with knowegérency responséigure 6.11)

was used for all measurements. This was placed mait atand exactly one meter from the
driver's dust dome and on the same horizontal pktnthe exact center of the driver. The
output from the microphone ran back into the Tasecamxer and was routed to the right

output channel. This was directly connected to daxard’s input.

Figure 6.11: Neumann KM-184 frequency response frora0 Hz to 20 kHz and polar

pattern at 1 kHz (courtesy of www.neumann.com)

6.3.2 Positioning and settings

The main output of the mixer was run at 0 dB arelaimp was set to 100% power to avoid

any internal attenuation effects in the amplifigcaitry. The test signal level was controlled
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through the computer software and the recordedakigom the microphone was controlled

by the head amp on the channel strip of the mixer.

All settings were kept identical for all measuretseriThe only setup variable was the
orientation of the loudspeaker. Four positions wesed: 0° (directly on axis), 30°, 60° and
90° (directly to the side of the loudspeaker). Tinerophone was kept stationary at all times
while the loudspeaker was rotated to the requirgdealmage 6.5.

Image 6.5: Microphone & loudspeaker setup
The frequency response of the sound card aleigeie 6.12 and the sound card through the

Tascam mixerKigure 6.13 were measured using an MLS and a logarithmic pwee
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Figure 6.12 (left): Measured sound card frequencyesponse
Figure 6.13 (right): Measured sound card + Tascam ier frequency response
(green = MLS, blue = sweep)
The above figures show that the sound card addadugl amplitude roll off as the frequency
drops below 100 Hz. There is a roughly 15 dB dmgonf 100 Hz down to 10 Hz. This drop
off must be taken into consideration when analyzimg loudspeaker measurements, but as
long as the same mixer and sound card combinat®mused in all measurements, this drop

off should not negatively impact the results.

6.3.3 Drawbacks and limitations

There were a number of drawbacks and limitatiomsndiuthe experimental process. With the
available equipment, it was impossible to direatheasure the voice coil temperature.
Instead, a thermocouple was placed very closedovtiice coil on the magnetic structure.
This gave a reading that gave a good idea of tla¢ thensfer that was taking place in the
driver. To find the actual voice coil temperatutke DC voice coil resistance had to be

monitored and then used to calculate the temperatur

Another time consuming situation involved what @wbelieved to be a problem with the
sound card of the initial computer used to takertteasurements. The MLS measurements
never seemed to line up correctly. They seemedat@ ladditional data from each MLS
signal recording. This caused the correlation datmn to result in little to no correlation,
giving no clear impulse response. This problem resslved by using a different computer.
A considerable amount of time was spent examiniregsoftware before it was determined
that it was a hardware problem. Once this issue rgaslved, measurements had to be

completely redone.
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7. Experimental results and analysis

The analysis tool created for this projeEigure 6.10 allows for a number of different
methods of data analysis through plotting. Fifs¢ measured temperature, calculated voice

coil temperature and DC voice colil resistance \&tsne plot was create&igure 6.14).

Figure 6.14: Temperature and DC resistance versugte plot (August 1, 2008
measurement data)
This plot illustrates the relationship between Haek plate temperature and the voice coll
temperature. The voice coil temperature is caledlatirectly from the DC resistance value,
so it is expected that the two lines follow eacheotexactly. It can bee seen that both
temperatures exhibit an approximately logarithnse over time. The discrete steps seen in
the voice coil temperature and resistance linesbeaattributed to the lack of measurement

precision of the multimeter used in the measurement

Evidence of heat transfer is clear as the bacle pi&ahperature quickly rises above the voice
coil temperature after passing ten minutes of djera After two hours of continuous

operation there is a 15 °C temperature differeratevéen the two. This shows that this driver
was designed with adequate heat transfer mechani@msheat has been drawn out of the

voice coil and into the surrounding structure. &ncbe expected that over time the
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temperature difference would continue to rise uhid structure reaches equilibrium (heat in
= heat out) [2].

At 220 minutes into the testing, the white noiggal was turned off with new measurements
now taken every minute. Again, the efficient heaainsfer in the driver is visible as the
temperature drops almost 40 °C over only twentyutas. As the temperature gets lower the
rate of temperature decrease lessens indicatingvtiike the driver can quickly dissipate heat
when experiencing high temperature levels, at lowenperature levels the voice coil is

slower to cool.

In the loudspeaker measurements, the voice catlestat 18 °C (room temperature). The
back plate temperature measurement reached a maxan@l °C, corresponding to a voice
coil temperature of 76 °C (Equation 4.21). The mgjoof the data analysis will involve
comparing the measurements at the two temperatirenges. Additional analysis will
attempt to discover a pattern of change for theueacy response as the temperature

changes.

There are data errors present at a few measurgroams. This is due to the computer’s lag
time in taking quick measurements from the sound.cehis would occasionally result in an

MLS measurement being inaccurate. No errors ocduwih any sweep measurements,
therefore even when lacking a valid MLS measureragat given temperature, there always
exists a valid sweep measurement. These two measote were used together to help

validate the results, but also can help when orteedmeasurement types fails.
Due to the possibility of measurement error, it waportant to first compare the MLS and

sweep measurements for each polar position forkde data (temperature extremes) to
ensure both are validFigures 6.15, 6.16, 6.17, 6.1.8
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Figure 6.15: @ MLS and sweep compare @ 18 °C (left) and 91 °C ¢fnt)
(MLS = green, sweep = blue)

Figure 6.16: 30 MLS and sweep compare @ 18 °C (left) and 91 °C ¢fnt)
(MLS = green, sweep = blue)

Figure 6.17: 60 MLS and sweep compare @ 18 °C (left) and 91 °C (fnt)
(MLS = green, sweep = blue)
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Figure 6.18: 90 MLS and sweep compare @ 18 °C (left) and 91 °C (fnt)
(MLS = green, sweep = blue)
The above figures confirm that the MLS and sweemsueements line up closely for all
polar positions. This will allow for the use of hoteasurements in data analysis for these
temperature levels. The 0° polar position measuntsnecan be compared to the

manufacturer’s advertised frequency response plgtife 6.19.

Figure 6.19: Frequency response plots for the Sovagn 8-125 driver (left) [14] and the

measured driver frequency response (in enclosure} aom temperature (right)

The measured frequency response plot (on-axisah riemperature) lines up very nicely
with the manufacturer’'s frequency response chaiffei@nces are due to the driver being

mounted in the enclosure [16].

7.1 Maximum length sequences

The MLS measurements provide very precise frequassponse data. In this case, the
amplitude for each measurement is relative to enlgin each measurement. In other words,

one can't use the MLS amplitudes to directly coreparmeasurement taken at O degrees
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(perfectly on-axis) and at 90 degrees off-axissTikidue to normalization that occurs within
the software.

The first comparison made was from 0 degrees (piyfen-axis) measurements using data
points corresponding to a back plate temperatue8SfC and 91 °CHigure 6.20.

Figure 6.20: On-axisMLS comparison (18 °C = blue, 91 °C = green)

This comparison shows three separate frequencyesaeghibiting a decrease in amplitude
with a rise in voice coil temperature. First is tbever frequency range of 0 — 50 Hz. The
simulations performed in Chapter 5 did not show exgected drop at low frequencies since
Figure 5.2 shows little or no loss of efficiency for the frepcies below the resonant
frequency. The drop seen kgure 6.20is most likely due to the lack of precision of the
MLS at very low frequencies. Analysis of the sweepasurements should show that this
drop is not present.

An exception to this low frequency behavior is eeatl around 110 Hz. This behavior was
shown in the loudspeaker simulation in ChapteFigure 5.4). An explanation for this may
be that the boosted range is very close to theslmemker's resonant frequency of 90 Hz. 110

Hz is close to the starting point of a maximallgtftesponse in the simulation. As the voice
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coil temperature increases, the increased DC voideresistance may cause the resonant
frequency to show itself in the loudspeaker’s resgothrough a decrease in the total quality

factor.

The second frequency range showing a decreaseqlitane is a high frequency range from
10 — 20 kHz. This is largely due to a decreasdnantotal stiffness of the system. While the
suspension stiffness is unchanged with temperatueegnclosed air stiffness changes due the
rise in internal air temperature. This results ichange in total stiffness, giving the decrease
in high frequency amplitude since it is harder floe moving mechanism of the driver to

spring back to equilibrium position when operatatdiigh frequencies.

The third frequency range that is affected by tlogces coil temperature is a mid range
frequency band centered just under 1 kHz. Thisedsa is amplitude is more difficult to
explain. Upon inspection of the equations presemtédchapter 4, this dip in amplitude could

be due to the inner dimensions of the loudspeak&psure.

As in a rectangular room, there should exist normatles in this loudspeaker enclosure of
dimensions 50 x 33 x 23 cm. These modes can belatdd using a simple equation that

takes the dimensions and the speed of sound intaiaccount Table 6.1) [16].

(6.13)

Where,

= normal mode frequency (Hz)

= speed of sound in air (343.371 m/s @ 20 °C,36)m/s @ 50 °C)

= height of the enclosure (50 cm)

= width of the enclosure (33 cm)

= depth of the enclosure (23 cm)

= mode labels (0, 1, 2, 3, ...)

The enclosed air temperature was not directly nredsiso an estimate had to be made by
observing a clear frequency shift around 3.8 kHzotigh (6.13) a mode was found to be
located at 3.748 kHz at 20 °C which would rise 835 kHz at 50 °C. This shift lines up
nicely with the noticeable frequency shift in thengrated spectrograriigure 6.20. With
this observation, the estimated maximum internateanperature is 50 °C. Judging from the
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spectrogram, the air temperature does not seeméddimearly, but since only the minimum

and maximum temperatures are concerned, the simnfbe calculated as linear.

Figure 6.20: Spectrogram used for air temperature gtimate (red line = modal shift)

Mode Type | Frequency @ 20 °C | Frequency @ 50 °Q

1 0 0 Axial 343 Hz 361 Hz

0 1 0 Axial 520 Hz 546 Hz

1 1 0 Tangential 623 Hz 655 Hz
2 0 0 Axial 687 Hz 721 Hz

0 0 1 Axial 747 Hz 784 Hz

1 0 1 Tangential 822 Hz 863 Hz
2 1 0 Tangential 862 Hz 905 Hz
0 1 1 Tangential 910 Hz 955 Hz
1 1 1 Oblique 973 Hz 1.021 kHz
2 0 1 Tangential 1.014 kHz 1.065 kHz
0 2 0 Axial 1.041 kHz 1.093 kHz
2 1 1 Oblique 1.140 kHz 1.197 kHz
0 2 1 Tangential 1.281 kHz 1.344 kHz
1 2 1 Oblique 1.326 kHz 1.392 kHz
2 2 1 Oblique 1.453 kHz 1.526 kHz
0 0 2 Axial 1.493 kHz 1.568 kHz

Table 6.1: First 16 normal modes of the loudspeakernclosure
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There appears to be a concentration of modes arthen800 Hz to 1.2 kHz area which is
exactly where the mid-range drop in response odgtigsire 6.21). Note that the modes will
shift upwards as the temperature of the enclosemh@eases [16]. A shift from 20 °C to 50
°C will result in the frequencies shifting up bp2% [Figure 6.22, 6.23 & 6.24; Table 6)1

This mid-range dip is described in [17] as a restithese internal resonant modes. Since the
driver is located in the x-y plane and its motisrparallel to the z axis, the most important
modes will be those that also have motion paratiehe z axis. With this in mind, the most
important modes should be first, those only althegz-axis: (0, 0, 1) and (0, 0, 2). (0, 0, 2) is
out of the range we are focusing on, but (0, Gs1pcated at 747 Hz at room temperature.
Figure 6.22shows this mode to be located in the first halfhef mid-range dip. With the air
temperature increased to 50 °C, this mode ris@84oHz which is again in the first half of

the mid-range dipKigure 6.23.

A second type of mode that can play a large rolthi;m mid-range dip is the type that has
motion both in the direction of the driver movememtd also along the x axis (up/down
direction). This would correspond to the (1, O,nigde which is located at 822 Hz at room
temperature and at 863 Hz at 50 °C. This modedatéal at the point where the mid-range
dip is at its maximum at both temperaturBgqres 6.22 & 6.23. The strong effect of this

mode is due to the driver being in the lower halth@ enclosure. Along this diagonal, there
will be a full wavelength within the enclosure [18his means that the driver will encounter
only half the wave at a time so it will either besping or pulling the driver at any one time

(but never doing both).

All other modes are not expected to have as saarifian effect on the dip because they can
be pulling and pushing the driver at the same tifes doesn’t allow for a strong coupling
between the driver motion and the wave motion.dnegal, the modes of (0, 0, z) and (1, O,
z) would have the strongest effect, but where z thd frequency is out of the mid range dip

area that is described in [17], allowing us to ®om modes with z = 1.

An important note is that the enclosure is not gty rectangular. The important modes
discussed above occur between parallel walls ofehelosure, but other walls are not

parallel. Also, the inside of the enclosure has uppsrting structure which further
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complicates determining the modes. For this projdwe simple rectangular dimensions
calculation was used (6.13) and it must be strefisatdthis will not give the exact internal
modes of this enclosure. It does give close apprations, though, which are seen as the
calculated modes line up nicely with the experirabdaita Figures 6.21, 6.22 & 6.23

Figure 6.21: Examination of resonant modes in thersaxis frequency response @ 20 °C

Figure 6.22: Examination of resonant modes in thersaxis frequency response @ 50 °C
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Through close examination of the MLS measuremehesmid-range dip is visible at room
temperature, but is far less in amplitude than wéteheightened temperatures. It is possible
that as the temperature rises, the internal predsetween the driver and the air inside the

enclosure becomes greater, resulting in the ndtieedrop in responséigure 6.23.

Figure 6.23: Comparison of resonant modes in the eaxis frequency response
(blue = 20 °C, green = 60 °C)

With the decrease in amplitude due to voice carigerature giving interesting results, it is
important to examine if these effects are presamd (o what extent) at off-axis measurement
positions. The first position analyzed was 30 degreff-axis Figure 6.24. Nothing else
was changed in the measurement procedure.
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Figure 6.24: 30°off-axis MLS comparison (18 °C = blue, 91 °C = gen)
The same decreases in amplitude over the threadney ranges are still present at thirty
degrees off-axis, but are less in magnitude. Agailow frequency drop can be seen and this
will be explored further in the sweep analysis. Tigh frequency response still decreases

with temperature, but is less in extent that whih don-axis measurements.

The mid-range amplitude dip is again present. Wihiéeon-axis measurement showed a drop
of around 6 dB at this point, at 30 degrees oftdlke drop appears to only be around 3 dB.
The smaller drop at this position can be due wghsltime delay between the arrival of the
sounds on the nearer portion of the cone and thedsoon the distant portion of the cone.
This can cause a phase problem, resulting in aadecan amplitude at the measurement

point.

Continuing on with the analysis, the MLS measureiiest 60 degrees off-axis were

comparedRigure 6.25.
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Figure 6.25: 60°0off-axis MLS comparison (18 °C = blue, 91 °C = gen)
This measurement set does not clearly exhibit g dnoamplitude for the low and high
frequency ranges. This can be attributed to the timlay issue of the signal arriving at the
microphone at slightly different times causing agdissue. The boost around 110 Hz is still

clearly visible, as expected from the simulatian€hapter 5.

Again, there is a clear dip in amplitude aroundHz kalthough this time around 2 dB in
magnitude. This lessened magnitude can again bbusdid to the phase issue, but it is a
great enough drop to still be noticed.

Lastly, the 90 degree off-axis measurements wengpaoed to one anothefigure 6.29. It

would be expected that this comparison would folliwe pattern already seen where the
amplitude dips are less noticeable the more of-thé measurement position.
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Figure 6.26: 90°0off-axis MLS comparison (18 °C = blue, 91 °C = gen)
This measurement comparison follows the establigfatern of the previous comparisons.
While the high frequency dip has disappeared, tiierange dip and the boost around 110
Hz are still noticeable. One interesting observai® that this dip has now shifted slightly
down in frequency. Now it is centered around 800 Hzs may be due to phase issues for

the higher frequencies in this range.

7.2 Sinus-logarithmic sweep

With the MLS measurements analyzed, the sweep mezasuts now can be used for two
important tasks. First, they need to be able tdywemhat was found with the MLS data. If the

same dips are observable as in the MLS data, the @ be considered valid and the
analysis can move forward. Secondly, the sweep glatades a comparison possibility that
the MLS data cannot. Since the sweep measuremews ondergo normalization, the data
from different measurement positions can be diyectimpared to determine the change in

amplitude due to the measurement position.
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First, the data will be compared to the MLS d&tigres 6.27, 6.28, 6.29, 6.30f the plots
are consistent with one another, the measuremealysssm can move forward with full

confidence of data validity.

Figure 6.27: MLS (left) and sweep (right) data comarison on-axis
(18 °C = blue, 91 °C = green)

Figure 6.28: MLS (left) and sweep (right) data comarison @ 30° off-axis
(18 °C = blue, 91 °C = green)

Figure 6.29: MLS (left) and sweep (right) data comarison @ 60° off-axis
(18 °C = blue, 91 °C = green)
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Figure 6.30: MLS (left) and sweep (right) data comarison @ 90° off-axis
(18 °C = blue, 91 °C = green)
All measurements contain nearly identical frequeresponse dips. The only difference, as
expected, is that the loss in low frequency respomish temperature is not present in the
sweep measurements. Since both the simulation tsesul Chapter 5 and the sweep
measurements show no drop in low frequency respuiiite temperature, the MLS data

showing the drop can be attributed to a lack otiesxxy of the MLS at low frequencies.

The sweep measurements can now be used to commarfeguency responses at the
different measurement positionSigures 6.31, 6.32 & 6.38 The comparisons will all be

done with respect to the on-axis measurement.

Figure 6.31: Comparison of 30° off-axis sweep measment to on-axis sweep
measurement @ 18 °C (left) & 91 °C (right) (on-as = blue, off-axis = green)
In examining the on-axis and thirty degree off-axisasurement, it can be seen that the low
frequency response is practically unchanged. As ftekquency gets higher, there is a
considerable decrease in amplitude. This is likklg to the above mentioned phase issues.

Comparing the room temperature measurements to lieghtened temperature
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measurements, it is observable that both positxperience a similar change in frequency
response, most notably around 1 kHz. Another \@sfahd expected) change in response due
to temperature is the boost around 110 Hz. Thigrésent at both measurement positions,
helping to verify the simulation results. It apmedhat both measurement positions have
experienced an amplitude decrease around 1 kHzpmfogimately equal magnitude. The
existence of this relationship will be examinedthe remaining two measurement position

comparisons.

Figure 6.32: Comparison of 60° off-axis sweep measment to on-axis sweep

measurement @ 18 °C (left) & 91 °C (right) (on-as = blue, off-axis = green)
Upon inspecting this comparison, the low frequeresponses seem to still agree with one
another at both measurement positions and voi¢eernoperature values. There appears to be
even more of a high frequency loss due to the gredistance off axis. Also, the point at
which the high frequency response begins to drégsoaround 1.05 kHz where at thirty
degrees off-axis it begins around 1.3 kHz. Moreangntly, is can be seen that the drop in
amplitude around 1 kHz is now considerably less thuat the on-axis measurement. This is

consistent with the MLS analysis.

Figure 6.33: Comparison of 90° off-axis sweep measment to on-axis sweep

measurement @ 18 °C (left) & 91 °C (right) (on-as = blue, off-axis = green)
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The already noticeable trends in the change irugaqy responses continue with the analysis
of the ninety degree off axis measurements. Now,high frequency drop off begins well
below 1 kHz, around 400 Hz. The low frequency resgostill remains nearly unaltered due
to the position change. This is because low fregesnhave much longer wavelengths than
the driver itself. This makes the time differendesignal arrival at the microphone almost

trivial as phase differences will not be enoughkdase a noticeable drop in amplitude [1].

The analysis of the sweep measurement gives twortant results. First, it verifies the MLS
data except for the low frequency drop. Secondlg, sweep comparison was performed
between measurement positions, which was not dessith the MLS data, and shows that
there is a correlation between the off-axis measarg position and the point of high
frequency roll off. At thirty degrees off-axis thell-off begins around 1.3 kHz while at
ninety degrees off-axis the roll-off begins arod@® Hz. This means that the farther off-axis
a listener is located, the more the high frequemitlybe reduced. This will result in a more
muffled sound off-axis that is less than desirabla high quality system that aims to cover a
wide listening area. This loss in high frequencgpense is only heightened with increased
voice coil temperature, but there doesn’t appeanéomore of a loss with temperature the

farther off-axis the measurement position.

7.3 Further measurement analysis

The analysis software includes a function to gdeethree dimensional plots of the
frequency response versus time for one measurepasition at a time. A drawback of this
method is that it is processor intensive. This rsetiiat, realistically, only the small sized
MLS data collections could be utilized for this pegs. The twenty second sweep data would

be far too large to plot without running out of n@awin MATLAB.

As stated earlier, there exist a few MLS data strdhese occur at the on-axis position at 60
°C and 70 °C. To avoid an inaccurate plot, data taken from measurements on a different
day, but under identical conditions. The tempertand DC voice coil inductance are

identical for the bad data and the replacement, ddiawing the plot to be as accurate as

possible, without error.

The resulting plots Kigures 6.34, 6.35, 6.36 & 6.37should exhibit the observed
characteristics from the previously performed asialy The new plots will give a more
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detailed picture of how the frequency response gbsirover time in an easy to read format.
Since the loudspeaker response is roughly flat é¢vermid-range frequency spectrum, the
logarithmic scaled plots may be difficult to reatiem examining for response change as the
temperature increases. In response to this probieear scaled plots were also generated to

help in the analysis process.

Figure 6.34: On-axis frequency response versus veicoil temperature

(left = logarithmic, right = linear)

Figure 6.35: 30 ° off-axis frequency response verswoice coil temperature
(left = logarithmic, right = linear)

Figure 6.36: 60 ° off-axis frequency response verswoice coil temperature

(left = logarithmic, right = linear)
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Figure 6.37: 90 ° off-axis frequency response verswoice coil temperature
(left = logarithmic, right = linear)
These plots show clear dips around the peak amdplitalues. Also, under close inspection,
each plot shows the amplitude dip centered arouRHiZto increase with temperature. In
some cases for the off-axis measurements, certaiquéncy ranges rise for a certain
temperature range. This again is likely due toghase issues which affect the frequency
response, primarily at higher frequencies whereateelength is much less than the driver’s

diameter [1].

The three dimensional plots were then rotated\te gitwo-dimensional spectrogram view of
the data. This will give the clearest idea of wihappens to the frequency response due to the
increased voice coil temperature and will alsovalfor further examination of the modal

shifting effects on the response.

Figure 6.38: On-axis frequency response vs. tempdtae
The on-axis measurement data confirms the tremdadyl noticed in previous data analysis.
There is a mid-range drop over the temperatureeranbere is also a large drop around 12
kHz with additional drops being present for frequiea above 10 kHz. This shows that the

voice coil temperature has a significant effect loigh frequency performance. Low
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frequency response, on the other hand, appeass dallp slightly affected. The visible shifts
in peak amplitudes can be attributed to the ineredshe speed of sound in the enclosed air

[16] as discussed earlier. It should be expectad &l frequencies on the plot exhibit an
upward shift in value as temperature increabegufes 6.39 & 6.40.

Figure 6.39: On-axis spectrogram with modal shiftglue to temperature (red lines)

Figure 6.40: On-axis spectrogram with modal shift¢red lines) around 1 kHz
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A very interesting shift of modes can be seen atdhe 1 kHz area as temperature increases
(Figure 6.40. These modes seem to shift directly into the eag¢hibiting the loss in mid-
range response. This serves to strengthen the arguhat these enclosure resonant modes
play a role in the loudspeaker’s frequency respasste temperature rises.

Figure 6.41: 30° off-axis frequency response vs.ngperature

Similar patterns exist at thirty degrees off-aigain, a drop in response around 1 kHz is
noticeable. Above 10 kHz, there is a significanbprin frequency response. At this
measurement location the two highest drops occawrar 15 kHz and 17 kHz. As with the

on-axis measurements, the low frequency range istlynanaffected by the temperature
increase.

Figure 6.42: 60° off-axis frequency response vs.ngperature

At a measurement position of 60 degrees off-akis high frequency response pattern begins
to change. Now the response starts to drop offtduemperature starting around 7 kHz. The
most significant drops now occur around 10 kHz eHib kHz experiences less of a drop.

The drop around 1 kHz is still present at this meament position.
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The expected increase in amplitude around 110 ldarbes very visible at this measurement
position. While the rest of the spectrum is expeieg a decrease in amplitude, this area is
experiencing an increase in amplitude. This is irtgyd to notice, because otherwise it would
appear that the upwards shift in frequency duédcair temperature has been reversed. With

the knowledge of the increased response at thasiérecy, this behavior can be understood.

Figure 6.43: 90° off-axis frequency response vs.ngerature

At ninety degrees off-axis, the frequency respanss the temperature range exhibits similar
trends as with sixty degrees off-axis. The higly@iency response drop now begins around 6
kHz. The plot shows a drop present around just udd&Hz which is consistent with
previous observations. Even at ninety degreeséf-dhe low frequency range is largely
unaffected by the temperature increase of the voitkeexcept for the now clearly visible

increase around 100 Hz.

7.4 Sources of error

As mentioned earlier, certain MLS measurementsndit properly line up with the input
signals due to errors during data acquisitioneftf inchecked, the invalid data would appear
on the three dimensional plots as strange spikeguile 6.44). This was addressed by

replacing the invalid data with data taken undsnilar conditions whenever possible.
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Figure 6.44: Frequency response vs. temperature glwith data errors
An additional source of error might be fluctuationsamplifier performance as the amplifier

heats up over time. This wasn't overly apparent,nbay have slightly affected the data after

long periods of heavy use.
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8. Conclusion

Through research, simulation and experimentatibns iclear that voice coil temperature

affects the performance of a loudspeaker. The ntygjof these effects occur due to the direct
relationship between the voice coil temperature 8@l resistance. The change in DC

resistance can affect the majority of performanaeameters including electrical impedance,
efficiency and axial SPL. The increase in DC resisé also causes certain low frequency
values (around 110 Hz in the tested loudspeakemd@ase in amplitude as temperature
rises. This can be attributed to the changes inethetrical impedance and quality factor

around the nearby resonant frequency (90 Hz inctse).

Aside from the DC resistance relationship, the @o@oil temperature also causes the
enclosed air in a loudspeaker to rise in tempegatlihis will bring a rise in the speed of
sound inside the enclosure, causing the resportpto shift upwards with temperature.

While the low frequency range is largely unaffectsd the voice coil temperature, high
frequencies experience a significant decrease plitude. This is likely due to the change in
stiffness of the enclosed air making it hardertfe driver to move at high velocities without

any lag.

The most interesting frequency range affected bgevooil temperature is a mid-range band.
The explanation presented in this paper is thatdhop in amplitude is due to the resonant
modes due to the enclosure dimensions. These mo@gact to cause significant drops in

this frequency range that become more visible @avtiice coil temperature rises.

All these effects on the frequency response wegsgnt at all measurement positions ranging
from perfectly on-axis to ninety degrees off-axifie only differences in response between
these positions were due to phase related issuwkdach no dependence on the voice coil

temperature.

Future work concerning this subject should inclegdperimentation with different driver and
enclosure combinations and also experimentation thi¢ driver suspended in free-air. When
in free air will the mid-range loss in responsepoesent or is this drop indeed due to the

enclosure dimensions? Also, does the amount oflatisn inside the enclosure affect the
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magnitude of this drop? These questions must beveard before the mid-range drop in

response can be clearly explained.

It is clear that the simulated and measured frequeasponse changes due to the voice coill
temperature are legitimate consequences thanlkpéated tests giving identical results. This
drop in response is easily noticeable in a sitnatidere the loudspeaker has been under
heavy drive for an extended period of time. ThenHigquency loss will make for a muddier
sound with the boost around 110 Hz (for this testedispeaker) adding to this effect. Also,

peak SPL will be considerably lower at higher terapges.

Voice coil temperature rise is an issue that cabeagnored in loudspeaker design. Efficient
heat transfer mechanisms must be present in thgndesso, the great temperature increase
must be considered when choosing construction memhe driver must be able to remain
consistently functional throughout this large tenapere range to be a successful driver
design. Even with these considerations, thougbuddpeaker will most certainly experience
a decrease in performance do to the rise in vaddemperature.
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Appendix A — MATLAB software user’s guide

This section serves as a simple guide to helpanessful operation of the final versions of
the MATLAB simulation, measurement and analysigvgaife developed for this project.

Simulation software

Switch MATLAB directory to ~/.../FINAL SOFTWARE / SIMLATION/
Type “designGUI” in the MATLAB command prompt. Psesnter
Chose the appropriate method for determining tloéosare volume:
I.  Calculate the ideal volume for maximally flat respe

ii.  Enter the measured enclosure volume. Press “ENTBMERNSIONS”

iii.  Enter the measured enclosure dimensions. PressERNOIMENSIONS”
Enter the loudspeaker’s Thiele-Small parameters
Choose a parameter to sweep (only one). Entemtbepsrange.
Choose a linear of logarithmic x-axis scale fortfhg and number of points
Press “CALCULATE”
Choose the relationships to plot. Press appropiat©T” button
Press the “>” buttons to expand the plotting window

0. Press “START OVER” to clear the plots to start agai

WwnN e
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Measurement software

Switch MATLAB directory to ~/.../FINAL SOFTWARE/MEASBEMENT/
Type “measurementGUI_v5” in the MATLAB command praimPress enter
Define the measurement ID number

Define the logarithmic sweep time (in seconds)

Define the white noise duration (in minutes) betwagasurements

Press “START”

Place the loudspeaker at 0° (on-axis), when prodyated press enter
Rotate the loudspeaker to 30° off-axis, when prewpand press enter
Rotate the loudspeaker to 60° off-axis, when prethpand press enter

10. Rotate the loudspeaker to 90° off-axis, when prehpand press enter

11. If necessary, note the measured temperature aneg$)§tance

12. Choose whether to save the data to .wav files, vonempted

13. Choose whether to take another measurement, wioempped

14. DO NOT PUSH ANY KEYBOARD BUTTONS

15. Press “START NOISE,” wait for noise to complete gyadback to step 7

©CoNokrwhE

NOTE: After the “START” button has been presde@ NOT press any more keyboard
buttons UNLESS the loudspeaker is in proper poséiiod are prompted to press
enter. Pressing any keys at any other times wiledhe measurements to be taken
at improper times.
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Analysis software

=

Switch MATLAB directory to ~/.../FINAL SOFTWARE/MEASBEMENT/
2. If necessary, locate .wav files from previous measients
a. Take all measurements with the same ID number &u phem in a
folder titled with the ID number
b. Open getData_v2.m
i. Add the proper case number
ii. Enter the number of measurements taken (num)
iii. Enter the duration of the sweep (dur)
iv. Enter a vector of the time gap between measuren(gas
v. Enter the sample rate (Fs)
vi. Enter a vector of measured temperatures (T)
vii. Enter a vector of measured DC voice coil resistaliBe)
c. Save and close getData_v2.m
If no new measurements have been taken the faitp¥d numbers are
already available for immediate analysis: 401,,4@3, 404
Type “analysisGUI_v5” in the MATLAB command promress enter
Enter the appropriate ID number and click load
Choose which measurements to plot and press ptBR&T” button
For a spectrogram, click “PLOT 3D” (may take a \&hil
Click any “>" button to expand any plotting window
Click “RESET” to start over

w
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