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Abstract

The availability and flexibility of audio services on various digital platforms have
created a high demand for a large range of sound systems. The fundamental com-
ponents of sound systems such as docking stations, sound bars and wireless mobile
speakers consists of a power supply, amplifiers and transducers. Due to historical
reasons the design of each of these components are commonly handled separately
which are indeed limiting the full performance potential of such systems. To state
some examples the requirements of the amplifier distortion could be relaxed if the
distortion of the transducer was considered, the power requirement of the power
supply could be relaxed if the acoustical power requirement was known, the total
sound system efficiency could be optimized which would properly require a radi-
cal design change for all the components, communication between the components
could lead to intelligent control and protection functionality and so on. In this work
different strategies towards improvements of sound systems by electrical means was
investigated considering the interfaces between each component and the perfor-
mance of the full system. The strategies can be categorized by improvements of
sound quality, efficiency, size and cost as well as production.

The transducer is considered the weakest component when it comes to sound quality
which is especially apparent for micro-speakers. Historically the common voltage
drive of a transducer has been challenged by the alternative current drive in relation
to sound quality. Prior research points out that current drive provides a more direct
control of the force applied to the moving parts of a transducer resulting in less
distortion and thus improved sound quality but the information is quite sparse. In
this work multi-tone distortion related to voltage and current drive of transducers
with different characteristics were investigated using a non-linear transducer model.
The goal was to predict if and when current drive is advantageous. Current drive
was found to be most effective at higher audio frequencies where the non-linear
voice coil inductance has a major effect on distortion. At lower audio frequencies
transducer related distortions are more pronounced and an old motional feedback
technique was revisited. An accelerometer is mounted on the moving parts of the
transducer enabling motional control which lead to a 14 dB distortion reduction in
the best case. This technology is very promising since it compensates for most dis-
tortion mechanisms of the transducer such as non-linearities, production variation,
wear-n-tear, temperature changes and so on. Furthermore the accelerometer out-
put can be used for protection purposes. The only disadvantages are challenges in
terms of cost and system complexity. The noise floor of the accelerometer prevents
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motional control at very low displacements.

The main advantage of Class-D audio amplifiers is high efficiency which is often
stated to be more than 90 %. This is only true at high power levels but at low
power levels the efficiency unfortunately drops due to severe switching losses in the
semiconductors. This efficiency characteristic is an environmental concern since
the amplifier is operating at low power levels for background music in more than
89 % of the time and thus a lot of energy is wasted considering the amount of
sound systems around the world. Even when the music is played at higher levels
the average power is still quite low due to the dynamic behavior of music. In
this work energy consumption and sound quality for Class-D audio amplifiers using
a peak-tracking power supply scheme was investigated as a means to reduce these
losses. It was proven that the efficiency of a class-d amplifier could be increased from
approximately 55 % to 90 % at 1 W output power without sacrificing the distortion.
A full tracking power supply scheme would further improve these numbers but the
efficiency of the power supply also needs to be taken into account which should be
addressed in future work.

Power requirements of a sound system have been a large part of this project. There
is a surprisingly big lack of scientific information regarding this topic and the goal
has thus been to develop an intelligent approach to estimate the power requirements
to obtain a size and cost reduction. The greatest challenge was to develop an
analyzing tool to estimate the worst case power scenario versus time for a given
loudspeaker application. Models including the influence of the enclosure and the
most critical non-linearities were derived and experimental verified. Since the power
requirement is related to the music material more than 400 music tracks were
analyzed and it was proven that full power capability is only needed for a few
milliseconds which inspire radical design changes and large reduction of size and
cost for the power supply, the amplifiers and the transducers. The work on a power
supply based on this research was performed showing a 5 times size reduction
compared to a commercial power supply. Future work should expand this analysis
to a range of different sound system applications and audio material.

An alternative production method for the Class-D amplifier output inductor has
been proposed and investigated. A hybrid winding concept for toroids were pro-
posed where the traces in a printed circuit board completes the winding of bended
copper foil cut-outs placed in a handy former. The main potential is expected to
be production related and faster time to market since the former including the foil
cut-outs can be pre-fabricated and pre-shipped to different suppliers around the
world. A dynamic 3D model made in matlab and finite element analyses were used
to optimize the shape of the bended copper foils to optimize the DC resistance.
The DC resistance was reduced by 30 % compared to the starting point for a 10
turn toroidal inductor using this method.

The combined work indicate that large sound system improvements are in reach by
use of electrical means. Innovative solutions have been investigated and improve-
ments of sound quality, efficiency, size and cost as well as production have been
demonstrated.



Resumé

Tilgeengeligheden og fleksibiliteten af audio tjenester pa forskellige digitale plat-
forme har skabt en stor efterspgrgsel til en lang rackke forskellige lydsystemer. De
fleste af disse lydsystemer sdsom dockingstationer, lydbarer og tradlgse mobile hgjt-
talere indeholder en strgmforsyning, forsteerkere og hgjtalerenheder. Af historiske
arsager bliver designet af hver a disse komponenter almindeligvis handteret separat,
hvilket begraenser systemets fulde ydeevne. For eksempel kunne forvraengningskrav
til forsteerkeren reduceres hvis forvraengingen af hgjtaleren blev taget i betragtning,
stromforsyningens effektkrav kunne reduceres hvis det aktuelle akustiske effektkrav
var kendt, effektiviteten af det samlede lydsystem kunne forbedres hvilket ville
kreeve radikale design eendringer af alle komponenterne, kommunikation mellem
hver enkelt komponent kunne tilfgre intelligente styrrings- og beskyttelses-funktioner
0.8.v. Dette arbejde praesenterer forskellige strategier til forbedringer af lydsyste-
mer ad elektrisk vej og greensefladerne mellem hver komponent samt det samlede
systems ydelse er blevet taget med i overvejelserne. Strategierne kan kategoris-
eres under forbedring af lydkvalitet, effektivitet, storrelse og omkostninger samt
produktion.

Hgjtalerenheden betragtes som den svageste komponent nar det kommer til lyd-
kvalitet, hvilket isaer er tydeligt med mikro-hgjttalere. Historisk er spaendingsstyrrede
hgjtalere blevet udfordret af den alternative strgmstyrring i forhold til lydkvalitet.
Tidligere forskning peger pa, at strgmstyrring giver en mere direkte kontrol af
kreeftoverfgrslen til de bevaegelige dele af en hgjtaler hvilket resulterer i mindre
forvraengning og dermed bedre lydkvalitet, men oplysningerne er ganske spar-
somme. [ dette arbejde blev multi-tone forvreengning undersggt i relation til
speendings- og strgm-styrring af hgjtalere med forskellige karakteristika ved an-
vendelse af en ulinezer hgjtaler model. Malet var at forudsige i hvilke sammen-
heenge stromstyrring kunne vise sig fordelagtig. Strgmstyrring viste sig at veere
mest effektiv ved hgjere audio frekvenser, hvor den ulinezre svingspoleinduktans
har stor betydning for forvraengning. Ved lavere audio frekvenser er en hgjtalers
forvraenginger mest udtalte og en gammel teknik baseret pa positionsstyrrings blev
derfor undersggt. Et accelerometer er monteret pa de bevagelige dele af en hgj-
talerenhed hvilket muligg@r praecis positionsstyrring, som i bedste tilfaelde forte til
14 dB mindre forvreengning. Denne teknologi er meget lovende, da den kompenserer
for mange forvraengningsmekanismer sasom ulineariteter, variationer i produktio-
nen, slitage, temperaturpavirkninger m.m. Accelerometermalingen kan ydermere
bruges til beskyttelses funktioner. De storste udfordringer angar pris og systemkom-
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pleksitet. Accelerometerets stgjgulv forhindre brug af motional feedback ved lave
lydniveauer.

Den stgrste fordel ved klasse-D forsteerkere er hgj effektivitet som ofte angives at
vaere hgjere end 90 % hvilket kun geelder for hgje effektniveauer. Effektiviteten er
vaesentlig lavere ved lave effektniveauer pa grund af alvorlige skiftetab i halvled-
erkomponenter. Dette er en miljgmaessig bekymring, idet forsteerkeren arbejder ved
lave effektniveaur i mere end 95 % af tiden under afspilning af baggrundsmusik.
Dermed gar en masse energi tabt nar det totale antal af verdens lydsystemer tages
i betragtning. Selv nar musikken afspilles med hgjere lydstyrker er den gennem-
snitlige effekt og effektivitet stadig relativ lav pa grund af musikkens dynamik. I
dette arbejde er energiforbrug og lydkvalitet for klasse-D forstaerkere blevet under-
sggt i relation til en metode hvor forstaerkerens forsyningsspaending sendres som
funktion af lytteniveauet. En effektivitetsforbedring fra ca. 55 % til 90 % blev
pavist ved en udgangseffekt pa 1 Watt uden sezerlig nedgradering af forstaerkerens
forvraengning.

En stor del af dette arbejde har fokuseret pa lydsystemers effektkrav. Der er over-
raskende lidt videnskabelig information om dette emne og malet har derfor veeret
at udvikle en intelligent fremgangsmade til at estimere effektbehovet for at opna en
stgrrelses og pris gevinst. Den stgrste udfordring var udviklingen af et analysered-
skab til at estimere det veerst teenkelige effektkrav som funktion af afspilningstid
for en given hgjtalerapplikation. Modeller som inkluderer indflydelsen af kabinettet
og de mest kritiske ulinearitet blev udviklet og verificeret eksperimentelt. Da effek-
tkravet er relateret til audio materialet blev mere end 400 musik numre analyseret
og det blev bevist at hgj effekt kun kraeves i f4 millisekunder hvilket kan medfgrer
radikale design sendringer og en stor reduktion i stgrrelse og pris af strgmforsynin-
gen, forstaerkerne og hgjtaleren. Et design af en stromforsyning baseret pa denne
viden resulterede i en 5 gange mindre strgmforsyning sammenlignet med en kom-
merciel strgmforsyning. Fremtidigt arbejde burde udvide analysen til en stgrre
variation af lydsystemer og audio-materiale.

En mere sneever forskningsindsats blev udfgrt inden for en alternativ produktion-
smetode af klasse-d udgangsspoler. En hybrid viklingsmetode for ringkerner blev
foresldet hvor banerne i et printkort fuldender viklingen af en meengde bukkede
kobber stykker placeret i en simpel holder. Potentiallet forventes at vaere produk-
tionsrelateret og mulighed for en kort produkt til markeds tid da holderen med alle
kobber stykkerne kan preefabrikeres og veere til radighed hos forskellige distributgrer
rundt omkring i verden pa forhand. En 3D model baseret pa matlab og "finite el-
ement” analyse blev brugt til at optimere formen af de bukkede kopper stykker
i forhold til DC-modstanden. DC-modstanden blev med denne metode reduceret
med 30 % i forhold til udgangspunktet for en ringkernespole med 10 viklinger. Det
samlede arbejde indikere at store forbedringer af lydsystemer er i raekkevidde ved
brug af elektriske midler. Innovative lgsninger er blevet undersggt og forbedringer
af lydkvalitet, effektivitet, stgrrelse og pris samt produktion er blevet pavist.
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CHAPTER 1

Introduction

1.1 Background and Motivation

Originally two ideas gave hope and motivation for sound systems improvements by
electrical means. One concerning size and cost improvements of amplifiers using
a novel current driven class-d topology. The other concerning sound quality im-
provements by a change of the transducer driving principle from voltage to current
drive. Since the start of the project several additional ideas have occurred and the
main observations and considerations that this work is based upon are:

e The force acting on the moving parts of a transducer is proportional to the
voice coil current. Why don’t we control the voice coil current instead of the
voltage?

e The distortion of a transducer is displacement dependent. Why not use a
motion sensor to retain control of the moving parts?

o Loudspeakers cover a large power range. How is the actual power require-
ments of a sound system determined?

e The power supply in mains connected sound systems is much larger than the
amplifiers. What is the reason and can it be improved?

e The idle losses of class-d amplifiers are high? How can it be reduced?

e The winding fill factor of a typical inductor used in class-d amplifiers seems
low. What options exists to improve it?

These and more questions were asked and have been investigated in this work
since no satisfactory answers were found in the sparse literature dealing with these
subjects. As a matter of fact these questions are very hard to answer because a
correct answer depends on a vast number of variables. Furthermore the answers
require a full system understanding which require a wide electrical, mechanical and
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1.2. Thesis structure and content
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Figure 1.1: Trend towards intelligent sound system design
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acoustical understanding. This is however not supported by the traditional sound
system design practice where the power supply design, the amplifier design and the
loudspeaker design are split up and performed by specialists as illustrated in the
top of figure In this work steps towards a holistic sound system design have
been taken as illustrated in the bottom of figure (1.1

1.2 Thesis structure and content

The structure and content of this PhD thesis are visualized in figure A short
introduction is followed by an overview and state-of-the-art chapter. The main
content are supplementing the already published information from scientific articles.
The work was naturally split into chapters related to improving of sound systems
by electrical means. The chapter titles are Sound Quality, Efficiency, Cost and
Size and Production. Each chapter starts with a short introduction to the topic,
presents the research in a condensed form and finishes with a discussion. At last
an overall conclusion and future work are presented. Relevant publications are
included in the appendix.
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CHAPTER 2

Overview and State-of-the-art

2.1 Power supplies and amplifiers

State-of-the-art amplifiers are shown in figure and 2.Tc. Figure shows a
single 400 W amplifier from Hypex and figure shows a 2 times 50 W amplifier
with integrated power supply from Bang & Olufsen IcePower. The total harmonic
distortion is 0.001 % and 0.002 % respectively at 1 W and 100 Hz. The switching
frequencies is about 500 kHz and the efficiency is above 90 % at full power for both.
A disadvantage of these amplifiers is a relative high idle loss which is addressed in
chapter [ Figure shows a 2 times 50 W amplifier designed during this work.
The amplifier is optimized for a small size by consideration of the dynamic behaviour
of music. The amplifier is based on a Texas Instrument chip where semiconductors,
control and protection are integrated in a single chip. The inductors are high
current power inductors from coilcraft, the components are placed on both sides
of the printed circuit board and no heatsinks are utilized. As a consequence the
amplifer occupies very little space which encourage a small power supply.

State-of-the-art power supplies from Hypex and Bang & Olufsen IcePower are
shown in figure and respectively. Since music is very dynamic the ra-
tio of the peak to average power is high and the full power capability is only needed
in short periods of time. This is apparent from the specifications where high power
ratings are given for time periods spanning from 80 to 90 seconds. The efficiency
of the Hypex power supply is just stated to be high and only the total efficiency
of 80 % including amplifiers are given for the IcePower module. The switching
frequencies are around 100 kHz which is low compared to state-of-the-art power
supplies for LED (light emitting diode) applications where switching frequencies of
hundreds of Mhz are applied. Figure shows a power supply designed during
this work. The power capability is based on a power requirement analysis described
in chapter [5| and the peak power is only rated for 40 ms. The efficiency is 84 %
at the maximum continuous power level and the switching frequency is 500 kHz
which is 5 times higher than the state-of-the-art power supplies shown here. As
a consequence the size of the magnetic components are decreased, semiconductors
with lower continuous ratings are used and there is no need for heatsinks.

7/221



2.1. Power supplies and amplifiers

37 mm

88 mm

a) From www.hypex.nl

32 mm

105 mm

b) From www.hypex.nl

33 mm

Hypex amplifier (1 ch.)

Specification for NC400
Power 400 W @ 4Q

THD: 0.0011% @ 1 W

IMD: 0.0007% @ 200 W
AMP fsw: 470 kHz — 530 kHz
Efficiency: up to 93 %
Supply rejection ratio: 80 dB

Hypex power supply

Specification for SMPS400
Input voltge: 90-264 V
Vout: 47 V

Vaux: £21V

Power (90 sec.): 550 W
Power (5 min.): 350 W
Power continuous: 240 W
SMPS fsw: 125 kHz
Efficiency: High!

IcePower power supply
+ amplifier (2 ch.)

Specification for 50ASX2
Input voltge: 85-264 V
Vout: £25V

Power (120 sec.): 1770 W
Power continuous: 43 W
SMPS fsw: 100 kHz

AMP fsw: 90 kHz — 600 kHz
THD: 0.002 @ 1 W, 100 Hz
IMD: 0.0007 % 10 W

Total efficiency: up to 80%

¢) From www.icepower.bang-olufsen.com

DTU amplifier (2 ch.)

Specification

Power 2x50 W @ 4Q

THD: 0.1% @ 25 W, 1 kHz

AMP fsw: 400 - 1200 kHz (selectable)
Efficiency: up to 90 %

Supply rejection ratio: 70 dB

DTU power supply

Specification

Input voltge: 90-264 V
Vout: 25V

Vaux: £12 V (Independent)
Power (40 ms): 200 W
Power continuous: 25 W
SMPS fsw: 500 kHz
Efficiency: 84% @ 25 W

Figure 2.1: Overview of state-of-the-art power supplies and amplifiers
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2.2. Transducers and loudspeakers

2.2 Transducers and loudspeakers

The principle behind the electro dynamic transducer has not changed since it was
invented in the 1930ies but all the processes from design to fabrication to evaluation
have been greatly improved. Figure [2.2h shows how the entire transducer is drawn
in 2D during the design phase which enables the designer to predict the performance
of a transducer and change the design before a prototype is build. Figure[2.2b shows
how the break up of the cone can be simulated which can lead to an optimized cone
shape. The fabrication is very critical when it comes to transducers. Figure 2.2k
show the crude manual fabrication done in 1954 and shows the precise and
consistent automatic fabrication of today. When it comes to measuremnts and
evaluation of a transducer much has happened. Figure shows a typical set up
for a laser displacement measurement. This kind of measurement can be used to
measure the characteristics of a transducer such as the cone break up modes. Figure
shows a measurement of a breakup mode which can be used to evaluate the
accuracy of the initial design. Listening tests as shown in figure 2.2)g are still a very
important test when it comes to evaluation of a transducer. Often trained listeners
and standardized test procedures and listening environments are used. A new
measuring method where a laser is used to measure how sound propagates is shown
in figure 2:2h. To conclude, a state-of-the-art transducer and loudspeaker utilize
the latest knowledge and best design, fabrication and measurement techniques of
today. The transducers used in most applications are however far from state-of-
the-art transducers and the loudspeaker is thus often referred to as the weakest link
in a sound system. This issue is addressed in chapter [3]

2.3 Discussion

Figure [2.3] shows four sound systems that have emerged during the last decade. It
is not hard to imagine that size and cost of the power supply, the amplifiers and
the transducers are very critical. In portable sound systems the efficiency is of
equal importance because the operating time depends on it. Another matter is the
sound quality which is a great challenge due to size constraints. To deal with all of
these challenges, this work presents several sound system improvements concerning
sound quality, efficiency, cost and size as well as production.
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Design Simulation

7 DXF File Input Editor - <Praject>\6_5 Woofer Large dust Cap w magnet. dxf M= %]
File  Settings

Sumound | SURROUND
Dustcap | DUSTCAPDOME
Former FORMER
Veicecol | VOICECOIL
Soides | SPIDER
‘Whizzer None selected
Maanet MAGNET

|Pde __|POLE

& Show orly FINECone elements
[V Shownode points

" Show sl rawing slements
Status

[Analysis & possile.

oK | Corcel | asoroskon (53203, 15.4686)

a) From LoudSoft A/S b) From LoudSoft A/S

Fabrication

i
¢) From www.audioholics.com d) From www.lavocespeakers.com

Measurements and evaluation

e) From www.klippel.de f) From www.klippel.de

g) From www.elektro.dtu.dk h) From www.phys.org

Figure 2.2: Overview of state-of-the-art transducer design
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2.3. Discussion

Micro speaker Soundbar

Audio dock Mobile speaker

Figure 2.3: Overview of challenging loudspeaker applications
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CHAPTER 3

Sound Quality

3.1 Introduction

The rating of sound quality is typically limited to "bad”, "good enough” and ”hi
fidelity” justified by terms like ”clear”, "boomy”, "crisp”, "dry”, “musical” and
so on. The judgement is made while listening to a variety of well known music.
Unfortunately such listening tests are not accurate and efficient enough to be used
during a development phase. Instead engineers analyse the distortion which is
naturally related to sound quality and simple sine tones are used instead of music
signals due to simplicity. The most popular measurements are total harmonic
distortion (THD) and intermodulation distortion (IMD). THD is a ratio between
the fundamental and the harmonic content in a system excited by a pure sine signal.
If a signal is measured by voltages the THD is given by

THD=1"Z"__ (3.1)

The ratio is mostly presented in percentage and a low THD means low distortion.
More tones are typically present at one time in musical signals which is why the
two-tone IMD measure is popular. Two tones excites both difference and summed
frequency components of the original signal which reveal far more distortion. IMD
can be specified as the RMS value of the various sum-and-difference signals as a
percentage of the RMS voltage of the original signal. A multi-tone signal resem-
bles a music signal even better but is far more complex to analyse suggesting a
graphical or statistical analysis. These methods does however not relate well to
the perceived sound quality [3], [4] which makes it difficult to rate a sound system
due to a given change in the design or to compare two systems in terms of these
distortion measures. A lot of work have been done to solve this issue but due to the
complexity of the human hearing system no well proven solution is available today
[5HI4]. The following was stated in 1953 and restated in 2001 in papers from the
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3.2. Non-linear distortion mechanisms in the electro-dynamic transducer
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Figure 3.1: Cross-sectional view of an electro-dynamic transducer

Audio Engineering Society [0, [I5]: “if any manufacturer or group of manufactur-
ers can carry out the necessary research required to correlate listening tests with
various methods of measuring nonlinear distortion, it will be a great and valuable
service to the industry. Until such a time, however, in the last analysis, the only
best test is to listen“. These words are just as pertinent today and this must be
kept in mind when talking about sound quality referred to measurements of THD,
IMD and alike.

The transducer is considered the weakest link in a sound system when it comes
to distortion and has thus been in focus. In this chapter the most critical distor-
tion mechanism of the electro-dynamic transducer is presented in addition to an
investigation of the driving scheme and motional feedback.

3.2 Non-linear distortion mechanisms in the electro-
dynamic transducer

An electro-dynamic transducer converts an electrical signal into sound waves. A
typical construction is seen in figure An electrical coil referred to as the ”voice
coil” is wound on a cylindrical coil former which is attached to a cone. A dust cap
finishes the moving assembly. Two suspensions referred to as the ”surround” and
the ”"spider” secures the moving assembly to a frame and provide linear guidance.
The voice coil is suspended in a gab of a magnet system consisting of a permanent
magnet and a pole piece made of steel. Sometimes a copper ring is incorporated
in the pole piece to reduce eddy current effects. When an alternating current is
applied to the voice coil a Lorentz force will push and pull the moving assembly
back and forth and in that way sound waves are generated.

A linear lumped model of the electro-dynamic transducer is shown in figure [3.2]
u(t) is the voice coil voltage, R, is the voice coil resistance, L. is the voice coil
inductance, Ry and L2 models the eddy current effect, i(¢) is the voice coil current,
Uemy is the voltage induced by the back electromotive force, Bl is the force factor
(flux in the gap times the length of the wire in the gap), v(t) is the velocity of the
cone, R,,s is the suspension related loss due to friction, M,,s is the mass of the
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3.2. Non-linear distortion mechanisms in the electro-dynamic transducer

R,
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Figure 3.2: Electrical equivalent circuit diagram of a linear transducer.

moving assembly, Cy,s is the compliance of the suspension and f(¢) is the Lorentz
force applied to the moving assembly.

The following fundamental equations can be derived by Kirchhoff’s voltage law and
Laplace transformation

u(s) = Roi(s) + sLei(s) + mi(s) + sBla(s) (3.2)
f(s) = Bl-i(s) (3.3)
f(s) = Myss®2(s) + Rpssz(s) + Cmsx(s) (3.4)

The most critical distortions are displacement related and originates from the non-
linearity of the suspension compliance, the force factor and the voice coil inductance.
The dependency of the displacement = can be fitted to polynomials by

N-1 N-1 N—1
Le(x) = Z apz"  Bl(x) = Z anz"  Chps(z) = Z anz" (3.5)
n=0 n=0 n=0

where N is the order of the polynomial and a,, is the n*® coefficient of the polyno-
mial.

Figure [3.3] shows the polynomials of a 6.5" woofer extracted from measured data
using the Klippel analyser. The dashed lines are mirrored data which were added
to aid in the visualising of unsymmetrical characteristics. Symmetrical and unsy-
metrical characteristics will generate uneven and even harmonics respectively. The
voice coil inductance is thus expected to generate even harmonic distortion. A
non-linear Matlab Simulink model of a transducer was created based on equation
- and Cp,s, Bl and L. was made dependent on the displacement x by
use of the polynomial regression in [3.5] The linear and non-linear parameters were
extracted from measurements done on a Klippel analyzer. The non-linear model
has been very intuitive to work with since the voice coil voltage and current as well
as the velocity, acceleration and displacement are easily available. The added input
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3.2. Non-linear distortion mechanisms in the electro-dynamic transducer
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Figure 3.3: Non-linear polynomials based on Klippel measurement (solid). Mirrored val-
ues (dashed)

filter of the non-linear model can be used to apply a cross-over filter in addition to
equalization.

A Polytec Doppler laser was used to evaluate the accuracy of the model and the
experimental setup is shown in figure A comparison of the measured and sim-
ulated harmonic and intermodulation distortion is shown in figure The test
signal consisted of a low frequency tone of 16 Hz (half the resonance frequency)
mixed with a high frequency tone of 648 Hz. At this voltage level both harmonic
and intermodulation distortion are generated. It is noted that the simulation over-
estimates uneven harmonics and underestimates the even harmonics which indicates
that there is a higher degree of asymmetry in the non-linear values than expected.
A range of measurements were taken with various input voltages and frequencies.
Later on THD and IMD were analysed based on modelled and measured data and
the comparisons are shown in figure [3.7] and In [3.7] it is noted that the simula-
tion underestimates the THD at low input voltages. A possible explanation is that
the noise floor of the measurements effect the calculated THD. In [3.8] it is noted
that the IMD is underestimated when the low frequency tone is twice the resonant
frequency of the transducer. At higher frequencies and lower displacements the
distortions are lower and thus the simulation result is more sensitive to model in-
accuracies. This analysis however show that it is possible to predict the non-linear
distortion quite well using only 3 displacement dependent non-linearities. Based
on this experience the model was used to investigate the individual influence of
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3.2. Non-linear distortion mechanisms in the electro-dynamic transducer
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Figure 3.4: Non-linear voltage driven transducer model in Matlab Simulink

Figure 3.5: Experimental set up with the laser and the woofer

each non-linearity with similar test signal as used previously. The following was
concluded.

e The force factor generates large harmonic- as well as intermodulation distor-
tion.

e The self inductance generates low harmonic distortion and large intermodu-
lation distortion.

e The compliance generates large harmonic distortion and low intermodulation
distortion.
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3.2. Non-linear distortion mechanisms in the electro-dynamic transducer
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Figure 3.6: Comparison plot of measured and simulated harmonic and intermodulation
distortion
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3.3. Current Driven Transducers

3.3 Current Driven Transducers

Traditionally transducers are driven by voltage controlled amplifiers but from time
to time a simple question pops up: Would current drive be more beneficial? When
this work begun that exact question came up in relation to the sound quality of mi-
crospeakers. At first a literature study was performed on current driven transducers
in general but the literature was found to be very sparse and sufficient answers were
not found. Later on it became clear that the advantages of the driving scheme are
very application dependent and thus it is difficult to provide a set of general guide-
lines. A number of publications address current control [16-23] and speak about
all the advantages such as reduced compression caused by voice coil heating, elimi-
nation of the back electromotive voltage and reduced harmonic distortion and inter
modulation distortion due to elimination of the non-linear inductance effect. Un-
fortunately the disadvantages are not sufficiently highlighted and delt with which
casts a shadow over the full potential of current feedback. This work make use of
a non-linear transducer model to analyse a range of 5” woofers with distinct char-
acteristics under voltage and current drive. Figure shows the 3 most critical
non-linearities as a function of displacement. The difference between Woofer 1 an
Woofer 2 is that a copper shorting ring has been implemented in Woofer 2 to re-
duce the effect of eddy currents. Thus the voice coil inductance of Woofer 2 is more
linear than Woofer 1. The 3rd woofer has very different non-linear characteristics
and in the displacement range used for comparison test (-5.7 mm to 5.7 mm) it
behaves very linear and symmetrical.

The model in figure was used to simulate voltage drive and the model in figure
3.10 was used to simulate current drive. The main difference of the models is
that the current is directly controlled in the case of current drive. As a result the
distortion contribution from the non-linear inductor is removed and the distortion
contribution from the force factor is reduced.

The acceleration which is proportional to the sound pressure level can be described
by equation [3.6] and [3.7] for voltage- and current-drive respectively. It is noted that
the acceleration due to current drive is independent of L., R, and less independent
of BI.

Bls?
Z(afv) = i (3.6)
Bi2s + (sLe + Re)(82 My + sRpns + c )
Bls?
Z(a)i) = i (3.7)
(82 Mms + SRms + =)

Cm S

In the calculated SPL is shown for the two driving schemes. The amplitude
of the sinusoidal signal used to calculate the SPL’s were 1 for both voltage and
current drive which explains the difference in SPL’s. In order to compare voltage
and current drive the power applied to the woofer in both driving schemes have
to be equalized, thus the SPL’s have to match. This is achieved using the filter
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3.3. Current Driven Transducers

shown in figure and by applying the filter the resulting SPL’s optain the form
of a 4th order bandpass filter as shown in figure [3.13] The chosen bandpass char-
acteristic resembles a typical crossover design for a woofer in a 2 way loudspeaker.
Implementation of the filters makes it possible to use a signal with the same ampli-
tude as input for both voltage and current drive and it enables comparison of the
two driving schemes. The filters are designed to obtain a maximum SPL within the
maximum limits of the displacements just bellow x4 x (determined by the Klippel
measurement). In figure [3.14] [3.15| and |3.16| the simulated sound pressure level of
Woofer 1, Woofer2 and Woofer 3 are shown respectively. A multi-tone test signal
is used in the evaluation of the driving schemes since it resembles audio signals
to a higher degree than the signals used to predict THD and IMD as mentioned
previously. It is clearly seen that current drive is very effective on Woofer 1 where
attenuation in the order of 10 dB is obtained. The effect is less on Woofer 2 and
negligible on Woofer 3.

3.3.1 Discussion

Now, is current drive more beneficial than voltage drive? In theory current drive
seems advantageous compared to voltage drive even if a shorting ring is implemented
since current drive effectively eliminates inductor related distortions and reduces
the distortion contribution from the non-linear force factor. On the positive side
the cost of current controlled amplifiers is not expected to increase. However if
the transducer is highly linear the driving scheme seems irrelevant and voltage
control is thus sufficient. Even though current drive seems very attractive it has
several shortcomings. The filter applied to equalize the SPL under current drive
is not a valid solution in real applications since the resonant frequency tends to
drift as a function of usage, temperature and ageing. Only one viable but unproven
control solution to handle this problem could be found [24] and further work in
this topic is thus needed. The distortion levels from the non-linear compliance and
the force factor are however still high despite that current control was successfully
implemented. In micro-speakers the compliance related distortion is very severe
because space dos not allow for two suspensions and thus the spider is sacrificed.
Due to this reason and the fact that displacement related distortion is less critical
in high frequency transducers, current drive is not advantageous when it comes
to tweeters and micro-speakers as indicated in [23]. This is backed up by Klippel
who have rated the effect of different non-linearities for different tranducer types
as follows:

Woofers:

o 1. Force factor Bi(x)

2. Compliance C,s(7)

3. Inductance L. (x)

o 4. Flux modulation L (7)

Tweeters
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3.3. Current Driven Transducers

e 1. Compliance Cy,s(x)
Micro speakers

o 1. Force factor Bl(x)
o 2. Compliance Cps(x)

o 3. Mechanical resistance R,s(z)
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Figure 3.9: Critical non-linear components
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Figure 3.10: Non-linear current driven transducer model in Matlab Simulink
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3.4. Motional feedback

3.4 Motional feedback

Motional feedback is an old concept which have been used in conjunction with
voltage drive as well as current drive. In principal a motional sensor is sensing the
movement of the cone which is compared to the input signal and any error between
the two is corrected by a controller leading to an accurate and close to distortion
free audio reproduction. This is however only applicable for low frequencies due
to problems with cone breakup at higher frequencies. The alternative feedforward
methods have received a lot of focus in recent years due to advances in digital
processors, loudspeaker characterization methods and loudspeaker modelling [25-
27]. The feed-forward method avoids a motional sensor but requires an accurate
model of the transducer that incorporates the non-linearities and adapts to sys-
tem changes caused by usage, temperature, ageing, production spread and so on
[28]. Even though feedforward compensation has come a long way and seems very
promising the alternative MFB technique is revisited in this work. The output or
motion of the loudspeaker can either be captured as acceleration [29-31], velocity
[32H37], pressure [38] or position [39-41]. Motional feedback is normally imple-
mented on closed box systems because only a single sensor is necessary to sense
the output. Attempts with higher order systems including passive radiators have
also been successfully implemented [42]. In [I8] 21} 43] motional feedback was al-
ternatively used to control the undamped mechanical resonance of a current driven
loudspeakers. Loudspeaker protection using feedforward or feedback has also been
proposed [44] [45].

Despite the fact that both feed-forward and motional feedback have been investi-
gated intensively, this kind of active distortion cancellation is very rarely found in
commercial products. The motivation was to answer the question: Why is motional
feedback not used to improve the sound quality of woofers and subwoofers today?

A simplified schematic of the motional feedback implementation is shown in fig-
ure The output of the accelerometer is DC-biased since the electronics are
supplied by a single supply voltage. Then the output is filtered by a forth order

R1
RG1 AMA b
W - co2 R4
oy cps
et Vrel— + RG2 S Amp

L Vre]
S RF1
b:
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c10 I g l W
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Figure 3.17: Simplified motional feedback schematic
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Figure 3.18: Various measurements

lowpass filter to remove any high frequency noise and unwanted artefacts of the
accelerometer. The input signal is also DC-biased and compared to the filtered ac-
celerometer ouput. A compensation circuit is designed to obtain a desired open loop
response by considering the additional transfer functions of the amplifier and the
transducer. In this work two compensation circuits were designed and tested and
the measured open loop response of the first (old) and the second (new) is shown in
figure [3.18la. The cone acceleration was measured with a Polytec Doppler laser in
order to validate the accuracy of the accelerometer. A comparison at differen input
voltage levels are shown in figure B.I8/b. A good coherence is seen up to 1 kHz
where cone break-up start to occur. Figure [3.18]c and [3.18]d shows the measured
frequency spectrum and the measured accelerometer output with and without the
first "old" compensation. During the measurements the transducer was feed with a
8Vrums, 20 Hz sine wave signal. The effect of the motional feedback implementatoin
is clearly visible. Table list the final improvements in terms of THD obtained
by the second "new" compensation. It is clearly seen how the THD decrease as a
function of frequency and voltage level. A 5 time reduction of THD is obtained in
the best case.
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3.4. Motional feedback

Frequency THD W/O- / w. (%)
H2) 2 Vis | 4Vims | 8Vims
20 5.3/ 1.1{15.0 / 1.3/54.9 / 9.1
30  |2.4/04]56 /05220 /21
40 [1.3/03/25/05[7.0/1.6
50 [0.9/05/1.5/08[32/05

Table 3.1: Laser based THD measurements with and without compensation

3.4.1 Discussion

Based on this work it can be concluded that motional feedback is very straight
forward to implement and that it greatly improves total harmonic distortion. The
full potential of motional feedback in terms of transient response, perceived sound
quality, cost and power requirements is however still to be revealed. Future work
should include a way to adjust the amount of motional feedback as a function
of the displacement level in order to improve the signal to noise ratio. A digital
implementation would probably be advantageous in terms of added functionality.
Listening tests and transient response tests should also be conducted. The sound
quality and power requirements vs. enclosure size is another very interesting topic
to explore. To the authors opinion there is no good reason why motional feedback
is not being used to improve the sound quality of woofers and subwoofers today.
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CHAPTER 4

Efficiency

4.1 Introduction

4.2 'Tracking power supply

Class-D amplifiers are known to be highly efficient compared to traditional linear
amplifiers [46H50]. On the other hand the efficiency advantage is relatively poor at
idle and at low power levels as indicated by the measured efficiency shown in figure

A1l
Temp = 25 °C, RL =4 Q, | kHz reference

100

2]
<

=N
=)

ol
|

=~
()

Efficiency [%]

Vs (£40V)

(]
<

| 10 100
Output Power [W]

Figure 4.1: Measured efficiency of a 130 W class-D amplifier with a 1 kHz reference and
a supply voltage of £ 40 V

In previous research the generalized distribution of volume control positions in time
and the corresponding output power have been analysed [48]. The research showed
that the users were listening to background music in 89 % of the time corresponding
to a peak power of 1.3 W. This coupled with the fact that the average power is
much lower than the peak power when it comes to music indicate that the efficiency
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4.2. Tracking power supply

of a sound system should be optimized for lower power levels. An efficiency below
60 % at the background music level is actually an environmental concern when all
the sound systems around the world is considered.

PO =1.3W, fSW =206 kHz, Lout = 30 uH, RL = 4 ohm, Temp = 25°C
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Figure 4.2: Power losses analysis vs. supply voltage at 1.3 V constant output power in 4
Q load

In [51] a detailed loss analysis of class-D amplifiers is presented. In this work that
model is used to predict the losses in a class-d amplifier driving 1.3 W constant
output power into a 4 €2 load as a function of the supply voltage - see figure As
seen both power stage switching losses as well as the filter conduction and switching
losses are greatly decreased by lowering the supply voltage. Figure shows a
handful of different power supply schemes. In order to illustrate the dynamics of
each supply scheme the left side show a high signal level and the right side show a
medium signal level. Figure [£.3]a shows a common fixed voltage supply that leaves
a large headroom when the audio signal is low. A few amplifiers control the supply
voltage as a function of the volume controller as shown in figure [£.3]b. This is a
huge improvement but due to the high peak to average content of audio material
a large headroom is still present. In figure [£3|c a 2 level supply scheme is shown.
The advantage of this approach is a relative simple implementation that changes
the gain of the feedback loop in the power supply based on a simple trigger circuit.
When the user listens to background music the supply voltage will be low and the
supply voltage will go to its maximum level at other volume settings. Figure [4.3]d
shows a peak and hold supply voltage scheme where the supply voltage is turned up
during the peaks of the audio signal and is hold for a while before it begins to fall
again until it finds the next peak. This scheme is also quite simple to implement
using a peak and hold circuit but it will properly require more from the feedback
loop of the amplifier because the amplifier have to adjust its gain to the constantly
changing supply voltage. Figure [{.3]e illustrate a fast tracking power supply. This
is the ultimate scheme in terms of minimum supply voltage but on the other hand
it requires a lot from the control loop of both the amplifier and the power supply.
A fast and fully tracking power supply was presented in [52], 53]
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4.2. Tracking power supply

The goal of this work was to investigate the real efficiency improvement of a peak
and hold based tracking power supply and to investigate if the total harmonic
distortion of the amplifier is affected. The peak and hold based tracking power
supply was not implemented but the efficiency of a class-D amplifier as a function
of the output power was measured and for each power level the supply voltage
was adjusted to the peak value the amplifier output voltage. Figure [£.4] compares
the measured efficiency with and without a "peak and hold based tracking power
supply". As seen the efficiency is drastically improved at 1 W. If the power supply
rejection ratio of the amplifier is high due to a well designed feedback loop then
the total harmonic distortion should not be altered which is also the case for the
measured THD curves shown in figure [£.5
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4.2. Tracking power supply

1st example, Temp = 25 °C, RL = 4Q, 1kHz reference
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Figure 4.5: THD vs. power for different supply voltages

33/221



4.3. Non-linear transducer and electrical compensation

4.2.1 Discussion

This work demonstrate that the efficiency of a class-D amplifier can be significantly
improved at low power levels by the use of a peak and hold based tracking power
supply. In theory the amplifier efficiency could be further improved if a fast tracking
power supply scheme was applied. In future work the efficiency of the tracking
power supply should however be considered since a higher conversion ratio could
counteract the gained efficiency improvement to some extend. Previous research
has investigated the possibility of integrating the power supply and the amplifier
in a single stage but it seems like that approach has to many disadvantages [54].
To the authors knowledge the literature regarding this subject is very sparse and a
fixed supply voltage is common practice for class-D amplifiers.

4.3 Non-linear transducer and electrical compensation

This chapter describes a interesting concept for efficiency improvement that was not
investigated or published due to lack of time. It is well known that the transducer
is the weakest component in the sound reproduction chain as mentioned before.
The passband efficiency for a transducer is given by

. Bl2 poS?l
- R.M2, 2me

1 (4.1)

To state an example the efficiency of the 8” woofer (HiVi-M8N) used in the work
on motional feedback [B] is

9.62 1.18 - 0.02142
- 100 = 0.27 42
Thwoofer = 4 6770.03652 27345 % (4.2)

The efficiency of a 1”7 tweeter (BC25SC06-04) is a little higher

1.72 1.18 - 0.000682
- -100 = 0.35 4.3
MMweeter = 5 670.000272 27345 % (43)

It seems very challanging to improve the efficiency when looking at equation
The force factor Bl can be increased by the use of a larger and stronger magnet but
a physical limit exists and strong neodymium magnets are already applied. Further
more a larger magnet takes up more space inside the loudspeaker enclosure which
decrease the efficiency below the resonance frequency of the transducer. A larger
magnet also increase the weight of the transducer which is a disadvantage when it
comes to handling and shipping. The effective cone area S; is constrained by the
size of the final loudspeaker design. Even if a larger cone area would be an option
the larger cone would increase the mass M,,s. The mass could be reduced by using
a thin and lightweight material and apply cone optimization to avoid break up.
This approach has already been applied and there is a physical limit as well as a
economic limit to the choice of material and the fabrication. The mass could also
be reduced by the use of a lighter conductor such as alluminium but that would
cause the resistance to increase. The resistance could be lowered by adding fewer

34 /221



4.3. Non-linear transducer and electrical compensation

turnes, decreasing the diameter of the voice coil or by increasing the diameter of
the wire or by improving the fill factor using rectangular wire. The last two options
increase the mass and the two first options decrease the force factor Bl. The task
is thus to balance all of these parameters to optimize the efficiency of a transducer.
This task is actually very limited by the fact that the transducer needs to be linear
in a certain displacement range and due to the fact that the DC-resistance of the
voice coil R, needs to be fixed at 4€) or 8().

Klippel and Agerkvist have however showed that a non-linear transducer motor can
improve the efficiency at certain displacement ranges but non-linear compensation
methods such as motional feedback are required [Il, 2]. A range of motor topologies
are shown in figure Each topology produce a unique force factor characteristic
as shown in figure

B

a) Over-hung coil b) Under-hung coil

e S é
¢) Split coil d) Equal-length coil

Figure 4.6: Motor topologies
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o Force factor Bl(x) [N/A]

/\/\§

Voice coil d1sp1acement x [mm]

Figure 4.7: Illustration of force factor vs. displacement for different motor topologies.
The curves are based on work by Klippel and Agerkvist [1} 2]
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4.3. Non-linear transducer and electrical compensation

4.3.1 Discussion

Considering the behavior of the listener and the behavior of music the displacement
is most frequently operating in the low range. Thus the equal length coil motor
topology is most attractive in terms of efficiency. Future work should focus on
the tradeof between a high force factor vs. a decreased number of turns leading
to lower voice coil resistance, lower DC resistance and lower voice coil inductance.
In professional audio equipment where the loudness level is constantly high the
split coil motor topology could be of interest. In both cases non-linear control is
required.
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CHAPTER 5

Cost and size

5.1 Introduction

For many years it seemed like the saying ”more is better” applied for amplifier
power in a sound system. In recent years the game has changed since many new
sound systems integrate the power supply, the amplifiers and the transducers in
a single unit leaving all of the technical details to the engineers - it just have to
play loud enough! New design possibilities arise as a consequence of the integration
but at the same time size and cost of the main components is a major challenge.
Present design practices relying on sinusoidal test signals and resistive amplifier
loads which are far from the actual audio signals and amplifier loads are hindering
improvements in this area [55H61]. The motivation has thus been to develop an
intelligent approach to estimate the realistic power requirements of a given sound
system to avoid over dimensioned sound systems and to obtain a highly appreciated
size and cost reduction [D,E].

5.2 Modeling of requirements specification

The power required during audio reconstruction is mainly a function of the audio
material being reproduced, the loudness level and the efficiency of the loudspeaker.
A more detailed scheme for estimation of the power requirements is shown in figure
The model uses a large database of music files (400 music tracks in total), the
music tracks are loudness normalized to enable a fair comparison of the individual
power requirements of each track, the same amount of gain is then applied to each
track to bring the loudness level to a specific loudness limit, the music is filtered by
a cross-over filter and the resulting signals are applied to a linear model of specific
transducers/drivers that are to be used in the given application.

The model used was similar to the Matlab simulink model shown in figure but
with the non-linear dependencies of the displacement disabled. From the simula-
tions the voice coil voltage and current of each music track was stored. It was then
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Figure 5.1: Scheme for power requirement estimation
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Figure 5.2: 3 genres of music with applied loudness normalization
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5.2. Modeling of requirements specification

relatively simple to extract the worst case peak voltage and current and to calculate
the worst case peak power and the apparent power for each track. The result are
shown in figure As seen the peak voltage, the peak current and thus the peak
power was highest for the woofer. The average apparent power was however higher
for the subwoofer for less than half of the songs and it is noted that the worst case
peak power is approx. 100 times higher than the average apparent power. This
knowledge can be used to determine the supply voltage of the amplifier and the rat-
ting of the components in the power supply and the amplifiers. From these results
it is clear that the power requirement is related to the audio material. Figure
show 3music tracks of individual genres with applied loudness normalization. These
tracks sound equally loud despite their different characteristics. By eye inspection
the Dubstep track sees to have the highest average power requirement whereas the
Jazz track seems to have the highest peak power requirements. It is however hard
to distinguish the worst case power requirements for the woofer and the tweeter.

T
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Figure 5.3: Analyse of worst case peak voltage, peak current, peak power and apparent
power

The most important information is however missing. What is the worst case power
requirement scenario during playback of these music tracks? How fast does the high
power levels decay? How frequently is the high power levels required? There is no
simple way to answer these questions and therefore the power vs. time for each track
had to be analyzed in more detail. Figure [5.4] illustrate the presented analyzing
scheme. The stored data of the voltage and current from the simulation were
multiplied to form the power signal. Then the power signal was multiplied in the
time domain with a square window with stepwise logarithmically increasing window
width. For each window width the window was moved forward with 1 sample until
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Figure 5.4: Power analysis

the window reaches the end of the music signal. Every time the window was moved,
the apparent power of the signal within the window was calculated by and
the maximum value was stored for that particular window size. The result is the
worst case power requirement scenario vs. time. The result of the analysis for a
woofer can be seen in figure [5.5] As seen the worst case power is reduced from 500
VA to 40 VA in 0.1 second. In comparison the state-of-the-art power supplies and
amplifiers are rated for more than 80 seconds of peak power.

1 N
181 = 14| D v(m)2i(n)? (5.1)
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Figure 5.5: Worst case power vs. time (window width) for a woofer

5.3 Validation of requirements specification model

The previously presented power requirement model was based on a very simple
linear model. Further work expanded the model to include different types of enclo-
sures (closed and vented) and to include the most critical non-linearities Cy,s(),
Bl(z) and Le(z). In order to verify the models a simple measurement setup was
established. A 2 way loudspeaker developed by PointSource Acoustic and suitable
amplifiers were acquired. The voice coil voltage and current was preconditioned on
a small circuit board before being send to a Data Acquisition Device (DAQ) from
National Instruments which was controlled via Matlab. The setup is seen in figure

DIFF AMP
\/Rsl_<]<

+
> DAQ | AMP [»f| B8

Vamp P
DIFF AMP

Figure 5.6: Simplified measurement setup

1

MATLAB

A

Figure [5.7] shows the result of the closed box woofer validation. At low voice coil
voltage (4.3 Vpi) the coherence of the linear model is better than the non-linear
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5.3. Validation of requirements specification model

model. On the contrary the linear model overestimates the peak power at higher
voice coil voltages (10.8 V,). This discrepancy could be caused by the fact that
the non-linear parameters are measured at high voltage levels and not low voltage
levels. Also the free air and the vented box model showed a good coherence to
the measurements. All models predict the fast decay of power very accurately as
function of time and thus the results from the previous research where 400 music
tracks were analyzed can be trusted and is useful. Figure shows a comparison
of the measured tweeter with and without a passive cross-over filter and a linear
simulation. It is clearly seen that the power requirement of the tweeter is different
from that of the woofer.
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Figure 5.7: Closed box woofer validation
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Figure 5.8: Tweeter validation

A statistical analysis of the power requirements of 128 loudspeakers with similar size
(6.5”) was performed in collaboration with a master student [Ausin2015Experimental].
The linear parameters was acquired from various databases on the internet and pro-
cessed in Matlab. The frequency response of all the transducers were equalized to
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5.4. Power supply design

the same target response to enable a fair comparison and then each transducer was
simulated with the linear transducer model. Figure 77 shows a zoom of the power
curves obtained by simulation. As seen the variance in complex power (S) is large.
In future designs of general purpose power supplies and amplifiers the presented
power requirement model could be used to account for such variance.

Complex power [VA]

1 \ =4 I L 1 1 1 1
4.389 4.3895 4.39 4.3905 4.391 4.3915 4392
time [s]

Figure 5.9: Power variance as a function different transducers

5.3.1 Discussion

Until now sound system engineers only had rough estimations of the power require-
ment at hand based on assumptions far from the real application. In this work
a first attempt towards a realistic requirement specifications is taken considering
audio material as input, loudness normalization of the audio material, crossover
filters, the desired maximum loudness level as well as a non-linear model of the
transducers in the most popular enclosure types. The next step is to implement
this knowledge in the design of future power supplies, amplifiers and transducers.

5.4 Power supply design

[F]

5.5 Discussion
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Figure 5.12: Temperature measurement during power test
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Figure 5.13: Efficiency measurement
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CHAPTER 6

Production

6.1 Introduction

Incductors wound on toriodal cores are used in many power electronic products. An
examble is shown in figure where 6 of such inductors are used in an integrated
power supply and amplifier module from Pascal Audio. As illustrated in figure [6.2
the prototyping of such inductors are fairly quick and simple to create but the step
towards production require a lot of machinery and manual work which is typically
performed in countries where labor expenses are low. The lead time is thus high for
such inductors because it takes time to manufacture and ship the ordered inductors.
If the core diameter is small and the wire diameter is large each winding must be
made manually on a hook-pull type machine which is really labor extensive. Since
such inductors are quite bulky they are typically placed and soldered manually.
Another disadvantage of the wire wound toriodal inductor is that the copper fill
factor is low because the spacing between the windings increase gradually from the
inner diameter of the core to the outer diameter.

In this work a hybrid winding concept was investigated using the traces in a printed
circuit board to connect a number of bended copper foils resulting in a complete
winding. As usual a picture tells more than a thousand words - see figure This
concept opens up the possibility for both an automated manufacturing process and
an automated production process of toroidal magnetics such as power inductors,
filtering inductors, air core inductors, transformers etc. Also a faster time to market
is expected since the former including the bended foils can be pre-fabricated and
pre-shipped to different suppliers around the world.
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Amplfier inductors Converter inductor EMC inductors

Figure 6.2: Road from prototype to finished product

Hybrid inductor disassembled Typical inductor

Figure 6.3: Conceptual drawings
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6.2. Hybrid winding concept for toroids

6.2 Hybrid winding concept for toroids

In the early phase of development many thoughts about the winding implementation
came up. Figure show several ways to implement the hybrid winding. Both
stamped and bend foil pieces and cast copper pieces were considered. The resistance
of such winding arrangements are very complex to solve numerically and thus 3D
finite element analysis (FEA) was utilized.

Figure 6.4: Winding concepts

It was decided to make a prototype of the typical wire wound inductor and a
prototype of the hybrid wound inductor. Figure [6.5] shows the prototypes to the
left and the 3d drawn versions for simulation in the right. The prototypes was only
used to validate the simulation results and where never meant to be compared in
terms of resistance, inductance and such. The simulations showed a good coherence
up to 100 kHz where the core loss started to influence the measured resistance. Now
that the simulations could be trusted the influence of the copper layer thickness
of the PCB was simulated. The result shown in figure it can be observed that
the DC resistance of the hybrid inductor with bended foils of 0.5 mm thickness
can be rduced by 60 % using a double sided PCB layer of 70um copper thickness.
It was concluded that the bottle neck for the hybrid inductor is the connections
done in the PCB. In order to reduce the conductor length in the PCB the bended
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6.2. Hybrid winding concept for toroids

copper foils need to go in an angle over the core in order to secure that the PCB
connections are as straight and short as possible.

Figure 6.5: Left: Prototypes, Right: FEM simulation
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Figure 6.6: Simulated DC resistance as a function of the PCB copper thickness
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6.3 DC resistance optimization of a foil wound inductor

It is very difficult and time consuming to do several 3D FEA simulations. A 2D
FEA simulation was therefore chosen to attempt an optimization of the DC re-
sistance by simulation of various winding possibilities. A Matlab program with a
graphical user interface was created enabling various winding implementations to
be generated and inspected visually. The program enabled the user to change the
angle of each vertical or horizontal section of the winding, the number of turns
and the amount of insulation between each turn. Figure [6.7] illustrate the GUI and
examples of different settings and visual outputs. An optimization routine could
be lunched which generated a vast range of winding configurations. Each winding
configuration was automatically imported into Comsol and simulated using FEA.
A 31 % improvement of the DC resistance compared to previous results where the
bended copper foils went straight over the core. As mentioned earlier the thickness
of the PCB traces were a bottle neck for high power inductors. Another way to
cope with this problem is illustrated in figure [6.8] and [6.9]
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Figure 6.7: Graphical user interface and output
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6.4 Discussion

The first publication describing the hybrid winding concept won the best paper
award at the ECCE Asia down under conference in 2013. The concept is still very
young and the full potential is not yet exploded. The next step could be to test the
hybrid inductor in a real application such as class-D amplifiers or as air inductors
for very high frequency converters.
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CHAPTER 7

Other research

A great knowledge within magnetic component design and converter optimization
was acquired through a fruitful collaboration with several researchers at the elec-
tronic department at DTU. The work contributed to the development of efficient
drivers for actuators based on dielectric electro active polymer which has a potential
to increase the efficiency and weight of future audio transducers [62H66]. Further
more a huge amount of this research is relevant for the design of power supplies
used in sound systems. The flyback topology has been in focus during this work
and it is also a popular topology for power supplies in sound system. It is out of
scope for this thesis to present this work in further detail but the conference and
journal publications related to this work are to be found in the publication list.
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CHAPTER 8

Conclusion and Future work

This work has investigated the improvement of sound systems by electrical means.
The major parts of this thesis and the associated publications correspond to the
following contributions:

e Non-linear models of voltage- and current-controlled electro dynamic trans-
ducers have been derived and the accuracy have been verified using a laser
measurement. Both total harmonic distortion and total intermodulation dis-
tortion as a function of frequency and displacement have been presented. The
knowledge gained are crucial for the design of sounds systems with improved
sound quality. Future work should focus on auralization of the non-linearities
and focus on ways to determine the perceived audio quality. This will help
future engineers to make meaningful design choices leading to better sound
systems.

e Multi-tone distortions of voltage- and current-controlled transducers have
been compared using non-linear models. It was found that current control is
an alternative to the use of passive shorting rings in the pole piece that are
used to linearize the voice coil inductance as a function of the displacement.
Future work could focus on the combination of current control and motional
feedback as sparsely presented in previous research. Listening tests would be
of great future value.

e Accelerometer based motional feedback have been successfully implemented
as an electrical mean to improve the sound quality. A 14 dB reduction of the
total harmonic distortion was obtained in the best case. Motional feedback
opens up for radical design changes such as non-linear transducer designs
that has a potential to improve the very poor efficiency of linear transducers.
More work is required to optimize the performance and implementation cost
of motional feedback. Also the power requirement of small loudspeakers with
motional feedback could be investigated in the future.

e The concept of a tracking power supply has been investigated as a mean to
lower the amplifier losses at low power levels which is an environmental con-
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cern. The measurements on a prototype and a commercial class-D amplifier
shows a considerable efficiency improvement at low output power without sig-
nificant degradation of the sound quality. Future work should implement a
tracking power supply to reveal the full potential of this concept.

e A first attempt towards realistic power requirements specifications for sound
systems have been taken. A new analyzing tool has been developed and
experimentally validated. It is found that the full power capability of the
power electronics in a sound system is only needed for a very short time in
the range of milliseconds. Based on this research a huge potential in terms
of size and cost of future sound systems is expected. Future work should
expand this research to include a range of different sound system applications
and different audio material.

¢ A novel hybrid winding concept for toroidal magnetic components have been
proposed. The winding implementation has been optimized in terms of DC
resistance with the aid of a comprehensive optimization routine incorporating
finite element analysis. The proposed hybrid winding scheme should be tested
in different applications such as class-D amplifiers in the future. Also very
high switching frequency converters could be an interesting test application.
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ABSTRACT

Current driven loudspeakers have previously been investigated but the literature is limited and the advantages
and disadvantages are yet to be fully identified. This paper makes use of a non-linear loudspeaker model to
analyse loudspeakers with distinct non-linear characteristics under voltage and current drive. A multi tone
test signal is used in the evaluation of the driving schemes since it resembles audio signals to a higher degree
than the signals used in total harmonic distortion and intermodulation distortion test methods. It is found
that current drive is superior over voltage drive in a 5”7 woofer where a copper ring in the pole piece has not
been implemented to compensate for eddy currents. However the drive method seems to be irrelevant for
a 5” woofer where the compliance, force factor as well as the voice coil inductance has been optimized for

linearity.

1. INTRODUCTION

Traditionally loudspeakers are driven by volt-
age controlled amplifiers exhibiting low output
impedance. The electromagnetic driving force act-
ing on the diaphragm is however proportional to
the coil current which is inversely proportional to
the non-linear loudspeaker impedance in the case of
voltage drive. Current controlled amplifiers exhibit a
much higher output impedance than the loudspeaker
impedance and thus changes in the voice coil resis-
tance due to heating, changes in voice coil induc-
tance as a function of the displacement and the con-
tribution from the loudspeakers electro motive force

(EMF) dos not have any effect on the electromag-
netic driving force. Even though these are great ben-
efits current drive was probably turned down since
an individual filter is needed to dampen the mechan-
ical resonance of the loudspeaker unit adding com-
plexity and cost to the electronic implementation as
indicated in this paper from 1943 [1]. A static filter
is unfortunately not sufficient since the mechanical
resonance of a loudspeaker can drift due to ageing
of the suspensions components, due to production
variance, temperature change and so on. Other re-
search has dealt with mechanical damping and elec-
trical damping by advanced amplifier control to al-
leviate this problem [2,3]. Another disadvantage of
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Fig. 2: Example of non-linearites as a function of displacement for 25 different 5

current drive is the requirement of an extra circuity
to deal with a no-load situation and while this isn’t
a problem in many present audio applications where
the amplifier and loudspeaker is integrated in a sin-
gle unit, historically this was a disadvantage due to
interchangeable demands of the amplifier and loud-
speakers. Current controlled amplifiers are simple to
implement in existing amplifier topologies control-
ling the voltage and in fact some voltage controlled
amplifiers already have an inner current feedback
loop [2]. As indicated by Klippel [4], other critical
non-linearities such as the displacement dependent
compliance and force factor dominate at lower fre-
quencies where current control dos not have a strong
impact. In [5-7], motional feedback was combined
with current drive to deal with the non-linearities
and at the same time deal with the previously men-
tioned damping issue inflicted by current drive. Re-
cent publications questions the voltage drive prin-
ciple and compare it to current drive [8-11]. Only
in [8,9] a comparison related to distortion of different
types of loudspeaker units from woofers to micros-
peakers is found. In this work the limited evaluation

Displacement x [mm]

Displacement x [mm]

2

woofers

of current drive is expanded by analysis of three 5”
woofers with distinct non-linear characteristics. A
model of voltage and current drive of the woofers
is implemented and a static filter is utilized to en-
able comparison of the drive methods. Even though
a static filter can not be used in a real application
because of the drifting issue mentioned previously
this is not the case for the model. The model can be
used to examine the potential of current drive before
a great effort is put into the actual implementation.

2. LOUDSPEAKER MODELLING

Large signal measurements performed with the Klip-
pel analyzer [12] of 25 individual 5” loudspekaer
drivers was collected for this work. As seen in fig-
ure 2 the measured force factor Bl, compliance C, ¢
and voice coil inductance L. as a function of dis-
placement x show a huge deviation in both level and
form. The benefit of each driving scheme will also
deviate and . Eleven of the woofers originates from
a study of eddy current compensation (with differ-
ent implementations of copper and aluminium rings
in the pole piece) and thus exhibit nearly the same
force factor and compliance characteristics.

AES 138t Convention, Warsaw, Poland, 2015 May 7-10
Page 2 of 7
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In this work two of the eleven woofers from this
study is chosen to represent a woofer with and with-
out eddy current compensation. A third driver is
chosen because of a flat force factor, a soft and sym-
metric compliance and a low and flat voice coil in-
ductance which are characteristics that are expected
to result in very low distortion. The chosen woofers
will be referred to as woofer 1, 2 and 3 respectively
in the rest of this paper. Their non-linear charac-
teristics are shown in figure ?7. The displacement
was limited to the maximum displacement xp;4x
of woofer 1 and 2 during the examination. In this
displacement span it is noted that the voice coil in-
ductance of woofer 1 is very displacement sensitive
and that the characteristics of woofer 3 are less sen-
sitive to displacement and are more symmetric in
comparison to woofer 1 and 2.

The loudspeaker models used in this work are based
on the fundamental loudspeaker equations
RQSLQ

i(s) + sBlxz(s)

F(s) = BL-i(s) 1)

F(s) = Mys5%2(s) + Ryssa(s) + Cl z(s)

ms

2.1. Impedance

The electromagnetic driving force is inversely pro-
portional to the impedance in voltage drive. An
investigation of the impedance variance as a func-
tion of displacement is therefore relevant and has
been performed in this work. In (2) the impedance
is derived based on (1). Bl, Cp,s and L. are made
dependent on the displacement = and the impedance
for the 3 chosen woofers are illustrated in figure 3 by
varying « from -5.7 mm to +5.7 mm in incremental
steps. This is equivalent to a small signal analysis
at various displacement offsets. From this analysis
it is expected that woofer 3 will be less effected by
the driving scheme.

u(s) ResLy
7 _us) _ L 7 2
load(8) i(s) Re 4 sle() + Re +sLo @
Bl(x)?
SMms + RmS + m

<)
@
T
N
\ ” o
5*-—-7\%/5 )
- i 0 A
102 3 -5 “\e“‘\“\

10 o
Frequency [Hz] 0_\5‘)@0

(a) Woofer 1: Without copper ring

Ze(s) [Q]

Ze(s) [Q]

(c) Woofer 3: With very linear characteristics

Fig. 3: Non-linear impedance variation as a function
of displacement
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Fig. 6: Resulting 4th order bandpass response
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2.2. Sound pressure level

The fundamental equations in (1) can be used to
derive the transfer functions from voltage to accel-
eration and from current to acceleration respectively

Bls2
Z(afv) = ° T
Bi2s+ (sLe + Re)(82 M5 + sRins + 07)
ms
Bls?
Z(afi) = 1 3)
(2Mpps + SRims + 07)

It is noted that the acceleration due to current drive
is independent of L., R, and less independent of BI.
The acceleration is proportional to the sound pres-
sure level (SPL) and the resulting SPL of voltage and
current drive is shown in figure 4. The characteristic
peak in the frequency response around the resonant
frequency of the loudspeaker using current drive is
evident. The amplitude of the sinusoidal signal used
to calculate the SPL’s were 1 for both voltage and
current drive which explains the difference in SPL’s.
In order to compare voltage and current drive the
power applied to the woofer in both driving schemes
have to be equalized, thus the SPL’s have to match.
This is achieved using the filter shown in figure 5 and
by applying the filter the resulting SPL’s optain the
form of a 4th order bandpass filter as shown in fig-
ure 6. The chosen bandpass characteristic resembles
a typical crossover design for a woofer in a 2 way
loudspeaker. Implementation of the filters makes it
possible to use a signal with the same amplitude as
input for both voltage and current drive and it en-
ables comparison of the two driving schemes. The
filters are designed to obtain a maximum displace-
ments just bellow zpr4x (determined by the Klippel
measurement).

3. DISTORTION ANALYSIS

The models used to predict the distortion due to
the woofer non-linearities are implemented in matlab
simulink. The models are inspired by [8,9]. The
input stimuli consists of 10 sinusoidal signals with
equal amplitude spread over a frequency range of
20 Hz to 2 kHz. In figure 9 the output spectrum

AES 138t Convention, Warsaw, Poland, 2015 May 7-10
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Fig. 8: Simulink model of current driven transducer

caused by low displacements (around =+ 2.7 mm) and
high displacements (around =+ 5.7 mm) are shown for
Woofer 1, 2 and 3.

In figure 9.a and figure 9.d, the advantage of cur-
rent drive is clearly seen at both displacement levels
for Woofer 1 since the distortion is significantly re-
duced. At high displacement level even Woofer 2
with low variance in voice coil inductance has an
advantage of current drive as seen in figure 9.e but
at lower displacements only a small difference is ob-
served as seen in figure 9.b. In the case of woofer
3 the driving scheme seems irrelevant as seen in fig-
ure 9.c and 9.f. These results support the predicted
performance based on plots of the impedance as a
function of displacement.

4. FUTURE WORK

Future works should investigate the advantages of

current drive for loudspeaker drivers used in a higher
frequency range above the resonant frequency such
as fulltone units and tweeters. The model of the
tweeter should be expanded to include the non-
linear viscous damping Rms. Furthermore elec-
tronic damping at the resonance frequency could be
considered using amplifier control techniques. And
finally the real cost-benefit should be experimentally
verified.
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Fig. 9: Distortion analysis
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5. CONCLUSION

This paper present a comparison of voltage and cur-
rent drive for 3 distinct 5 inch woofers. A non-
linear Matlab Simulink model including the major
displacement related non-linear distortions is imple-
mented including a loudspeaker specific filter to ob-
tain a target response. It is found that current drive
is superior to voltage drive in the case where the
voice coil inductance is non-linear due to eddy cur-
rents. It seems that voltage drive is sufficient for
loudspeakers where a shorting ring is implemented
to reduce the eddy current effect and even more so
if the compliance and the force factor has been opti-
mized for linearity. Current drive is a welcome low
cost alternative to shorting rings, since the cost of
current controlled amplifiers is not expected to in-
crease.
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ABSTRACT

The electro dynamic loudspeaker is often referred to as the weakest link in the audio chain due to low
efficiency and high distortion levels at low frequencies and high diaphragm excursion. Compensating for
loudspeaker non-linearities using feedback or feedforward methods can improve the distortion and enable
radical design changes in the loudspeaker which can lead to efficiency improvements. In combination this
has motivated a revisit of the accelerometer based motional feedback technique. Experimental results on a 8
inch subwoofer show that the total harmonic distortion can be significantly reduced at low frequencies and
large displacements.

1. INTRODUCTION Back then the size condition was stressed by the

advent of 4 channel sound and today this condition

In 1973 Edward R. Hanson from Phillips [1]
stated the most important loudspeaker conditions
to comply with being

e Size as small as possible
e Frequency response as wide as possible

e Frequency response as flat as possible

Distortion as little as possible

Efficiency and power handling capability must
be considered

is still actual with the advent of 3D sound which
require 12 loudspeakers in a 7.1.4 set up. A
small transducer will have to move the diaphragm
further to provide the same sound pressure level
compared to a larger transduceer and this tends
to increase the distortion due to displacement
dependent non-linearities of the compliance, the
force factor and the self inductance [2]. Further
more a small loudspeaker enclosure will have a high
impedance which will limit the low frequency range
resulting in a narrow and non flat frequency response
if no action is taken. It was noted that the efficiency
and power-handling capability must be considered
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in any attempt to correct these problems. Today,
efficient and powerful class-D amplifiers and switch
mode power supplies are up for this task.

The distortion and frequency response can be
corrected by equalization combined with motional
feedback (MFB) or model based feedforward
methods. Feedforward methods have received a lot
of focus in recent years due to advances in digital
processors, loudspeaker characterization methods
and loudspeaker modelling [3-5].  Feedforward
compensation avoids a motional sensor but requires
an accurate model of the loudspeaker that is able
to adapt to time drifting loudspeaker parameters,
and non-linearities [6]. Even though feedforward
compensation has come a long way and seems
very promising the alternative MFB technique is
revisited in this work. The output or motion
of the loudspeaker can either be captured as
acceleration [1,7, 8], velocity [9-14], pressure [15]
or position [16-18]. MFB is normally implemented
on closed box systems because only a single sensor
is necessary to sense the output. Attempts with
higher order systems including passive radiators
has also been successfully implemented [19]. In
[20-22] MFB was alternatively used to control
the undamped mechanical resonance of a current
driven loudspeakers. Loudspeaker protection using
feedforward or feedback has also been proposed
[23,24)].

2. CONTROL THEORY

A block diagram of the control scheme used in
this work is shown in figure 1. The design of the
controller is based on the transfer function of the
Plant which consist of an amplifier, a loudspeaker
and an accelerometer. The Feedback applies a gain
to control the level of feedback compared to the
input level.

2.1. Class-d amplifier

The class-D amplifier can be modeled as a 2nd order
butterworth filter given by

Gowz
Gamp = ﬁ (1)
5% + \/ﬁwas + w
where
1
o= 2mfy = (2)

VLiCy

Disturbances
Yy
47“:0—6> Controller |—— Plant
Ym
Feedback

Figure 1: Block diagram of negative feedback

2.2. Loudspeaker

The transfer function from voltage to acceleration
given in equation (3) is derived from the well known
equations (4) of the lumped loudspeaker model [5].

Bis?
Glafw) = -
Bl?s + (sLe + Re)(8?Mys + sRims + C—)
6}
u(s) = Rei(s) + sLei(s) + sBla(s)
F(s) = Bl-i(s) (4)
F(S) = ]\/{msSQw(s) + RmsS.’L'(S) + 1(3)

ms

R, and L. are electrical resistance and inductance,
Bl is the force factor, M,,s, Rms and C,,s; are
respectively the mechanical mass, resistance and
compliance.

2.3. Sensor

The accelerometer has a bandwidth of 10 kHz and a
sensitivity of 6.7mV /G with a supply voltage of 5V.
The accelerometer can be modelled as a 2nd order
peaking low-pass filter with a peak located around
21kHz, and a peaking magnitude of 7dB.

2.4. Control

A bode plot of the Plant which consist of Ggmyp -
Gy/a * Gsens is shown in figure 3. As seen the
magnitude of the Plant needs to be raised at low
frequencies in order to obtain a higher loop gain
at lower frequencies. The controller consists of two

AES 138t Convention, Warsaw, Poland, 2015 May 7-10
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Figure 3: System transfer functions

poles at DC, 2 zeroes at the lower cut-off frequency
of the Plant and 2 poles at 600 Hz. This is done
to attenuate noise and high frequency break up
modes of the cone as seen in the sound pressure level
measurement in figure 5a.

The compensation transfer function is given by

Goomp — Ko (1218 + 1) (1228 + 1) = 1
(7p15)(Tp25) 27 fep

()

The resulting open loop transfer function Gopen
is plotted in figure 3. It resembles a low-pass
characteristic with an open loop phase margin of
around 70 degrees at 630 Hz.

3. EXPERIMENTAL WORK

The transducer used during this work is an 8”
woofer, HiVi-M8N. The cone of the transducer
is an aluminium/magnesium blend, which gives
a light weight and stiff cone. Severe breakup
modes appear from 1 kHz and up as seen in
figure 5a. The sensor is implemented with an
of the shelf one-axis accelerometer from Analog
Devices (ADXL001-250BEZ) that can handle up
to 250 G and provides a 10 kHz bandwidth.
The accelerometer is glued to the center of the
transducer, figure 4a. Small wires run from the
accelerometer to the printed circuit board (PCB)
connecting supply voltage, ground, and the output
signal of the accelerometer. The wires goes in a soft
arc from the accelerometer to the loudspeaker frame
to avoid bending stress on the wires.

3.1. Implementation

It is out of scope to fully describe the analogue
design and implementation of the MFB scheme.
However figure 2 can be used to get a rough idea
of the implementation. V,.s is a bias voltage, equal

AES 138" Convention, Warsaw, Poland, 2015 May 7-10
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(b) Control PCB prototype.

Figure 4: Hardware

to half of the supply voltage of the operational
amplifiers. The operational amplifiers use a single
supply voltage of +12 V. Figure 4b shows a picture
of the prototype. Three BNC connecters are
mounted on the PCB to be able to measure the input
signal, the output signal (signal to amplifier) and the
output of the accelerometer. A set of jumpers makes
it possible to enable/disable the controller and the
MFB.

The gain Gy, as described in equation 1, of the used
amplifier is 20 and the cut-off frequency is 61kH z.
It is noted that the accelerometer has a relatively
high noise floor at low accelerations. Two series
connected 2nd order butterworth low-pass filters are
therefore utilized and they are modelled with (1).

The gain is set to 1.5 and the cut-off frequency is set
to 600 Hz.

3.2. Sensor verification

A Polytec Doppler laser is used to investigate the
influence of the accelerometer mounted to the cone.
The sound pressure response is measured with and
without the accelerometer mounted on the speaker
cone, figure 5a. It is found that the response is not
affected particularly until around 1 kHz. Since the
design is intended for a subwoofer, this is beyond the
required frequency range.

Laser measurements were also used to verify the

—— Without Accelerometer
—— With Accelerometer

75

70
10° 10°

Frequency [Hz]

(a) Loudspeaker SPL response.
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551 s
8 50
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(b)  Comparison of accelerometer and laser

measurements.

Figure 5: Validation of accelerometer
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output of the accelerometer. A comparison of laser
and accelerometer measurements at different voltage
levels is shown in figure 5b. The measurements show
a very good coherence up to around 900 Hz. The
bandwidth of the controller was chosen to be lower
than 900 Hz based on this observation.

3.3. Results

A comparison of a 20 Hz measurement with and
without MFB can be seen in figure 6a and 6b. As
seen in figure 6a the harmonics are lowered and the
THD is improved by more than 2 times from 54.9
% to 20.6 %. Figure 6b illustrates the time domain
signals where it is clearly seen that the distortion
has been improved greatly with MFB.

40F

Magnitude [dB]
\ N
o o

N
o
T

-40

20 40 60 80 100 120 140
Frequency [Hz]

(a) Spectrum comparison of acceleration with

(RED) and without (BLUE) MFB measured with

laser.
200

. 100+
<
k%
£
c
£ o0
<
[}
®
Q
Q
<_

i
o
o

—THD = 54.9%
—THD = 20.6%
-200 : : :
0.1 0.15 0.2 0.25 0.3

Time (s)

(b) Time comparison of acceleration with (RED)
and without (BLUE) MFB measured with laser.

Figure 6: 20 Hz and 8 Vzass comparison

Frequency THD w/o. / w. (%)
M) oy, | 4Vie | 8V
20 |5.3/1.2|15.0 / 3.7|54.9 / 20.6
30 24/0.8]56/18]|220/6.7
40 1.3/07/25/12| 70/28
50 0.9/07 15/1 | 32/L7

Table 1: Laser THD Measurements Without and
With Compensation
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Figure 7: Measured original (RED) and improved
(BLUE) open loop response

Frequency THD w/o. / w. (%)
Ha) oy, | 4V, ‘ 8 Vi

20 |5.3/1.1[15.0 / 1.3/54.9 / 9.1
30 [24/04[56/05](22.0 /21
40 [1.3/03[25/05[70/16
50 [0.9/05[15/08[32/05

Table 2: Improved Laser THD Measurements
Without and With Compensation

In table 1 the THD at low frequencies with and
without MFB are shown at different voltage levels.
The magnitude of the open loop response will
drop at low frequencies and high excursions due to
the non-linear behaviour of the loudspeaker which

AES 138t Convention, Warsaw, Poland, 2015 May 7-10
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was not accounted for in the small signal analysis.
In order to improve the open loop gain at lower
frequencies an integrator was added to the control
circuit. A comparison of the old and new open
loop response is shown in figure 7. New laser
measurements where performed and the improved
results are listed in table 2. The THD is improved
over the whole measuring range and at 20 Hz and 8
Vrums the THD is lowered by more than 5 times.

4. FUTURE WORK

In future work the MFB could be limited as a
function of displacement in order to improve the
signal to noise ratio. Listening tests and transient
response should also be performed in order to
reveal the full acoustical potential of MFB. As
mentioned previously the power requirement will
increase when the transducer is forced to deliver
a certain frequency response which is the case
with MFB. The power requirement and protection
must thus also be investigated. The sound quality
and power requirements vs. enclosure size is
another interesting topic to explore. A digital
implementation would probably be advantageous in
terms of added functionality. The added cost of
the MFB implementation may be compensated for
by cost savings on the transducer, since the linear
requirements of the transducer is lowered.

5. CONCLUSION

Accelerometer based MFB of an 8 inch woofer is
designed and validated. Experimental results show
that the accelerometer is useful as a sensor and
the feedback loop was successfully implemented.
The worst case THD was substantially reduced by
more than 5 times. The full potential of motional
feedback in terms of transient response, perceived
sound quality, cost and power requirements is still
to be revealed.
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