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Abstract
Conventional linear audio power amplifiers have been and continue to be popular
in audio applications. In recent years, digital Class D switching power amplifiers
have increased in popularity, as the demand for smaller and more efficient electronic
devices has surged. Continuous technological advances have further improved audio
quality and allowed for smaller and more efficient Class D amplifiers. One audio
technology that uses Class D amplifiers is bone conduction hearing aids. These
systems generally consist of an extrinsic microphone and sound processor, connected
to a percutaneous device with the purpose of generating sound through vibrations
to the skull bone. Historically, bone conduction devices have been designed and
operated based on electromagnetic principles using electromagnetic actuators. Over
time, a more efficient type of actuator is increasing in popularity, one that utilizes
the piezoelectric force. Low-voltage Class D amplifiers are often only available in
integrated circuits (ICs), which take a long time to develop and can be a bottleneck
in the process. This thesis explores an alternative approach by developing a design
and simulation framework for a low-voltage Class D power amplifier using discrete
components to drive a piezoelectric actuator load. The following approach aims
to reduce the development time while showcasing the feasibility of constructing
low-voltage Class D power amplifiers utilizing discrete components for piezoelectric
actuator loads, achieving performance comparable to integrated solutions. A Class
D amplifier, using a H-bridge power stage, with ∆Σ to BD PWM with dead-time
control, has been developed in simulation and with PCB design. The amplifier,
operating across the audio frequency range (20 Hz to 20 kHz), achieved a peak SNR
of 69.32 dB and a THD+N peak of 0.15% when driven with a 0.658 VRMS sinusoidal
input with a fundamental frequency of 4410 Hz. A peak apparent efficiency of 86.4%
was observed with an input voltage of 2.44 VRMS. Compared to IC designs reported
in technical literature and found in commercial products, the results are promising.
Thus, the conclusion is that the idea of designing a low-voltage discrete Class D
amplifier for piezoelectric hearing aids is deemed viable. Still, its performance could
be greatly improved by incorporating gate drivers, a higher-order ∆Σ modulator,
and more refined filter designs.

Keywords: Bone conduction, hearing aid, piezoelement, sigma Delta, Class D am-
plifier
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Nomenclature

Below is the nomenclature of parameters and variables that have been used through-
out this thesis.

Parameters

DF Dissipation factor

M Sum iteration number for THD and THD+N

q Quantization step size

T One period

! Angular frequency,2�f

Variables

CP Parasitic capacitor

CPZ Capacitance of actuator (PZ = piezo)

EC Energy stored in a parasitic capacitor

eq Quantization error

f 0 Fundamental frequency of the sinusoidal input

Faudio Input audio frequency

f PWM PWM clocking frequency

f r Resonance frequency

f s Original sampling rate

Fs Final sampling rate after oversampling

FSW Switching frequency of the ampli�er

I g Gate current

Î o Output peak current

I o;RMS Output RMS current
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I rrm Maximum body-diode reverse-recovery current

I Q Quiescent current

i (t) Instantaneous output current

N Number of bits

P0 Power of the fundamental frequency component

PBD Body-diode power losses

PC Average consumed power in a parasitic capacitance

PCL Conduction power losses

Pdt Dead time power losses

PFILT Power losses in the output �lter

Pin Input power

Ploss Power losses in the ampli�er for a resistive load

Ploss,adj Total power loss adjusted for the model in this work

Pn Power of noise in the bandwidth of interest

Po Output power

Po,app Apparent output power

Preac Reactive power

Px Power of harmonics in the bandwidth of interest

Prr Reverse-recovery charge power loss

PSW Switching power losses

Ptrans Transition power loss

PQ Quiescent power losses

Q Quality factor

Q(x) Quantized output

Qg Total gate charge

q Quantization step size

r Exponent of the oversampling rate

RDS(on) On-state drain�source resistance

tdt Dead-time implemented to avoid Shoot-through current

t rr Body-diode reverse-recovery time

tswitch Switching time (time to charge the MOSFET gate)

t trans Transition time of the MOSFET

v(t) Instantaneous output voltage

VGS MOSFET Gate-Source voltage
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V 2
i RMS input voltage squared

VCP Voltage across a parasitic capacitor

V̂i Input peak voltage

Vo;RMS RMS output voltage

Vn RMS noise voltage within the bandwidth of interest

VDD Supply voltage

VGS Gate�source voltage
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VSD Body-diode source-to-drain voltage

X C Capacitive reactance

X L Inductive reactance

x Input signal to quantizer

� 2
e Average quantization noise power

� 2
x Average power of quantized signal

jZF j cos(� ) Resistive part of the �lter at audio frequencyf PWM
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1
Introduction

1.1 Background

The human ear is a complex organ that serves multiple functions and plays a key role
in daily life. It helps facilitate communication and shapes the way we interact with
the world. It consists of three di�erent regions: the external ear, the middle ear,
and the inner ear [2]. These three regions have di�erent functions but work together
to process sound and convert them into neural impulses. These impulses travel to
the brain, where they are processed and interpreted as sound. When discussing the
sense of hearing, it is divided into two distinct components: bone conduction (BC)
and air conduction (AC). In AC hearing (ACH), sound waves enter the outer ear,
travel through the middle ear, and cause the eardrum to vibrate [3]. The vibrations
are further transmitted into the inner ear until they reach the cochlea, which in
turn converts the vibrations into nerve signals. The second component, BC hearing
(BCH), refers to the auditory response of vibrations through the human skull. These
vibrations continue to travel through the skull until they reach the inner ear, where
they stimulate the cochlea and result in the sensation of hearing.

When an individual has a hearing threshold of 25 dB or higher, he or she is diagnosed
with hearing loss, which can severely a�ect the quality of life of that individual [4,
5]. In general, there are three main types of hearing loss: sensorineural, conductive,
and mixed hearing loss [6]. Sensorineural loss a�ects the inner ear or nerve signals,
while conductive hearing loss a�ects the outer and middle ear. Mixed hearing loss
is a mixture of the two. AC does not work as intended for a person with conduction
hearing loss, which results in a higher hearing threshold for sound traveling through
the air. Patients diagnosed with conductive or mixed hearing loss can achieve an
improved hearing threshold using a bone conduction hearing aid (BCHA) that can
be implanted or extrinsic [7, 8]. Implanted hearing aids can be percutaneous or
transcutaneous. Percutaneous devices are surgically implanted devices directly at-
tached to the temporal bone, with an abutment protruding through the skin [9]. In
transcutaneous devices, the implanted part and the external processor of the hearing
aid are connected by magnetic discs, hence no skin penetrating abutment is needed
[10, 11].

1



1. Introduction

1.2 Research Gap and Motivation

Today, modern BCHAs use integrated circuits (IC), such as complementary metal
oxide semiconductor (CMOS) technology, to power their speakers due to their low
power consumption. The external component of the hearing aid, located outside
the body, is powered by a battery. Reducing power consumption of the electronics
is important to ensure a long battery life and thus improve the quality of life of
users. Designing e�cient power ampli�ers in BCHAs with low power consumption
is a complex task that demands a signi�cant time, e�ort, and high development
costs. Once developed, ICs o�er several advantages, such as the capability for mass
production at a low cost per unit, compact size, and energy e�ciency. Although
power ampli�ers designed with discrete components might not reach the same level
of performance as ICs, they o�er a shorter integration timeline and are more cost-
e�ective during the early design phases. If the power ampli�er stage can be built
using discrete power-MOSFETs while still delivering performance close to that of
an integrated circuit, it will serve as an enabler for many products.

To the best of the authors' knowledge, no Class D ampli�ers for piezoelectric ac-
tuators designed with discrete components are found in either commercial products
or technical literature. Even Class D ampli�ers for piezoelectric actuators with in-
tegrated solutions are scarce in technical literature, and only in the last couple of
years some literature has been published on the topic. This gap highlights the need
for further research into e�cient, high-performance power ampli�ers using discrete
component solutions for bone conduction hearing aids.

1.3 Aim and Research Question

The aim of this thesis is to develop a design and simulation framework of a digital
Class D power ampli�er for piezoelectric actuators in BCHAs, using o�-the-shelf
discrete components. The objective is to achieve performance levels close to those
of ICs in modern BCHAs by achieving low total harmonic distortion (THD) and
total harmonic distortion plus noise (THD+N), high apparent e�ciency, and mini-
mized power consumption. This approach seeks to provide a cost-e�ective and faster
alternative to the traditional IC development process, �lling a gap in the current
market. Ultimately, improving the quality of life of users by prolonging battery life
and improving audio performance.

To achieve this aim, the thesis will address the following question:
I. Is it feasible to design and implement a microcontroller-based digital Class

D power ampli�er using discrete components for piezoelectric actuators in
BCHAs, and to achieve performance comparable to integrated solutions?

2



1. Introduction

1.4 Objectives

The thesis aims to achieve the following objectives:
I. Design and simulate a second order Delta Sigma (�� ) modulator that can be

implemented for real-time audio processing on a microcontroller with audio
input using the I 2S (Inter-IC Sound) protocol

II. Implement an e�cient �� -to PWM conversion method for driving discrete
power MOSFETs in the output stage of a Class D power ampli�er

III. Design a custom-made PCB for the proposed digital power ampli�er system
using o�-the-shelf components

IV. Optimize the second order�� modulator by experimenting with the bit depth
in the quantized output, to maximize signal-to-noise ratio (SNR) and minimize
noise

V. Experiment with dead-time control to �nd an optimal dead-time that mini-
mizes current spikes and prevents short circuits

VI. Minimize THD and THD+N in the digital Class D audio ampli�er using test
signals within the 20 Hz to 20 kHz audio frequency range

VII. Achieve a quiescent power consumption of< 1 mW
VIII. Ensure apparent power ampli�er e�ciency of � 80%

IX. Provide recommendations for further development and potential improvements

1.5 Delimitations

This section outlines the boundaries established for this thesis.
ˆ The audio input will be generated in simulation environment in MATLAB as

an exclusively digital signal, with a sampling frequency of 44.1 kHz, and with
1000 samples represented in the form of a 16-bit quantized sinusoidal signal.
The di�erent frequencies chosen for the simulations are integer multiples of
44.1 Hz, ensuring that the waveform completes an integer number of cycles in
order to avoid spectral leakage in the simulation environment.

ˆ Only o�-the-shelf microcontrollers for driving the Class D ampli�er will be
investigated.

ˆ The modulation techniques will be limited to�� modulation and conversion
to PWM for signal processing due to compatibility with digital systems and
e�ective noise shaping characteristics.

ˆ The PCB will initially be designed using KiCad software and later printed,
but not soldered as it is beyond the scope of this work.

ˆ Integrating the digital audio input from the sound card via I2s into the micro-
controller and testing the H-bridge circuitry required expertise and time that
exceeded the scope of this thesis. Therefore, they were designated for future
work.

ˆ The piezoelectric actuator used as the output load will not be tested practically
due to time constraints. Instead, its behavior will only be analyzed through
simulations, where it will be modeled as a capacitor together with a series
resistance.
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2
Fundamentals of Audio

Ampli�cation in BCHAs

This chapter begins with a brief overview of the key components in a typical dig-
ital BCHA system, illustrated in Fig. 2.1 and highlights the speci�c components
examined in this thesis. Next, the most widely used bone vibrators for BCHAs will
be covered, including their key characteristics and operational principles. Then, the
fundamental performance indicators of audio ampli�cation will be introduced.

2.1 Overview of Digital BCHA Systems

A generic block diagram of a digital BCHA is illustrated in Fig. 2.1. The hearing
aid consists of a microphone, preampli�er, analog-to-digital converter (ADC), dig-
ital signal processor, digital-to-analog converter (DAC), a power ampli�er, and a
receiver. For air conduction hearing aids (ACHAs), the receiver is in the form of a
speaker, whereas for those operating on the principle of BC, the receiver is in the
form of a transducer or actuator. In this work, the focus is only on the components
within the orange sub-block in Fig. 2.1.

Figure 2.1: A generic digital BCHA system.
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2. Fundamentals of Audio Ampli�cation in BCHAs

2.2 Vibration Technologies in BCHAs

This section provides a brief overview of the most commonly used vibrators for
BCHAs, focusing on electromagnetic transducers and piezoelectric ceramic actua-
tors.

2.2.1 Electromagnetic Transducers

Over the years the preferred transducer for hearing aids has been the electromag-
netic (EM) transducer, due to its e�cient mechanism and ability to generate high
levels of sound pressure [12, 13]. Fig. 2.2 illustrates two widely used types of EM
transducers: the B71 and the B81. The transducer consists of a voice coil, a mag-
net, and an acoustic cavity. When an electrical current is applied to the coils, an
electromagnetic �eld is generated, in turn generating static magnetic �ux in the air
gaps. This causes a displacement in the acoustic diaphragm, creating vibrations or
sound [14].

However, there are known disadvantages with EM speakers, such as the need of a
large form factor to generate a high sound pressure level (SPL). This is primarily
due to their low impedance value, typically ranging from 4 to 32
 [12]. As a result,
the ampli�er must supply large electrical current through the voice coil to generate
a high SPL. This high current demand leads to increased power consumption, which
is a problem for battery powered devices. Thus, regardless how e�ciently you design
the amplifying circuit, the EM transducer inherently limits the battery life.

(a) (b)

Figure 2.2: (a) Cross-sectional view of the B71 BC transducer.(b) Cross-sectional
view of the B81 or Balanced Electromagnetic Transducer (BEST). Both images from
[14]. Allowed by author to use.
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2. Fundamentals of Audio Ampli�cation in BCHAs

Figure 2.3: Structure of a generic piezo actuator

2.2.2 Piezoelectric Ceramic Actuators

In recent years, the piezoelectric ceramic actuator has gained signi�cant attention,
due to its power e�ciency, low weight, and its thin construction, allowing for more
compact speaker designs [15].

The actuator consists of a piezoelectric ceramic element (piezoelement), which is
mounted on an acoustic diaphragm or a �lm, and a housing that functions as an
overall enclosure containing the speaker components. The generic structure of a
piezoelectric speaker is illustrated in Fig. 2.3. Common construction materials
are polycarbonate (PC) for the housing, plastic resin or metal for the �lm, and
lead zirconate titanate (PZT) for the piezoelement [12]. When the piezoelement
receives a voltage, the ceramic membrane deforms and begins to bend upward and
downward depending on the voltage applied, which in turn causes the �lm to vibrate
and generate sound waves [15, 16].

2.3 Performance Measures of Audio Ampli�ers

2.3.1 Dynamic Range

The dynamic range is a very important indicator in audio systems, as it represents
the range between the loudest signal and the quietest representable signal, highlight-
ing the ability of the audio ampli�er system to capture both very quiet and loud
sounds. For a 16-bit digital system, the smallest representable value in the system
is 1 least signi�cant bit (1 LSB), and the maximum value 0 dBFS corresponds to all
bits set to '1'. The theoretical dynamic range for anN -bit audio signal is given by
the formula:

Dynamic Range (dB)= 6:02N; (N = number of bits)

Thus, the theoretical dynamic range for a 16-bit system is 96.32 dB, which means
that the maximum value is 96.32 dB above the quietest value.
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2. Fundamentals of Audio Ampli�cation in BCHAs

2.3.2 Signal-to-Noise Ratio

The SNR is an indicator used to express the ratio between the signal and the noise
produced by the ampli�er. Sources of noise can include quantization error, thermal
noise from the circuit components, and radio frequency interference, among others.
If the impedance is constant for both the signal and the noise the SNR can be
expressed as:

SNR = 10log
P0

Pn
= 20 log

V0

Vn
(2.1)

where P0 and V0 represent the power and output voltage of the fundamental fre-
quency component of the audio signal, respectively.Pn and Vn denote the power and
voltage output noise within the audio spectrum 20 to 20 000 Hz. When measuring
the SNR, only the ratio of power of the fundamental and the power of the noise is
considered, with the power of the harmonics being excluded.

2.3.3 Distortion Metrics

The audio quality is of high importance in hearing aid systems. To reproduce real-
world sound accurately, it is very important to minimize the distortion. Distortion
in audio systems implies an alteration of the output signal from the original input
[17], and it is typically generated by unintended artifacts introduced by components
within the audio system. In hearing aids, there are two standard audio quality
metrics, THD and THD+N. The formula for THD is given by [12]:

THD =

vu
u
t

KX

i =1

V 2
i

V 2
0

=

vu
u
t

KX

i =1

Pi

P0
(2.2)

where V0 is the RMS voltage of the fundamental frequency component,Vi is the
RMS voltage of the harmonics. This expression can be reformulated in terms of
power where,P0 is the power of the fundamental frequency,Pi is the power of the
harmonics andK is the index of the harmonics up to 20 kHz [12]. In the �eld of
audio quality, THD+N is the most commonly used and reliable indicator for audio
quality due to the addition of both harmonic distortion and noise.

The formula for THD+N is given by [12]:

THD + N =
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V 2
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+
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V 2
0
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Pi

P0
+
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P0
(2.3)

where once againV0 and P0 are the RMS voltage and the power of the fundamental
frequency respectively, whileVn is the RMS voltage of the noise within the bandwidth
of interest, usually in the audio spectrum 20 to 20000 Hz. This expression can be
written in terms of dB as:

THD + N dB = 20 log10

vu
u
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KX
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V 2
i

V 2
0

+
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n

V 2
0

= 10 log10
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Pi

P0
+
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!

(2.4)
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2. Fundamentals of Audio Ampli�cation in BCHAs

In technical articles and literature another performance metric called signal to noise
and distortion ratio (SINAD) is often presented, and is de�ned as [18]:

SINADdB = 10log
KX

i =1

P0

Pn + Pi
= 20log

KX

i =1

V0q
V 2

n + V 2
i

(2.5)

where P0 and V0 represent the power and voltage of the fundamental signal, re-
spectively. Pn and Vn denote the power and voltage of the noise, whilePi and Vi

represent the power and voltage of the signal harmonics. By rearranging the terms
in THD + N dB it is evident that (2.4) and (2.5) are related by a negative sign:

SINADdB = � THD + N dB

The total harmonic distortion (THD) in commercial BCHAs is typically measured
and reported according to established standards such as IEC60118. For BCHAs
common test frequencies are 500, 800, 1600 and 3200 Hz for certain sound pressure
levels (SPL) [19, 20]. Acceptable (THD) values vary depending on the type of hear-
ing aid used, but a general guideline is that the distortion should not be greater
than 10% for a given frequency [21]. For percutaneous BCHAs devices, such as the
Cochlear Baha 6 the THD is less than 0.3%, and for transcutaneous BCHAs devices,
such as the Oticon Sentio 1 Mini the THD is less than 1% for frequencies (800 to
3200 Hz). In comparison, for BCHAs with piezoelectric loads such as the Cochlear
Osia 2, the THD is reported to be less than 5% above 600 Hz.

2.3.4 E�ciency of Switching Audio Ampli�ers with Resis-
tive Loads

One of the key performance indicators in switching audio ampli�ers with resistive
loads is power e�ciency, as it represents how much of the supplied energy is con-
verted into audio output and how much of that energy is lost, typically as heat.
When measuring power e�ciency in a conventional ampli�er with a resistive load,
e�ciency is determined by calculating the ratio of output power to input power (the
supply) [16]. The input powerPin is expressed as the sum of the output powerPo

and the power lostPloss:

Pin = Po + Ploss (2.6)

This is generally de�ned by using the average consumed powerPavg over one sinu-
soidal signal period, given by the voltagev(t) and the current i (t) over one period
T.

Pavg =
1
T

Z T

0
v(t) i (t) dt = VoI o cos(� ) (2.7)
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2. Fundamentals of Audio Ampli�cation in BCHAs

The phase angle� , appearing in the power factor termcos(� ) from (2.7), describes
the phase relationship between the current (I o) and the voltage (Vo). Electromag-
netic transducers are almost purely resistive, which implies that the current and the
voltage are in phase, thus� ' 0� , and cos(0� ) = 1 .

From (2.6), the power e�ciency � for resistive loads can be de�ned as:

� =
Po

Pin
=

Po

Po + Ploss
(2.8)

2.3.4.1 E�ciency of Switching Audio Ampli�ers with Piezoelectric loads

Since piezoelectric actuators are capacitive in nature, they also consume reactive
power, and their current leads their voltage by a phase shift� of almost 90� . This
can be seen in Fig. 2.4, which visualizes the output voltage and current across the
piezoelectric load in a switching audio ampli�er. As a result, the termcos(� ) in
(2.7) is approximately equal tocos(90� ) ' 0, making the average power delivered
to the load appear signi�cantly lower compared to that of a typical resistive load.
Therefore, when (2.7) is used for determining the e�ciency for piezoelectric loads, it
will seem very low because the power in the circuit is �owing back and forth between
the supply and the load. This makes it very di�cult to put a meaningful measure on
the ampli�er's e�ciency, and therefore, (2.8) is rarely used as a performance metric
in audio ampli�ers driving piezoelectric loads.

Figure 2.4: Output voltage and current over the piezoelectric actuator in a switch-
ing audio ampli�er, illustrating the 90� phase shift.
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2. Fundamentals of Audio Ampli�cation in BCHAs

An alternative method for calculating e�ciency with loads of capacitive nature is
proposed in [12], based on apparent power,Papp. Apparent power, represented by
the yellow arrow in the power triangle shown in Fig. 2.5, is measured in Volt-
Amperes (VA) and represents the vector sum of active power, measured in watts
(W), and reactive power, measured in Volt-Amperes reactive (VAr). Based on the
relationships in the power triangle, the apparent power can be given by the following:

Papp =
q

P2 + P2
reac (2.9)

where, P is the active power andPreac is the reactive power in the circuit. Apparent
power is the total amount of power �owing in an AC circuit and represents the
average power without taking the phase into account, expressed as:

Po;app = Vo;RMS I o;RMS (2.10)

herePo;app is the output apparent power andVo;RMS and I o;RMS are the RMS output
voltage and current over the piezoelectric load. For a load with impedancejZL (! )j,
at the fundamental angular frequency! , I o;RMS is given by:

I o;RMS =
Vo;RMS

jZL (! )j
(2.11)

by inserting (2.11) into (2.10) yields:

Po;app =
V 2

o;RMS

jZL (! )j
(2.12)

Figure 2.5: Power triangle, showing the relationship between active power, reactive
power, and apparent power.
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2.3.4.2 Power losses in Switching Audio Ampli�ers with Piezoelectric
Loads

Based on (2.8), the piezoelectric ampli�er's apparent power e�ciency can be formu-
lated as [12]:

� PZ =
Po;app

Pin
=

Po;app

Po;app + Ploss
(2.13)

wherePin is the average input power consumed by the supply andPloss is the total
power loss in the ampli�er for a piezoelectric load. Since the average active powerP
in (2.9) is around 0 for a piezoelectric load the apparent power will consist mainly
of the reactive componentPreac.

The total power lossPloss in (2.13) can be calculated as [12]:

Ploss = PQ + PCL + PSW + PBD + PFILT (2.14)

here the total power loss is the combination of quiescent powerPQ, conductive
power PCL , switching power PSW , body-diode powerPBD , and piezo output �lter
power lossesPFILT .

The ampli�er's quiescent power lossesPQ represents the power consumption when
the ampli�er is in an idle state, receiving only background noise, and is given by:

PQ = VDD I Q (2.15)

where VDD is the supply voltage andI Q is the quiescent current drawn from the
supply.

Conduction power loss,PCL , refers to the power dissipated during the brief time
period when the MOSFET is conducting and acts like a resistorRDS(on) . This can
be calculated as:

PCL = I 2
o;RMS RDS(on) (2.16)

in which I 2
o;RMS is the RMS output current and RDS(on) is the on-state drain�source

resistance during conduction.

The switching power losses,PSW is a combination of two components, the charging
and discharging of the parasitic capacitances in the MOSFET, and the transition
loss during switching. The �rst component can be estimated by calculating the
energy stored in each parasitic capacitorCP of the MOSFET:

EC =
1
2

CP V 2
CP (2.17)

where VCP is the voltage over respective parasitic capacitance. Each parasitic ca-
pacitance is charged and discharged every cycle with the switching frequencyFSW .
Thus, the average consumed powerPC in each parasitic capacitance is given by:

PC = FSW EC = FSW CP V 2
CP (2.18)
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by summing over every parasitic capacitance in the MOSFET the following expres-
sion is obtained:

PC =
X

i

FSW CP;i V 2
CP (2.19)

the second component, the transition power loss can be estimated by:

Ptrans = VDD Î o 2t trans FSW (2.20)

whereVDD is the supply voltage connected to the MOSFET,̂I o is the peak output
current through the MOSFET and t trans is the transition time. Since one period
has two transitions ON-OFF and OFF-ON a factor of two is needed. By combining
the two components (2.19) and (2.20) the complete switching loss formula is yielded
[12]:

PSW =
X

i

(FSW V 2
CP CP;i ) + VDD Î o 2t trans FSW (2.21)

the gate driver power lossPg is given by [22]:

Pg = Qg FSW VGS (2.22)

here,Qg is the total gate charge andVGS is the gate to source voltage.

Body-diode lossesPBD occur at every switching instance due to the conduction, and
reverse recovery charge of the MOSFET's body-diode, located between source and
drain. Body diode losses can be estimated by calculating two components: dead
time power lossPdt , and reverse recovery lossPrr of the body diode. The �rst
component can be estimated by calculating the losses associated with the reverse-
recovery charge of the body diode, given by:

Prr = I rrm t rr VSD FSW (2.23)

whereI rrm is the maximum body diode reverse-recovery current,t rr is the body diode
reverse recovery time,VSD is the body-diode source-to-drain voltage. The second
component,Pdt is given by:

Pdt = Î o tdt VSD FSW (2.24)

once againÎ o is the peak output current andtdt is the implemented dead-time. By
combining equations (2.23) and (2.24) the complete body-diode loss formula yields
[12]:

PBD = VSD FSW (Î o tdt + I rrm t rr ) (2.25)

The piezoelectric output �lter power lossPFILT , arises from the current ripple in
the output signal shown as the blue curve in Fig. 2.6 and the dielectric losses in
the piezoelectric actuator at the audio frequency, where the energy is converted into
heat in the material. If there had been zero losses in the output signal, the output
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2. Fundamentals of Audio Ampli�cation in BCHAs

Figure 2.6: Output current trough the piezoelectric actuator together with the
ideal audio current.

current would look like the red audio signal in the plot. This loss can be expressed
as:

PFILT = I 2
o;RMS jZL (! )j cos(� ) + CPZ V 2

o;RMS 2� F audio DF (2.26)

wherejZF(! )j cos(� ) corresponds to the resistive losses of the real part of the output
�lter at the audio frequency Faudio , CPZ represents the capacitance of the piezoelec-
tric actuator, and DF corresponds to the dissipation factor of the speci�c piezo-
electric actuator. Since the output current consists of both the audio frequency
component as well as the switching frequency component, it can be formulated as:
I o;RMS = I Audio + I Ripple . Thus, the resistive losses ofPFILT will be treated in this
work as a lower bound for the losses occurring at audio frequency. Theoretically,
the resistive losses occur at both the audio frequency as well as on the switching
frequency and its harmonics, but this is not included in this model.

The power loss model developed in this work is based on the power loss model in
(2.14). However, since the simulation model has limitationsPSW , given in (2.21)
will be replaced with Pg in (2.22). Additionally, due to limitations in accurately
simulating the body-diode power lossesPBD (2.25), these losses are excluded in the
analysis in this work. This exclusion introduces an unavoidable potential source of
error, the adjusted power lossPloss;adj can be expressed as:

Ploss;adj = PQ + PCL + Pg + PFILT (2.27)
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3
The Digital Class D Audio Power

Ampli�er

This chapter presents a detailed overview of the key components of a Class D audio
power ampli�er. It begins with a brief comparison of di�erent ampli�er classes and
then gives an explanation regarding Class D ampli�er operation, with an emphasis
on the modulation stage. The chapter then details the characteristics of MOSFETs,
covers information on various con�gurations of output stages, and discusses the
output series resonance �lter.

3.1 Overview of Audio Power Ampli�er Classes

The audio power ampli�er is an essential component in most audio systems. It is
usually situated in the �nal stage of an audio ampli�er block, where it transforms a
low-power signal into a high-power output signal capable of driving a load. Tradi-
tional analog power ampli�ers are classi�ed into di�erent classes depending on how
they function. Some of these include Class A, B, AB, and others [23].

The class A ampli�er is a commonly used ampli�er topology that uses only one
transistor in the output stage and has advantages such as high gain, low signal dis-
tortion, and good linearity [24, 25]. One drawback with this ampli�er is that the
transistor conducts current throughout the entire waveform cycle. This implies that
the transistor is always on, which generates excessive heat and a continuous loss of
power as given by (2.7). As a result, the ampli�er has low power e�ciency, with the
theoretical maximum power e�ciency of class A ampli�ers only around 50% for a
resistive load.

Class B ampli�ers address some of the e�ciency and heating problems associated
with Class A designs and are essentially an improved version of the Class A ampli-
�er. A generic Class B ampli�er circuit uses a push-pull output con�guration with
two complementary transistors, where each transistor takes turns conducting each
positive or negative cycle. Class B ampli�ers can achieve higher power e�ciency
compared to Class A, with a maximum theoretical power e�ciency of 78.5%, as
given by (2.7). One major drawback associated with Class B ampli�ers is that they
su�er from linearity issues, where crossover distortion is the main limitation [25].
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3. The Digital Class D Audio Power Ampli�er

To eliminate the distortion issues associated with Class B ampli�ers, the Class AB
ampli�er was developed [25]. It combines the topology characteristics of both Class
A and Class B. The Class AB ampli�er thus removes the crossover distortion of
a Class B ampli�er while o�ering higher e�ciency than the Class A. The typical
power e�ciency for a Class AB ampli�er falls in the range of 50% to 78.5%, as given
by (2.7).

Class D ampli�ers, which utilize high-speed switching transistors, were �rst intro-
duced in the late 1950s, and are now regarded as one of the most promising technolo-
gies for audio power applications [17, 23]. They have a theoretical power e�ciency
of 100%, but in reality, it is between 90% and 95% for a resistive load, as calculated
using (2.7) [26]. The development of these ampli�ers has been driven by the need to
�t more power capability into a smaller space while at the same time dissipating less
heat. Something that is very attractive in various modern audio applications such
as mobile phones and hearing aids. They have many advantages over previously
named power ampli�ers; these include small size, low heat dissipation, low power
consumption, and high e�ciency. One major drawback of Class D ampli�ers has
historically been the distortion associated with their switching operation, but with
advancements in technology, this issue has become signi�cantly less problematic.

A Class D ampli�er can be con�gured as either a half or full bridge ampli�er, both
with their own advantages and disadvantages. The full bridge stage includes twice
as many switching devices compared to the half bridge, resulting in higher costs and
higher switching losses. However, the full bridge only requires half the power supply
voltage to realize the same output voltage capability. Additionally, no current �ows
through the load when both sides are either o� or on simultaneously, which can be
utilized when optimizing switching. The full-bridge is also referred to as an H-bridge
because the circuit has the shape of the letter H. An illustration of a H-bridge is
shown in Fig. 3.1.

PMOSA

Vrail A

NMOSA
RGate

N1Gatesignal

RGate
P1Gatesignal

LP �lter

Speaker
LP �lter

Vrail B

RGate
N2Gatesignal

RGate
P2Gatesignal

NMOSB

PMOSB

Figure 3.1: Schematic of an H-bridge Class D ampli�er with high-side PMOS and
low-side NMOS, driving a speaker through a low-pass �lter.
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3. The Digital Class D Audio Power Ampli�er

In the H-bridge schematic shown in Fig. 3.1, N-channel MOSFETs are situated on
the low-side, while P-channel MOSFETs are on the high-side. The gain of the Class
D ampli�er is equal to the ratio of the rail voltage VRail , and the input peak voltage
V̂i :

Gain =
VRail

V̂i

: (3.1)

3.2 Modulation Stage

The Class D ampli�er modulator transforms the input audio signal into a high-
frequency switching signal [27]. This signal is used to drive the switching stage on
and o�, thus amplifying the signal and delivering it to a load, either a loudspeaker
or a transducer. The most widely used modulation techniques include pulse width
modulation (PWM), Delta-Sigma (�� ) modulation, and self-oscillating control [23].
In this project, �� modulation will be utilized in combination with digital PWM.

3.2.1 PWM Signal Generation

PWM can be generated in both the digital and analog domains. In the analog do-
main, an audio frequency signal with a frequency typically ranging from 20 Hz to 20
kHz is compared to a high frequency carrier in the form of a sawtooth or triangular
waveform with a frequency typically ranging from 0.1 to 1 MHz, using a comparator
[27]. The output of the comparator is a high-frequency switching waveform in which
the amplitude of the input signal is represented in the pulse width. This allows the
input to control the duty cycle of the square wave, that is, the proportion of time
the wave is in the high or low state.

PWM is generally classi�ed into two di�erent variants, where the �rst is based
on the edge characteristics of the carrier wave which can either be single-sided or
double-sided. The second variant is determined by the number of output levels in
the PWM signal, two (AD) or three (BD) [28]. A single-sided PWM signal employs
a sawtooth carrier wave, whereas a double sided PWM signal uses a triangular car-
rier wave. These classi�cations are summarized in Table 3.1 [28].

Edge Detected Output Levels

Single-Sided Two (AD)

Single-Sided Three (BD)

Double-Sided Two (AD)

Double-Sided Three (BD)

Table 3.1: Di�erent PWM modulation variants based on edge detection and output
levels.
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3. The Digital Class D Audio Power Ampli�er

Single-sided BD PWM, as highlighted in blue in Table 3.1 was used for the modu-
lation stage in this thesis, due to the simplicity of integrating it into a simulation
environment. The generation of the single-sided BD PWM is implemented in a DSP
system with an internal timer, which counts up to a �xed value within one cycle.
During each cycle the value of the timer is compared to the value of the input sig-
nals which ultimately de�nes the duty cycle of the generated PWM signal. For a
single-sided BD PWM, the system has two input and output signals, with one being
an inverted version of the other, representing the PWM fed to the A and B sides of
the H-bridge. For simplicity, the input signals are usually simulated as sinusoidal
waveforms.

The resulting single-sided BD PWM signal is the di�erence between the PWM
signals at A and B-side. In the H-bridge schematic shown in Fig. 3.1 the A side
corresponds to the left side, while the B side corresponds to the right side. The
PWM signal at A-side is illustrated in Fig. 3.2a and generated from the original
input, and the PWM signal at B-side, illustrated in Fig. 3.2b is generated by the
inverted input. The resulting signal is illustrated in Fig. 3.2c. The B-side should
always receive an inverted version of the signal fed to A-side, regardless of the input
signal.
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3. The Digital Class D Audio Power Ampli�er

(a) A-side of the BD modulated PWM.

(b) B-side of the BD modulated PWM.

(c) The resulting BD modulated PWM.

Figure 3.2: (a) A-side and, (b) B-side PWM signal, and (c) the resulting BD
modulated output.
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3.3 Class D Power Ampli�er Stage

The proposed power stage of the ampli�er consists of two circuits: the ampli�ca-
tion stage and a series-resonant RLC circuit, which together amplify the signal and
remove unwanted frequency components. The power stage in Class D ampli�ers
comprises power MOSFETs due to their high switching speed and the ability to
easily achieve a rail-to-rail output using a relatively low input current [17].

In switching applications where MOSFETs are utilized, the aim is to rapidly tran-
sition between the on and o� states of the transistor [29]. When the MOSFET is
in the on state, it has low resistance, thus enabling maximum current �ow with
low impedance. In contrast, during the o� state, the MOSFET presents high resis-
tance, e�ectively stopping current �ow. In high-frequency applications, the parasitic
characteristics of the MOSFET are very important as they limit the switching speed.

The total gate charge value of a MOSFETQg is the amount of charge applied at
the gate capacitanceCg required for the MOSFET to switch on [30]. Measured
in Coulombs (C), this value typically falls within the nano CoulombnC range. In
high-frequency applications, minimizing the gate charge is of high importance to
enhance e�ciency. The amount of gate currentI g required from the drive circuit to
switch the MOSFET in a desired time can easily be calculated with the following
formulas, whereVGS once again denotes the gate to source voltage andtSW is the
switching time of the MOSFET:

Qg = Cg VGS

and

I g = Cg
dVGS

dtSW
(3.2)

where
Qg = tSW I g (3.3)

For example, a MOSFET with a gate charge ofQg = 10 nC can be switched on in
10� s if a gate current of1 mA, is applied to the gate or in10 nsif the gate current
is raised to1 A. The role of the gate driver circuit is to amplify the output signal,
thus enhancing the switching speed of the output stage.

3.3.1 Dead Time Control

MOSFETs operate like switches that, when turned on at the right moment, can am-
plify the input signal at the gate. There are several con�gurations that can be used
to switch the MOSFETs depending on speci�c application. Fig. 3.3 illustrates the
positive and negative transition modes, which lead to either a positive or a negative
output. The positive transition mode is illustrated in Fig. 3.3a and the negative
transition mode in Fig. 3.3b.

Furthermore, Fig. 3.4 presents the zero transition modes for an H-bridge con�gu-
ration, all of which result in zero output. Fig. 3.4a shows the �rst zero transition

19



3. The Digital Class D Audio Power Ampli�er

(a) (b)

Figure 3.3: (a) First transition mode of the switches producing a positive output,
and (b) second transition mode which gives a negative output.

mode where both high-side MOSFETs are open, Fig. 3.4b shows the second zero
transition mode where both of the low-side MOSFETs are open and Fig. 3.4c illus-
trates the third zero transition mode where all MOSFETs are open.

When a PWM gate signal is applied to an H-bridge circuit utilizing MOSFETs,
there can be a brief moment when both the high-side and low-side MOSFETs are
turned on simultaneously or when one MOSFET turns on before the other has fully
switched o�. This can lead to a short circuit between the supply and ground and a
large shoot-through current. Fig. 3.5 depicts the two possible short circuit scenarios,
Fig. 3.5a illustrates a short circuit on the left side, and Fig. 3.5b illustrates a short
circuit on the right side. To avoid this, dead-time control must be implemented in H-
bridge circuits. Dead time is a transition period during which none of the MOSFETs
on the same side of the H-bridge conduct at the same time. It can be controlled
using analog circuitry or digitally with a microcontroller. Dead time also introduces
signi�cant distortion and must therefore be minimized while safely avoiding shoot-
through [31, 17]. The dead time introduces a diode voltage drop as well as a voltage

(a) (b) (c)

Figure 3.4: Di�erent switching modes that generate no output, therefore zero-
modes.
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(a) (b)

Figure 3.5: Unwanted switching modes that cause short circuits, which dead time
control is designed to prevent.

increase in the circuit, proportional to the dead time. A rule of thumb is to have a
dead time longer than the switching time of the slowest MOSFET.

3.3.2 Series-Resonant Circuits

Fig. 3.6 shows an illustration of a series resonance circuit. The inductive reactance
of an inductor X L rises linearly with the frequency, meaning it is proportional to
the frequency(X L / f ) and is illustrated as the red straight linear arrow in Fig.
3.7. The value of the reactanceX L is given by:

X L = 2�fL = !L

In contrast to the inductor, the capacitive reactance of a capacitorX C is inversely
proportional to the frequency(X C / f � 1) and is illustrated as the blue hyperbolic
curve in Fig 3.7. The value of the reactanceX C is given by:

X C =
1

2�fC
=

1
!C

Figure 3.6: Series resonance circuit showing an RLC circuit consisting of an AC
voltage source, a resistor, an inductor, and capacitor [32].
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Figure 3.7: Impedance versus frequency for capacitance and inductance, and high-
lighting the resonance frequency.

By setting X L = X C, we have:

2�fL =
1

2�fC

Rearranging terms:

f 2 =
1

(2�L )(2�C )
=

1
4� 2LC

Taking the square root:

f =

s
1

4� 2LC

Thus, the resonant frequency is given by:

f r =
1

2�
p

LC
(Hz) (3.4)

Alternatively, the angular resonant frequency is:

! r =
1

p
LC

(rads)

Another important metric is the Quality or Q factor of the circuit, which essentially
determines the sharpness of the resonance peak. The resistance value determines
the width of the curve; a lower resistance results in a sharper and narrower curve.
The Q-factor is given by [33]:

Q =
1

! r RC
(3.5)
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4
Digital-to-Analog Converters

This chapter provides a theoretical introduction to digital-to-analog converters (DAC).
The discussion begins with an overview of conventional Nyquist rate converters, fol-
lowed by an introduction to oversampling converters and�� converters. The chap-
ter will speci�cally highlight di�erences in the quantization noise processes for each
type of converter and demonstrate why�� DACs are often preferred in converter
systems utilizing oversampling.

4.1 Decibels Relative to Full Scale

The unit decibel relative to full scale, or dBFS, is essential in digital audio systems.
It represents the input signal amplitude relative to the maximum achievable signal
amplitude of a system before a phenomenon called clipping occurs. Clipping occurs
when the system receives an audio input signal with an amplitude that exceeds the
system's maximum representable level. In digital audio systems, 0 dBFS represents
the highest possible level without distortion. Due to the high risk of clipping, real-
world playback audio systems almost always operate at input amplitude levels below
0 dBFS. More common signal amplitude values fall within the range of -1 to -20
dBFS to minimize distortion. The unit dBFS is also used to quantify the dynamic
range of a digital audio signal.

4.2 Nyquist-Rate Digital-to-Analog Converters

Digital to analog conversion (DAC) is a process that translates a discrete time digital
input to a continuous time analog output signal [34]. AnN -bit Nyquist-rate DAC
operates at a sampling rate at or above the Nyquist criterion,f s � 2f b where f s is
the sampling rate andf b is the bandwidth of the sampled signal. Each sample is
processed individually, and the converter lacks memory [35].

4.2.1 Quantization in a Nyquist DAC

The DAC's performance is highly dependent on the accuracy of its circuit compo-
nents. In addition, when the application demands higher resolution and linearity,
the converter su�ers from its slow operating speed. For the DAC to accurately
represent the input, the number of quantization levels as de�ned by2N should be
maximized. The quantization step size represents the distance between two consec-
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