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Abstract

The primary goal of this Master Thesis is to design an audio ampli�er of
class D as a pre-study for a future ASIC. The secondary goal is to equip
the proposed design with an Automatic Gain Control (AGC), primary to
suppress audio transients that can be harmful to the ear. Due to protection
of the customer a limiter with variable clipping level is implemented instead
of an AGC.

The ASIC is intended to replace an ampli�er of class AB and some of
its surrounding components in a product family currently in mass produc-
tion. The main reason for the chosen ampli�er topology is reduced power
consumption. The product family is battery powered making e�ciency a
major concern. Class D o�ers in theory an e�ciency of 100%. In reality the
e�ciency is lower, 85-90% is a more realistic value. Class AB only achieves
60-65%. Implementing the design in an ASIC will cut costs in the long run.

An ampli�er of class D uses Pulse Width Modulation (PWM) to repre-
sent its output signal. The desired audio signal is restored by low pass �lter-
ing. There are two basic PWM modulation schemes; bipolar and unipolar
PWM. Bipolar PWM o�ers the best audio performance but is less e�cient
than unipolar PWM. A combined modulation scheme that I call �biunipo-
lar PWM� is implemented and evaluated in a prototype built using surface
mounted components on a PCB. Measurements show that biunipolar PWM
combines features of bipolar and unipolar PWM and is the way to go for
the intended ASIC. Switching between unipolar and biunipolar PWM is
easy. This opens up for the possibility with two selectable PWM modula-
tion schemes for the ASIC. One e�cient modulation scheme using unipolar
PWM to save power. The second modulation scheme uses biunipolar PWM
which achieves better audio performance at the cost of increased power con-
sumption.

The e�ciency for the prototype is low, approximately 50%. Implement-
ing the ampli�er in an ASIC will yield higher e�ciency due to the ability to
get custom made building blocks.
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Glossary of Terms

AGC Automatic Gain Control
ASIC Application Speci�c Integrated Circuit
BJT Bipolar Junction Transistor
CMOS Complementary Metal Oxide Semiconductor
DMOS Double Di�used Metal Oxide Semiconductor
DSP Digital Signal Processor
MEMS Micro Electro Mechanical System
MOSFET Metal Oxide Semiconductor Field E�ect Transistor
ONE O-Network Engineering AB
PCB Printed Circuit Board
PWM Pulse Width Modulation
RFI Radio Frequency Interference
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Chapter 1

Introduction

Audio ampli�cation comes in handy whenever you want to communicate over
a greater distance than you can shout. There are many other areas where
audio ampli�cation plays a vital role. Movies with Charlie Chaplin works
well without it, but Star Wars without sound only looks silly. Nowadays
many electronic consumer products are supposed to be portable. Low weight
and low power consumption has thus become very important. In many
of these products the audio ampli�er stands for a major contribution to
the power consumption. E�cient audio ampli�cation is therefore of great
interest.

An ideal audio ampli�er ampli�es its input signal and deliver power to the
load (normally a speaker) without any losses or distortion. In other words;
it multiplies the input signal by a constant. Unfortunately the real world
makes it hard to meet the requirement of both e�ciency and linearity (i.e.
low distortion) at the same time. Class A, B, AB and D are the most common
audio ampli�er topologies of today (class C exists, but is not intended for
audio). Except for class D they all generate their output signal by wasting
a varying amount of power as heat, i.e. they work in a way similar to linear
voltage regulators. Class D works more like a switch mode power converter
and as such it is much more e�cient.

The primary goal of this Master Thesis is to design an audio ampli�er
of class D as a pre-study for a future ASIC. A secondary goal is to equip
the proposed design with an Automatic Gain Control (AGC), primarily to
suppress audio transients that can be harmful to the ear. The ASIC is in-
tended to replace the current class AB ampli�er and some of its surrounding
components in one of ONE:s product families. The main reason for the
chosen ampli�er topology is reduced power consumption. Class D is more
e�cient than class AB. Implementing the class D ampli�er in an ASIC will
cut costs in the long run. Class D ampli�ers has been around for a while
and are available from several manufacturers but none ful�ll all of ONE:s
needs. The desired ASIC will do more than just providing e�cient ampli�-
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cation. Except for suppressing harmful transients the AGC is also supposed
to improve the audibility of spoken words in a noisy environment. The AGC
is not part of this report due to protection of the customer. A limiter with
variable clipping level is implemented instead.

This pre-study does not treat the implementation on silicon. Instead the
proposed design is implemented using discrete components surface mounted
on a PCB.
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Chapter 2

Theory

2.1 Ampli�ers

The desired function of an ideal audio ampli�er is to multiply its input signal
by a constant. In the real world the ampli�er also introduces losses and adds
distortion to the signal. Several ampli�er topologies has emerged during the
years but are only approximations to the ideal ampli�er. Class A, B, AB
and D are the most common topologies of today (class C exists, but is not
intended for audio). Except for class D they all generate their output signal
by wasting a varying amount of power as heat, i.e. they work in a way similar
to linear voltage regulators. Class D works more like a switch mode power
converter and as such it is much more e�cient.

2.1.1 Class A

When trying to explain the operation of a very basic ampli�er Ohms law is
a good start:

U = R · I (2.1)

It clearly states that the voltage U over a resistor has linear dependence both
of the resistance R and the current I �owing through it. If two resistors are
connected in series they form a voltage divider (see �gure 2.1). The available
voltage is divided between the two resistors as their relative resistances:

Vcc = U1 + U2

U1 = R1 · I
U2 = R2 · I
U1

U2
=

R1

R2

U2 =
R2

R1
· U1 (2.2)
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Figure 2.1: Voltage divider

As seen in equation 2.2 any change of the relative resistances will a�ect the
output voltage U2. When replacing one of the two resistors with a transistor
the result is a very basic ampli�er of class A:

Figure 2.2: Ampli�er of class A

A small variation in the base-emitter voltage will produce an ampli�ed, but
inverted, replica at the output of the voltage divider made up by R1 and Q1.
As long as the transistor is working in its linear region this ampli�er topology
is very linear. The main drawback with class A is the required bias current
for its operation, i.e. it conducts current at all times. Therefore class A is far
from being an e�cient ampli�er topology. One might think that reducing
the bias current would do the trick, but then there is no power available
to be delivered to the load. An ampli�er is most often intended to deliver
lots of power to its load (low output impedance) and this requires a high
bias current. Due to this ampli�ers of class A are only used when linearity
is the main concern and there are lots of power available to be wasted as
heat. That is why class A most often is found in Hi-Fi audio equipment but
seldom in battery powered equipment. A bias network, for simplicity not
shown in �gure 2.2, is also needed to set the transistors operating point, i.e.
making sure it is in the middle of its linear region when the input signal is
zero. The theoretical e�ciency maximum for class A is only 25% [1], but
this is only achieved when the output stage is almost driven to saturation.
That is most often not the case. The crest factor quanti�es the dynamic of
a signal and is de�ned as the ratio between peak and average output power.
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The crest factor for a sine wave is 3dB [2]. For normal audio signals, such as
music, the crest factor may vary between 6 dB and 24dB [2]. With normal
audio signals class A does not achieve higher e�ciency than typically 5-10%
leaving 90-95% of the supplied power to be wasted as heat.

2.1.2 Class B

If both resistors of a voltage divider are replaced by transistors the result is
called a push-pull stage. When the transistors are operated in strict time
alternation this topology is called class B.

Figure 2.3: Ampli�er of class B

Only one transistor conducts at the time amplifying one half of the waveform
each. There is no bias current through the transistors thus greatly reducing
the amount of wasted power. But there is a problem called cross-over distor-
tion clearly seen and slightly exaggerated in �gure 2.3. It is caused by non
overlap between the two conducting states of the transistors. This topology
is e�cient, max 78.5% [1], but not very linear.

2.1.3 Class AB

The problem with cross-over distortion in class B can be eliminated if both
of the transistors are biased to the region just above cuto�. A bias network
with two diodes can do the trick, especially if they are of the same type as
the transistors, i.e. similar or even equal forward voltage drops (see �gure
2.4). Another possibility is using a so called rubber diode, i.e. a transistor
con�guration acting as a diode with a selectable forward voltage drop.

The bias network reduces or even eliminates the cross-over distortion.
Close to zero crossings both transistors will conduct. This combined with
the small current in the bias network makes this topology waste more power
than class B. In most applications a slightly increased power dissipation, i.e.
lower e�ciency, is a small price to be payed for better linearity. As the name
indicates this topology combines the bene�ts of class A and B and gives
reasonable linearity and e�ciency (60-65% [3]) at the same time. Class AB
is very common in all kinds of electronic audio equipment.
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Figure 2.4: Ampli�er of class AB

2.1.4 Class D

Even the e�cient class B topology su�ers from losses in the transistors. A
completely di�erent approach is to operate the transistors of a push-pull
stage as switches, i.e. quickly rushing through their linear region on the
way back and forth from switched o� to saturation (on). An ideal closed
switch has no voltage drop but a current �owing through it. An ideal open
switch conducts no current but has most often a voltage drop. Power is only
wasted when there is a nonzero voltage and current present at the same time
(P = UI). Theoretically a transistor operated as a switch wastes no power
at all.

Class D is a more complex topology than ampli�ers based on the basic
voltage divider or push-pull principle, also known as (more or less) linear
ampli�ers. Class D requires more electronics to make it work. A basic
approach to class D consists of a comparator comparing the input signal
with a triangle wave whose pulse width modulated output signal is fed to a
push-pull stage (see �gure 2.5). PWM-signals contain considerable amounts
of harmonics so low pass �ltering is needed to restore the original signal. In
other words; the audio signal is the instant mean value of the pulse train. By
using two push-pull stages, a so-called H-bridge, and feeding them with both
the PWM signal and its inverse twice the output voltage swing is achieved.
As seen in equation 2.3 twice the voltage swing gives four times as much
output power.

P =
U2

R
(2.3)

The main bene�t of a class D ampli�er is its high e�ciency, theoretically
as high as 100%. In reality the e�ciency is lower due to switching losses,
nonzero voltage drop over saturated transisors and power consumption in
the electronics that generate control signals for the H-bridge. Distortion is
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Figure 2.5: Ampli�er of class D

mainly dependent on the frequency of the triangle wave, cross-over distortion
in the push-pull stage and how quick the switches in the push-pull stage can
be operated. But there is also a problem with switching artifacts from the
digital parts interfering with the analogue input stage. In many applications,
especially those who are battery powered, e�ciency is much more important
than linearity. In such applications class D is a good choice. An extra bene�t
is the reduced weight and space due to reduced need for cooling.

Class D is sometimes referred to as a digital ampli�er, but that is not
really the case. The input signal to an ampli�er of class D is an analogue
audio signal, not binary data that would be the case in a digital ampli�er.
The output stage works in a digital manner but that does not make the entire
ampli�er topology digital. Class D ampli�ers are better described as switch
mode power converters with a variable control voltage, i.e. audio, as input
signal. Many switch mode power converters also use PWM to generate the
desired output voltage. In contrast to class D the output signal is supposed to
be a stable DC voltage (AC/DC or DC/DC converter) or a sinusoid (AC/AC
or DC/AC converter).

2.2 Radio Frequency Interference - RFI

All kinds of electronic equipment can disturb or be disturbed by their sur-
roundings. This is a problem known as Radio Frequency Interference - RFI.
The class A, AB and B ampli�er topologies generates almost no RFI by
themselves. Class D transmits energy at the switching frequency and its
harmonics regardless of what PWM modulation scheme is used (see �gure
3.4). In many existing designs incorporating a class AB ampli�er an am-
pli�er of class D is put in as an upgrading replacement. Care need to be
taken to reduce RFI. It is recommended to keep the connection wires to the
speaker as short as possible, i.e. keeping the radiating elements to a mini-
mum. Proper grounding is also required and bypass capacitors must be put
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close to the ampli�er. A LC low pass �lter is often used as an output �lter to
remove the harmonics, but �ltering is not as easy as it might seem: Due to
parallel capacitance of the inductor and series parasitic resistance and induc-
tance of the capacitor a LC �lter looses its desired function above a certain
frequency (self-resonance). By reducing the high frequency content of the
output signal before it is �ltered the harmonics can be limited to frequencies
below the self-resonance of the LC �lter. The nonzero rise and fall times in
the switching transistors are therefore not only to be considered a problem.
The longer rise time the lower amount of energy at high frequencies, but
long rise times also wastes power and adds distortion to the output signal.
A nifty trick to reduce RFI, or at least spread its spectrum (perhaps primar-
ily to make it look better to the certi�cation institutes), is using a varying
frequency for the triangle wave. This makes the harmonics look more like
noise rather than steady peaks of the output spectra. The preferred solution
for reducing RFI depends of the speci�c application. In some cases it is not
really a big concern at all. Other components, such as a very fast CPU close
by, may produce much more RFI making it unnecessary to reduce RFI from
any other component within range.

2.3 AGC and Limiter

The main purpose of the AGC is to suppress audio transients that can be
harmful to the ear. The AGC will also try to improve the audibility of
speech in a noisy environment. This can for example be done by splitting
the audio band in several frequency bands and treating them di�erently.
That functionality can not be part of this report. Instead only a simple
limiter is implemented (i.e. not a �real� AGC with feedback) to demonstrate
the concept of suppressing harmful transients. The main di�erence between
a limiter and an AGC is that an AGC adjusts the ampli�cation to keep the
output signal within bounds. A limiter does not work in such a nice and
polite way. It simply makes it impossible for the output signal to go beyond
a certain level. This nonlinear behavior is known as clipping and is a source
of undesired distortion and intermodulation products.

2.3.1 Hard limiter

A simple limiter can be made out of just a few components (see �gure 2.6).
When the amplitude of the input signal reaches the forward voltage drop
of either D1 or D2 (depends of the input signal polarity) it will conduct to
ground thus preventing the output signal to grow any further. The resulting
transfer function from in to out is referred to as hard clipping. A hard limiter
does its job, at least in the sense that it makes it impossible for the output
signal to go beyond a prede�ned amplitude. But it has a major drawback.
Hard clipping sounds very bad due to all the generated distortion.

12



Figure 2.6: Hard limiter

2.3.2 Soft limiter

Soft clipping, i.e. reducing the ampli�cation by a constant factor rather than
shutting it o�, sounds better. A soft limiter is preferably followed by a hard
limiter as a last protection against harmful sound levels. There is no big
di�erence between the hardware for a hard and soft limiter. A soft limiter
is a hard limiter with the addition of an extra resistor:

Figure 2.7: Soft limiter

Instead of connecting the input signal to ground the diodes of a soft lim-
iter connects the lower resistor (R2) to the upper resistor (R1) thus forming
a voltage divider. The relative resistances in the voltage divider determines
the reduction of the ampli�cation (i.e. compression). Another way to achieve
softer clipping is using germanium diodes instead of silicon diodes. Germa-
nium diodes have a less sharp transition area between conducting and o�
compared to silicon diodes. The transfer function for a limiter with germa-
nium diodes has more of a soft bend rather than a sharp knee in the area
where the limiter kicks in.

2.3.3 Variable limiter

If the �xed forward voltage drop of a diode is a problem an inverting ampli�er
can be a solution (see �gure 2.8) [4]. By adjusting the feedback network
(R4/R3) of the inverting ampli�er (i.e. the ampli�cation) all values between
zero and one diode forward voltage drop can be chosen as the clipping level.
The inverting ampli�er adds the inverted audio signal as a bias voltage to the
diodes. If one forward voltage drop is not enough several diodes (small signal
and/or zener) can be connected in series. Di�erent values for R1 and R2
determines the steepness of the clipping function. A more advanced transfer
function can be achieved by connecting several limiters with di�erent clipping
levels in series to form an approximation of the desired transfer function.
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Figure 2.8: Variable limiter
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Chapter 3

Literature review

3.1 History

In 1931 Loy Barton published �High Audio Output from Relatively Small
Tubes� in the Institute of Radio Engineers proceedings. In this article he
described a way of operating the two vacuum tubes of a push-pull stage in
strict time alternation, i.e. class B. This basic theme has since been used
in a great variety of designs. Class D ampli�ers entered the scene in the
late 1940s and early 1950s [5] and is based on a combination of PWM and
Bartons idea. In class D the active elements are used as switches instead
of as linear devices. Many ideas from AC/AC and DC/AC switch mode
power converters are directly applicable to class D ampli�er design. One of
the main di�erences is that the output signal from an audio ampli�er is not
supposed to be a stable sinusoidal wave, a very desirable feature of DC/AC
and AC/AC converters. It seems though as if class D ampli�er designers have
not studied power electronics very well until recently. For instance ��lterless
PWM� that has been introduced as something new by Texas Instruments
and several others is very similar to what in the world of power electronics
is known as unipolar PWM.

Early class D ampli�ers used vacuum tubes as switches. Today the vac-
uum tubes have been replaced by semiconductors with much better perfor-
mance. In fact, the �rst �class D like designs� was not intended for audio
applications. They were used for motor control. Even switching frequencies
as low as 50 kHz [5] lead to tremendous switching losses. In the beginning
the idea of using such a device for audio ampli�cation must have seemed
awkward (most often a switching frequency of 250 kHz is used for audio).

3.2 Transistors are not ideal switches

Also semiconductors of today need improvements. A transistor has a non
neglectable rise and fall time thus setting an upper limit for the switching
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frequency. During its transition time it operates in the linear region thus dis-
sipating power. In other words; a transistor is not an ideal switch. Another
problem is the nonzero voltage drop over a saturated transistor contributing
to an additional power loss. In power electronics this voltage drop is usually
neglectable due to the much higher supply voltages used. In low voltage
audio ampli�ers of class D this is more of a problem. Too long rise and
fall times is not only a limiting factor for the switching frequency. It also
distorts or even eliminates short PWM-pulses. It was not until recently that
analogue circuitry could be integrated on the same chip as fast-switching
DMOS power MOSFET:s [6]. This has eliminated the need for the dis-
crete output power stage that can be found in older class D designs. In the
future micro electromechanical (MEMS) switches may be quick enough to
replace the transistors of the H-bridge. MEMS switches are tiny mechanical
switches made out of silicon and are usually operated by electrostatic �elds.
In contrast to transistors MEMS switches do have a zero voltage drop when
closed. This make them a better approximation of the perfect switch com-
pared with transistors. MEMS switches are currently being developed for
radio applications, e.g. for use in recon�gurable antennas or as TR-switches.

3.3 Pulse Width Modulation - PWM

Figure 3.1: Bipolar PWM
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3.3.1 Bipolar PWM

The instantaneous output voltage from an ampli�er of class D can only be
one of two values. Either +Vcc/0V for a single push-pull stage or di�eren-
tial +Vcc/-Vcc if the output stage is a H-bridge (i.e. two push-pull stages
simultaneously pushing and pulling in opposite directions). This might seem
strange since a normal audio signal is made up by all possible levels in be-
tween. Instead of a voltage level the desired audio signal is represented by
variations in the pulse widths of a pulse train. Demodulation, i.e. restor-
ing the desired audio signal from the pulse train, is easily done by low pass
�ltering. The audio signal is the instant mean value of the pulse train.

As seen in �gure 3.1 a Pulse Width Modulated signal is easily created by
comparing a control voltage, in this case an audio signal (for this example
only one period of a sinusoidal wave), with a triangle wave. The output signal
is high when the amplitude of the input signal exceeds the amplitude of the
triangle wave. A short pulse represents a low input voltage and a long pulse
represents a high input voltage. The frequency of the triangle wave must be
high enough to avoid the lowest harmonics of the PWM signal slipping into
the audio band. The triangle wave frequency also determines the sampling
rate of the input signal. According to Nyqvists sampling theorem a sampling
frequency twice as high as the upper end of the audio band is good enough
(i.e. 40 kHz). That would require a very steep output �lter that almost
only exists in theory to get rid of harmonics (i.e. expensive and quite large
due to all needed components). Normally a triangle wave frequency at least
ten to twelve times as high as the the upper end of the audio band is used.
This reduces the requirements for the low pass �lter needed for restoring the
wanted output signal. The inductance of the speaker coil combined with the
inertia of the speaker can be good enough, but most often an extra LC �lter
is used to smoothen the current, for instance a balanced 2-pole Butterworth.
Another bene�t is that a higher cut o� frequency allows for components
with smaller physical dimensions thus not wasting valuable space on the
PCB. The PWM signal generated with this method is called bipolar PWM
since the output voltages switches back and fourth between +Vcc and -Vcc.

The amplitude modulation ratio ma of PWM is de�ned as:

ma =
V̂audio

V̂triangle

[7] (3.1)

In power converter applications it can sometimes be useful with overmod-
ulated PWM, a phenomenon that occurs when the amplitude of the input
signal exceeds the triangle wave (i.e. ma > 1). Overmodulation leads to
more energy at the fundamental frequency but the relationship between in-
put signal and the low pass �ltered output signal is not linear [8]. There are
also more harmonics to get rid of with over modulated PWM. Overmodula-
tion is therefore avoided in audio applications.
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3.3.2 Unipolar PWM

Another approach to PWM is called unipolar PWM:

Figure 3.2: Unipolar PWM

In unipolar PWM the generated PWM signal switches between +Vcc/0 and
-Vcc/0 depending of the polarity of the input signal. Unipolar PWM is
composed out of two bipolar PWM channels (PWM A and B in �gure 3.2)
subtracted from each other. The di�erence between the two bipolar channels
is that one of them is generated with the inverse of the input signal. The
two channels are fed to one leg each of an H-bridge where the subtraction
takes place. The total voltage swing is as high as for bipolar PWM (+/-
Vcc, i.e. 2 Vcc), but since switching is done with half the voltage swing
(Vcc) less current is pumped in and out of the output �lter and speaker.
This reduces resistive losses in the load. One of the main reasons for a LC
�lter as the output �lter used with bipolar PWM is its ability to store the
ripple current from one half cycle to the next. Otherwise the energy of the
harmonics is lost as heat in the speaker. With unipolar PWM the ripple
current is much lower making the LC �lter super�uous. Unipolar PWM is
therefore ��lterless�. Another good feature of unipolar PWM compared to
bipolar PWM is frequency doubling of the harmonics (see �gure 3.4) [9].
This makes it possible to halve the switching frequency compared with a
corresponding bipolar solution and still avoiding harmonics getting into the
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audio band. Halved switching frequency is the same as halved switching
losses, so unipolar PWM is the preferred solution for high e�ciency. This is
what CROWN [10] has done in their �Balanced Current Ampli�er� [11], but
instead of simply calling it unipolar PWM they have come up with a name
of their own.

3.3.3 Biunipolar PWM

Unipolar PWM su�ers from cross-over distortion in the transition area where
it goes from switching between +Vcc/0 and -Vcc/0, i.e. close to zero crossings
of the input signal. A remedy to this problem is letting the ampli�er output
very narrow pulses of alternating polarity when the input signal is close
to zero. One way of doing this is adding a small delay to one of the two
PWM channels feeding the H-bridge (see �gure 3.3). Close to zero this

Figure 3.3: Biunipolar PWM

con�guration will act as bipolar PWM. When the input signal grows the
small time shift between the channels becomes neglectable making the output
signal unipolar. This is very similar, or perhaps identical, to the method in
use by Texas Instruments in their most recent ampli�ers of class D [12]. This
modulation scheme will from here on be referred to as �biunipolar PWM�.
The similarities between biunipolar PWM and class AB are obvious. Bipolar
PWM and class A gives the best audio performance. There exists more
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e�cient solutions such as unipolar PWM and class B respectively. Unipolar
PWM with bipolar behavior at the zero crossings combines features from
bipolar and unipolar PWM, just as class AB combines class A and B. Sadly
the little time delay between the two PWM channels puts back the lowest
harmonic at the same place as for bipolar PWM. Only unipolar PWM can
take advantage of frequency doubling of the harmonics.

Figure 3.4: PWM in the frequency domain

The harmonics are not only important to get rid of due to audio quality
matters. The energy of the harmonics can end up as heat in the speaker, or
even worse; disturb other electronic equipment (see section 2.2 about RFI).
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Chapter 4

Materials and methods

Unipolar PWM has bene�ts compared to bipolar PWM. By adding a small
delay to one of the two bipolar channels that unipolar PWM is made up of,
something what I call �biunipolar PWM� is achieved. This is very similar
or identical to the modulation scheme in use by Texas Instruments in their
latest family of class D ampli�ers [12]. They call their modulation scheme
�Filterless PWM�. Biunipolar PWM provides smoother zero crossings than
unipolar PWM, but is slightly less e�cient. As mentioned in section 2.1.3
the analogy to class AB clear.

4.1 Building blocks

Figure 4.1: Building blocks

The entire design can be divided into a few building blocks as shown in
�gure 4.1. The input stage of this ampli�er must be able to add signals from
several signal sources and remove signal energy above the audio band (anti-
aliasing). Unipolar and biunipolar PWM are generated from the input signal
and its inverse (see �gure 3.2 and 3.3). A di�erential ampli�er is therefore
needed before the transformation from an analogue input signal to a pulse
width modulated pulse train. By using a H-bridge as the output stage twice
the voltage swing is achieved. This is especially valuable when working with
low voltage levels. One of the risks with the two push-pull stages of the H-
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bridge is shoot-through during switching, i.e. a state when both transistors
of a push-pull stage conducts at the same time. Shoot-through can result in
both heat and broken transistors. The control logic must be able to avoid
shoot-through by not switching on a transistor before the other one within
a push-pull stage has been switched o�.

To avoid overmodulation the triangle wave must at all times have an
amplitude exceeding the amplitude of the input signal. A simple limiter is
one solution to that problem and also avoids audio transients that can be
harmful to the ear. The desired ASIC will have an advanced AGC instead of
a simple limiter. Except for suppressing harmful transients the AGC will also
attempt to improve the audibility of spoken words in a noisy environment.
The AGC is not part of this report due to protection of the customer.

4.1.1 Analogue section

This is the only pure analogue building block and as such it is sensitive to
disturbances from its surroundings. Bypass capacitors and proper grounding
are required but also board layout is important. By keeping the PCB-tracks
and the connection wires as short as possible they will not be susceptible to
electromagnetic interference from the surroundings. In a mixed analogue and
digital design it is always a challenge to protect the analogue sections from
digital switching artifacts. Especially in an integrated circuit signal coupling
via the substrate is a problem. Separate analogue and digital ground planes
helps to avoid current loops.

There will be several input signals to the ampli�er. They will all be
single ended. A simple Kircho�-mixer (i.e. connecting all signals together
to one point) is a start, but a better solution is using a summing ampli�er.
By adding a capacitor in parallel with the feedback network a �rst order low
pass �lter is achieved, i.e. a simple anti-alias �lter. The ampli�ed and low
pass �ltered mix of input signals is then fed via a limiter to a di�erential
ampli�er with just one purpose in life; converting single ended input to
di�erential output. It is important that the two output signals have the
same amplitude and are 180 degree out of phase with each other. Otherwise
the subtraction of the two bipolar PWM channels will result in a distorted
unipolar replica of the input signal. The limiter is of the variable kind with
selectable clipping level described in section 2.3, but with the option to be
of the simple kind with �xed clipping level. This is chosen by jumpers on
the PCB.

4.1.2 Digital section

The input signals to the digital section are both analogue. Before any further
processing they must be converted to digital signals, in this case a pulse width
modulated signal train.
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Analogue to PWM

The analogue to PWM conversion is carried out by two comparators compar-
ing the input signals with a triangle wave. An audio signal represented by a
PWM signal is much less sensitive to interference from its surroundings. The
triangle wave can be generated by integrating a square wave. A simple ring
oscillator is a quick and easy way to generate a square wave. An integrator
is then the only thing needed to achieve the desired triangle wave. Figure
4.2 shows the complete schematic for a triangle wave generator.

Figure 4.2: Triangle wave generator

f =
1

2.2 ·R2 · C1
Hz[13] (4.1)

A =
1

R3 · C2

∫
VsquaredtV [14] (4.2)

The triangle wave is a very important part of the analogue to PWM con-
version. Any imperfection will directly show up as a nonlinear relationship
between the input and output of the ampli�er. If the op-amp has too low
slew rate the slopes of the triangle wave will di�er from ideally straight lines.
As a result the integrator will not have time enough to reach its desired peak
voltage. In other words, high bandwidth is required to generate a perfect
triangle wave. For best performance the op-amp must have a high slew rate,
preferable 20 V/µs or more. It is preferable with rail to rail output swing of
the op-amps, i.e. an output swing equal to the supply voltage. Otherwise
the op-amp will limit the maximum peak voltage of the triangle wave.

The logic gates for this prototype are of the well known HC-family. HC-
MOS has a supply voltage range between 2V and 6V, except when used
in oscillators. Then at least 3V must be used, otherwise there will not be
enough output current to drive external components [15].

Control logic

Power is lost when both transistors of a push-pull stage conducts at the
same time, a phenomenon known as shoot-through. This can be avoided by
not switching on a transistor before the other one within a push-pull stage
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has been switched o�. The control logic that handles this can be divided in
two separate but equal channels, one for each of the two push-pull stages of
the H-bridge. For biunipolar PWM the extra delay needed for one of the
two channels is easily created by a RC-link proceeding the control logic of
that channel. By adjusting the RC time constant (T ≈ RC) both unipolar
(T = 0) and biunipolar (T 6= 0) PWM can be achieved.

Each logic gate has a push-pull output stage very similar to the ones
in the H-bridge. It might seem strange introducing several push-pull stages
with shoot through of their own to avoid shoot-through in the two push-
pull stages in the H-bridge. But there is one big di�erence; the H-bridge
is supposed to deliver as much power as possible to the load. A logic gate
is only supposed to supply enough current to maintain logic levels when
loaded with one or a few input stages of other logic gates. In other words,
the channel resistance of the H-bridge should be as low as possible while the
output stage of the logic gate only require a channel resistance low enough
to supply just one or a few other logic gates. This is useful in high power
applications with large currents �owing through the H-bridge. In a low power
application the control logic might consume more power than what is gained
with eliminated shoot-through in the H-bridge. In the prototype the control
logic is implemented for test purposes. For the �nal ASIC selectable control
logic operation might prove useful. In a low power application the control
logic can then be disabled to save power.

The control logic of the prototype are of the well known HC-family, i.e.
standard CMOS (HCMOS). The push-pull stages of HC-logic has relatively
low channel resistance. During switching more current than needed �ow
through their push-pull stages. But according to the manufacturer, in this
case Philips Semiconductors, shoot-through is responsible of only 10% of
the wasted power [15]. Instead the main power loss comes from charging
and dischargning on-chip parasitic and load capacitances. A RC-link, e.g.
the one in the triangle wave generator, introduces slower rise and fall times
making shoot-through more of a problem. The �nal ASIC can use higher
channel resistances for its push-pull stages and perhaps digital counters and
shift registers instead of RC-links, thus wasting less power.

The control logic needs some way to detect �dangerous conditions� i.e.
when switching takes place. When such a dangerous condition has been de-
tected a transistor within a push-pull stage may not be switched on before
the other one has been properly switched o�. The time required for a tran-
sistor to be switched o� is almost constant, so one solution to this problem
is using a delay. As seen in �gure 4.3 a switching detector can be made of a
xor gate and a RC-link. As soon as the input signal changes the RC-link will
delay this change to one of the two xor inputs. During the RC-delay the xor
gate will output a logic one. This makes it easy to adapt to di�erent types
of switching elements (BJT, MOSFET etc).

The desired functionality can be summarized in a truth table where
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Figure 4.3: Switching detector

T=Toggle, U=control signal for the upper switch in the push-pull stage
and L=control signal for the lower switch:

T PWM U L

0 0 0 1

0 1 1 0

1 0 0 0

1 1 0 0

Table 4.1: Truth table for the control logic of one bipolar PWM channel

In this speci�c prototype PNP transistors are used as the upper switching
elements in the push-pull stages of the H-bridge. Compared to controlling a
NPN transistor PNP works in the opposite way. The inverted control signal
must therefore be used, i.e. U instead of U . This change is re�ected in table
4.2. Equation 4.3 and 4.4 are the resulting boolean equations de�ning the
control logic.

T PWM U L

0 0 1 1

0 1 0 0

1 0 1 0

1 1 1 0

Table 4.2: Truth table that handles PNP/NPN in the H-bridge

U = T + PWM (4.3)

L = T · PWM (4.4)

Due to gate delay in the xor gate a few inverters are inserted to ensure
glitch free operation. The propagation delay of the inverters exceeds the
propagation delay of the xor gate, so the toggle indicator is always ahead
of the PWM signal. By preceding one of the two bipolar channels with a
RC-link biunipolar PWM is achieved. The complete control logic for one
bipolar PWM channel is shown in �gure 4.4. The control logic for the other
channel is identical except for the mentioned RC-link.

25



Figure 4.4: Control logic for one bipolar channel

4.1.3 H-bridge

The H-bridge of this prototype uses BJT:s instead of fast-switching DMOS
power MOSFET:s as proposed in section 3.2. This does not matter much.
Only a small change of the time constant in the control logic is needed to
adjust for MOSFET:s.

Four resistors of 1 ohm are included in the H-bridge. They are used to
detect shoot through. When the H-bridge and the control logic are veri�ed
to work the resistors can be replaced by 0 ohm.

26



Part II

Implementation
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Chapter 5

Implementation

With all building blocks known it is time to build a prototype to see if the
proposed design will work. There are several ways to go for the implemen-
tation, but a design not involving solder feels unpleasant.

5.1 Discrete implementation

Here follows a brief survey of the implementation. A complete schematic
can be found in appendix A. Photos of the assembled prototype are shown
in �gure 5.1 and 5.2.

The input stage is built around one of the two ampli�ers within U103
(LMV358V). That ampli�er is connected as a summing pre-ampli�er with
three input signals. An electret microphone connected to P101 can with
P102 be chosen as one of three input signals. The other ampli�er within
U103 serves as the inverting ampli�er of a variable limiter. The limiters
functionality can be altered. R119 and P105 selects if the limiter shall be
variable by letting the inverting ampli�er apply bias to the diodes (D101/102)
or not. R120 and R122 selects the variable clipping level. R114 and R123
determines the clipping �hardness�. If P106 is left open the limiter will be
disconnected from the signal path which can be useful during tests. U104
(LTC1992�2) is a di�erential ampli�er used to transform single ended input
to di�erential output. U104 is the last part of the analogue input stage.
The di�erential output signal is then passed on to the digital section. A
triangle wave generator is made up by U101(74HC04), U102 (LT6202) and
a few passive components. It is exactly the same con�guration as described
in �gure 4.2. The di�erential audio signal and the triangle wave are fed
to one comparator each; U105 and U106 (LMV7219). The output signals
from the comparators (U105 and U106) are two pulse width modulated sig-
nal trains. One of the two PWM channels can be delayed for a short time
before being passed on to the control logic. The delay is chosen with an
RC-link (R124/C110). Without any delay the resulting PWM modulation
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scheme will be unipolar, otherwise biunipolar. The control logic is identical
for the two PWM channels feeding one leg each of the H-bridge. The func-
tionality of the control logic has already been described in section 4.1.2. The
only parameters to be altered are the delays generated by R113/C105 and
R121/C109. Finally there is a H-bridge made up by Q101-104. The load (a
speaker) is connected to P103.

Figure 5.1: Class D prototype. Notice the separate analogue and digital
ground planes.
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Figure 5.2: Class D prototype with comments

5.2 Estimated power consumption

A rough estimate of the power consumption is good enough for a comparison
to the measured result. Except for a few passive components only the active
components are part of the calculation. Most of the passive components do
not contribute much to the total power consumption.

5.2.1 Op-amps, comparators and H-bridge

The power consumption for the op-amps, comparators and the H-bridge are
listed in their data sheets.

• LT6202 (U102) Typ 2.3 mA Max 2.85 mA @ 3 V [16]

• LMV358 (U103) Typ 140 µA Max 340 µA @ 2.7 V [17]

• LTC1992-2 (U104) Typ 0.65 mA Max 1 mA @ 2.7 V [18]

• LMV7219 (U105, U106) Typ 0.9 mA Max 1.6 mA @ 2.7 V [19]

• MMBT2369A (Q103, Q104, ≈ 50% duty cycle each) IB ≈ 3mA [20]

• MMBT5771 (Q101, Q102, ≈ 50% duty cycle each) IB ≈ 3mA [21]

The prototype is intended for a supply voltage of 3 V. Most of the values in
the data sheets are speci�ed for a supply voltage of 2.7 V. The extra 0.3 V
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is not likely to increase the supply current with more than a few mA.
Sum: Typ 10.9 mA Max 13.4 mA + a few mA ≈ 14-17 mA

5.2.2 Logic gates

Shoot-through is normally responsible for only 10% of the dissipated power
in logic gates [15] (see also section 4.1.2). Instead charging and discharging
on-chip parasitic and load capacitances stands for the major part. RC-
links introduce slower rise and fall times making shoot-through more of a
problem. The dynamic power dissipation for a logic device can be estimated
with equation 5.1. For simplicity the RC-links are not part of the calculation.

PD = CPD · V 2
CC · fi +

∑
(CL · V 2

CC · fo)[15] (5.1)

CPD: power dissipation capacitance per package
CL: total external load capacitance per output
VCC : supply voltage
fi: input frequency
fo: output frequency

The design consists of six logic devices; three 74HC04 and one each of
74HC08, 74HC32 and 74HC86. Their logic gates are listed in table 5.1 and
sorted by input and output frequencies. The input capacitance CI of the

Type fi 500 kHz fi 250 kHz fo 500 kHz fo 250 kHz unused (0 Hz)

74HC04 2 11 2 11 5

74HC08 0 2 0 2 2

74HC32 0 2 0 2 2

74HC86 2 0 2 0 2

Table 5.1: Logic gates sorted by input and output frequencies

gates are used as CL in the calculation for the preceding gate. Table 5.2 lists
CI and CPD for the di�erent types of gates used in the design. As seen in

Type CI CPD ref

74HC04 3.5 pF 21 pF [22]

74HC08 3.5 pF 10 pF [23]

74HC32 3.5 pF 16 pF [24]

74HC86 3.5 pF 30 pF [25]

Table 5.2: CI and CPD for the gates in the prototype

table 5.1 almost all gates operate with a frequency of 250 kHz. This opens
up for a simpli�ed version of equation 5.1. A good approximation of PD can
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be obtained by summing all capacitances (Csum) and assuming an average
frequency (favg). This reduces equation 5.1 to equation 5.2.

PD = Csum · V 2
CC · favg (5.2)

With all values known the power consumption of the logic gates can be
calculated.

Csum = 3 · CPD 74HC04 + CPD 74HC08

+ CPD 74HC32 + CPD 74HC86

+ 19 · CI

= 3 · 21 + 10 + 16 + 30 + 19 · 3.5pF

= 185.5pF

PD = Csum · V 2
CC · favg

= 185.5 · 10−12 · 32 · 250 · 103W

= 0.42mW

ID =
PD

VCC

= 0.14mA

5.2.3 RC-links

The four RC-links in the design are used to generate delays. R129/C112
determines the triangle wave frequency. R124/C110 adds the little time shift
to one of the two bipolar PWM channels needed for generating biunipolar
PWM. R113/C105 and R121/C109 are used to avoid shoot-through in one
leg each of the H-bridge. The RC-links adds extra load and more shoot-
through in the surrounding gates. They are judged to increase the supply
current with a few mA.

5.2.4 Total supply power without load

A rough estimate of the total supply current without load is 15-18 mA at
a supply voltage of 3 VDC. The power consumption Punloaded is then 45-54
mW.

5.3 Estimated output power

The fundamental-frequency voltage V̂o1 seen to the left in �gure 3.4 is the
desired signal to be transferred to the load. The rms value, Vo1, is needed to
calculate the output power. The amplitude modulation ratio ma de�ned in
section 3.3.1 determines the magnitude of the fundamental-frequency volt-
age:

V̂o1 = maVcc (ma ≤ 1) [26] (5.3)
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Assuming a sinusoidal input signal the rms value is:

Vo1 = ma
Vcc√

2
(5.4)

Combining equation 2.3 with 5.4 yields:

P =
(ma

V cc√
2
)2

R
(5.5)

A speaker is not purely resistive but assuming so is a fairly good approxima-
tion. The output power is inversely proportional to the speaker impedance.
A low impedance yields high output power but to the cost of increased power
supply ripple. This ampli�er is intended for a speaker impedance of 32Ω but
will work well also with e.g. 8Ω. The intended supply voltage V cc is 3V.
Maximum output power is achieved with ma = 1:

Pmax32Ω =
(1 · 3√

2
)2

32
≈ 140mW (5.6)

Pmax8Ω =
(1 · 3√

2
)2

8
≈ 560mW (5.7)

To compensate for the nonzero voltage drop over saturated transistors in the
H-bridge equation 5.4 is adjusted to:

Vo1 = ma

(Vcc − VCE(sat)PNP
− VCE(sat)NPN

)
√

2
(5.8)

Combining equation 2.3 with 5.8 yields:

P =
(ma

(Vcc−VCE(sat)PNP
−VCE(sat)NPN

)
√

2
)2

R
(5.9)

According to the data sheets are VCE(sat)PNP
≈ 0.6 V [21] and VCE(sat)NPN

≈
0.3 V [20]. This might seem much, but there �ows quite large currents
through the H-brigde explaining the high voltage drops.

PmaxCE(sat)32Ω
=

(1 · (3−0.6−0.3)√
2

)2

32
≈ 69mW (5.10)

PmaxCE(sat)8Ω
=

(1 · (3−0.6−0.3)√
2

)2

8
≈ 276mW (5.11)

With fast switching DMOS instead of BJT the voltage drop over saturated
transistors is likely to decrease. The on-state resistance for DMOS can be
as low as a few hundred mΩ [27]. This makes it possible to almost neglect
the voltage drops in the H-bridge and thus achieve more output power.
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5.4 Estimated maximum e�ciency

The e�ciency η is de�ned as:

η =
Pload

Psupply
[1] (5.12)

With values from section 5.2 and 5.3 an estimated e�ciency can be calcu-
lated:

ηmax32Ω =
Pmax32Ω

Punloaded + Pmax32Ω

≈ 72% (5.13)

ηmax8Ω =
Pmax8Ω

Punloaded + Pmax8Ω

≈ 91% (5.14)

When the voltage drops due to the PNP and NPN transistors in the H-bridge
are taken into account the e�ciency is a bit lower:

ηmaxCE(sat)32Ω
=

PmaxCE(sat)32Ω

Punloaded + PmaxCE(sat)32Ω

≈ 56% (5.15)

ηmaxCE(sat)8Ω
=

PmaxCE(sat)8Ω

Punloaded + PmaxCE(sat)8Ω

≈ 84% (5.16)

It is important to note that the values above are calculated with ma = 1,
i.e. full output power. The e�ciency is lower with ma < 1.

Generally class D ampli�ers intended for high output power gain higher
e�ciency than low power versions. This is due to the fact that there is always
a constant power consumption in the electronics generating control signals
for the H-bridge (Punloaded). The more power delivered from the H-bridge
the less Punloaded a�ects the total power consumption making the e�ciency
approach 100%.
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Chapter 6

Results

Even if the output signal of an audio ampli�er sounds good to the ear it does
not imply that the design is perfect. Ernst Werner von Siemens once said
�Messen ist Wissen�, i.e. �To measure is to know�. I am willing to agree. A
measurement does not only express performance in numbers. It also helps
the designer to track down and correct design �aws.

There are several interesting parameters to be measured. When it comes
to class D e�ciency is the most obvious one. The Total Harmonic Distor-
tion + Noise (THD+N) is also of interest and can be measured both versus
amplitude and frequency. For this prototype the di�erence between unipolar
and biunipolar PWM is a lot more interesting than several measurements for
each modulation form. THD+N is therefore only measured versus frequency
with identical amplitudes for the two modulation schemes. The prototype
has only one channel (mono) making crosstalk measurements impossible.
The intended product will work as a set of two independent mono ampli-
�ers separated a few decimeters away from each other. Crosstalk is therefore
unlikely to be much of a problem.

One might think that the procedure when measuring linear (e.g. class A)
and switched ampli�ers (class D) are the same. That is true except for the
simple fact that an audio analyser normally is not intended for frequencies
above 20 kHz. The ampli�ers of its input stage and signal processing stages
are optimized for low noise and high linearity. A high slew rate is not really
needed when dealing with the audio band. 5 − 10 V/µs is normally good
enough [28]. The rich content of harmonics outside the audio band generated
by class D may produce intermodulation products in these ampli�ers. Slew
rates of hundreds V/µs or more is not unusual when it comes to class D.
A quite sharp low pass �lter with a �at passband is needed between the
ampli�er and the analyser to ensure valid measurements. Otherwise very
high levels of distortion will be recorded.

Not only parameters related to performance are worth measuring. In this
design both the generated PWM and the variable limiter are worth closer
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looks. Imperfections to the PWM signal indicates problems with the control
logic or the comparators. The limiter is not a very critical part of the design
but it is interesting to verify its functionality.

6.1 E�ciency

The prototype set up for biunipolar PWM with a switching frequency of 240
kHz consumes 18.2 mA @ 3V without load. The current consumption for
unipolar PWM with a switching frequency of 120 kHz is 17.8 mA @ 3V. The
rough estimate in section 5.2 was 15-18 mA .

The switching nature of class D makes e�ciency measurments a little
more complicated than for linear ampli�ers. Filterless PWM modulation
schemes require the inductance and inertia of a speaker for its operation.
When measuring the e�ciency of linear ampli�ers a resistor is good enough
as load making it easy to calculate the output power. With class D the
output power is calculated on basis of current and voltage:

ηclassD =
Pload

Psupply
=

VO(rms) · IO(rms)

VS(ave) · IS(ave)
[2] (6.1)

IO(rms) is measured by inserting a resistor with low resistance in series with
the speaker. The rms voltage over the resistor VR(rms) is proportional to
IO(rms):

ηclassD =
VO(rms) · (

VR(rms)

R )
VS(ave) · IS(ave)

[2] (6.2)

The test set up consists of:

• Mobile communications DC source (HP 66311A)

• 61
2 digit true rms multimeter (Agilent 34401A)

• Radio Communication Analyser (Rhode & Schwarz CMTA 54)

• 100 kHz Dual Channel Programmable Filter (Stanford Research Sys-
tems SR650)

• Resistor 0.111 Ω

• Speaker 32 Ω

• Class D ampli�er
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Class D e�ciency is usually measured with a 1 kHz sinusoidal test signal [28]
which in this case is generated by the Radio Communication Analyser. The
signal level of the 1 kHz test signal is adjusted to achieve maximum output
power, i.e. ma = 1. VS(ave) and IS(ave) are measured with the averaging
function of the power supply (HP 66311A). The low pass section of SR650
is used to �lter out the fundamental frequency component VO over the load.
VO(rms) and VR(rms) are measured with the true rms multimeter.

ηbi240kHz =
709 · 10−3 · (11.51·10−3

0.111 )
3 · 48 · 10−3

≈ 51% (6.3)

ηuni120kHz =
717 · 10−3 · (11.54·10−3

0.111 )
3 · 46 · 10−3

≈ 54% (6.4)

6.2 Total Harmonic Distortion + Noise (THD+N)

The basic idea of THD+N measurements is feeding an ampli�er with a low
distortion sine wave (usually 1 kHz or a sweep over the entire audio band)
and then removing the sine wave from the output signal with a sharp �l-
ter. The residue are simply the Total Harmonic Distortion and Noise. With
an ideal ampli�er there are no residues to be measured. Imperfections in
real ampli�ers can largely be quanti�ed by the THD+N value. Both the
input signal amplitude and frequency can a�ect the THD+N. The measure-
ment bandwidth must be speci�ed. Otherwise two di�erent THD+N mea-
surements can not be compared. For this prototype the di�erence between
unipolar and biunipolar PWM is more interesting than THD+N for di�er-
ent amplitude levels. THD+N is therefore only measured versus frequency
with identical amplitudes for the two modulation schemes. The amplitude
is chosen to give maximum output power without clipping.

The test set up consists of:

• Audio Analyser (Rhode & Schwarz UPL, DC to 110 kHz)

• 100 kHz Dual Channel Programmable Filter (Stanford Research Sys-
tems SR650)

• Class D ampli�er with a power supply of 3V

The audio analyser is set up to measure THD+N as a sweep over the entire
audio band, i.e. 20 Hz to 20 kHz. The output signal from the audio analyser
is fed to the input of the class D ampli�er. As noted earlier the PWM output
signal from class D consists of harmonics far outside the audio band. The
harmonics must be removed with a low pass �lter before the output signal
from the class D ampli�er is returned to the audio analyser. Filtering is
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done by the low pass section of SR650 (8-pole 6-zero elliptic) with the corner
frequency set to 20 kHz. This ensures that there will be no intermodulation
products in the ampli�ers and signal processing stages of the audio analyser.

Figure 6.1: THD+N for biunipolar PWM. Switching frequency: 240 kHz
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Figure 6.2: THD+N for unipolar PWM. Switching frequency: 240 kHz

Figure 6.3: THD+N for unipolar PWM. Switching frequency: 120 kHz
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6.3 Variable limiter

A XY plot of the relationship between the input and output signal of the
class D ampli�er is a good way to visualise the functionality of the limiter.
Just as for THD+N measurements low pass �ltering is needed. Otherwise
the XY plot will look distorted.

The test set up consists of:

• Oscilloscope (Tektronix TDS5104B DPO)

• Audio Analyser (Rhode & Schwarz UPL, DC to 110 kHz)

• 100 kHz Dual Channel Programmable Filter (Stanford Research Sys-
tems SR650)

• Class D ampli�er with a power supply of 3V

The audio analyser is used as a signal generator feeding the input of the
class D ampli�er with a sine wave of constant frequency. It does not matter
what frequency in use as long as it is within the audio band (20 Hz to 20
kHz), i.e. the intended frequency band for the ampli�er. The output signal
from the class D ampli�er is low pass �ltered with SR650 set up to a corner
frequency of 20 kHz. The input signal to the class D ampli�er is connected
to the X-channel of the oscilloscope. The low pass �ltered output signal is
connected to the Y-channel. The oscilloscope is set up to XY mode. The
clipping hardness of the limiter is constant. Only the clipping level is altered
between the measurements. Normally a XY plot of a limiter looks like a
single line. The output �lter (SR650) adds a phase shift to the signal which
explains the resulting elliptic form. The phase shift is frequency dependent
so slightly di�erent XY plots (more or less elliptic) are achieved with di�erent
frequencies. The clipping level is independent of the phase shift.
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Figure 6.4: XY plot of the input and output signal. No clipping.

Figure 6.5: An input signal amplitude exceeding the clipping level
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Figure 6.6: A lower clipping level compared to �g 6.5

6.4 PWM generation

As described in the literature review unipolar PWM is created by subtracting
two bipolar PWM channels from each other (see section 3.3.2). Subtraction
takes place in the H-bridge. Biunipolar PWM is generated in a similar way.
The di�erence is that one of the two bipolar PWM channels has been slightly
delayed.

The test set up consists of:

• Oscilloscope (Tektronix TDS5104B DPO)

• Audio Analyser (Rhode & Schwarz UPL, DC to 110 kHz)

• Class D ampli�er with a power supply of 3V

The audio analyser is only used as a signal generator feeding the input of the
class D ampli�er with a sine wave of constant frequency. It does not matter
what frequency in use as long as it is within the audio band (20 Hz to 20
kHz), i.e. the intended frequency band for the ampli�er. Channel one and
two of the oscilloscope are connected to one leg each of the H-bridge. The
oscilloscope is set up to subtract the two channels and display the di�erence.
Another way to visualise the output signal would be using a di�erential
oscilloscope probe.
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6.4.1 Unipolar PWM

Figure 6.7: Unipolar PWM during positive input signal
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Figure 6.8: Unipolar PWM during negative input signal
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Figure 6.9: Input signal, unipolar PWM and low pass �ltered output signal.
Notice the phase shift introduced by the low pass �lter (SR650).
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6.4.2 Biunipolar PWM

The main di�erence between unipolar and biunipolar PWM is the behavior
close to zero crossings. Biunipolar PWM outputs narrow pulses of alternat-
ing polarity to reduce crossover distortion.

Figure 6.10: Biunipolar PWM without any input signal
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Figure 6.11: Biunipolar PWM during a slow zero crossing. Notice the bipolar
behavior during the zero crossing.
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Chapter 7

Discussion

7.1 E�ciency

Unipolar PWM o�ers higher e�ciency than biunipolar PWM, but as seen in
equation 6.3 and 6.4 is the di�erence small for this prototype (54 % and 51 %
respectively). Switching losses obviously play a small role in low power class
D ampli�ers compared to the power consumption in the analog input stage.
In high power class D ampli�ers switching losses are more of a problem.

7.2 THD+N

Measurements of THD+N con�rms that biunipolar PWM o�ers better per-
formance than unipolar PWM (compare �gure 6.1 with �gure 6.2). Surpris-
ingly halved triangle wave frequency yields even better performance, at least
for audio signals below a few kHz (compare �gure 6.3 with �gure 6.2). This
indicates a design problem with too long rise and fall times distorting the
signal, i.e. too low bandwidth. In theory a high triangle wave frequency
would yield better performance.

A closer look at the THD+N measurement of unipolar PWM at 120 kHz
serves as good example when pinpointing out di�erences from the expected
result (bold line in �gure 7.1). With increasing input signal frequency the
quotient between the triangle wave frequency and the input signal decreases.
In other words; the number of samples per input signal cycle decreases. This
explains why THD+N grows with frequency (clearly seen above 1 kHz). At D
in �gure 7.1 THD+N takes a quick jump from 0.8% down below 0.2%. This
happens when the �rst dominant harmonic goes outside the measurement
bandwidth.

High THD+N below 100 Hz (A in �gure 7.1) is dependent of the ca-
pacitors that are used in the signal path to separate DC bias from di�erent
building blocks (e.g. C104 and C107 as seen in the attached schematic).
They work as high pass �lters and will not be needed when the design has
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Figure 7.1: THD+N for unipolar PWM with a triangle wave frequency of
120 kHz compared to the expected result (bold line)

been veri�ed to work. THD+N would then decrease as predicted by theory
when going from 100 Hz toward 0 Hz.

Almost centered around 100 Hz (B in �gure 7.1) there is a distinct area
with increased THD+N. Its cause is not clear and requires further inves-
tigations. One possibility is some kind of interference with the power line
frequency (50 Hz) that might have been introduced by the power supply
(3 VDC from 230 VAC). This theory is supported by the fact that there
is no distinct area with increased THD+N present in the measurement of
biunipolar PWM. The measurements of unipolar and biunipolar PWM were
conducted at di�erent occasions and with di�erent power supplies.

In this prototype signal ground is de�ned by a simple voltage divider (see
R131 and R132 in the schematic found in appendix A). By adding a voltage
follower signal ground will become more stable. This is expected to move
the area around C in �gure 7.1 closer to the desired (bold) curve.

7.3 Limiter

The variable limiter works as expected. The output signal does not grow
beyond the limit set by the inverting ampli�ers feedback network (i.e. am-
pli�cation) and the forward voltage drop of the limiting diodes.

As noted the output �lter (SR650) adds a phase shift which explains the
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elliptic form of the XY-plots. If there would have been an AGC instead of
a limiter the relationship between the input and output would have looked
di�erent. Instead of loosing its elliptic form at the outer ends the XY-plot
of an AGC keeps its elliptic form no matter of the input signal amplitude.
The AGC decreases the ampli�cation when needed to keep the output signal
within bounds. The shape of the audio signal is preserved which sounds
better to the ear than clipping.

7.4 PWM

Both the generated unipolar and biunipolar PWM looks as expected. Close
to zero crossings the biunipolar PWM outputs narrow pulses of alternating
polarity. When the input signal amplitude grows both unipolar and biunipo-
lar PWM switches with the same polarity as the input signal.

As noted in section 7.1 unipolar PWM o�ers a higher e�ciency than biu-
nipolar PWM. As already concluded the measurements of THD+N con�rms
that biunipolar PWM o�ers better audio performance than unipolar PWM.
Compare �gure 6.1 with �gure 6.2 and notice that the overall THD+N is
lower with biunipolar PWM.
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Chapter 8

Conclusions

• There are several PWM schemes that can be used for ampli�ers of
class D. Bipolar PWM o�ers best linearity but is the least e�cient
modulation scheme. Unipolar PWM is e�cient but su�ers from cross
over distortion. Biunipolar PWM combines features of both bipolar
and unipolar PWM and o�ers a reasonable combination of linearity
and e�ciency. There is a clear analogy to the linear ampli�er classes A,
B and AB. Both unipolar and biunipolar PWM falls within a category
called �lterless PWM. As such they do not require an external low pass
�lter for optimal performance.

• Unipolar PWM is generated by subtracting two bipolar PWM chan-
nels from each other. One of the bipolar channels is generated with the
inverted input signal. By adding a small delay to one of the channels
biunipolar PWM is achieved. This opens up for the possibility of easily
switching between the e�cient unipolar PWM (no delay and halved
switching frequency) and the more linear biunipolar PWM (small de-
lay). This is useful in battery powered applications. As long as the
batteries are ok biunipolar PWM can be used. Otherwise the ampli�er
can switch over to unipolar PWM and use halved switching frequency
to save power.

• All building blocks work as expected but there are a few problems to
take care of. Surprisingly a low switching frequency (120 kHz) led to
lower THD+N than with 240 kHz. This indicates a problem with too
long rise and fall times in the control logic or imperfections in the tri-
angle wave generator. Another problem is the high power consumption
in the analog part that generate control signals for the H-bridge. Im-
plementing the ampli�er in an ASIC will hopefully lead to a reduced
power consumption due to the ability to get custom made building
blocks.

• The e�ciency of class D is theoretically 100%. In low power ampli�ers
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of class D the practical e�ciency is degraded mainly by the power
consumption for generating control signals for the H-bridge. In high
power ampli�ers of class D switching losses in the H-bridge are much
more of a problem.
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Chapter 9

Recommendations

The ASIC is intended to be incorporated in a product family with several
members. Some of them are quite advanced and thus expensive. A DSP can
among many other things easily handle the AGC functionality and generate
control signals for the H-bridge. An ASIC is only really meaningful in appli-
cations where low cost and low power consumption are the main concerns,
i.e. products at the lower end of the family tree.

One possibility is designing an ASIC that can work in two separate
modes. One mode for stand alone operation in cheap products and one
mode with reduced functionality for use with a DSP. It might seem strange
using the ASIC at all when there already is a DSP in the application, but
the DSP needs a H-bridge as its output stage. The cost for a H-bridge and
the proposed ASIC is likely to be almost the same. The chip area needed to
attach bonding wires de�nes a minimum area that is likely to be big enough
for both a single H-bridge and an ampli�er of class D with AGC.

The ASIC is supposed to have a simple serial CPU interface for moni-
toring and setting of audio parameters. The most important settings to be
accessible are:

• Mixing and ampli�cation of the three input channels, but also a gen-
eral/global setting that a�ects them all.

• AGC parameters

• Equalizer to be able to compensate for di�erent listening environments.

• Level for hard clipping, but with an AGC a limiter is not really needed
except maybe as a �nal protection stage against harmful sound levels.

• Delay for one of the two bipolar PWM channels so that both unipolar
and biunipolar PWM can be achieved.

• Delay for the transistors in the H-bridge to prevent shoot through.
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• Adjustable triangle wave frequency to be able to take advantage of the
frequency doubling of harmonics in unipolar PWM.
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Appendix A

Schematic
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