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e the “Power Electronics Systems” group at the ETH Ziirich for showing
me world-class approaches to build even better switch-mode power
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Summary

Switch-mode power electronics is disturbing other electronic circuits by emis-
sion of electromagnetic waves and signals. To allow transmission of informa-
tion, a set of regulatory rules (electromagnetic compatibility (EMC)) were
created to limit this disturbance. To fulfill those rules in power electronics,
shielding and filtering is required, which is limiting the size reduction. The
motivation for this project was to find alternative ways to avoid trouble with
interference of switch-mode power electronics and transmission and receiver
circuits. An especial focus is given to audio power amplifiers.

After a historical overview and description of interaction between power
electronics and electromagnetic compatibility (chapter 1), the thesis will
first show the impact of the high frequency signals on the audio perfor-
mance of switch-mode audio power amplifiers (chapter 2). Therefore the
work of others will be put into perspective and self-oscillating amplifiers will
be compared with external synchronized topologies.

After that, solutions to the problem, which are widespread in industry will
be given and explained (chapter 3). The challenges and advantages will be
described.

The improvement of the described problem where four different approaches:

e Multi Carrier Modulation (MCM)
o Active Electromagnetic Cancellation (AEC)
e Current Driven Power Stages (CDP)

e Radio Frequency Power Electronics (RF SMPS)

Multi Carrier Modulation (chapter 4) is using more than one external car-
rier and generating multiple PWM signals. Those are combined by a logic
circuit to one pulse coded information stream. The average of this stream is



proportional to the modulated signal, while the spectral peaks of the switch-
ing frequencies are half compared to state-of-the art pulse width modulation
(PWM).

Active Electromagnetic Cancellation (chapter 5) has been known as active
filtering in power electronics. It has been applied to switch mode audio
power amplifiers. The specialty for the later will be described and a design
is shown, decreasing the undesired spectrum by 15 dB.

A different approach to tackle the problem is given by an alternative power
stage in Current driven Power Stages (chapter 6). A focus of this approach is
to minimize the biggest components, the inductors, in the filters of switch-
mode power electronics. This approach results in a size reduction of the
filters by around 84 %.

A very promising approach to remove the interference of power electronics
circuits and telecommunication circuits is to stay away from the frequen-
cies used for information transmission. Even though the electromagnetic
spectrum is used without any exceptions, the situation can be optimized for
audio applications. This is done by using switching frequencies beyond the
communication frequencies and will be described in Radio Frequency Power
Electronics (chapter 7).

Each chapter ends with a section printed in italic. These paragraphs are
meant to link the respective chapter with the rest of the work and therefore
enables the reader to investigate only parts of the work, while getting the
perspective to the rest.



Dansk Resumé

Switch-mode effektelektronik forstyrrer andre elektroniske kredslgb ved emis-
sion af elektromagnetiske felter og signaler. Derfor blev en raekke regula-
toriske regler (elektromagnetisk kompatibilitet) sat op, som muligggr trans-
mission af informationer. For at opfylde disse regler, er skesermning og
filtrering ngdvendig, disse begreenser storrelsesreduktion af effektelektron-
ikkredslgb. Motivationen til projektet var, at finde andre muligheder for
at forhindre problemer med kobling mellem switch-mode effektelektronik og
transmission- eller modtagerkredslgb. Der var specielt fokus pa audio effek-
tforsteerker.

Efter et historisk overblik og beskrivelse om vekselvirkning mellem effek-
telektronik og elektromagnetisk kompatibilitet (kapitel 1), beskriver afhan-
dlingen pavirkning af hgjfrekvente signaler pa lydkvalitet af switch-mode
audio effektforsteerkere (kapitel 2). Andres arbejde vil blive perspektiveret
og selvoscillerende systemer vil blive sammenlignet med ekstern synkronis-
erede topologier.

Efterfglgende vil nuveerende udbredte lgsninger, som anvendes i industrien,
blive forklaret (kapitel 3). Deres udfordringer og fordele vil blive beskrevet.
Forbedring af det beskrevede problem var fire lgsninger:

e Multi Carrier Modulation (MCM)

e Active Electromagnetic Cancellation (AEC)
e Strgmdrevet effekttrin (CDP)

e Radiofrekvens effektelektronik (RF SMPS)

Multi Carrier Modulation (kapitel 4) benytter mere end en ekstern carrier og
generer derfor flere pulsebredemodulation (PWM) signaler. Disse signaler
bliver kombineret ved logiske kredslgb og skaber en pulstog. I gennemsnit
er pulsene proportionale med modulationssignalet, mens de spektrale toppe



kun er halvt sa store som i konventionel PWM.

Active Electromagnetic Cancellation (kapitel 5) har veeret kendt i effektelek-
tronik som aktiv filtrering. Princippet blev anvendt pa switch-mode audio
effektforsteerkere. Det specielle hermed er beskrevet og en prototype viser
en forbedring pa 15 dB.

Et andet forsgg pa at angribe problemet er gjort ved et alternative effekttrin
i CDPen (kapitel 6). Malet af forsgget er at mindske de stgrste komponen-
ter, nemlig spolerne, i filtre fra switch-mode effektelektronik. Metoden giver
en formindskelse pa cirka 84 %.

En meget lovende mulighed for at fjerne interferens mellem effektelektronik
og telekommunikationskredslgb er at undga frekvenser, som benyttes til in-
formationstransmission. Selvom hele det elektromagnetiske spektrum bliver
benyttet uden undtagelser, kan situationen forbedres indenfor audio applika-
tioner. Det bliver gjort ved at seette switch-frekvensen over de benyttede
kommunikationsfrekvenser og er beskrevet i radiofrekvens effektelektronik
(kapitel 7).

Hvert kapitel slutter med en paragraf i kursiv. Denne paragraf forbinder
kapitlet med resten af afhandlingen og skal derfor give mulighed for leseren
for at undersage dele af beskrivelsen, mens man beholder sammenhaengen til
resten.



Deutsche Zusammenfassung

Schaltnetzteile storen andere elektronische Schaltungen durch Aussendung
elektromagnetischer Felder und Signale. Um die Ubermittlung von Informa-
tionen zu ermdglichen, wurden regulative Bestimmungen (Elektromagnetis-
che Vertriglichkeit) geschaffen, welche die Stérungen limitieren sollen. Um
diese Regeln zu erfiillen, ist es erforderlich, die leistungselektronischen Schal-
tungen zu schirmen und zu filtern, was deren physikalische Gréfie bestimmt.
Motivation dieses Projekts ist es, Alternativen zu finden, die die Probleme
der Beeintrichtigung von Sendern und Empfingern durch Schaltnetzteile
verhindern. Spezieller Fokus liegt dabei auf geschalteten Audioverstérkern.
Nach einem historischen Uberblick und der Beschreibung der Wechselwirkung
von Leistungselektronik und elektromagnetischer Vertréglichkeit (Kapitel 1),
zeigt diese Arbeit den Einfluss hochfrequenter Signale auf die Audioperfor-
mance von geschalteten Audioleistungsverstirkern (Kapitel 2). Dazu wird
die Arbeit von anderen erldutert und selbstoszillierende Systeme werden mit
extern synchronisierten verglichen.

Danach werden die in der Industrie weitverbreiteten Losungen vorgestellt
(Kapitel 3) und deren Herausforderungen und Moglichkeiten aufgezeigt.
Die Verbesserung der Problemstellung sind vier verschiedene Vorgehensweisen:

e Multi Carrier Modulation (MCM)
o Active Electromagnetic Cancelation (AEC)
e Stromgespeiste Leistungsstufen (CDP)

e Radiofrequenzleistungselektronik (RF SMPS)

Multi Carrier Modulation (Kapitel 4) beniitzt mehr als ein externes Trégersig-
nal und generiert damit mehrere PWM-Signale. Diese werden anhand einer



Logikschaltung zu einer Pulsreihenfolge zusammengefiihrt, welche durch-
schnittlich dem Modulationssignal folgt, im Vergleich zu gewthnlicher Pulse-
breitemodulation aber nur halb so hohe spektrale Peaks mit sich bringt.
Active Electromagnetic Cancellation (Kapitel 5) ist unter aktiver Filterung
in der Leistungselektronik bekannt. Diese wurde auf Audioleistungsver-
starker angewandt. Dessen Besonderheit ist beschrieben und ein Prototyp
zeigt auf, dass sich damit das unerwiinschte Spektrum um 15 dB vermindern
l&sst.

Ein anderer Ansatz, um das Problem anzugehen, sind alternative Leis-
tungsstufen in Form von stromgetriebenen Leistungsschaltungen (Kapitel 6).
Im Mittelpunkt dieses Ansatzes steht die Bemiihung, die grofiten Komponen-
ten, die Spulen, zu verkleinern. Dieser Ansatz resultiert in einer Groflenre-
duktion der genannten Komponenten um ca. 84 %.

Fin sehr aussichtsreicher Ansatz um die Wechselwirkung von leistungselek-
tronischen und kommunikationstechnischen Schaltungen zu unterbinden ist
es, die Schaltfrequenz der Netzteile von den Frequenzen der Information-
siibertragung fernzuhalten. Obwohl das elektromagnetische Spektrum aus-
nahmslos zur drahtlosen Kommunikation verwendet wird, kann die Situa-
tion fiir Audioanwendungen optimiert werden. Dies wird dadurch erreicht,
dass man die Schaltfrequenz iiber die relevanten Kommunikationsfrequenzen
setzt (Kapitel7).

Jedes Kapitel endet mit einem Absatz in Kursivschrift. Diese Abschnitte
sollen das jeweilige Kapitel mit dem Rest der Arbeit verbinden und es dem
Leser ermdglichen, Teile der Arbeit zu betrachten ohne die Perspektive zum
Rest zu verlieren.
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Abbreviations, Terms & Definitions

AC - Alternating Current All electrical signals, which are not constant
over time. (= DC)

AC Mains - Alternating Current Mains AC mains is a universal
term for describing the industrial and urban electrical energy distribution
network.

AEC - Active Electromagnetic Cancellation Active electromagnetic
cancellation is one of the described improvements in this project (= chapter
5).

Audio Band The audio band is located between 20 Hz and 20 kHz. (=
in-band)

AF - Audio Frequency As audio frequencies lie in the range from 20 Hz
to 20 kHz.

Aliasing Aliasing is the result of an under sampled signal, i.e. the sam-
pled signal contains spectral components beyond the Nyquist frequency of
a system.

AM - Amplitude Modulated (radio) Amplitude modulated radio de-
scribes not only the technical modulation topology, but also a specific fre-
quency range from 540 kHz to 1.7 MHz [3] for transmitting radio stations
across a long distance.



Abbreviations, Terms & Definitions xviii

AV - Audio / Video Audio / video systems denote technical systems
having an interface with the human ear and / or eye. It is especially used
in the entertainment electronics industry.

CD - Compact Disc Compact Disc is a standardized optical storage
media widely used for storage of music in the consumer domain.

CDP - Current Driven Power Stages Current driven power stages
operate from current sources, rather than voltage sources (= chapter 6).

DC - Direct Current All electrical signals with frequency 0 Hz are de-
noted direct current. (= AC)

Dithering Dithering is a forced periodical, pseudo-random or random
variation of a reference frequency. (= Jitter)

DNR - Dynamical Range Dynamical range is the ratio between the
maximum output level of a system and its noise floor. (= SNR)

DUT - Device under Test Device under test refers to the equipment or
system which is applied to a qualifying test.

Electromagnetic Disturbance “Any electromagnetic phenomenon which
may degrade the performance of a device, equipment or system, or adversely
affect living or inert matter” [4]. The disturbance is understood as the phys-
ical cause. Its physical effect is electromganetic interference.

EMC - Electromagnetic Compatibility “The ability of an equipment
or system to function satisfactorily in its electromagnetic environment with-
out introducing intolerable electromagnetic disturbances to anything in that
environment.” [5]

EMF - Electromagnetic Force EMF is a synonym for voltage.

EMI - Electromagnetic Interference “Degradation of the performance
of an equipment, transmission channel or system caused by an electromag-
netic disturbance.” [6] Generally understood as the physical effect of an
electromagnetic disturbance.



Xix Abbreviations, Terms & Definitions

FM - Frequency Modulated (radio) Frequency modulation is the most
popular modulation topology for audio broadcasting. It is applied in the
frequency range between 87.5 MHz to 108 MHz [7] in most parts of the

world and from 76 MHz to 90 MHz in Japan and from 65.8 MHz to 74 MHz
in Eastern Europe [8].

IC - Integrated Circuit An integrated circuit is a system implemented
in one or multiple silicon dies, which are mechanically mounted within one
enclosure popularly called chip.

In-band Signals having at least part of their energy within the audio band
(20 Hz...20 kHz) are considered to be in-band. (= out-of-band)

Jitter Jitter is the variation of a reference frequency. (= Dithering)

JFET - Junction Field Effect Transistor Transistors, which are normally-
on devices and require a negative control voltage to get turned off. They
are available with and without body diode.

MCM - Multi Carrier Modulation Multi carrier modulation is one of
the described improvements in this project (= chapter 4).

MOSFET - Metal Oxide Semiconductor Field Effect Transistor
MOSFETSs are the most common used electrical switches in power electronics
in the range from mW up to several kW.

Out-of-band The energy of signals laying outside of the audio band (20 Hz
to 20 kHz) are considered to be out-of-band. (= in-band)

Power Electronics “The field of electronics, which deals with the conver-
sion or switching of electric power with or without control of that power.” [9]

PWM - Pulse Width Modulation A coding method, which is storing
the information of a signal along the time axis, in spite of the amplitude axis,
while keeping the mean value of the signal proportional with the information.

RF - Radio Frequency Radio frequencies are the spectral regions, that
can be used for radio communications.



Abbreviations, Terms & Definitions XX

SNR - Signal-to-Noise Ratio As a synonym for = DNR, the signal-
to-noise-ratio describes the relation between a systems output level with
respect to its noise floor.

Switching Frequency Switching frequency is the fundamental of a car-
rier signal in power electronics.

THD+N - Total Harmonic Distortion + Noise A measure to de-
scribe the purity of a signal also used as a performance measure for audio
devices.

TV - Television Television is a means of entertainment including both,
audible and visual information, which are transmitted through a communi-
cation channel.
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CHAPTER 1

Motivation for Research

The project “Improvement of out-of-band behavior in switch mode ampli-
fiers and power supplies by their modulation topology” was created out of
a realized pain in development. Particularly it was discovered, that it is an
excessive process to fulfill the electromagnetic compatibility (EMC) require-
ments in switch-mode power electronics. The origin of this fact lies in the
high-frequent nature of switching signals in power converters which are very
precisely measured in electromagnetic compatibility tests. The modulators
in power converters are sources of the switching signals. These discoveries
formed the title of the project.

To begin with, the phenomena EMC and switch mode power electronics will
be elaborated. Both of their background and reasons for being are given.
After that, the link between them will be explored and special cases will be
shown.

1.1 Electromagnetic Compatibility (EMC)

A generally accepted definition of electromagnetic compatibility (EMC) is
given by [5] as “the ability of an equipment or system to function satis-
factorily in its electromagnetic environment without introducing intolerable
electromagnetic disturbances to anything in that environment.” More com-
monly used definitions of terms in conjunction with EMC are given in the
section abbreviations, terms and defninitions. This section will give further
insight in the relevance of EMC and its link to this project, starting out
with a historical digest on EMC, popular known examples of the physical



1.1 Electromagnetic Compatibility (EMC) 2

phenomena as well as categorizing those and connecting them to relevant
laws and norms.

1.1.1 History

The consideration of electromagnetic compatibility in society started with
a German law “Gesetz {iber das Telegraphenwesen des Deutschen Reiches”
(engl. “Law of telegraphy from the German Empire”) in 1892 (see appendix
A), restricting all rights to build transmission stations to the state. In
December 1920 it happened that this technology was used to transmit the
Christmas concert in the south-eastern Berlin area across a distance of about
600 m from a hill to a castle. However nearby driving automobiles inter-
fered with the transmitted signals and the sound quality was degraded. As
one of the listeners, the Chancellor of the Republic Herman Miiller, was not
amused by the quality of the received music, he ordered to correct the issue
and the subject of EMC was born this way [10].

Although the United States Congress enacted the “Wireless Ship Act” [11] in
1910 requiring open sea passenger ships to be equipped with radio communi-
cation equipment, this law did not prevent multiple usage of the same tran-
sition frequency in the same geographical area. This lead to several interest
conflicts between the U.S. Navy, private companies, and radio amateurs. Es-
pecially the later interpreted radio communication as an unlegislated area
which led them to disturb life saving messages to ships. Additionally mo-
tivated by the sinking of the RMS Titanic in 1912, the United States put
the “Radio Act” [12] into force later in the same year. This regulation em-
powered the “United States Secretary of Commerce and Labor” to restrict
certain frequencies to military and security uses and allowed it to offer li-
censes for other frequencies to the amateur radio operators. This was the
first partitioning of frequencies and separation of different frequency bands
in the radio frequency range. In 1927 the usage of frequency bands was
increased by broadcasting on top of the previous use for communications
only. This change of utilization resulted in a new version of the “Radio Act”
empowering the 1926 founded “Federal Radio Commission” (FRC) [13] to
supervise the electromagnetic spectrum. The FRC was replaced in 1934 by
means of “Communications Act of 1934” [14] with “Federal Communications
Commission” (FCC) [15] which requires products to be labeled with the logo
in figure 1.1(a).

On an international basis the “Comité International Spécial des Perturba-
tions Radioélectriques” (CISPR) was founded in 1934 from the “International
Electrotechnical Commission” (IEC) to set the rules for technical usage of
various frequencies. Later on in 1984 the “Comite Europeen de Normal-
isation Electrotechnique” (CENELEC) was given the task to develop the
standards for emission, immunity and safety in Europe [16]. The European
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Union requires products sold on the european market to carry the “CE la-
bel” [17] as shown in figure 1.1(b). Among others, this labeling confirms
electromagnetic compatibility.

It can be easily confused with a label commonly known as “China-Export
Label”, which has a smaller spacing between the two letters in the label as
shown in figure 1.1(c).

Figure 1.1 Labels
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(a) “Federal Communica- ) “CE” label for compli- ) “China-Export” label, in-
tions Commission” (FCC) ance of products with euro- dlcatmg that the product is
label [18] pean rules exported from China, can be

easily confused with “CE”

While the FCC is still in power today, its legislation from 1934 was replaced
in 1996 by the “Telecommunications Act of 1996” [19]. The major change was
initiated by the privatization of the telecommunication sector. Its purpose
is to enable competing economical interests to share frequencies.

An overview of the most important valid EMC directives is given in [20].

1.1.2 Physical Phenomena

Similar phenomena as in the past can be found with nowadays operations
of electronics. Popular examples are that flight attendants “request that
all cellular phones, pagers, radios and remote controlled toys be turned off
for the full duration of the flight, as these items might interfere with the
navigational and communication equipment on the aircraft.” A study [21]
describes the technical relation between the personal electronical devices
and the navigational and communication equipment of an airplane in the
frequency ranges from 108 MHz to 117.95 MHz as well as from 1.2 GHz to
1.6 GHz.

Another popular example these days is the audibility of data transfer from
a GSM (Global System for Mobile communications) cell phone in loud-
speakers. Even operating in a high and inaudible frequency range (either
850 MHz, 900 MHz, 1.8 GHz or 1.9 GHz), the envelope of the data transfer
rate is folded into the audio frequency ranges by time division multiplexing
(TDMA). The resulting period of the data packages is equal to the repeti-
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tion rate of the time slots of TDMA which are 4.615 ms apart from each
other. The inverse of this period is the fundamental frequency (216.7 Hz) of
the audible signal in a nearby loudspeaker.

Cell phone usage is also prohibited in hospitals. These institutions use wire-
less networks communicating at very low power levels, for example to trans-
mit the heart monitor data of patients to the associated nursing stations.
Very level sensitive applications are navigation systems. According to [22],
is the detection level for a receiver in GPS (global positioning system) as
low as —160 dB.

Numerious other popular examples are given in [23] and spectacular hap-
penings are countless in the internet. As the above historical essay and all of
these modern examples highlight, it is now and then the comfort and even
safety of peoples lives which is enhanced by fullfillment of EMC regulations.
The origins of EMC have been given in frequency ranges of interferences but
nothing has been said so for about the quantative aspects. In [23] it is called
the “EMC gap”, that went smaller over the years. There, this gap is defined
as the distance between immunity level of possible disturbed equipment from
amount of emissions originating in the offending equipment. This is a major
classification in EMC. Equipment and systems get commonly tested accord-
ing to both criteria.

Immunity testing commonly applies a hazardous strength of a specified test
signal in a defined manner on the device under test (DUT). The way and
procedure how to perform the test is given in various norms and the ap-
propriate test method needs to be decided. A widely applied test is called
electrostatic discharge (ESD) applying very short pulses with high power
levels but low energies to the surface or interfaces of the DUT. The rele-
vance of these immission tests are illustrated in figure 1.2. This project does
not include research in the area of immunity testing, because the existing
solutions in the industry (ESD cells on chip level) are neither physically big
nor expensive.
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Figure 1.2 Demonstration of concrete immission problems from [1].
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While the immission testings are focusing on the DUTs ability to func-
tion satisfactorily in its electromagnetic environment, the problematics of
emission in EMC specifies the “intolerable electromagnetic disturbances to
anything in that environment” according to [5]. This discipline is measur-
ing disturbance caused by each equipment or system in a well known and
isolated environment. Its further significance is visualized in figure 1.3.

Figure 1.3 Examples of descriptive emission mechanisms from [1].
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The physical phenomena behind both the immunity and the emission con-
cern are transmission of energy by means of fields. In spite of the duality
of the electric and magnetic field either one of them might dominate de-
pendent on its application. Electromagnetic fields carried in conductors are
commonly decribed as “galvanic” or “conductive” coupling whereas electro-
magnitic energy conducted by air is further distinguished by the type of its
dominating field. For predominantly electric field EMC problems the term
“capacitive coupling” is widely used and magnetic field dominated challenges
are named “inductive coupling”. Both origins however can never be com-
pletely separated and, dependent on the frequency range, they are of more
or less interest for a given geometry and material constellation.

Despite qualitative considerations, EMC is also setting quantitative limits
for disturbances. One application and its coupling paths which is mainly
challenged by both, immission and emission, is an entertainment system
containing both a receiver - which should not be disturbed - and switch-
mode power amplifiers and supplies as shown in figure 1.4.

Figure 1.4 Block diagram of an entertainment system and its internal cou-
pling paths from [1]
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The technical specifications allow the qualifying tests to measure one signal
with reference to a fixed and low ohmic ground connection to the DUT.
However for product designers it might be necessary to distinguish between
common mode and differential mode EMC. These two observations are un-
dertaken for two coupling paths, respectively conductive input or outputs of
devices. For a possible victim of the distributed electromagnetic energy it
is irrelevant whether this energy was generated between two conductors or
from two conductors to ground, for the disturbing system though, there is
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a difference in terms of which elimination method to choose.

1.2 Switch-Mode Power Electronics

The field of switch-mode power electronics is concerned with the conversion
of either the voltage, the current or the frequency of electrical energy by
means of electrical switches in or close to saturation or cut-off operation
modes. The majority of those devices called converters operate based on
rectangular control signals allowing the switches to either block voltage and
have only little current conducting through them or conduct current while
not having an electrical potential across the conducting terminals. Further
insight into the principles of power electronics can be gained from numerous
literature as [24-29] as the most common representative text books in this
field.

1.2.1 History

Instead of giving a complete historical overview of power electronics in gen-
eral, this section is meant to concentrate on the relevant historical findings
which have relevance to electromagnetic compatibility.

Five years after the german Chancellor of the Republic Herman Miiller laid
the fundation for the first EMC regulation as described in section 1.1.1, a
first patent about a “method and apparateus for controlling electric cur-
rents” [30] was filed by Julius Edgar Lilienfeld describing a first version of
a field effect transistor (MOSFET). This patent was followed three years
later by a first application of these devices in an “amplifier for electric cur-
rents” [31] also by Lilienfeld.

In the Bell Laboratories - the place where later on the first working proto-
type of a transistor was built - Bennett derived the spectrum of a half wave
rectified sine wave [32]. In 1933 - the same year CISPR was founded - he
firstly used a method called Double Fourier Series, which describes a two
dimensional Fourier Series for this task. Bennetts aim was to describe the
spectrum of those non-sinusoidal waveforms.

Even though diodes existed already since a long time and have been used for
rectification purposes it took even longer than the validity period of Lilien-
felds patent, to get the first working prototype of a transistor in 1947. This
accomplishment got used in many electrical engineering disciplines and set
the foundation for new applications. Basic information technology evolved
during this time and in 1954 Harold S. Black published an overview of mod-
ulation theories [33]. Among those modulation topologies used for informa-
tion transmission, he described also pulse width modulation (PWM) which
was, and still is, less popular for information coding but has a significant
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impact in power electronics because the coded information is not removed
from the base band, while it still allows efficient operation of switches. In
his work, Black applied the mathematical tools from Bennett to PWM and
first achieved an analytical description for the spectrum of this modulation
form.

During the following decades, power electronics applications grew with the
increase of electronics in industrial, consumer, and mobile equipment as
power electronics are the interface between electric and electronic systems.
Since then, the basic modulation principle hardly varied, and it is still PWM,
which is the dominating modulation principle applied to power electronic
converters.

1.2.2 Spectral Contents of Signals in Switch-Mode Power
Converters

Blacks equations [33] showed the spectral contents of a PWM signal. The
amplitude of the harmonics of a PWM signal are declining with increasing
frequencies but are theoretically unlimited in their number. The main com-
ponents of the spectrum is the modulation signal itself, which is the desired
information to be coded in the pulse stream, a switching frequency and its
harmonics as well as side bands left and right of those. The distance of the
side bands to each of the harmonics is linearly dependent on the modulation
signal frequency.

There are some conclusions to draw from these results. First the signal in
the base band is not getting distorted intrinsically by this modulation type.
This is of particular interest in audio applications as the foremost premise
for amplification is not to change the signal in the audible range. Further
description about the desired qualification of audio amplification is given
in [34]. The importance of this is evolving out of the high sensitivity of
the human ear with respect to dynamical range, distortion, and frequencies
of signals and other parameters. The connection between technology and
biology is given by a discipline called psychoacoustics. Blacks equations are
helpful in the way to show that there are no major undesired spectral com-
ponents resulting from PWM.

The switching frequency components are varying with the amplitude of the
modulation signal. The higher the modulation signal is, the lower are those.
The opposite is true for the side bands. Those start out to be negligible at
low modulation signal and grow with emerging modulation index.
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1.3 Coherence between EMC and Power Electron-
ics

As described above, it is the ambition of EMC to keep the electromagnetic
spectrum free for transmission of signals. It is of no relevance in the human
audible frequency ranges and although there are other listeners in nature
which have frequency extended hearing capabilities like dogs and bats, the
EMC relevant frequencies are limited to technical listeners (receivers) only.
The spectral components of PWM signals are inherently conflicting with
major broadcasting systems like amplitude modulated radio (AM) and fre-
quency modulated radio (FM) as well as television broadcasting [35]. Practi-
cally it had been discovered in modern applications that the spectral contents
of a PWM signal are relevant up to several 100 MHz before they decline into
the noise floor of the input of the receivers for those topologies.

To underline this, table 1.1 shows the performance figures of some com-
mercially available receiver ICs. As the main focus of this project is audio
applications, it includes only radio receivers. Those came on the market
within the last 25 years.

Table 1.1 EMF sensitivity level of commercially available radio receivers

manufacturer part number AM sensitivity ~ FM sensitivity /
/ wV 1aY
Rohm BH1406 5.0
Silicon Labs Si4700 3.5
Silicon Labs Si473x 25 2.2
ST-NXP TDA7010 1.5
ST-NXP TEA5711 2.0
ST-NXP TEA5757 55 1.2
ST-NXP TEA5766 3.0
ST-NXP TEF6903 50 2.0

As the presented sensitivity levels, i.e. the smallest signal the receiver can
detect — or can be disturbed with, stayed in the same range over a quarter
of a century, it is believed that a technical limitation has been reached there
and it is acceptable to assume, that there is no need to prevent the receiver
from disturbances, which are below that level.

This is defining the target, which should not be disturbed. The source of
disturbance is the high-level PWM signal itself. So it is the remaining energy
from the PWM signal at the receivers input, which is disturbing the radio
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reception, respectively generating EMC. The quantitative measures for the
disturbance are:

e the scale of the disturbing source itself, i.e. the amplitude of the PWM
signal,

e the worst case path from the physical location of the PWM signal to
the receiver input, i.e. the transfer function of the coupling path.

To get a measure for the amplitude, the PWM signal can be decomposed
by a Fourier Series. For the first approximation it is, as described in section
1.2.2, enough to model the PWM signal by a square wave. Switch-mode
audio power amplifiers tend to have there switching frequency in the range
of 200 kHz to 800 kHz. Out of the four areas, where those kind of am-
plifiers have industrial impact (professional audio, consumer, mobile and
automotive), the later three are of high relevance for EMC because they
tend to be installed physically close to broadcasting receivers. Their typical
specifications are given in table 1.2.

Table 1.2 Typical output rating for switch-mode power amplifiers in differ-
ent industries

consumer mobile automotive

Power / W 100...250 0.5 25...100
Load / 4...8 16...32 2...4
Voltage / V 57...126 8...11 20...57

The ratings are the peak-to-peak voltage before any EMC precautions, to
achieve the stated power unclipped. Internally the power stages might op-
erate with different voltages.

Applying now the Fourier Series of a square wave to the heights of the PWM
signal, before any precaution against EMC is taken - gives a worst case sig-
nal of 80 V, 7 V and 36 V for the different industries in the AM band of
the receivers. The mobile industry is not using AM reception, so it will
not be considered further here. In consumer industry the fundamental of
the PWM signal is about 123 dB...130 dB higher than the sensitivity of
the receiver ICs from table 1.1. For the automotive industry the according
distance is 116 dB...123 dB. The passive filters, which are usually applied
at the output of switch-mode power amplifiers account for some of this dif-
ference, however not for a lot, as the corner frequencies are limited by the
application: the audio signal (baseband) ranges up to 20 kHz and shall not
be suppressed. The rest of the required damping has to be achieved by
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shielding and physical distance.

Taking the FM-band, starting in some parts of the world at 65 MHz, into
account all three industry branches are of interest. The harmonic with the
highest amplitude, to be considered from the above noted switching fre-
quency range, is around the 81st. Qualitatively this gives 1 V, 88 mV and
450 mV for the three industry types before a possible filter within the am-
plifier. At the output nodes of the amplifier the signal should be somewhat
lower, however it is not a fair assumption, that a second order low pass, as
commonly applied, is still optimally working in this frequency range. It is on
the contrary very common, that the self-resonance of those filters is less than
a decade beyond the corner frequency of the filter. Taking this uncertainty
into account, the desired damping from the switch-mode power amplifiers
output stage to the FM receivers input stage can be estimated the same way
as has been done for the AM case. So the desired damping in the consumer
industry is 106 dB...118 dB, in the portable industry 85 dB...97 dB and
for the car industry 99 dB...111 dB.

So most of these required insertion losses in the transfer function between
the disturbance source — the power stage of the switch-mode amplifier or
its power supply — and the victim sink — the input stage of the receiver
— are very roughly around 100 dB. The aim of this research work is, to
improve this situation, while trying to avoid bulky filter components.

This chapter explained the two background fields, namely audio power elec-
tronics and electromagnetic compatibility. Historically EMC norms were cre-
ated to enable audio applications, especially broadcasting applications. On
the other hand state-of-the-art audio applications, i.e. switch-mode (audio)
power electronics create EMC problems. By these means the two disciplines
interact with each other. Improving this situation without adding bulky filter
components and degrading the audio performance is the aim of this work.
The next chapter will therefore start with a focus on the influence of the sig-
nals dealt with in electromagnetic compatibility on the audio performance.
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CHAPTER 2

The out-of-band Influence on
the in-band Performance

From an electrical engineers perspective, performance is a question about
characteristics of signals. It is a generally accepted principal, e.g. in intro-
ductory textbooks [36], to distinguish between sinusoidal and non-sinusoidal
signals. Parameters to describe sinusoidal signals are

e offset,
e amplitude,
e frequency and

e phase.

The offset is also called mean value. T,he amplitude might alternatively be
expressed in effective value (root mean square — RMS) or rectified mean
value. For non-sinusoidal signals, the later ones are not correlated to the
amplitude and therefore require further information about the according
signal. This leads to the describing parameters

e crest factor (amplitude divided by mean value) and
e form factor (effective value divided by mean value).
Going one step further in the electrical engineering discipline, signals are

considered to be inputs and outputs of systems. Considering those in de-
pendence on each other, linear systems can be differentiated from nonlinear
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systems. Then further parameters for signals can be taken into account,
such as

e noise (the minimum measurable signal) and

e distortion (addition of spectral components with respect to a reference
signal).

These are of special relevance for systems in information technology and
in systems providing some kind of interface with human beings, such as
audio / video (AV) systems. The human ear, as the biological interface to
the audio systems has very special behaviour as described in [37-40]. The
engineering discipline dealing with audio systems has therefore developed
further qualifiers for audio signals, like

e intermodulation [34] and

e perceived sound quality [41],

which are among others further described in [34,41]. Some of them are only
applicable for whole audio systems where others can be applied to parts of
those. Excluding the acoustic performance, but keeping it as the definite
goal in mind, distortion and noise can be taken as the ultimate first order
qualifiers for switch-mode audio power amplifiers.

Distortion is generally quantified as THD+N. While the top level electrical
engineering terminology is using crest factor as its equivalence, the distor-
tion of systems is always considered to be their linearity. Linearity is given
as the derivation of the input to output characteristics (gain) of a system.
An exemplary gain-curve of a linear system is shown in figure 2.1.

Figure 2.1 Input to output characteristics of a system
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Linearity can always only be measured within the limitations of dynami-
cal range DNR (also SNR), which is a synonym for noise in a system with
known maximum output level. Taking figure 2.1 as an example, the shown
gain there is 2, which is for illustrative reasons about a factor 10 less than
a typical audio power amplifier would be designed for. Assuming further,
that the marked input level (about 10 mm right of the origin) can be taken
as a reference to describe audio amplifiers input levels, the thickness of the
gain line can be taken for a measure of noise level. To represent a decent
audio power amplifier (with about 120 dB SNR) in this figure, the line —
which is around 300 pm (corresponding to an SNR of about 70 dB) thick
— would need to be around 1 pm in thickness (for the accumulated noise
in the audio band). For comparison, this is about 10 to 100 times thinner
than a human hair. This relation is meant to give an impression about the
required precision for decent sound reproduction and shall serve as a quan-
titative reminder for the following described influences from the out-of-band
behaviour of switch-mode audio systems on their in-band performance. First
after the noise of the amplifier, respectively the thickness of the referenced
line, is reduced to this acceptable level, the derivative of the same line, can
be taken to represent the distortion, respectively the linearity of the system.
The next section will describe the out-of-band influence on noise, where the
second section of this chapter will deal with the impact of out-of-band signals
on the linearity.

2.1 Out-of-Band Energy and its Impact on Audi-
ble Noise

Systems involving other input frequencies than in-band signals are wide
spread within the audio engineering discipline. Two of the main knowl-
edge contributing engineering parts of audio systems are signal processing
and conversion systems between discrete-time and continuous-time signals.
Within those parties, the terms aliasing, dithering and jitter evolved. The
principle behind those three definitions are applicable and relevant for the
noise performance of switch-mode audio power amplifiers. While aliasing is
describing periodical out-of-band disturbances and their way into the audio
band, dithering and jitter is applicable to random and quasi-random sig-
nals as well. Especially random signals are often also refereed to as noise.
The main difference between the disturbance sources is that aliasing com-
ponents can be distinguished by their frequency, while it is impossible or
quasi-impossible to find the frequency of dithered systems.
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2.1.1 Aliasing

Aliasing components arise, if a signal is under sampled [2] as shown exem-
plary in figure 2.2.

Figure 2.2 Undersampling leads to aliasing components in the audio band
from [2]. The upper waveform shows the out-of-band disturbance and its
sampling points, the middle waveform the resulting sampled data and the
lower waveform the interpolated aliasing result.
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The out-of-band disturbance frequency is randomly chosen there. It could as
well be higher as the sampling frequency, while it is always the difference be-
tween the sampling frequency (and its harmonics) and the disturbance (and
its harmonics), which is aliased into the audio band. For switch-mode audio
power amplifiers the sampling frequency is equivalent with the switching
frequency.

2.1.2 Dithering

While aliasing disturbances can be described with the parameters for sinu-
soidal and non-sinusoidal waveforms, as given earlier in this chapter, dither-
ing disturbances are rather characterized with the probabilities of noise [42].
There has been done a major research contribution in the last decades from
knowledge generation about quantizers [43-46]. One major contribution for
both, audio and video application was to remove "‘sticky bits™”, i.e. sig-
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nals falling below the minimum quantization level and therefore forcing the
output of the quantizer to stick either to the positive or the negative least
significant bit. This knowledge has been applied to PWM systems, as used
in switch-mode audio power amplifiers, by [47]. There it has been demon-
strated for a recorded music signal at standard consumer quality compact
disc (CD), that the jitter on the clock may not exceed 100 ps to prevent
audible artifacts. To give a perspective to the typical switching frequencies
as given in section 1.3, this is equivalent to about a 10.000th to 50.000th
part of the period of a practical PWM signal.

So the demand on the purity of the clock is high. To illustrate this further,
figure 2.3 shows the 1 kHz wide skirts of the fundamental of a clock, used
for carrier generation in a switch-mode audio power amplifier and its mirror
image in the audio band — also 1 kHz wide — in figure 2.4. Note that
the dynamical range of the spectrum analyzer for the out-of-band measure-
ment was not enough to represent the whole dynamical range of the carrier.
Therefore the amplitudes do not match. The in-band measurement is refer-
enced to 1 V.

This means, that the clock frequency needs to be very stable. Frequency
variations, as occurring in RC-oscillators are not acceptable and crystal os-
cillators or similar technologies need to be used instead.

Figure 2.3 The out-of-band performance of a clock for a switch-mode audio
power amplifier ...
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Figure 2.4 ... and its impact on the in-band performance.
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2.1.3 Error Correction

Dependent on the correlation or uncorrelation of the out-of-band signals,
which are folded down into the audio band, feedback (as shown in figure
2.5) around the amplifier and appropriate gain in an error amplifier can or
cannot remove the audible distortion.

Figure 2.5 Control loop of an audio power amplifier
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Correlated in this sense means, that the introduced disturbance at the next
decision point (edge of the PWM signal) is dependent on the last one. This
implies that the distortion has to have a frequency and that this frequency
is lower than the switching frequency. Additionally the amplifier needs to
have enough loop gain, i.e. H, > 1 at the frequency of the distortion signal.
It cannot be generalized that a frequency is only definable for periodic sig-
nals, like the 36 kHz sine wave in figure 2.2, but also for parts of noise.
Also noise can be described with an uncorrelated part and a correlated part,
where the correlated part might have a different origin than the uncorre-
lated part. Human made noise for example mainly originates from periodic
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signals and is therefore mostly correlated, whereas cosmic noise is not. More
differentiation of noise behaviour can be found in [42].

2.2 Carriers Impact on Linearity

Once the noise level of an amplifier is down to an acceptable level — 130 dB
as shown in figure 2.4 are considered acceptable — the linearity (distortion)
can be optimized.

2.2.1 Coding Audio to PWM

Referring back to the comparison of the thickness of the gain curve with the
human hair in figure 2.1, the input signal can be drawn along a time axis
as shown on top of figure 2.6. In this upper waveform (a sinusoidal shape is
chosen for illustrative purposes, but not limiting generality), the thickness
of the curve would need to be 10 to 100 times thinner as a human hair (20
to 200 times thinner, than it appears on a printout of this page) to represent
the precision of the audio signal.

Figure 2.6 Coding the audio information (amplitude) of a signal into the
pulse width of a PWM signal.
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When feeding a comparator with a carrier signal and the audio reference,
it toggles its output according to those two signals and codes the audio
information into the pulse width of the resulting PWM signal. Again the
precision of the timing of the edges needs to be within 100 ps as named above,
equivalent to the comparison of the line thickness and the human hair again.

2.2.2 Forming the Open Loop to an Integrator

The PWM coding itself is a highly non-linear function. There have been
major contributions to the available knowledge in science over the last two
decades from [48-50] and a major contribution to the specialty of audio
applications and its precision from [51-53]. The coding can only be done
with the precision of its input signals. If a triangular waveform is used to
map the amplitude information of a reference signal into the pulse width of
a PWM signal, then its slope represents the slope of the gain curve of H omp-
To keep the required precision for an audio signal, there is therefore a high
demand on its linearity. Figure 2.7 shows a linear and a highly nonlinear
carrier.

Figure 2.7 A linear carrier and a highly nonlinear carrier to act as transfer
function for the PWM coding H o) in a switch-mode audio power amplifier.

Tek i Tria'd f Pos: 00005 MEASURE
! +

CH2
ean

253

\\ CH2
Fdome
CH2
MNone
CH2 1.00% M 500ns
23-Aug-03 13416

The first shown carrier is generated by a highly optimized active integrator,
turning a square wave into a triangle, while the second one is converting
the exact same square wave into partially exponential functions by a first
order RC-low-pass. The resulting difference in distortion is shown in figures
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2.8 and 2.9 respectively. Note the difference between the point, where the
distortion exceeds the noise floor (around 2 W) and clipping.

Figure 2.8 Resulting distortion curve for the linear carrier in figure 2.7
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Both of those carrier signals are stand-alone generated signals originated
from a crystal oscillator, having the quality shown in figure 2.3. Stand-
alone means, there is no other influence on the carrier. The effective car-
rier does not only include the pure stand-alone carrier, but also whatever
high-frequency energy is fed back from the output of the amplifier into the
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input of the coding (comparator). The out-of-band energy, originated from
this phenomenon, is called ripple in power electronics terminology. Self-
oscillating switch-mode power amplifiers use this as the only carrier signal,
where externally clocked switch-mode audio power amplifiers combine the
ripple with an externally applied carrier, as the stand-alone ones shown in
figure 2.7. Independent on the origin of the effective carrier, it is represent-
ing the linearity of the whole amplifier, so also for externally clocked systems
the resulting ripple at the input of the coding has to be engineered for audio
quality [54]. Exactly this has been described in two different approaches
by [55] and [56,57]. While the first approach is minimizing the amplitude
of the fed back ripple, the second approach is linearizing it. As the second
approach is taking feedback directly from the rectangular PWM signal, the
most linear transfer function for it is a pure integrator, where pure means,
its single pole is at f = 0 Hz. That fits well with a first order integrating
controller, like a Pl-regulator. The principle can however be expanded to
second order integrating controllers as shown in [58]. Another approach is
to take the feedback after the filter, not feeding anything else than this feed-
back and the audio signal into the coding and utilizing the high bandwidth
of this principle. This method has been described in [59, 60].

Summarizing those numerous intensive efforts to linearize switch-mode audio
power amplifiers results in the desire to have an integrator as the open loop
transfer function at the switching frequency and its harmonics. The high
performance desire from audio applications on its electronics, as described
above, requires the integrator to be as perfect as possible. That means the
amplitude has to fall precisely with 20 dB per decade and the phase has to
be —90 °. Any difference will cause the gain curve (figure 2.1) to be non-
linear and it is the responsibility of each switch-mode audio power amplifier
design engineer to judge, if the required performance can be fulfilled or not.

2.2.3 Carrier Generation for Externally Clocked Systems

While self-oscillating systems can combine this requirement with the inte-
gration slope of a controller to form an integrator for all frequencies, external
clocked systems need to optimize two transfer functions.

First, the open-loop transfer function is facing the same specification as in
self-oscillating systems at the switching frequency and its harmonics, but
is limited by a phenomenon called ripple stability [61] in its control band-
width. This means the fed back ripple may not have a higher slope, than the
external fed carrier signal, otherwise the reference will instead of converging
to a decision point, diverge and saturate the control loop.

Second the external carrier fed signal needs to be linear [62,63]. Opposed
to the open-loop transfer function it is not desired to have gain in the audio
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band in this transfer function as otherwise the low-frequent noise from the
oscillator would be amplified. This is forcing the carrier generator to be a
band-pass. Two different third order band-pass transfer functions for this
purpose are shown in figure 2.10.

Figure 2.10 Band-pass transfer function to generate a triangular carrier
waveform from a rectangular clock for usage in externally clocked switch-
mode audio power amplifiers. Also shown are the corresponding perfect
integrators, which can be used in self-oscillating systems as open-loop trans-
fer functions.
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It shows two different approaches: one optimized for linearity purposes, i.e.
it minimizes the distance between the perfect integrator and the band-pass
at the switching frequency and its harmonics and the other one optimized
to suppress the audio band noise fed into the system through the clock. The
commonly used bode plots, as the one used in figure 2.10, do not reveal
precise enough data to judge about the usability for audio system purposes.
Instead the comparison between the real transfer function and the optimum
— which are the perfect integrators — are shown in figure 2.11.
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Figure 2.11 The difference between perfect integrators and the optimized
band-pass transfer functions on a linear y-axis at the switching frequency
and beyond.

plitude Difference without Units
[

[0 TN
s ST
-~ -
-1+ ™ B
=2 -2 ! ]
6 7
g 10 10
g
> 37,
R - - —
8 |~ = |inearity optimized
c e == noise optimized
a 2r ~’~,
o S
5 s
@ Sia,
£ 1 : Sl Neaig
a \ T
[0} S -~
g —_— el
£° ; :

Frequency in Hertz

The noise optimized carrier generator leads to the decent linearity as has
been shown in figure 2.8.

Chapter two connected the shape of a carrier signal in switch-mode audio
power amplifiers with the amplifier’s resulting audio performance. It was
shown, that the carrier signal, even though it is laying beyond the audio band,
has an influence on the audio measures. The next chapter will examine the
nfluence of the carrier frequencies properties on communication channels of
broadcasting systems.



CHAPTER 3

Previous Solutions

The main problem, as described in section 1.3 is rather dealing with the
out-of-band parameters of audio systems only, while chapter 2 was a brief
excursion, pointing out the requirement on precision and the various influ-
ences of out-of-band signals on the in-band performance. While the latter
one was mainly described by rather new research results, is the problem of
receiver disturbance and various solutions for it not new at all. In fact one of
the most well known companies in the industry was founded based on their
cutting edge solution to the radio receiver disturbance phenomenon from
other alternating signals. Bang & Olufsen "was founded in 1925 by Peter
Bang and Svend Olufsen, whose first significant product was a radio that
worked with alternating current, when most radios were run from batter-
ies” [64]. The reason for operating radio receivers at that time from batteries
was the AC mains direct influence on the in-band performance of audio sys-
tems. The two named gentleman solved this problem by filtering. While
the most significant origin of the problem is nowadays no longer located
in-band, but out-of-band, filtering is still the first approach to deal with it.
For field coupled disturbances, shielding has been a standard solution since
many decades. Despite those generally known principles, widely described in
textbooks like [23], a group of other published and industrially implemented
solutions will be described in this chapter. Each section ends with a table
summarizing the advantages and disadvantages of the method as well as an
arrow diagram showing the trade-offs, which need to be considered by the
design engineer, when implementing the respective technology.
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3.1 Limited Speed of Edges

A wide spread approach is to decrease the slope of the PWM signal in switch-
mode electronics. This is simply done by decreasing the drive of the power
stage, by increasing the resistor between the drive stage and the power stage.
The result is that the frequency, where the PWM signal needs to be modeled
as trapezoid instead of a rectangular waveform, is dropping. The impact of
this is analytically well described and experimentally verified in [65]. Notice-
able is the fact that a trapezoid has spectral zeros, whereas the envelope of
a rectangular waveform is falling continuously. Even though the trapezoid
does not exceed the spectrum of the rectangular at any frequency, the drive
speed of the power stage, which is adjusting the spectral zeros, can still be
used to foreseeable minimize the spectrum at those frequencies, where the
application has the toughest demands. While this principle is a well known
method in power electronics, it certainly also holds for switch-mode audio
power amplifiers [66].

Table 3.1 Characteristics of limitation of switching edges

advantages disadvantages
e simple to implement e causing losses
e cheap e works only for high frequen-

cies, e.g. FM band
e generally applicable in power

electronics e often implemented by nonde-
terministic approach

e sensitive to tolerances

Figure 3.1 Trade-offs when limiting the edges of a power stage.

switching disturbance
losses < > reduction
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3.2 Parasitic Cancellation

Even though it is best practice to locate the source of EMC and eliminate
it there, like the approach described in the last section, it might not be the
best trade-off between increasing the losses in the circuit and the elimination
of EMC. When having no further degree of freedom in edge limitation, the
undesirable out-of-band energy can either be shielded or filtered.

Shielding is the first approach to return undesired fields to its origin and
damping the coupling path to the victim. Common practice for this solu-
tion is described in [26].

Filtering is applied within devices to keep the out-of-band-energy off the ca-
bles connecting the device with the surroundings. This prevents both, direct
coupling into the electronic device on the other end of the cable as well as
radiation through fields from the cables — from a communications engineers
perspective, the cables act as antennas. Building filters with perfect compo-
nents (inductors and capacitors), allows damping up to the level limited by
the order and coefficients of the filter only. But perfect components are not
available. In practice it is hard to measure 40 dB of damping per decade for
a typical second order low-pass filter with a gain-phase analyzer, because the
first self-resonances of the filter components are not sufficient high enough in
frequency. The impact of the parasitics of the filter components is for exam-
ple described in [67-69]. This leads to the need of a combination of various
different filter elements. An intensive study [70] has been done lately on the
optimal combination of various filter components, so that their parasitics
can be utilized. The described methods are based on the undesired fields,
radiated by the filter components and combine those in a way, that several
of them cancel out. These approaches are called parasitic cancellation.

Table 3.2 Characteristics of parasitic cancelation

advantages disadvantages

e utilizes parasitic components e works only for high frequen-

) ) cies, e.g. FM band
e generally applicable in power

electronics e very sensitive to tolerances

e does not necessarily introduce
insertion loss
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Figure 3.2 Considerations, when implementing parasitic cancelation.

cost

filter disturbance
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3.3 Interleaved Operation

Another way to decrease the out-of-band energy, which is leaving the chas-
sis of the switch-mode audio power amplifier through the output connectors
is to cancel some of the harmonics and their sidebands. This can be done
by operating two or more output stages with opposite or phase shifted car-
rier signals [62] and applying the resulting outputs differentially across the
load [71]. This way a number of harmonics of the switching frequency and
the respective sidebands are suppressed differentially across the load [72].
Therefore the out-of-band energy across the load is lowered.

The suppressed frequencies are not gone, but transfered into common mode
energy at the outputs of the power stages. They have equal polarity and
therefore return through a common reference path of the power stages (in
most cases ground). So the energy is returning on parasitic paths to their
source, turning the impedances on its way into radiating antennas.

Table 3.3 Characteristics of interleaved operation

advantages disadvantages
o effectively reduces the out-of- e doubles the minimum amount
band energy across the load of components in power stage
e works frequency independent e introduces common mode dis-
turbances

doubles control bandwidth

allows high power levels
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Figure 3.3 Trade-offs for interleaved operation.
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3.4 Frequency Hopping

Some applications include both, switch-mode power electronics and commu-
nication receivers. In those the physical way from the source of the problem
to the victim is short and coupling impedances are low. Therefore these are
one of the most challenging applications with respect to EMC. Fortunately
those applications come with a specific advantage: the frequency range,
which the receiver is tuned to, is known at any time within the system. This
information can be used to adjust the switching frequency in a manner,
that neither its fundamental nor its harmonics overlap with the receivers
tuned frequency. The fundamentals for allowing the change of the carrier
frequency during operation of a modulator were set by [73]. At this time
the carrier frequency hopping was used to hide the transmitted information
away from others, which did not have the knowledge about the carrier fre-
quency sequence. In [74] the principle of adjusting the switching frequency
was applied to sound systems. Another way to dynamically detect a pre-
ferred carrier frequency for the involved power electronics circuits is shown
in [75]. This system is constantly monitoring the intermodulation products
of the actual carrier frequency and the receivers tuned frequency and moving
the carrier frequency in a manner to minimize them.

Despite the required interaction between the receiver and the power elec-
tronics, this principle comes with another limitation for products in the
higher quality segment and several mobile applications. Those often include
antenna diversity and contain multiple tuners, i.e. two equivalent inputs to
the receivers. While one of the tuners provides the signal to the following
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decoder, the other tuner is continuously scanning the whole input band to
search for both, stations transmitting the same information but delivering
a higher level and stations transmitting other information. The latter one
is used to give the user the option to look ahead what program material is
available on other channels without interrupting the ongoing replay of the
actual tuned station.

Another disadvantage occurs, when the spacing between the relevant side-
bands of two adjacent harmonics of the switching frequency is lower than
the required high-frequency bandwidth of the communication system. For
AM radio the bandwidth is twice the base band (either 4.5 kHz or 10 kHz),
so 9 kHz or 20 kHz according to [7]. For FM radio the base band is broader,
because the program material is transmitted in stereo. Therefore each chan-
nel is requiring a minimum high frequency bandwidth of 75 kHz. This lead
to a channel separation of 200 kHz in the United States of America [3] and
300 kHz in Europe [7], which is setting the limits for modulation depth of the
FM signal. Using the described frequency hopping methods must therefore
ensure, that the sidebands of the carrier and the harmonics are sufficiently
suppressed within the actual tuned station. While this can be done for the
relatively low frequent AM band, it is difficult to satisfy this condition in the
FM band. Besides the higher bandwidth of the transmitting channel, the
growing sidebands of the switching frequency harmonics [66] is a limiting
factor. The picture is getting even clearer when taking also TV applica-
tions into account. The high frequency bandwidth of those applications is
7 MHz [7], which makes it practically impossible to achieve an undistorted
signal reception by means of frequency hopping.

Table 3.4 Characteristics of frequency hopping.

advantages disadvantages
e reliably avoids disturbance of e requires information  ex-
a specific receiver change between receiver and

i . power electronics
e invariant to tolerances

e works only for specific com-
munication technologies

e limited to specific applica-
tions
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Figure 3.4 Balance between properties of frequency hopping.
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3.5 Dithering

Instead of hopping between discrete switching frequencies, a continuous
movement of the carrier was introduced and described in [76-84] and got
industrialized by [85-87]. This technique is generally known by the names:
spread spectrum, dithering and FM-PWM and, brought into connection
with modulation, based on chaos theory and randomization. While the neg-
ative impact of dithering on the audio performance was described already
in section 2.1.2, this section will deal with the influence on the reception of
a broadcasting signal at the input of a communication receiver.

To link dithering with EMC, the function of EMC instruments, namely EMC
measurement receivers must be understood. While EMC measurement re-
ceivers are specified to be used in normative measurements, spectrum an-
alyzers work in a similar way. The major difference of those two types of
instruments is their high frequency input. It is quite undesired to build an
excessive amount of circuitry for high frequency operation, as components
for this usage are expensive. In conjunction with measurement instruments,
which are operating in a broad frequency range, the components need to be
usable over a wide frequency range. While the EMC measurement receivers
have an adjustable bandpass at the input to suppress everything but the en-
ergy in the actual measuring band, a spectrum analyzer immediately mixes
the input signal into a lower frequency band. So the spectrum analyzer only
has one high frequency circuit — the mixer — while the EMC measurement
receiver has an adjustable bandpass and a following mixer. The disadvan-
tage of the spectrum analyzer is, that it would also mix intermodulation and
image components resulting from its own local oscillator into the interme-
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diate frequency range, where it can not be separated from the original high
frequency signal, which should be the only information in this stage of the
analyzer. The EMC measurement receiver is suppressing everything, but the
desired measurement band, before feeding the first mixer. This filter needs
to be configurable in bandwidth to account for differences in EMC norms
and the center frequency of the window must be adjustable to measure in
the desired band. To account for the transient effect of the filter, the mixer
input is closed, while the window is moved and is settling. Therefore an
EMC measurement receiver can only be stepped discretely through a cer-
tain band, while a spectrum analyzer can be swept continuously. Practically
the band-passes are realized by more than one circuit and according to the
desired measurement frequency, one of them is activated by relays. Inde-
pendent on the choice of instrument, which is used for measuring the high
frequency energy, the instrument only stays for a limited amount of time at
one frequency point. During this time the measurement value for the center
frequency of this point is derived by integrating the energy within the mea-
surement window and afterward, the instrument is moving on to process the
next measurement point.

Dithering is usually applied in a matter, that the total frequency variation
is exceeding the normative window, which is mainly 9 kHz or 120 kHz [88].
This is narrower than the communication receivers bandwidth described
in section 3.4. Therefore the EMC measurement is detecting less energy
than the communication receiver is getting disturbed with. Additionally
the measurement instrument is moving on with time, while the communi-
cation receivers stay tuned until they either are forced by the user or by
antenna diversity to change the sensitivity band. Both the EMC measure-
ment receivers input filter bandwidth and its measurement time for one
data point set the criteria for a dithering signal: The dither must spread
outside of the input filter and ideally not be periodic (especially relevant for
quasi-random signals), before the measurement receiver has left this actual
measurement point. However the bandwidth of the communication receiver
would be higher than a typical dither spread and it stays tuned for ways
longer than the maximum repetition time of typically used repetition times.
Therefore dithering has not only a negative effect on the audio performance
of switch-mode audio power amplifiers as described in section 2.1.2, but also
prevents optimal signal reception of communication receivers, even though
it is improving normative measurement results.
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Table 3.5 Characteristics of dithering.

advantages disadvantages
e lowers EMC e keeps receiver disturbance
e excessively described in liter- e impact on audio performance

ature )
e increases losses

Figure 3.5 Trade-offs for dithering.

EMC disturbance
reduction reduction
audio 1
performance 0Sses

3.6 Predistorted Pulse Width Modulation

A method to remove the energy at a specific switching harmonic to a cer-
tain amount was presented in [89] and extended to a complete removal of
a switching frequency harmonic by [90]. Both of the presented methods re-
quire a high order nonlinear computation of the program material. While
the first method - called selective harmonic spreading - acts like a static
dithering, i.e. it avoids all the disadvantages named in section 3.5 and really
lowers the energy of some spectral components, it is creating intermodula-
tion distortion in the audio band. The second method, named harmonic
elimination spectra, keeps the audio performance, but is not capable of low-
ering more than one spectral component. The choice of this component is
fixing the design and the high order nonlinear precomputation, so it cannot
be changed online.
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Table 3.6 Characteristics of predistorted PWM.

advantages disadvantages

e addresses specific frequencies e requires excessive computa-
' ) tional power
e invariant to tolerances
e impact on audio performance

e increases complexity

Figure 3.6 Trade-off choices when implementing predistorted PWM.

implementation
complexity & cost

audio disturbance
performance reduction

The third chapter provided an overview of several used technologies at the
state-of-the-art to avoid EMC problems and showed their trade-offs. The
next chapter will show the first attempt how to deal with this given problem in
another way, which was inspired by the described techniques in this chapter.



CHAPTER 4

Multi Carrier Modulation

Inspired from the existing technologies and their trade-offs as described in
chapter 3, multi carrier modulation (MCM) strives to overcome some of
the described disadvantages. This chapter will describe the original idea,
the boundaries for its realization and the evolution of the realization. The
implementation itself has been described in publications as a product of
this research work and will be briefly summarized here. To conclude, the
achieved results will be summarized and some open chances and challenges
within multi carrier modulation will be described.

4.1 Fundamentals

The basic idea of MCM is to lower the out-of-band spectrum by utilizing
the frequencies between harmonics and their sidebands of a PWM signal.
As opposed to frequency hopping (3.4) and dithering (3.5), the newly intro-
duced spectral components shall be used continuously to avoid a negative
impact on the audio performance (2.1.2). The resulting spectrum shall use
more frequencies, but all of them at a lower level than PWM. The over-
all out-of-band energy may be invariable. In contrast to interleaving (3.3),
this alternative modulation topology shall be applicable to half-bridge power
stages. This way there is no question arising about trade-offs between com-
mon mode and differential mode.

Taking this framework into account, it appears natural to split the energy
of one PWM spectrum into two PWM spectra, with two different carrier
frequencies. This is e.g. done by comparing one reference signal (program
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material minus error) with two triangular signals. Both of those comparators
are providing a PWM signal at each of their outputs. The implementation
is now bounded by the argument, that it should be possible to drive a single
half-bridge power stage. Therefore the two PWM signals need to be com-
bined in a manner, which is not affecting the audio performance. Therefore
a logic circuit has been developed, that combines these two PWM streams
into a single signal [91,92]. Parts of these combination have been inspired
by the commutator from [90] and the whole circuit was implemented in pro-
grammable logic by [93].

Further on it was proven, that the same topology can be used for various
topologies of power converters [94].

4.2 Properties of Multi Carrier Modulation

MCM enables a reduction of the peaks of the out-of-band spectral com-
ponents by 6 dB. This energy is not removed, but split into two spectral
components, each of them having sidebands. Additionally intermodulation
components of them appear. It is desirable to keep the intermodulation
components away from the output filters resonance frequency. The spectral
location and the corresponding amplitudes of all frequencies where simu-
lated in [95]. In [93], these where analytically proven, and it was shown,
that this way of combining two or more PWM signals does not have a neg-
ative intrinsic impact on the audio performance.

So far these approaches considered the spectral behaviour of MCM. Another
way to analyze this modulation scheme with respect to PWM can be done
in the time domain. Here the number of switching instances can reveal fur-
ther properties of the technology. A numerical approach revealed, that the
resulting MCM stream has a higher number of transitions than the underly-
ing PWM streams. The MS-MCM combination of a 200 kHz and a 235 kHz
based PWM signal (those have 400.000 and 470.000 transitions per second
respectively) has around 625.000 transitions per second. A more thorough
investigation for different MCM frequency combinations and an analytical
analysis can give a better understanding of the effective switching frequency.
PWM is coding a given signal level into a proportional pulse width at any
given instance in time, as illustrated in figure 2.6. This is not generally true
for MCM. MCM is approaching this behaviour, when approaching the ex-
trema of the modulation range (average duty cycle close to 0 % or 100 %).
Inbetween, the pulses of an MCM signal are in average proportional to the
input level, however not necessary proportional at any instance of time. This
means that a low input signal, which would generate approximately 50 %
duty cycle in a PWM stream, can result in very short or very long pulses
temporarily like in pulse density modulation.
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An MCM pulse stream is repetitive with the lowest period of the lowest
intermodulation frequency of the carriers.

4.3 Outlook

The above described properties have not been included in [91-95]. However
they are of interest for a power electronics designer. The link to the qualifiers
of switch-mode audio power amplifiers and power supplies is provided in this
section.

4.3.1 Challenges

The short peaks, also known as spikes, in an MCM stream can lead to a
decrease in audio quality, when the rest of the amplifier is not carefully de-
signed for the reception of those. Each output of a circuit has an output
impedance and each input has an input capacitance. These parasitic com-
ponents lead to a low-pass, which limits the edge of the pulses. When the
pulse width of a spike is getting lower than this rise time, the receiving cir-
cuit might not trigger and the spike is overseen. This happens in the case
of PWM streams, when duty cycles close to 0 % and 100 % occur, which
happens only close to clipping of the amplifier. The information in pulses,
which are skipt by this phenomenon, is lost and therefore audio quality is
degraded. As this degradation is happening for PWM streams close to clip-
ping it is of lower importance, while for MCM streams it can occur at lower
listening levels. The two protoypes developed in [91,93,95] where suffering
from this limitation and therefore had worse audio performance than PWM.
For future designs it is recommended to account for this effect.

An open point of this technology is, to find a definite relationship its effective
switching frequency compared to other modulation topologies.

4.3.2 Chances

On the other hand, MCM is offering more correction possibilities for the
control loop, as it has more switching instances than PWM. Every time a
transition happens, the controller can correct for the error at the output, so
the increased transition number is offering a higher bandwidth of the con-
trol loop than PWM. The implementation of these principles was described
in [96]. This possibility was not utilized in [91,93,95] either.

The reduction of disturbances of communication receivers was verified by
the mentioned MCM designs. Therefore it can be concluded, that the out-
of-band behaviour of MCM is 6 dB better than a comparable PWM de-
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sign. This also holds for comparison with other popular modulation topolo-
gies, like self-oscillating and delta-sigma designs as their out-of-band spectral
peaks are as high as the ones in PWM. This was shown in [97].

4.4 Summary

The described characteristics of MCM, to improve the interference situation
between switch-mode power electronics and communication receivers results
in pros and cons, which are given in table 4.1.

Table 4.1 Characteristics of multi carrier modulation.

advantages disadvantages
e halving disturbance e information coded in narrow
spikes

e higher bandwidth

_ ) e causing losses
e Invarlant to temperature

changes e introduces out-of-band inter-

_ ) modulation components
e invariant to component toler-

ances

The resulting trade-offs for industrialization of this solution are summarized
in figure 4.1.

Figure 4.1 Trade-offs for multi carrier modulation.
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Being inspired from the techniques described in the last chapter, this chapter
provided a different approach to deal with the given problem of this project.
While the solution space was limited to the modulation principle here, it was
decided to broaden the view for the following work and include other parts
of the circuit in the research. Therefore the next approach described in the
next chapter is targeting the power stage and output filter.
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CHAPTER 5

Active Electromagnetic
Cancellation

As opposed to the research based on the modulation topology in the last
chapter, the approach for improving the out-of-band behaviour in power
electronics circuits described here is meant to take other parts of switch-
mode designs into account. The most obvious ones are the parts, where the
disturbances originate, i.e. the power stage, and the most common coupling
path for high frequent energy, i.e. the output. The transfer function from
power stage to output are classically described by low-pass filters, which are
meant to remove the out-of-band energy. Despite passive approaches, active
approaches have been known for several applications [98—105]. Implementa-
tion of those principles in switch-mode audio power amplifiers comes with an
extra challenge. While the known active EMI filters mainly work for DC-DC
power supplies in steady state and saturate during transition times, the fil-
ters for AC-DC applications have a couple of decades between the passband
(mostly 50 Hz / 60 Hz) and the switching frequency, which is supposed to be
filtered. This situation is different in switch-mode audio power applications.
As the pass-band is reaching up to 20 kHz there is typically only one decade
to the switching frequency, which is meant to be suppressed.

5.1 Fundamentals

The basic idea behind active electromagnetic cancellation (AEC) is shown
in figure 5.1.
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Figure 5.1 Block diagram of the idea behind active electromagnetic can-
cellation (AEC).

)) b { >

| model of
| output filter

The program material, represented by the input through the microphone
in the figure, is amplified by a switch mode audio power amplifier. At its
output, the program material is passed through the output filter to drive
the transducer, while the undesired switching residuals are canceled by the
active filter, represented by a model of the output filter.

The model of the output filter reconstructs the ripple, which is expected to
occur at the output. Having this signal available, it can be subtracted from
the output, so that the resulting ripple is zero.

5.2 Properties of Active Electromagnetic Cancel-
lation

There are various requirements for the circuit model of the output filter. In
the audio band, the filter shall not act, i.e. the audio needs to be suppressed
as much as possible. Out-of-band, the signal needs to have the same shape
as the switching residual after the output filter of the switch-mode audio
power amplifier. Including the minus sign of the summation block, sets an-
other requirement: the phase of the prototype filter needs to be inverted
with respect to the output filter. To match all those requirements, a similar
design method as described above (section 2.2.3) was used in [106]. There,
a couple of different filter realizations, starting with ideal filters and ending
with characteristics of real filters, are suggested for this purpose, and the
most practical one was implemented. The implementation proved the theory
and showed a disturbance reduction of 15.1 dB. Furthermore the reduction
was proven to be in the range of 12.7 dB and 20.9 dB over a typical range
of production tolerances.

The active cancellation was realized by a separate amplifier. This amplifier
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drives the same load as the main audio power amplifier and has to provide
the ripple voltage across this load. Depending on the dimensioning of the
passive part of the filter, the active one has to provide more or less output
energy, which leads to additional losses in the active filter part.

5.3 Outlook

Even though the technique of AEC was profen to be quite effective in re-
moving undesired out-of-band signals, there are both challenges and chances
left to explore in future.

5.3.1 Challenges

To suppress the contents material in the active filter, a high pass function-
ality is required. This can be realized by a series blocking capacitor or a
parallel shunt inductor. If the DC output of the switch-mode audio power
amplifier is not exactly zero, the blocking capacitor or shunting inductor
respectively will integrate this offset and saturate. This disables the ac-
tive filter. A possible way to deal with this, is to introduce leakage in the
capacitor (parallel resistor) or a serial resistor in the inductor. Even more
advanced versions could sense the signal across the blocking capacitor or the
shunt inductor and remove DC actively by means of local feedback. This
is creating another chance for the whole system, as the active correction
system can be used as a servo amplifier to remove also DC from the main
audio amplifier.

Comparing the efforts described in section 2.2 with AEC, it is clear, that
these two efforts are counterproductive. While section 2.2 describes how to
design the control loop of a switch-mode audio power amplifier to form an
optimized carrier, AEC is removing parts of this signal. So both, the closed
loop transfer function from the switch-mode audio power amplifier and the
prototype of the output filter need to be developed with respect to each
other. There might be trade-offs arising between audio performance and
removal of out-of-band energy. However the latter one is not intrinsically
contrary to loop shapping efforts, as a complete removal of the switching
residuals would also remove the impact of the carrier through feedback and
the modulator would get a signal at its input, similar to a linear amplifier.
While this is no problem for switch-mode audio power amplifiers with ex-
ternal carriers, the oscillation criterion [107] in self-oscillating amplifiers is
impacted.
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5.3.2 Chances

AEC opens also further possibilities. The linear output stage of the active
filter can be used for driving parts of the audio signal. The advantage of
linear amplifiers is, that they allow for more gain in the error amplifier as
they are not restricted by sampling (1/7 - fs, for two-level modulated am-
plifiers and 2/7 - fg, for three-level modulated amplifiers according to [61]
and fg, for self-oscillating amplifiers [107]). This means the AEC approach
needs to be combined with the approach in [108]. However the more sig-
nal driven through the linear amplifier, the more energy losses it will create
there. When combining these methods, it needs to be taken into account,
that the cancellation stage needs to fulfill the audio performance specifica-
tions as has been described in chapter 2.

To further improve the cancellation of out-of-band energy, the signal can
be sensed behind the summing block and fed into the active filter as an
error signal. In this case an error amplifier can help removing even more
disturbing signals. The further improvement is limited by the gain in the
out-of-band range and might be practically limited by the bandwidth of the
active prototype of the output filter.

5.4 Summary

These properties result in the validation of AEC as a solution to receiver
disturbance as given in table 5.1.

Table 5.1 Characteristics of active electromagnetic cancellation.

advantages disadvantages
e excessive disturbance reduc- e saturation effects due to DC
tion offset need to be taken into
account

e allowing higher bandwidth
e sensible to component toler-
ances

When implementing this solution, power electronics designers need to weight
the arguments given in figure 5.2.
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Figure 5.2 Trade-offs for active electromagnetic cancellation.
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The previous and the actual chapter where focusing on the improvement of
the problem between switch-mode power electronics and EMC by alternative
approaches with a focus on the involved signals. As the preventive measures
against EMC problems are building the limit for size shrink in switch-mode
audio power applications, the next chapter will primarily focus on the mini-
mization of the circuits. This is one of the major desired advancements from

this project.
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CHAPTER 6

Current Driven Power Stages

While the previous two chapters where targeting different parts of a block di-
agram of switch-mode power converters, the alternative approach presented
in this chapter will question the converters principles. This is done to ex-
plore the major show stopper for minimizing the circuits, i.e. the size of the
output filter. The only purpose of the output filter is to reduce the distur-
bance of communication receivers. For all other qualifiers of switch-mode
(audio) power electronics — like efficiency, audio quality, cost and size —
the output filter is rather cumbersome.

6.1 Fundamentals

Nearly without exception, power supplies and amplifiers are built to operate
from a voltage source, which might consist of DC, AC or a mixture of both.
The idea of current driven power stages (CDP) arose from moving the output
filter over some nodes in a typical voltage driven power stage (VDP). The
block diagram of such one is shown in figure 6.1.



6.1 Fundamentals 48

Figure 6.1 Principle supply-to-load configuration in conventional voltage
driven power stages
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The CDP, as in figure 6.2, must fulfill the same specifications as its voltage
driven counterpart.

Figure 6.2 Principle supply-to-load configuration in current driven power
stages
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However the circuit realization is different as described in [109]. The major
difference is the realization of the output filter. While keeping the load R,
the damping factor d and the period of the resonance frequency 7, for both
filters constant, the components, realizing the low pass, change in value from
L, and C, to L; and C}; as given in 6.1.1.
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Equation 6.1.1 Equivalent filter components in CDPs.

L, = R%*C,
G = L

This leads to the relations as given in

Equation 6.1.2 Relation between filter components and their energy be-
tween VDPs and CDPs.

B, _ Ly _ 1 EBie _ G _ L, _ 2
gl = L = 4d

For practical realizations this results in a lower inductance and higher ca-
pacitance value for CDPs compared to VDPs. While the total amount of
energy, stored in the filter components for a given signal is equal in both
configurations, its distribution is different. For CDPs, the energy stored in
the electrical field of the capacitor is higher, than the energy stored in the
magnetic field of the inductor. According to practical informations in [110],
it is less space consuming to store energy in capacitors than in inductors
as long as the inductor is not operating under superconducting conditions,
which are still impractical for many applications. Gathering information
about components, which are enabling CDPs and comparing them with the
available components for VDPs results in a volume reduction of the output
filter by a factor of 6.

6.2 Properties of Current Driven Power Stages

When turning a power electronics circuit from voltage driven to current
driven, each series connection turns into a parallel connection, an inductor
turns into a capacitor and a voltage source turns into a current source.
Considering a half-bridge voltage driven power stages, where the switches
have to withstand twice the supply voltage, while they carry once the load
current, a current driven half-bridge has to withstand only once the output
voltage but twice the supply current.

As it can occur in VDPs that the switches in the power stage are exposed
to both positive and negative currents while conducting, it also can happen,
that the power switches in CDPs have to block both positive and negative
voltage drops across their power terminals.

To avoid a phenomenon called shoot through, which means shorting the
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supplies of a VDP, switch-mode power electronic designers introduce a state
— called dead time — in the control of VDPs. During this time neither one
of the switches is conducting. For CDPs approximately the same amount of
time is needed as an overlap time to prevent the voltage across the power
stage from rising.

6.3 Outlook

The described features of CDPs result in different challenges and chances for
the practicing power electronics developer. This section is giving the details
of those, again with respect to the broadly known VDPs.

6.3.1 Challenges

The majority of power switches on the market are designed for rather high
voltages than currents. Taken into account, that CDPs have to conduct
twice the supply current but only once the output voltage, the choice of
components is limited.

A further limitation on the selection of power switches is the fact, that
the power devices in CDPs have to block both, forward and reverse volt-
ages. This puts the demand on the power switches to be bidirectional and
therefore excludes commonly used components like MOSFETSs. Realization
possibilities for those have been given in [111]. Another way to realize those
are JFETs [112], which are available both with and without body diode.
JFETSs come with an additional advantage for this topology, because those
are normally-on devices. This means that they are conducting as long as
there is no control voltage applied to them. This is desirable for CDPs and
is naturally generating the required overlap as long as the control circuit
is in turn-on and turn-off transitionss. Recent developments in the power
semiconductor industry brought silicon carbide (SiC) devices to the market.
The default version of those fulfill these requirements.

6.3.2 Chances

When overcoming the above mentioned drawbacks, CDPs ease a couple of
design challenges known from VDPs.

Many applications come with relatively long supply cables as the energy
source is located far away from its sink. These wiring harnesses or cables
have a high parasitic inductance, which turns them into equivalent current
sources. To avoid high voltage peaks in VDPs, power engineers use de-



51 6. Current Driven Power Stages

coupling capacitors to clamp the voltages. Besides the above mentioned
inductors, those capacitors are the physically biggest components in VDPs.
By using CDPs, the parasitics of the cabling can be used as current coupling
and it is desired to have as low capacitance as possible on the energy input
terminals. This removes the bulky decoupling capacitors completely.
Another excellent current source are solar cells. While conventional convert-
ers for solar cell applications turn the equivalent current source of the cell
into a voltage source by clamping the voltage with capacitors or batteries,
CDPs can be used to directly convert the solar energy into the desired out-
put signal waveform. It is then only limited by the specifications of the solar
cell and the amount of sunlight.

Other realization possibilities, based on conventional power electronic cir-
cuits are described in [113]

Within integrated power electronics it is desired to prevent circuits from de-
struction by overload. This can both occur as voltage or current overdrive.
While it is relatively unproblematic to implement voltage sensing and act
upon certain trigger levels via security mechanisms, it is difficult to measure
the current in series with VDPs. In CDPs, this is simple to implement. The
corresponding voltage sensing is not getting any more complicated, than it
is in VDPs, which overall allows for more effective protection circuitries.

6.4 Summary

Suppling power electronic circuits with currents instead of voltages leads to
different properties as given in table 6.1.

Table 6.1 Characteristics of current driven power stages.

advantages

disadvantages

decreasing size of filters

can remove decoupling com-
ponents

directly applicable to solar
cells

decreasing complexity of pro-
tection circuits

complexity of switches

non standard driver circuits
required

no disturbance reduction




6.4 Summary 52

For product realization with CDPs, the trade-offs in figure 6.3 need to be
considered.

Figure 6.3 Trade-offs for current driven power stages.
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While the previous two chapters where dealing with parts of power converters,
this chapter took the whole system into account. Focusing on the physical
minimization of the power circuits, which is mainly prevented by EMC filter-
ing components, an alternative topology was described in this chapter. While
this approach did not target to change the spectral contents of the relevant
signals, the next chapter will strive for even further size reduction by doing

S0.



CHAPTER 7

Radio Frequency Switch-Mode
Power Electronics

While the thoughts for chapter 4 where dominated by signal considerations,
the ideas behind chapters 5 and 6 where driven by system and especially
circuitry thinking. The approach in this chapter is rather motivated by signal
considerations, again especially in the spectral domain. Focusing on audio
applications and considering the communication receivers as described in 1.3
it can be concluded, that it is most desireable to avoid AM and FM band
distortion. The reason, why the AM band is placed at relatively low radio
frequencies, is that very long distance communications can be established
in this frequency range in real time. This is not possible with discrete time
systems, as those are suffering from latency times. As long as real time
distribution of information is of interest for society, the AM band will be
used for it.

This chapter is exploring the chances to completely avoid disturbance of
those frequency bands by simply putting the switching frequency beyond
the FM band. This can result into removal of the bulky filters in switch-
mode power electronics. Rather than a realized solution, this chapter is
pointing toward future possibilities and setting the fundamentals for that.

7.1 Possibilities with Radio Frequency Switch-Mode
Power Electronics

Increasing the switching frequency of power electronics equates the strive of
records. So far, the academical approaches for high frequent power stages
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[114-124] and their control strategies [125] led to various topologies as shown
in figure 7.1.

Figure 7.1 Topology overview of radio frequency amplifiers and their evo-
lution to radio frequency power supplies.

o
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(a) Class-C ampli- (b) Class-E amplifier [115] ) Class-F amphﬁer [116-118]
fier [114]
w
(d) Class-® amplifier [119] ) Class-®, amplifier [120]
TN, PW\!‘ LTI Pt
(f) Class-E? converter [121] ) Resonant Boost converter [124]

To find a quantitative comparison between the presented converter types,
two figures of merit (FOM ) are provided. F'OM; provides a handle to com-
pare the output power level P,,; and switching frequency f,, while FOM,
is further taking the efficiency 7 (defined between 0 and 1 for this purpose)
into account. A third figure of merit would be useful for comparing also
the possibility of utilizing the absolute maximum ratings of the required
switches compared to the supply values. However most of this data have
not been provided in the referred references.

Equation 7.1.1 Figures of merit (FOM) to allow comparison of radio fre-
quency switch-mode power supplies.

FOMl = Pout'fs
FOM2 = FOMl’I]
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The quantitative achievements of the above explained amplifiers and con-
verters are shown in table 7.1.

Table 7.1 Comparison of measured achievements with the above described
topologies.

Topology Pt fs FOM; n FOM,; Reference
W MHz GHzW % GHzW

Class-C 180 — — 89 — [114]
Class-E 26 3.9 0.1 96 0.1 [115]
Class-E? 10 1 <01 8 <01 [121]
Class-E? 11 <01 8 <01 [122]
Class-® 178 157 28 75 21 [119]
Class-Po 500 30 15 92 13.8 [120]
RF-Boost 6000 25 15 — — [123]
Resonant RF-Boost 110 23 25 87 2.2 [124]
Resonant RF-Boost 17 50 09 74 0.6 [124]
Resonant RF-Boost 50 22 1.1 78 0.9 [125]

Many of the advances have been summarized in [126], which is on the other
hand also giving plenty of resulting challenges. Despite the ones mentioned
there, it appears that control over a wider operating temperature range,
component tolerances in the circuits and similar practical considerations
have not been explored by the above mentioned research approaches. Also
control techniques for the radio frequency switch-mode power circuits are
not adequately explored yet.

As has been mentioned in the last chapter, new advances in power semi-
conductors like [127,128] allow power electronics circuits to be designed for
switching frequencies beyond the FM band. This is changing the demands
on filtering: instead of the bulky filters to remove energy in the AM band,
the focus has to be set on filtering in the FM band. Components for these
requirements have been possible and available since long time, as these are
the components to build the transmitters for broadcasting applications.
The possibilities allowed by those techniques and components have been
exploited in [129].

7.2 Outlook

Radio frequency switch-mode power electronics have been explored in aca-
demics and recent developments in power components allow their industri-
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alization in near future. This section is briefly summarizing the challenges
and chances advancing from this technology.

7.2.1 Challenges

Through the high rate of transitions, radio frequency switch-mode power
supplies naturally come with increased switching losses. The evolution of
power semiconductors is helping to keep those down to a decent level, how-
ever they must be considered by the practicing engineer as a major design
parameter.

Conducting power in circuits from one path to the other is also dependent
on the speed of the power devices. The recent developments in removal of
reverse recovery times of diodes through SiC devices is one way of allowing
high switching frequencies.

Another important qualifier is the voltage and current stress of the power
semiconductors. As these circuits are not operating with rectangular wave-
forms, other crest factors than one — which is ideal in conventional power
electronics — emerge. This is putting extra stress on the components, while
this headroom cannot be utilized for higher power conversion levels.

As the above described topologies mainly operate in resonant modes, other
modulation and control schemes than pulse width modulation are of inter-
est. This can be pulse density or pulse frequency modulations.

For resonant operation, the presented radio frequency designs rely on im-
pedance matching circuits over a broad frequency range. To achieve this,
parasitic components are included. The available processes, allowing high
frequent power operation, come with unacceptable high tolerances, so the
resonant operation can not be achieved by design yet.

7.2.2 Chances

On the other hand the application of these control schemes can be designed
to higher loop gains for comparable order regulators. Reason for that is the
advances in control bandwidth, which is limited by switching frequency as
described in section 5.3.2.

Relating radio frequency switch-mode power supplies back to the distur-
bance of receivers, there switching frequency can be placed in a manner to
avoid interference with the low frequent broadcasting services. This allows
a major shrink in size by removing the bulky filter components. Further
research toward industrialization of those circuits is therefore strongly rec-
ommended.
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7.3 Summary

Several arguments point toward radio frequency switch-mode power sup-
plies as a solution for receiver disturbance avoidance and other advantages,
however there are also negative sides. This is discussed in table 7.2.

Table 7.2 Characteristics of radio frequency switch-mode power electronics.

advantages disadvantages
e size reduction e higher component stresses
e higher bandwidth e causing losses
e disturbance removal in AM e different modulation schemes
band required

e temperature sensitive

e component tolerance sensitive

For the practicing power electronics designer in industry, the following ar-
guments need to be taken into account, when using radio frequency switch-
mode power supplies in products.

Figure 7.2 Trade-offs for radio frequency switch-mode power electronics.
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While the previous chapter provided a possibility toward shrinking the size of
the filtering components, this chapter has been giving an outlook to topologies,
which remove the bulky filter components. Increasing the switching frequency
beyond the broadcasting frequencies of AM and FM radio does not simply lead
to a scaling in circuits, but rather into different topologies, which have been
researched during the last decades. Recent advances in power semiconductors
allow for realizing those, while there are still unresolved practical issues, like
component tolerances. Taking the enormous advantages of those topologies
into account it is desirable to put further research efforts on overcoming the
drawbacks.



CHAPTER 8

Conclusion

This work addresses the interference of switch-mode power electronics with
receivers used in communication technologies. This is commonly known as
electromagnetic compatibility (EMC).

The thesis first describes the history of EMC and the evolution of switch-
mode power electronics. It is recalled, that the purpose of EMC is to allow
communication systems to operate without getting influenced. The reason,
why switch-mode power electronic circuits are especially critical in this sense,
is given when exploring the coherence between EMC and power electronics.
The improvement of the link between those on the power electronics side
was defined as the target of this project. A special focus is set on audio
applications.

Before exploring ways to improve this, another correlation involved by the
questioned signals is summarized. The work of others is linking the EMC
critical signals resulting as residuals from the switch-mode nature of power
electronics to the audio performance of switch-mode audio power amplifiers.
The background of audio performance and the influence from switch-mode
signals are given.

Switch-mode audio power applications have been industrialized since many
decades and the problem of EMC decoupling has been solved in those. The
characteristics of the major existing solutions and their trade-offs for the
practicing engineer are described. It is found, that the generally accepted
solutions in industry involve physically big filter components, which set a
boundary for further size limitation and therefore limit the possible appli-
cation range of switch-mode power circuits. The summary of those imple-
mented solutions was taken as the basis for improving the interference from
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power electronics to communication receivers and evolved into four suggested
solutions for improving the situation. Those are

e Multi Carrier Modulation (MCM)
o Active Electromagnetic Cancellation (AEC)
e Current Driven Power Stages (CDP) and

e Radio Frequency Power Electronics (RF SMPS).

These four solutions are described in technical detail in this work and its
linked publications. The major achievements are

e halving the spectral peaks through MCM
e 15 dB output ripple reduction through AEC
e an output filter size shrink of 84 % through CDPs and

e complete avoidance of interference through RF SMPS.

The impact on design considerations for the practicing product designer are
given in this work. Besides those improvements, further questions arise.

e For MCM, a deterministic relationship between the used carrier fre-
quencies and the resulting effective switching frequency is missing.
The answer to this question would allow further insight into extended
control capabilities in relation with MCM.

e MCM is generating short pulses for any modulation index. This re-
sulted into glitches. For limiting their effect on the audio performance,
the use of full-bridge power stages in conjunction with MCM is sug-
gested. The validation of this solution has to be done.

e The implemented MCM where realized with two carriers. The be-
haviour and further improvement with more than two carriers is an
open question.

e Closing a loop around AEC is suggested to help for both, the filter
saturation problem through DC as well as further enhanced cancella-
tion performance. Validation of these arguments is representing room
for further research.

e The impact of AEC on the in-band performance has to be investigated.
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e Implementation of CDPs with components, which have been recently
introduced in the market, shall allow for high efficiency implementa-
tions. A demonstrator for this argument has to be built.

e CDPs have an impact on their energy source. While solar cells can
be directly used, power supplies need to be reconfigured. One of the
major changes is the removal of the bulky capacitive energy storage
components on their outputs. Further power supplies have to be built,
to demonstrate this.

e The ease of overload protection schemes in CDPs with respect to VDPs
has to be prototyped.

e RF SMPS rely on soft switching for keeping the switching losses down
to an acceptable level. A study of the fulfillment of those conditions
versus temperature variations and component tolerances is missing.

e High control bandwidths, through high switching frequencies are ex-
pected, but have not been demonstrated yet.

The four presented solutions appear promising, but some more efforts in re-
search and development have to be made, to allow final product realizations.

The problem between EMC and power electronics has been historically re-
called, the connection to the audio performance of amplifiers was given and
the existing solutions have been revised. Based on those, four suggestions
for improving the out-of-band behaviour of switch-mode audio power ampli-
fiers and power supplies were given, where the first one is an advancement
through their modulation topology, the second one through active filtering, the
third one through different power stages and the last one through complete
avoidance of the problem by removing all spectral components away from the
critical bands. This leads to merging the field of radio frequency electronics
and power electronics. It is highly recommended to pursue further research
toward industrialization of those solutions.
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APPENDIX A

Gesetz uiber das
Telegraphenwesen des
Deutschen Reichs

(engl. “Law of telegraphy from the German Empire”)
vom 6. April 1892 (Reichsgesetzbl. S. 467)

§1 !'Das Recht, Telegraphenanlagen fiir die Vermittelung von Nachrichtung
zu errichten und zu betreiben, steht ausschlieBlich dem Reich zu. 2Unter
Telegraphenanlagen sind die Fernsprechanlagen mit begriffen.

§2 (1) Die Ausiibung des im §1 bezeichneten Rechts kann fiir einzelne
Strecken oder Bezirke an Privatunternehmer und muss an Gemeinden fiir
den Verkehr innerhalb des Gemeindebezirks verliechen werden, wenn die
nachsuchende Gemeinde die geniigende Sicherheit fiir einen ordnungsgeméfien
Betrieb bietet und das Reich eine solche Anlage weder errichtet hat, noch
sich zur Errichtung und zum Betriebe einer solchen bereit erklért.

(2) Die Verleihung erfolgt durch den Reichskanzler oder die von ihm hierzu
erméchtigten Behorden.

(3) Die Bedingungen der Verleihung sind in der Verleihungsurkunde festzustellen.

83 Ohne Genehmigung des Reichs kénnen errichtet und betrieben werden:
1. Telegraphenanlagen, welche ausschliellich dem inneren Dienste von Landes-
oder Kommunalbehorden, Deichkorporationen, Siel- und Entwisserungsver-



A. Gesetz iiber das Telegraphenwesen des Deutschen Reichs 76

banden gewidmet sind;

2. Telegraphenanlagen, welche von Transportanstalten auf ihren Linien
ausschliefllich zu Zwecken ihres Betriebes oder fiir die Vermittelung von
Nachrichten innerhalb der bisherigen Grenzen benutzt werden; 3. Tele-
graphenanlagen

a) innerhalb der Grenzen eines Grundstiicks,

b) zwischen mehreren einem Besitzer gehorigen oder zu einem Betriebe vere-
inigten Grundstiicken, deren seines von dem anderen iiber 25 Kilometer in
der Luftlinie entfernt ist, welche diese Anlagen ausschlief3lich fiir den der Be-
nutzung der Grundstiicke entsprechenden unentgeltlichen Verkehr bestimmt
sind.

84 Durch die Landes-Zentralbehérde wird, vorbehaltlich der Reichsauf-
sicht (Art. 4 Ziffer 10 der Reichsverfassung), die Kontrolle dariiber gefiihrt,
dass die Errichtung und der Betrieb der im §3 bezeichneten Telegraphenan-
lagen sich innerhalb der gesetzlichen Grenzen halten.

§5 (1) Jedermann hat gegen Zahlung der Gebiihren das Recht auf Be-
forderung von ordnungsméfliigen Telegrammen und auf Zulassung zu einer
ordnungsméfigen telephonischen Unterhaltung durch die fiir den 6ffentlichen
Verkehr bestimmten Anlagen.

(2) Vorrechte bei der Benutzung der dem offentlichen Verkehr dienenden
Anlagen und Ausschliefung von der Benutzung sind nur aus Griinden des
Offentlichen Interesses zuldssig.

§6 (1) Sind an einem Orte Telegraphenlinien fiir den Ortsverkehr, sei es von
der Reichs-Telegraphenverwaltung, sei es von der Gemeindeverwaltung oder
von einem anderen Unternehmer, zur Benutzung gegen Entgelt errichtet,
so kann jeder Eigentiimer eines Grundstiicks gegen Erfiillung der von jenen
zu erlassenden und offentlich bekannt zu machenden Bedingungen den An-
schluss an das Lokalnetz verlangen.

(2) Die Benutzung solcher Privatstellen durch Unbefiigte gegen Entgelt ist
unzuléssig.

§7 !Die fiir die Benutzung von Reichs-Telegraphen- und Fernsprech-Anlagen
bestehenden Gebiithren konnen nur auf Grund eines Gesetzes erhoht werden.
2Ebenso ist eine Ausdehnung der gegenwiirtig bestehenden Befreiungen von
solchen Gebiihren nur auf Grund eines Gesetzes zuléssig.

88 Das Telegraphengeheimnis ist unverletzlich, vorbehaltlich der gesetzlich
fiir strafgerichtliche Untersuchungen, im Konkurse oder in civilprozessualis-
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chen Fillen oder sonst durch Reichsgesetz festgestellten Ausnahmen. Das-
selbe erstreckt sich auch darauf, ob und zwischen welchen Personen tele-
graphische Mitteilungen stattgefunden haben.

89 Mit Geldstrafe bis zu eintausendfiinfhundert Mark oder mit Haft oder
mit Gefidngnis bis zu sechs Monaten wird bestraft, wer vorsétzlich entgegen
den Bestimmungen dieses Gesetzes eine Telegraphenanlage errichtet oder
betreibt.

810 Mit Geldstrafe bis zu einhundertfiinfzig Mark wird bestraft, wer den
in GeméafBheit des §4 erlassenen Kontrollvorschriften zuwiderhandelt.

§11 !Die unbefugt errichteten oder betriebenen Anlagen sind aufler Be-
trieb zu setzen oder zu beseitigen. Den Antrag auf Einleitung des hierzu nach
Mafgabe der Landesgesetzgebung erforderlichen Zwangsverfahrens stellt der
Reichskanzler, oder die vom Reichskanzler dazu erméchtigten Behorden.
2Der Rechtsweg bleibt vorbehalten.

8§12 Elektrische Anlagen sind, wenn eine Stérung des Betriebes der einen
Leitung durch die andere eingetreten oder zu befiirchten ist, auf Kosten
desjenigen Teiles, welcher durch eine spitere Anlage oder durch eine spéter
eintretende Anderung seiner bestehenden Anlage diese Stérung oder die
Gefahr derselben veranlasst, nach Moglichkeit so auszufiihren, dass sie sich
nicht storend beeinflussen.

§13 !'Die auf Grund der vorstehenden Bestimmung entstehenden Streit-
igkeiten gehoren vor die ordentlichen Gerichte. Das gerichtliche Verfahren
ist zu beschleunigen (§§198, 202 bis 204 der Reichs-Zivilprozessordnung).
2Der Rechtsstreit gilt als Feriensache (§202 des Gerichtsverfassungsgesetzes,
§201 der Reichs-Zivilprozessordnung).

814 Das Reich erlangt durch dieses Gesetz keine weitergehenden als die
bisher bestehenden Anspriiche auf die Verfiigung iiber fremden Grund und
Boden, insbesondere iiber 6ffentliche Wege und Strafien.

815 Die Bestimmungen dieses Gesetzes gelten fiir Bayern und Wiirttem-
berg mit der Mafligabe, dass fiir ihre Gebiete die fiir das Reich festgestellten
Rechte diesen Bundesstaaten zustehen und dass die Bestimmungen des §7
auf den inneren Verkehr dieser Bundesstaaten keine Anwendung finden.
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ABSTRACT

While switch-mode audio power amplifiers allow compact implementations and high output power levels due
to their high power efficiency, they are very well known for creating electromagnetic interference (EMI) with
other electronic equipment, in particular radio receivers. Lowering the EMI of switch-mode audio power
amplifiers while keeping the performance measures to excellent levels is therefore of high general interest.
A modulator utilizing multiple carrier signals to generate a two level pulse train will be shown in this paper.
The performance of the modulator will be compared in simulation to existing modulation topologies. The
lower EMI as well as the preserved audio performance will be shown in simulation as well as in measurement
results on a prototype.

1. INTRODUCTION are located in close proximity to those receivers by

Switch-mode audio power amplifiers are well known
for their high efficiency but also for their electromag-
netic compatibility (EMC) problems. The causal-
ity of electromagnetic measurements are mainly to
avoid interaction between electronic equipment. The
test levels are dominantly determined by the very
high sensitivity of broadcasting receivers like am-
plitude modulated (AM) and frequency modulated
(FM) radio. As switch-mode audio power amplifiers

the nature of their purposes, the coupling between
them is eased. For good signal reception it is there-
fore highly desirable to create as low disturbance
signals as possible in their sensitivity bands.
Nonlinear modulators, as used in switch-mode audio
power amplifiers are responsible for creating signals
in such frequency ranges. The spectral content is re-
quired to drive switch-mode power stages at a high
power effective level.
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Fig. 1 PWM waveforms and spectra: left side shows a single sine wave input and right side shows the
superposition of two sine waves. The spectral plots are the FFT of the two level PWM signal on linear and

logarithmic scales.
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One common known technique is a two level, dou-
ble side pulse width modulation (PWM). Figure [L
shows waveforms and spectra of the output of such
a modulator. The time domain diagrams|1 a) and
b) show the input signal and the output signal of the
simulated amplifier. The output signal is overlaid by
ripple and is delayed in time. The grey background

waveform shows the two level PWM signal. Figures
[I ¢) and d) illustrate the EMI challenge while on the
logarithmic plots e) and f) the reproduction of the
audio signal without any further audible signals after
the modulator is best visible. Note that the dynam-
ical range of the simulation was limited to necessary
dimensions to obtain practical simulation times.

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
Page 2 of[9



Knott et al.

Multi Carrier Modulator for Switch-mode Audio Power Amplifiers

Fig. 2 Block diagram of a Predistorted PWM according to [1]
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Analytical derivations of these spectra can be ob-
tained by using the method of a double Fourier se-
ries [2|, which was applied to PWM by [3].

While such traditional modulation topologies use
mechanical shielding and passive filtering only for
dealing with EMI challenges, more recent ap-
proaches try to affect the spectral shape at its
source. Therefore recent endeavors in improvement
of switch-mode audio power amplifiers started to
concentrate on the out-of-band behavior. A way
to influence specific single spectral components was
shown in [1] and [4] with predistorted PWM (Pd-
PWM). Here, the audio input reference signal r to
a modulator was additive and subtractive superim-
posed by a correction term a and generated two new
reference signals m, and msy as shown in equation

Equation 1.1 Predistortion equations

m;=7r—«

mo =71+«

The new reference signals m; and mso are compared
with a carrier and fed into a commutator. The cor-
rection term « allows to eliminate single components
in the spectrum. Figure [2/shows the complete mod-
ulator and commutator.

Different versions (Switching Harmonic Spreading

(SHS) and Harmonic Elimination Spectra (HES))
allow different resulting spectral shapes. However
both versions come with a high computational effort
as the correction term « is a higher order represen-
tation of the original reference signal r. While SHS
adds intermodulation distortion does HES not cor-
rect the peaks in the carrier frequency and its har-
monics.

Figure[3/shows diagrams for an SHS Pd-PWM com-
parable to figure The EMI peaks, as illustrated
best in figure 3] ¢) and d) are lower than the ones
shown from a conventional modulator, however there
are some undesired tones in the audio spectrum,
when applying a two tone input to the modulator
(figure [3]1)).

The series of those calculations is extended to the
HES Pd-PWM in figure [4. Here the intermodula-
tion distortion (figure4/f)) is nearly as low as shown
above in case of a PWM modulator, however also
the EMI peaks at the switching frequency are back
to unity (figure[4 d)). The main advantage of this
modulation principle is to lower specific peaks in the
EMI spectrum which can be seen in the same figure.
This paper describes a new modulator, which is ca-
pable of lowering all spectral out-of-band compo-
nents while keeping the full audio performance. The
modulator will be described in section 2]and the the-
oretical methods as used above will be applied to the
new principle in section [3]also taking the described
techniques in perspective to the new modulator. A
prototype of the proposed technique was built and

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
Page 3 of 9
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Fig. 3 Predistorted PWM waveforms and spectra: Switching Harmonic Spreading (SHS). The two tone

column shows intermodulation distortion.

| /I
of y N\
-0.5

-1
0

a) single tone waveforms

0.81

0.6

0.4

0.2

0 2 4 6 8 10
x 10°

¢) single tone spectrum on linear scale
10° - tone

10° 10 10° 10°

e) single tone spectrum
on logarithmic scale
x=0.6-sin(2-7-1 Hz-t)

il

0.5

b) two tone waveforms

1l
0.8t
0.6t
0.4}
0.2
)\
0 2 4 6 E‘h 10

x 10°
d) two tone spectrum on linear scale

0
10" ¢
Ktonel ktonez

100
107}

10°

10

10° 10" 10°

f) two tone spectrum
on logarithmic scale
x=0.35-sin(2-7-1 Hz-¢)
+0.45- sin(2-7-4 Hz - t)

10

validates the simulations in section [4. After show-
ing the measured audio performance of the model in
section |5, the paper concludes with section/6.

2. MULTI CARRIER MODULATOR

The new modulator utilizes two or more different
carrier frequencies which are applied to the input of
the modulator. A carrier is a triangular waveform
which is fed into a comparator together with the

audio signal. This procedure creates a two level rep-
resentation of an audio signal to drive a power stage
at a very high efficient level. Such a Multi Carrier
Modulator (MCM) is shown in figure 5.

The reference signal r is fed into multiple compara-
tors. Triangular or saw tooth shaped signals carN
are applied to each of the other inputs of the com-
parators. Each of those carrier signals is based on

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
Page 4 of[9
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Fig. 4 Predistoted PWM waveforms and spectra: Harmonic Elimination Spectra (HES). The intermodula-
tion distortion from SHS is gone, however the high peaks from a PWM are also back.
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a different frequency. Beat tones are avoided by de-
riving those carrier frequencies from a common high
frequency clock. The outputs of all comparators are
fed into an AND gate and an OR gate and the level of
one of the applied clocks (master clock) determines
which of the two gates output signal is commutated
to the power stage. The resulting bit stream p is a
linear transformation of the audio input within the

audio band but consists only out of two levels which
makes it useable for a highly efficient drive of a power
stage. The commutator is identical to the one used
by [4]. It selects, dependent on a master clock, if ei-
ther the output of the above described AND gate or
the output of the above described OR gate is passed
on to the power stage. It also assures that at any
time only one of those outputs is commuted via sig-

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
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Fig. 5 Block diagram of a Multi Carrier Modulator MCM
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nal p. Practically the carrier signals are derived by
integrating a square wave. Instead of differentiating
this signal again to obtain the square wave used as
master clock, the original square wave can be used.

3. SIMULATION RESULTS
For best comparison the same input signals where
applied to the MCM as shown above. Results are
shown in figurel6.
An MCM shows a different ripple behavior. The
signal at the output after a low pass shows the au-
dio signal overlaid with all switching frequencies and
their intermodulation products. This additional rip-
ple phenomenon can best be seen in figures[6 a) to
d). However the audio band is not altered by the
modulator as shown in both [6] e) and f) for a sin-
gle sinusoidal input as well as a two tone simulation.
Both of those diagrams give additionally an overview
of the intermodulation frequencies outside the audio
band.
To compare the performance of a switch-mode audio
power amplifier to kinds of measures are important:
the performance within the audio band (in-band)
and the performance above the audio band (out-of-
band). The facts for all shown modulators within
the audio band are taken into perspective in table/Tl
HDy,; and HDs3,.; denote the second and third
harmonic distortion and IITM— as well as ITM+
represent the negative and positive in-band inter-
modulation components.
The out-of-band behaviour is compared in table [2
by the out-of-band peak OPK and the negative
and positive out-of-band intermodulation compo-

Table 1 In-band performance comparison

y [ HD2nq | HD3rq | IIM— | IIM+ |
PWM 021% | 0.46 % | 0.08% | 0.32 %
SHS 067% | 0.72% | 1019 % | 3.77 %
HES 010% | 0.02% | 0.56 % | 0.15 %
MCM 0.85% | 051 % | 0.12% | 0.38 %

nents OIM— and OIM+. The simulations where
carried out with a two carrier modulator model.

Table 2 Out-of-band performance comparison

y | OPK [ OIM— | OIM+ |

PWM 1.01 ——— | ——=
SHS 0.61 - | ===
HES 0.99 ——— | ===
MCM 0.68 | 0.003 ' | 0.004 2

4. VALIDATION

A prototype (figure [8) of an MCM with two car-
riers was built and applied to a single ended power
stage followed by a second order low pass. A PI-
controller was used to correct for nonlinearities in
the level shifter, power stage and output filter. The
first switching frequency fs,,1 was set to 333 kHz
and the second switching frequency fs,,20 was set to

side bands: 0.113 and 0.122
2side bands: 0.117 and 0.116

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
Page 6 of 9
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Fig. 6 Simulation of a Multi Carrier Modulator. The EMI peaks are lowered while no audio harmonics or
intermodulation products are inserted in the audio band.
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250 kHz. Both carriers where derived from the same
crystal oscillator and integrated to triangles.
Figures[7la) and[7 c) show a conventional PWM sig-
nal without modulation in time and frequency do-
main. The same scope shots where taken on the
output of the MCM prototype and figures[7 b) and
[71d) show the difference. Note that also those show
the modulator during idle.

As predicted by simulation the peaks are lower with
MCM and out-of-band intermodulation components
occur. Practically these intermodulation compo-
nents are lower than the peaks of a PWM signal
and the lowest out-of-band intermodulation compo-
nent is still outside the audio band. Therefore there
are none of the undesired spectral components from
an audio or an EMI perspective.

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20
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Fig. 7 PWM and MCM signals in time and frequency domain
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Fig. 8 Picture of prototype

5. AUDIO RESULTS

The audio performance of the amplifier driven from
an MCM was measured according to [5]. The spec-
tral plot[9 captured by a 256 kbit FFT with Hanning
window from a UPL (Rohde & Schwarz) shows the
output of the MCM with no audio input. The sig-
nal to noise ratio (SNR) stays below 110 dB. The
reference of the plot is the maximum unclipped out-
put signal of the power stage which is 11.2 V.. The
same plot was taken with nominal output signal and
is shown in figure [10 which represents a total har-
monic distortion including noise THD + N around
0.1 %. Figures/11/and[12 show amplitude and phase
response respectively with no load attached.

AES 124t Convention, Amsterdam, The Netherlands, 2008 May 17-20

Page 8 of 9



Knott et al.

Multi Carrier Modulator for Switch-mode Audio Power Amplifiers

Fig. 9 Noise measurement of the prototype
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Fig. 10 Distortion measurement result of the pro-
totype
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Fig. 11 Amplitude response of the prototype
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Fig. 12 Phase response of the prototype
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6. CONCLUSION

A modulator utilizing multiple carrier signals was
shown. This modulator lowers the out-of-band spec-
trum of a switch-mode audio power amplifier while
keeping its audio performance. The simulation re-
sults where compared with existing modulators and
a prototype was built to verify the audio perfor-
mance. Distortion levels are around 0.1 %, the
amplitude response shows a derivation lower than
0.2 dB. The phase response differs by 10 ° in the
audio band. A dynamical range around 110 dB was
measured. The new modulator is easy to implement
and does not require computational effort.
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Abstract—Power converters are known to generate spec- A\
tral components in the range of interest of electromagnetic x [~ r J_ R NP Y
compatibility measurements. Common approaches to manip- \GY \
ulate some selected components in these frequency ranges
are shown here. These approaches add components to the Fig. 1. Principal block diagram of a power converter

input signal of the modulator to derive a slightly varied
spectrum. To achieve a rectangular output signal, those
modulators use a triangular or saw tooth carrier signal. A nonlinearity, several spectral components are added to the

novel family of modulators is shown here, using more than . . .
one carrier signal to obtain a completely changed spectrum reference signal and compromise the electromagnetic

while maintaining the rectangular shaped waveform at the ~ compatibility (EMC) performance of the system.
output. The transformation from reference via carrierc to a

The multiple carriers are fed into multiple comparators and PWM signalppy s is described by the simple nonlinear
their outputs are intellige_ntly combined by logic gates to operation
get a single signal to drive one power stage of any type
of converter. This commutation distinguishes between the
four members of the novel family: the first one uses an or-
gate to combine the signals; the second one utilizes therefore
an and-gate. The third modulator combines the outputs of The spectral components of PWM can be described by the
those two and switches between the or-output and the and- method of a double Fourier series (DFS) from Bennett [1],
output aft_er each pulse. The_ last described modulator is which was applied to pulse width modulation (PWM) by
commutating one of the described outputs dependent on the Black [2]. An important result in those derivations is, that
state of a master clock. g ¢ ,
The nonlinear operation of all modulators is described @ PWM signal consists out of spectral components in the
with nonlinear algebra in conjunction with Boolean algebra.  pass band and sidebands around the switching frequency
The benefits for electromagnetic compatibility of the new  and its harmonics.
schemes are presented, all modulators are examined in |, gyjtch-mode power converters the pass band can
terms of steady state operation, dynamic behavior, maximum . . .
modulation range and added distortion. Finally the imple- either b? D_C' AC or a mixture of _bOth erendlng on
mentation of one of the modulators in a switch-mode power the application. DC-DC converters in their steady state
supply is presented. Experimental results are verifying the operation mode have a constant referemcded into
simulation. _ _ the comparator and therefore generate a constant duty
Index Terms—Modulation, Pulse width modulated power  cycle in the pulse streamp. As soon as line or load
converters, Electromagnetic compatibility variations, input voltage or current perturbations or othe
disturbances are taken into account, the reference signal
r starts to vary. DC-AC converters in contrast get an AC
Error amplifiers for power converters consist of an errorsignal as inputz which results in a constantly adjusting
amplifier subtracting the output signalfrom the input  duty cycle of the pulse stream Figure 2 shows the signal
signal x and integrating the result. This is used as aand spectra of a commonly used, straight forward PWM
reference signal for a modulator, which is comparing for different input signals:. To cut out the effects of the
it to a given carriere. The pulse signap drives a power modulation technique, the regulation loop was not closed
stage to achieve the desired output power, voltage anand thereforer = z. Figures 2a; 2d, 2e and 2g show
current of the convertey. Figure 1 shows this generalized the signalse (solid black line),ppw s (grey) andypw ar
operating principle as block diagram of a power converter(solid black line with ripple) and figurés 2b, 12d] 2f and 2h
The high degree of nonlinearity of comparators is usedghow the spectrum gfpy . The output of the converter
within pulse width modulators (PWM) to achieve rectan-y is derived by applying a damped second order filter to
gular signals. These rectangular signalensure a high the pulsesp. This filter is dominating the step response
efficient operation of power stages. Due to the nature oénd the time delay. The peaks to the right of the spectral

1Vr<e
0 otherwise

pPpwM = { 1)

I. INTRODUCTION



andr, = r + a where a correction term was used.

The correction ternu allows to eliminate single com-
ponents in the spectrum. Different versions (Switching
Harmonic Spreading and Harmonic Elimination Spectra)
allow different resulting spectral shapes. However both
versions come with a high computational effort as the

,_.
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Amplitude (normalized)
o
Amplitude (normalized)
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S

iy
S,

. ) WW!W’ correction terma is a higher order representation of the
o oz _oa o5 08 1 i 10 w v original reference signal.
Time (normalized) Frequency (Hz) S . .
@ (b) A novel approach is shown here which requires no
computational power and targets the conglomeration of
1 10° frequencies in the bands of electromagnetic compatibility

interest. The proposed family of modulators uses multiple
carrier frequencies as inputs to multiple comparators
107 while maintaining the reference signal. The mathematical
background is changing from a double Fourier series to
a multidimensional problem, i.e. a triple Fourier series.
-1 10 | These modulation schemes use gaps in the spectrum
Y om0t " which had not been used before while lowering the
© (d) extensive peaks which are the qualitative targets for EMC
, measurements. The pass-band performance will be revised
and it will be shown that it does not suffer from the
10" improvement out of band. Section Il will describe the
block diagram and explain the operation of the new
modulators in theory, while section llll will put simulation
107 results to them. In an experiment one of the modulators
was applied to a push-pull type supply and the specialty
o oz g g5 o8 1 10 0 w  for this supply will be s_hown as well as measurements
© 0 on the waveforms. Section'V summarizes and concludes
this paper.
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II. NOVEL APPROACH UTILIZING MULTIPLE
10" CARRIERS

2 Where traditional modulators applied to power convert-
ers use one carrier frequency the new approach utilizes
multiple of them. These carriers, — either triangular or
- - sawtooth signals — are fed into one comparator each and
0 0.2 0.4 0.6 0.8 1 10° 10° . . .
Time (normalized) are compared with the common reference signafulti
) (h) carrier modulation (MCM) is referred to such a novel
Fig. 2. Signalsz, ypw and ppw s (left) and spectrappyya;  System in this paper. To allow the new principle to drive
(right) of a PWM with varying input signalsa( = 0.05, = = 0.5, g single power stage, the outputs of several comparators
z =1andz = 0.6 sin(27t) from top to bottom). . . . . .
need to be combined intelligently to result in a single
rectangular shaped signal Four possible principles are
shown in this section and their atributes are given.

Amplitude (normalized)
o

Amplitude (normalized)
=
S

10° 10°
Frequency (Hz)

plots represent the EMC problems.
To ensure a proper design to meet the stringent reA. ORed MCM and ANDed MCM

quirements of EMC specs, straight forward approaches A gimple decision rule for combining the outputs of the

try to break the coupling path from the source — the,omnarators is a logical OR or a logical AND resulting

modulator and the power stage — to the sink, i.e. thgy, 53 ORed-MCM and an ANDed-MCM respectively.
measurement equipment of EMC setups. For detachingpe mathematical operation to obtain those pulse trains

the galvanic coupling paths inductors and capacitors arg given in 2 and |3 respectively, where the decision
used as passive filter elements. To achieve best decouplingqitions are written in Boolean algebra:

results with those elements, even their parasitic elements

have been widely used [3], [4], [5] and [6]. A common _J1Vr<alr<ec..r<c 2
. . . . PORed—MCM = 0 oth . (2

used technique to suppress the radiated coupling paths is otherwise

to use mechanical shielding around critical components. It

. . IVr<c&r<c...r<ec,

is however better to effect the spectral shape at its sourcepored—nmom = 0 otherwise 3)

Specific spectral components have been canceled by [7]
and [8]. Therefore the input signalto the modulator has The operator| is representing a logical OR whil&
been changed to new modulator references= r — a  is representing a logical AND. The directions of the
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1 1 1 1 1 1 an alternating commutation of an ORed-MCM and an ANDed-MCM to
mean value =5 % ones mean value 25 % ones the power stage.

TABLE |
STATISTICAL DISTRIBUTION OF ZEROS AND ONES IN LOGICALOR * [ - &
AND AND GATES @ + &
> - L) & o

inequation signs are of no importance to the modulatioir [ .
Swapping them would cause the modulator to b ] J
inverting. &

The block diagram of an ORed-MCM and an ANDed-
MCM is shown in figure$ 3a and Bb respectivly. TheseFig. 5. Block diagram of a MS-MCM with two carriers, commutatin
two modulators distribute the energy of one peak as iﬁhe ORed-MCM and the ANDed-MCM in dependency of the state of

. the master clock.
PWM into two peaks, and therefore have two equally
high peaks in the spectrum. Additionally they create an
intermodulation component of those two frequenciesscribed above. This commutation scheme modulates the
Due to the unbalanced distribution of zeros and ones ilODRed- and the ANDed-MCM with each other, what
OR and AND gates, as shown in their truth tables I, thereflects into the quadrature of the distortion and therefore
output signal of the modulator will have a DC offset. As changes even order distortion into odd order distortion.
the mean value of the bit stream is supposed to represeRurthermore an ORANDed-MCM has intrinsically gain,
the input signal, it should be centered arous@ %  which is linear enough to allow nearly00 % utilization
ones, an ORed-MCM has an offset 25 % and an of the dynamical range.
ANDed-MCM has an offset of-25 % with respect to the
full range of the modulator. This limits the modulation C. Master Save MCM

range in both cases to a maximumf %. As a further The odd order distortion can be removed when com-
effect of the nonlinear operation in the pass band, botfnutating the ORed- and ANDed-MCM outputs in depen-
modulators are creating even order distortion. dency of a master clock (MCLK), which either can be one

of the time basis for the carriers or any other rectangular
waveform. A50 % duty cycle clock is required here.

B. ORANDing MCM Equation 5 gives the decision law for this modulator.
To overcome the disadvantages of very high nonlinear 1 VMCLK =1&
operation, the commutated signal to the power stage (r<a&r<c...r<cp)
can be switched from an ORed- to an ANDed—M.C.M afFer PMS—MCOM = 1 VMCLK =1& (5)
each pulse. The logical background for the decision time (r<eclr<ce...r<ep)
of the pulse signap therefore is 0 otherwise,
L Vo ' =05kt mem& A modulator following this decision rule is called master
(r<a&r<ecs...r<ecp) slave MCM (MS-MCM) here. Figuré |5 shows a MS-
PORANDed—mcM =3 1 V0~ = pakpedmrom& MCM which is deriving its master clock from one of its
(r<eilr <es o< Cn) carrier inputs by integrating it.
0 otherwise, A MS-MCM distributes the energy into multiple peaks in
(4)  the spectrum, which are no longer equal in amplitude (as
wherep~! denotes the previous pulse. is in ORed- and ANDed-MCM). The signal path is linear

The block diagram (figure14) of an ORANDed-MCM in the pass band and can be used up to a modulation index
shows a realization of the commutation principle de-of 100 %.
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Fig. 6. Signalsz, yoRed— MCM+ YANDed— MCM+ PORed—MCM aNAPANDed— Mo as Well as spectra of a ORed-MCMb reda—mom
(left) and ANDed-MCMpa N ped—arconmr (right) with varying input signalsa{ = 0.05, z = 0.5, x = 1 andz = 0.6 sin(27t) from top to
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I1l. SIMULATION RESULTS additional ripple in figuré 6 in time domain represents the
intermodulation frequencies. The figufe$ 6i and 6k verify
Section_ Il explained the static and dynamic operatiorthe above described limited modulation®®% in case of

of the described MCMs as well as there advantages foPRed- and ANDed-MCM. The second order distortion is
EMC. This section will put numbers as results from sim-less thanl0 dB below the fundamental as can be seen in
ulations to them, where all plots are directly comparableédn and 6p respectively. The reduction of the EMC peaks
to figure[ 2. The models are based on the equations frof® the right of the spectral plots compared to those of a
section Il. The simulation signals with= 0.05, z = 0.5, PWM is 50 %.
z = 1 andz = 0.6 sin(2nt) were taken on both The results of the ORANDed simulation model (figure
edges of the input range to show the behavior in casé, left two columns) proof the removal of the DC offset
of very small and excessive high inputs as well as in thdy alternation between ORed- and ANDed MCM while
middle. The center of the input range is commonly usedeeping the advantage in EMC. Also the removal of even
as steady state operating point under nominal conditiong®rder distortion is visible and the suppression of the odd
The dynamic behavior of the modulators was verified withorder distortion is higher that0 dB. For unclipped usage
the sinusoidal input to verify the usage also for DC-ACOf the full input swing, the gain factor of the modulator
converters, motor drives and switch-mode amplifiers. Thénust result in a lower input signal. The condition with
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full input signal therefore represents an over modulatealosed loop at a frequency, = 1/t; ~ 37 MHz. This
system in case of the ORANDed model. A MS-MCM is at least twenty orders higher than practical switching
has insignificant higher EMC peaks than the modulatorérequencies with existing power semiconductors and mag-
shown before. As can be seen from fighre 7 (right twonetic components. Therefore the switching frequency is
columns) the gain is unity as in PWM, the DC offset the first limitation in terms of closed loop stability and
is zero, also as in PWM and all EMC peaks but thethe contribution of the time delay of the logic gates is in
intermodulation components stay below the spectrunthe noise.

representing PWM. Especially at full modulation the MS-

MCM provides the highest difference between PWM and IV. EXPERIMENT

MS-MCM. The MS-MCM with two clocks was applied to a voltage
In practice in all MCM a negligible time delay (resulting fed push-pull converter. For further reading on this type
from the propagation delay of the logic gates) is expectedof converter please refer to [9], [10] or [11]. A push-pull
As this delay is practically no longer thap; = 9 ns  power stage expects two alternating rectangular signals,
in modern logic circuits. ORANDed and MS-MCM have where in voltage fed types at no time both of them are al-
three of them in series resulting in a total delay ofjowed to be high. A further logic signal forming was done
tqy = 27 ns. This would result in stability issues of the to the pulse stream;s—arcar therefore. Dependent on
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Fig. 8. Waveforms and spectra of the prototyped push-pulvexder utilizing MS-MCM{ 8a| 8d and 8g show the gate drivensigafter the gate
driver (5 us / div, 2 V / div) and_8b] 8 and 8h the according specti@0(kHz / div, 1 V / div). 8c,[8f and 8i show the unloaded secondary side
of the transformer (first and third waveform from tdp,us / div, 20 V / div) and the input to the gate driver (second and fourth \iawe from
top, 5 us / div, 5 V / div.)

the MCLK statepyss—vonm Was commuted to one or the verter it got separated into two signals. At low modulation
other of the gate drivers for the MOSFET switches. indices, pulses occur in a not repeating manner as can
Nominal input voltage was defined to B2 V and a be seen from the second and third pulse of the upper
transformer with turn ratiorl : 1 : 2 : 2 was used to signal in[8a. The spectrum is close to a spectrum of
obtain two output voltages of24 V and —24 V. Both  repeating Dirac pulses, but here both carrier frequencies
clocks were derived from a crystal oscillatar8 MHz)  occur. The transformer only gets magnetized for short
by clock division circuitries. One was divided by a factor periods of time and freewheels between the pulses. With
of 28 down to f., ~ 275 kHz, which was also used as increasing modulation index MS-MCM occurs in form
MCLK and the other one was divided by a factor2¥ of two pulses in one switching period of one MOSFET,
down to f., ~ 350 kHz. Both clocks were integrated where the average over time is the same as in PWM. The
to triangles giving the carrierg; and co. The input  spectrum shows the two carrier frequencies now clearer.
x was applied from laboratory instruments. To captureThe transformer freewheels again between the two pulses.
the MS-MCM signals on the push-pull converter withoutAt full modulations the MCLK takes precedence and
regulation influences the loop was not closed for takingoverdrives MS-MCM, resulting in twa0 % duty cycle

the measurements as shown in figure 8. The sum of thgulses which are out of phase. The transformer is getting
two waveforms in each measurement in the left column isnagnetized all the time, but in alternating directions.
a MS-MCM outputpyss—arcar. For the push-pull con-  Figure[ 9 shows a picture of the prototype.



Fig. 9.

Photograph of the prototype

V. SUMMARY AND CONCLUSION

[ MCM-type ][ Advantages | Disadvantages
ORed lowest EMC offset
and lowest complexity even order distortion
ANDed lowest cost limited dynamical
range

low EMC odd order distortion
ORANDed || no offset

full modulation

gain

low EMC highest complexity
MS no offset

full modulation

TABLE Il

OVERVIEW OF THE ATTRIBUTES OF THE FOUR NOVEL MODULATORS
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Abstract—Switch-mode Power Converters are well known for  to lock into this frequency but unfortunately the side bands
emissions in the band of electromagnetic interference (EMI) are not the program material from a radio or TV station, but
interest. The spectrum shape depends on the type of modulator hq gigebands of the distortion signal. In the second chse, t
and its purpose. This paper gives design guidelines to choose h .
the optimum topology depending on requirements of different tuner has already "“?ked to a station, but has onl_y weak 'S_'Q_”a
app"cations_ Spectra| measurements on prototypes of a pu|5e |f the broadband noise from a pOWer converter Is 0Verdr|V|ng
width modulator (PWM), a AX-modulator and a hysteretic  the sidebands of this carrier, the broadcasted progranriaate
self-oscillating modulator are shown, which are verifying their  js again lost and the noise of the converter in this band is
simulations, with respect to different EMI challenges. displayed on the screen or played through the audio system.
Actual receiver input characteristics, frequency bandkthair
related noise levels have been described in [2] and [3]

Modulators for power converters transfer a reference signan interesting application, which by itself have an EMI soir
into a switching signal with a discrete number of levels,abhi as well as an EMI sink, as described above, close to each
is in many cases high and low only. By doing this conversionpther are automotive audio amplifiers. Many of those either
the modulator is adding much energy above the frequency afomprehend a switch-mode power supply or the amplifier
the reference signal. This energy is distributed over a widéself is a Class-D type or both of those are combined. In
range of frequencies, which are measured in EMI tests. Thease of audio amplifiers another frequency band is of high
standards for EMI (i.e. [1]) give especially low limits ingh interest: the audio band froi20 Hz to 20 kHz. The perfor-
sensitivity bands of receivers of broadcasting technelgi mance measurements in this band are given by [4], where the
such as AM radio, terrestrial TV and FM radio. Due to theaccording measurements results are highly competitive.
high required dynamical range and - depending on the latatioOther applications in many consumer, industrial or autdraot
- weak signal strengths, these limits are very low. products like DC/DC-converters, motor drives or switche®o
One of the most interesting scenarios are therefore applic@mower amplifiers deal with the same EMI sinks. The compari-
tions, where the switch-mode power converter is very closson shown in this paper is applicable to those without change
to the receiver and the coupling path from the converter Figure 1 shows a typical block diagram of a Class-D amplifier,
as an EMI source — to the receiver — as an EMI sink — igncluding an error amplifier, a modulator, level shifter ayade
very low ohmic. Both of those conditions are fulfilled in cars driver, a power stage and a fourth order output filter.
the separation of the source and the sink is only a few meters,
resulting in enhanced radiated coupling. Common suppéslin
electrical communication lines as well as the chassis giaelg
conduction conditions. Additionally it is a primary desigoal 3 D E
for the receivers to reach very low sensitivity levels, heea

Vmo
the antenna can not be set up in an optimized way and kept J_ s W I "

there as in consumer applications due to the movement of th; - I -

I. INTRODUCTION

IFT

vehicle.

There are two different worst case situations for tuners:ign
the seek mode and the other one is a low input signal. In theig. 1. Block diagram of a typical realization of a switch-neogower
seek mode, tuners are sweeping the sensitivity window as fagmplifier

as possible through their input band and try to detect aerarri

of a broadcasting station. If there is any single frequency In many realizations a fourth order output filter and shield-
component emitted from a power converter, the tuner isylikel ing is required to fulfill the EMI requirements. The fourth




order filter significantly decreases the performance in tlttoa  optimized modulator for all relevant tuner scenarios.
band, adds cost, board space and weight to the application.
The shields to return the stray fields of the modulator, power
stage and inductors usually cause a trade-off between &herm Following is a description of the functionality of a PWM,
optimized mechanical design and EMI. Some of the electroa AY modulator and a hysteretic self-oscillating modulator.
magnetic fields can be annihilated by parasitic cancetiatio Common requirement to all modulators is the capability of
the filter components. These techniques have been describadcepting an audio frequency input signal and modulate it
in [5], [6], [7] and [8]. into a discrete level output signal while maintaining thpunh

A practical approach to change the high frequency energgignal. The modulators must not add energy within the audio
distribution is called randomized PWM and EMI investigation frequency range and the switching frequencies at the output
on DC-DC converters for automotive use are shown in [9]are supposed to be configurable to a range betwéerkHz
These technologies are not considered here because they arel800 kHz. This is assumed to be a frequency range where
known to introduce the randomized noise also in the audithe power stages consisting of MOSFETs and the output filters
band and therefore significantly decrease the performance. can operate in an efficiency optimized region.

A typical EMI measurement result on a converter according i

to the block diagram in figure 1 and optimized componenf® Pulse Width Modulator

selection and layout is shown in figure 2. The measurement Figure 3 shows the block diagram of a PWM. It consists
is the worst case measurement within a series of differlenti@f an oscillator, an integrator and a comparator. The @doill

and common mode EMI measurements in various distance¥eds to generate a square wave clock, which is integrated
between the current probe and the output of the converter. THO a triangle or a sawtooth. This signal is compared to a
measurements where done in accordance to the current meth@ference signal which is the output of the differentialoerr

in [1] as well as to the specification of one car manufactureramplifier in figure/ 1. Depending on which of these two
The car manufacturers limits are more stringent in the vecei Signals is higher, the output of the comparator is eitheh hig
bands and mandatory to fulfill in the original equipmentor low.
manufacturer market (OEM). Similar measurements aligned

with the voltage method described in CISPR25 [1] are shown

. V're:f
in [10]. J Vyo
AIH— /

Fig. 3. Block diagram of a PWM

Il. MODULATOR TOPOLOGIES

The reference signal determines between natural PWM
(continuous time input signal) and uniform PWM (discrete
time input signal). Two levels at the output are described in
the literature/[11] as AD modulation, while three outputdev
signals are described as BD modulation. A triangle as carrie
input to the comparator results in a double side PWM, while
a sawtooth creates a single side PWM. For simulation and

R T experiment a natural sampled AD two side modulated PWM
(NADD PWM) is used.
The decomposition of an NADD PWM output signal into
Fig. 2.  Common Mode EMI measurement (current probe method) on thgtg spectral components by a double Fourier series (DFS) as
output lines of an automotive audio power amplifier described in [12] gives an expectation of the PWM spectrum

_ _ as shown in equation/ 1
While many design approaches concentrate on the removal

of the EMI noise, this paper will concentrate on the modula- _ M o sin(mwekt)
tors, which are adding the high frequency energy to the syste PWM(#) =k + 2 cos(wrest) + Z:l mm

It first explains the three different modulator topologies i "

section 1l. Simulation results with respect to the out-afid = Jo(mm M)

behavior based on functional description models of thes#-mo B Z m
ulators are shown in section lll. As an experiment protosype
of the modulators have been built and the spectra where mea- < oo ) nrw

sured which are shown in section IV. Section V compares the  — Z Z sin(mweikt + nwrest — 2mmk — 7)

spectra of the modulators and different modulation indices m=1n=+1

perspective to the relevant criteria for optimized broaticg  wherek is the offset of the signal}/ is the modulation index,
service reception and section]VI concludes the behavionof aw,.; the radian frequency of the sinusoidal reference signal,

Level in dBua

sin(mwept — 2mmk) (D)
™
m=1



J,, the n-th order Bessel function of the first kind angdy the  set to the same frequengy;,, = 270 kHz. The supply voltage
radian frequency of the carrier signal amdandn are integer was5 V for ideal comparison with the measurements in the

numbers. experiment shown in section V.
, Figure 6(a) shows the simulated spectrum of an NADD PWM
B. Delta-Sigma Modulator with the modulation indiced/ = 0, M = 0.3 andM = 1. As

The AX modulator block diagram is shown in figure 4. expected from equation 1 side bands with distaficg are
The A-stage subtracts the output from the reference, which igrowing around the switching frequendy;;, with increasing
again the output of the differential error amplifier as shawn modulation. The spectral components are situated at déscre
figure[1, theX-stage is an integrator summing up the differencerequencies, which reflects the repetitive nature of a PWM
signal and feeding a comparator. This comparator is chgngirbit stream in time domain. The noise level of the simulation
its output in dependency of the integrator signal being éigh is limited to the timing precision of the simulation which
or lower as a constant reference. A latch, i.e. a D-type flipwas chosen to a compromise between simulation time and
flop, is transferring the comparator output pulses trigdereresolution in the results.
by a rectangular clock signal derived from an oscillatore Th The comparable results for AY modulator are shown in
oscillator frequency with &0 % duty cycle is adjusting the figure/ 6(b). The decision points of A% modulator are based
main switching frequency. The main switching frequency ison the input signal as well as on the noise fed back from
expected to be half of the clock frequency, when using ahe output. This noise is modeled as white noise [14]. This

positive edge triggered flip-flop. noise is uncorrelated and therefore the bit stream pattean o
AY. modulator is non repetitive in time domain which results
i in a continuous spectrum shape. As the basic shape in time
Vres A Z J_ domain atM = 0 is close to a rectangular waveform with
Vinod 50 % duty cycle and the height of these pulses is - as in
- the PWM - limited by the supply voltage of the output stage.
Therefore the peaks stay at the same level, and the side bands
Fig. 4. Block diagram of aAX modulator are filled with energy, while the inherent noise shaping reatu
of the modulator removes noise between the harmonics. At
C. Hysteretic Self-Oscillating Modulator higher modulation indices the minima in the spectrum remain

but the side bands are continuously filled with energy. The
overall energy in the out-of-band noise ofA2. modulator is
therefore higher than the noise of a PWM.

The simulation results of a hysteretic self oscillating milatbr

The hysteretic self-oscillating modulator is described in
[13]. Compared to the PWM and\X it does not require
an external clock but deriving its switching frequency by

operating at the stability boundary. The reference sigrmahf . P N ; .
the error amplifier is summed and integrated together with th's shown in figure 6(¢). In case dff = 0, no source is applied

output signal and fed into a hysteretic comparator. A bloclz0 the 'modulator and no quan'tlzatlon noise is added. The
diagram is shown in figure 5. peaks in the spectrum are equivalent to a stable rectangular

signal with 50 % duty cycle - as in the PWM case - while

] the spectral resolution is limited to the Fourier transfation.
Vies [i ﬂ— Vinod With increasing modulation index sidebands around theaerarr
occur and the inherent feedback shows a portion of the same
Fig. 5. Block diagram of an hysteretic self-oscillating mizdar noise shaping effect as seen by thé: modulator. A full

level input signal shifts the switching frequency towarte t
The switching frequency of a hysteretic self-oscillatinginPut frequency and creates harmonics based on the new
modulator is determined by, the time constant of the fundamental.
integratorr;,,;, the hysteretic windowd and the propagation IV. EXPERIMENT

delay of the forward path;,; as shown in equatian/ 2. This section will take the simulation in perspective to

1— M2 measurements on prototypes of the modulators as shown
- 87 (Timt H + Tpd) @ i figure [7. All measurements where taken with a Rohde
& Schwarz ESI17 EMI test receiver in spectrum analyzer
mode. The measurement bandwidth v#@® Hz, number of
The simulation of the described modulators was carriedaken points wa$00. The clocks and the reference signals
out in the time domain with linearized blocks, followed by awere fed into the modulators from function generators. The
Fourier transformation calculated by MATLAB. The switch- outputs of the modulators where actively divided 4y dB
mode elements where modeled as discrete two level outpubecause the modulator outputs where not designed to drive
and no edges where taken into account. Within the consideratle 50 2 inputs of the analyzer. For best comparison with
frequency range, this is a valid assumption. For optimasimulation the results were plotted, after recovering4tel B
comparison of the three modulators, the clock frequency wasorrection factor, with MATLAB. During the measurements

wS’U)

Ill. SIMULATION
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Fig. 6. Simulated spectra

the rectangular signals as well as all inputs were supetviseneasurement time and accuracy. For longer measurement
in time domain with an oscilloscope. times and smaller measurement bandwidth the noise level of
Figure 8(a) shows the measurement results on the PWNhe analyzer can be significantly decreased. For higher mod-
As predicted by simulation, the spectrum contains discretalation the noise level of the modulator is raised as predict
components only. The even harmonics dt = 0 are an by simulation and the dips of the modulator dominate the
artifact of the imperfect symmetry of the triangular carrie noise level of the measurement system. The non-repetitive
The measurements show the discrete side bands rising wittature of aAY bit stream in time domain clearly results in a
increased modulation. The peak height is well aligned withcontinuous spectrum. A full level modulation shows a dramat
the simulation results. increase in overall high frequency energy. The local minima
The same measurements have been carried out od\¥ie the spectrum stay consistent and have the width of twice the
modulator prototype. Results are shown in figure 8(b). Foreference signals frequendgi. . The increased noise reaches
M = 0 the spectral minima are masked by the noise level othe audio band. An additional noise shaping is required to
the spectrum analyzer. This is a result of an trade-off betwe preserve the in-band performance. ThE modulator is likely



NADD PWM, Modulation Index = 0 NADD PWM, Modulation Index = 0.3

NADD PWM, Modulation Index = 1

Amplitude (Volt)
Amplitude (Volt)

-4
. . , 10 . . , 10 . . ,
0.5 1 1.5 2 25 0.5 1 1.5 2 25 0.5 1 1.5 2 25
Frequency (Hz) x 10° Frequency (Hz) x 10° Frequency (Hz) x 10°
(a) NADD PWM
1st order AZ, Modulation Index = 0 1st order A%, Modulation Index = 0.3 1st order AZ, Modulation Index = 1
10°
o o Py
o °© °
2 -2 2 2
510 = =
£ £ £
< < <
-3
oy
” —4 -4
10 . . . . , 10 . . . . , 10 . . . . ,
0.5 1 1.5 2 25 0.5 1 1.5 2 25 0.5 1 1.5 2 25
Frequency (Hz) x 10° Frequency (Hz) x 10° Frequency (Hz) x 10°
(b) AX modulator
Hysteretic Self-Oscillating, Modulation Index = 0 Hysteretic Self-Oscillating, Modulation Index = 0.3 Hysteretic Self-Oscillating, Modulation Index = 1
10° 10° 10°
= = =
g 10 ' 210 glo
38 38 3
2,2 2,2 2, -2
510 7 510 510
£ £ £
< < <
10 10°% 10°%
_4 - -4
10 . . . . , 10 . . . . , 10 . . . . ,
0.5 1 15 2 25 0.5 1 15 2 25 0.5 1 1.5 2 25
Frequency (Hz) x 10° Frequency (Hz) % 10° Frequency (Hz) x 10°

(c) Hysteretic Self Oscillating

Fig. 8. Measured spectra

to run into stability problems at high modulation indices as248 kHz). More discrete side bands occur than in the PWM
researched in [15] and more recently in [16]. Practically th case. For full modulation the decision points are forcedhay t
modulation indices in these systems therefore are limited. input signal and the fundamental of the switching frequency
The hysteretic self-oscillating modulator was tested ie th fs,|y=1 drops to the input frequency,.; = 20 kHz.
same measurement setup as the above shown and results Begiation 2 does not take the forced commutation into account
shown i_n figur). Without any input signal the hysteretic V. COMPARISON OFRESULTS
self-oscillating modulator produces very perfect rectdag ) )
waveform with50 % duty cycle, independent of any external "€ shown simulated and measured spectra will be taken
signal sources. Therefore the even harmonics of the swigchi N0 Perspective to receivers input sensitivity scenarss
frequency at zero modulatiof,.|,—o are close to zero. explained in sect_loh:I here. The main mtere_spng pa_lrarﬂeter
Remaining imperfections only belong to the nonlinearity of2r® the local maxima (peaks, table ), local minima (dipsieta
the modulator components. With increasing modulation thd) Of the spectrum, the side bands around the carrier (table
switching frequency drops (in figufe 8(c) froa¥3 kiz to D] and' the noise perfor_marjce in the audio band (t@_e V).
The height of the peaks is directly related to the probabdft
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Fig. 7. Picture of Prototypes

DIPS PWM AY HSO
M =0 practically n- feik practically
limited to the limited to the
noise floor by noise floor by
M=03 the dynamical - feik the dynamical
range of the range of the
M=1 sytem n- fek + fref system

TABLE Il
COMPARISON OF LOCAL MINIMA IN THE DIFFERENT MODULATORS

While the noise floor in PWM and hysteretic self-oscillating
are system limitations, is the spectrum A& an intrinsically
shaped form.

a receiver locking accidentally into it and considering pleak

as carrier of a bro_adcasting station. The_ o_lips alloyv receite SIDE PWM AR HSO
detect very low signals because the minimum signal strength BANDS

of the program material can be just slight above the dips:

The side bands around the carrier act directly opposed to tha a7 = o equivalent to the frequency stability
and might overdrive program material of a station. The noise frequhency S_ﬁelblllty of egtgvaler_lltl to an
performance in the audio band does not disturb the receives the oscillator -oscilator
but is directly transferring audible noise through the powe i §

stage to the speaker. Again the program material, even fif’ =03 || _discrete frequency | 3 -

g. P - AQ p g ; ’ . stability dependent on| -5 discrete,
coming from a recorded source might be hidden below this input and on stability | & frequency
noise level. of the oscillator © stability

. . . equivalent to an
The rules for comparison and conclusions result in prefgrab RC-oscillator
M=1 discrete, many and dependent
« low maxima (peaks), frequencies due to on input signal
. o . intermodulati
« wide and low minima (dips), ntermoduiation
« harrow, predictable and low side bands and
« low and frequency independent noise in the audio band. TABLE IlI
COMPARISON OF SIDE BANDS AROUND THE CARRIER AND ITS
HARMONICS
PEAKS PWM AY HSO
ADUIO PWM AY | HSO
M=0 n- feik 258 fork n - fswlp=o NOISE
?
n- for & 20 fok & n- fswlpm=o0 & M=0 S
M =03 n- for = 20 fo n- fsw|nr—o + constant =X g
m'f'ref m'fref m'f'ref M =0.3 ﬁ g
() o
@ o
o
n- feik & spread at M=1 side bands ma i i =
. = y occur in audio band
M=1 n- far £ 20 oy + m: fref
m'f’r'ef m'fref

TABLE |
COMPARISON OF LOCAL MAXIMA IN THE DIFFERENT MODULATORS

The best behavior for each modulation level is shaded gray

TABLE IV
COMPARISON OF AUDIO BAND NOISE

in the tables based on the explained comparison rules.

Some related modulator technologies can extend this list,
Common to all three modulators is that the peaks are decreaise. NBDD modulated PWM, which is removing differential
peaks compared to what is shown in the NADD example, a

ing with increasing modulation index.




AY modulator of second order including intrinsically noise
shaping or noise shapedX modulators as well as phase [y
shifted self oscillating systems. Two interesting apphesc
to influence the spectral behavior based on PWM are shown
in [17] called predistorted PWM (Pd-PWM) and frequency [,
modulated PWM (FM-PWM).
3
VI. CONCLUSION .
The relevance of the EMI behavior of modulators has 4
been explained with respect to potential EMI sinks, esfigcia
TV and radio receivers. Therefore four relevant parameter
(maxima, minima, side bands and base band noise) to weigh
the performance have been defined. Three different types of
modulators (PWM,AY. and hysteretic self-oscillating) have [
been explained, simulated and verified by measurements on
prototypes. The measurements match the simulations. Fhe rd7]
sults have been summarized with respect to the criterigaete
for receivers. The characteristics of an optimal modula®r
combination of all advantages has been found.
The PWM and the hysteretic self-oscillating modulator show
very similar spectral behavior. In applications where teakp
detection of a nearby receiver is the most critical situgttbe
hysteretic self-oscillating modulator shows slight adeges.
If detection of very low signal strength of the broadcasting
system is the design priority, PWM is the best modulation10]
topology. AY: offers spectral dips which can be used to detect
low signals when a tuner is already locked into the carrier of
a broadcasting station. This advantage @8 shows best up [11]
at high modulation indices where the modulator tends to be
instable. [12]
Additionally an outlook to other topologies was given. De-
pending on the strived design, a modulator can be chosd#?!
based on the given parameterization for many applications
such as switch-mode power amplifiers and supplies or motdt4]
drives.

5]

(8]
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ABSTRACT

Recent trends in the automotive audio industry have shown the importance of active noise cancelation (ANC)
for major improvements in mobile entertainment environments. These approaches target the acoustical noise
in the cabin and superimpose an inverse noise signal to cancel disturbances. Electromagnetic interference
between switch-mode audio power amplifiers and receivers show the same physical obstacle as the described
ANC endeavors are targeting. The principle of active electromagnetic interference cancelation (AEC) is
derived in this paper on a theoretical basis with verifications in simulation and experiment. The resulting
switch-mode audio power amplifier of this experiment keeps its high efficiency and is able to deliver the
signal with less than 0.1 % distortion, while improving the source of electromagnetic interference by 15 dB.

1. INTRODUCTION Fig. 1 A feedback active noise cancelation (ANC) system
The cabin of automobiles is exposed to several audi-
ble noise sources from its acoustical tough surroundings
like road noise, engine noise, wind noise and other traf- —AN(Q
fic. The topic of active noise cancelation (ANC) [1] [2]
is dealing with those disturbances to generate a perfect N

rolling sound reproduction environment. The principle d
of ANC is to subtract a feedback or add a feedforward
signal from or to the actual desired music — the contents

material — to obtain an error signal. This signal is gettindernments, technical committees and car manufacturers.
processed (as shown in [3]) and increased in an ampliany manufacturer of equipment or supplier has to ful-
fier to drive the speakers mounted in the car. Within thegj)| those requirements for any given product. The most
passenger compartment the content material gets sup§feresting products with respect to these demands are
imposed with the external perturbation signals which isgyitch-mode audio power amplifiers and switch-mode
acoustical noise. These two overlaid sources are Megsower supplies. Especially the former ones are in the
sured by several microphones, who's output is used agajor scope of this paper because their physical prox-
feedback or feedforward signal to close the loop. Themity to the media receivers is leading to a worst case
plant and its regulation for an exemplary feedback ANCgijtyation as described following.
as described is visualized in figure 1. Transmission stations like radio and television stations
A similar disturbance path is given by the interface of 3¢ sending the modulated material contents in a high
a switch-mode audio power amplifier to the receiver in-frequency band via air. Antennas of mobile receivers —
put of a head unit. Instead of the longitudinal acousticalyg their counterparts — are taking any signal in the same
waves, the superposition of signal and noise happens biyand which is supposedly the desired transmitted content
means of transversal electromagnetic waves. These ph@yaterial, sending it to a head unit where the electronic
nomena are prevented by requirements, written by govpart of the receiver, which is responsible for preamplifi-
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cation and demodulation, is located and through a comFig. 3 Block diagram of an active electromagnetic inter-
munication bus, e.g. MOST2, the music contents is driv-ference cancelation (AEC) system

ing the loudspeakers through an amplifier. In case this T
amplifier is a switch-mode audio power amplifier, it can Imisl AEG
conduct or radiate undesired signals in analogy to the [[O

acoustical perturbations in case of ANC. These electro-
magnetic perturbations cannot be distinguished from the 1. I
actual desired transmission signal at the receiver side in 41
the head unit, therefore they get demodulated togethet
with the music and also reproduced through the trans-
ducers into the audible longitudinal domain of acoustical
signals. Figure 2 is a visualized description of this prob-yerters, they are mainly intended to cancel the contribu-
lem. tion of the switching frequency and its harmonics (ripple)
This paper will show an active electromagnetic in- jn the steady state of the power supply. In [5] the fact of
dynamic behavior of power supplies in case of line and
Fig. 2 Block diagram of an applied electromagnetic in- load variations is taken into account and the active filter
terference (EMI) problem is on purpose driven into saturation to prevent the active
filter from reacting to the converters effort to stabilize by
dynamic responses. Once the converter has settled to its
N T ) T D 4[[0 steady state, the active filter is in operation again and pro-
- vides a high level of ripple cancelation.
lrf“‘t ¢ An application never reaching constant input and output
e voltages and currents is a power factor correction (PFC)
stage. It always follows the frequency of the AC mains
(60 Hz or 50 Hz) and active EMI filters need to be care-
fully designed not to cancel these low frequencies. An
terference (EMI) cancelation (AEC) system, which is example is shown in [6], which therefore involves AC
suppressing the undesired transversal waves and the uoeupling between the ripple sensing and the active filter
desired conducted signals at its source. Within thanput as well as between the active filter output and the
switch-mode audio power amplifier, the highest tran-cancelation point. A wide variety of those possible filter
sients, which are causing the high frequency disturstructures is given in [7]. It is explaining possible com-
bances, occur in the power stage. Before conductindpinations of current and voltage sensing in combination
this amplified signal to the loudspeakers, the signal inwith current drive and voltage drive for power converters.
state-of-the-art consumer amplifiers pass at least a seépplying these principles to switch-mode audio power
ond order passive filter which in many cases is extende@amplifiers the combinations as shown in figure 4 arise.
to a fourth order passive filter in automotive entertain-In any case it is essential to take the highly dynamic con-
ment applications. Instead of these two extra filter or-tents material of the amplifier into account and prohibit
ders, AEC forms an active parallel path to the existingcancelation or amplification of the audio signal through
second order filter to get a maximum of suppression othe active filter. A cancelation of the audio signal would
high frequent noise, before the connection interface oflecrease the output level, where an amplification would
the amplifier to the speaker terminals. process the audio through the linear filter stage creating
Active EMI filters follow a similar approach. They have high losses there instead of utilizing the high efficiency
been designed in various combinations to switch modef the switch-mode audio power amplifier.
power supplies [4] and proven to cancel theoretical si-These concerns are taken care of in this paper. First a
nusoidal waveforms for converters in military and spacepractically suitable topology is chosen and the require-
applications. A successful application to a real convertements for the active filter are derived in section 2. The
is shown in [5], which also mentions the difficulty to deal resulting circuit is synthesized in section 3 by means of
with dynamic behavior of the converters. When activesimulation and verification by experiment in section 4
filters of the described types are applied to DC-DC con-before resulting in the concluding section 5.

head
unit
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Fig. 4 The four possible combinations of sensing voltages / ctsrand driving voltages / currents.

(a) current sense, voltage drive
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(c) voltage sense, voltage drive
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(b) current sense, current drive

2. DERIVATION OF THE ACTIVE FILTER

With the filter structures as shown in figure 4, AC cou-
pling with either of the sense or drive elements is pro-
vided by the use of passive components. A serial sense
or drive component can be realized by transformers and
parallel structures for either use are separated from the
high voltage path by capacitors. The used transformers
therefore need to stand the stresses of the audio signal
current on the primary side, while they only operate in
a lower power domain on the active filter side. Respec-
tively the capacitors need to be chosen for the audio volt-
age.

2.1. Choice of topological Structure for AEC
Experience has shown that inductors in the power signal
path come with practical disadvantages:

e Inductors have a bigger tolerance in comparison to
capacitors. The reason is mainly the tolerance of the
core material which can be as high as 10 to 20 %,
therefore making it quite unsuitable to sense and
drive extremely low and precise signals such as the
electromagnetic interference problems represent.

e Inductive components naturally come in round
packages. It is possible to buy them with rectangu-
lar footprints but the selection of alternative com-

nomical disadvantage. Round footprints are quite
unpractical in designs for the automotive audio in-
dustry, because amplifiers include nowadays around
20 channels and the board layout gets majorly com-
plicated with round component packages and over-
all product size limitations. There is intrinsically
always somewhere valuable space left out by round
components and therefore does not guarantee the
highest level of power density.

Nicely shaped inductors for the described business
usually come with one winding only. A coupled in-
ductor with adjustable turn ratios is not available on
the market, whereas the scalability of capacitors is
quite easy. Self developed inductors are not com-
petitive in price to off-the-shelf inductors.

In general a foil or ceramic capacitor is somewhat
cheaper than an adequate inductor and many times
also easier to place on the board with standard man-
ufacturing machines, whereas inductors come with
highly varying shapes and weights, which turns
them either into hand-placing components, what in-
creases the labor cost on the product or demands
special mounting machines, which increase factory
cost.

ponents gets smaller which is resulting into an eco-Based on these reasons it is desirable to design an active
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EMI cancelation filter without inductive components and for all frequencies beyond the filter resonance, i.e. the
stick to resistors and capacitors as circuitry around thdrequencies specified by equation 2.2.

active filtering stage only. The prototype of such a cir-

cuit structure is shown in figure 5. \oltage soude  Equation 2.2 Precondition to cancel EMC relevant sig-
represents the power stage ("switch nodeg); andCoy: nals

are the passive filter elements of the only remaining fil-
ter stageRoag represents the nominal load for the am-
plifier, Ceoupi is an AC-coupling capacitor separating the
drive stage form the amplifier output ak@ is a voltage
source controlled from the voltayg on the switch node.

Vour=0Vs> \/Lout (Cout +Ccoup|)

To cancel the voltage on the output nodg;, the nu-
merator of equation 2.1 needs to be zero, which gives the
specification for setting the voltage &A as shown in
equation 2.3.

Fig. 5 Filter structure for the active EMI cancelation cir-
cuit with V» as a voltage source controlled from the volt-
age on "switch nodeV;.

L . —
out Ceoupl Equation 2.3 Controlled voltage sourdé specification.

V]_ 1

Vo=—G——V1
\ COLT Rioad %\/2 §2Loutccoupl

That is a second order inverting integrator from the
= switch node to the active filters output node.

2.2, Analytical Derivation of AEC 3. SYNTHESIS OF DERIVED FILTER STRUC-

The load voltage for this topology therefore becomes! URE

dependent on the voltage on the switch node as well as

on the voltage of the controlled voltage soukée The 3.1, Choice of adequate Filter

resulting transfer function is a linear superposition & th The realization of pure integrators to practice is quite

single transfer functions as in 2.1. difficult, because any infinitesimal small DC offset

would be multiplied with the infinite gain of the inte-

Equation 2.1 Transfer function with superposition of the grators at 0 Hz and drive the circuit during its operation

two sources from figure 5 to the voltage across the loadinto saturation. An optimal reference for EMI cancel-
ing is therefore limited by a low frequency roll-off. This

V1 + £LoutCeouplV behavior is emulated for later reference by a circuit as

1L gktout | 2| shown in figure 6.
T SRoag 5 ou (Cour+Cooupl) Even this circuit could be designed for a quite good ap-

Vou =

Fig. 6 An optimal AEC circuit with respect to EMI can-

The denominator is similar to a conventional second or£elation.
der low pass filter with the exception that the coupling
capacitor adds to the output filter capacitor. The numera- [ —e

tor has one degree of freedom, i.e. the controlled voltagje A
sourceV,. This can be used as a design criteria for thet
transfer function fronV; to V, which defines the control

of Vs.
It is desired that the voltage across the 16gg is zero  proximation to perfect cancelation, it would still come
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with the major drawback as described above. It couldconverge the transfer function of the active filter for high
not stand the highly dynamic behavior of the amplifier. frequencies as close as possible to the ideal second order
It is therefore the major difficulty to keep the contents integrator. It is desirable to develop a filter that comes
material away from the active EMI canceling circuit and with a high quality between the resonance frequency of
therefore guarantee operation despite the audio contentthe output filter and the switching frequency. This allows
This is leading to the design constraint for the active canboth, the highpass and the second order integrator to pro-
celation filter within the audio band: it is supposed to vide maximum suppression of the audio signal as well as
provide a decent amount of suppression up to 20 kHztight following of the ideal integrator. Such a filter is a
The final resulting specification for an AEC circuit is Sallen-Key filter equipped with an additional highpass as
therefore given by shown in figure 8 according to [8]. An additional inver-
sion is required in conjunction with this filter because it

e adequate suppression in the audio band, is a non-inverting circuit.

e second order integration above the resonance freFig. 8 A Sallen-Key lowpass with an additional passive
guency of the passive second order output filter anchigh pass.

e inversion at frequencies above the resonance for a
second order passive output filter.

Practically effectiveness is guaranteed, if the two con- V;
ditions above the resonance of the output filter are ful-
filled at the switching frequency of the switch-mode au-

dio power amplifier and above. Possible realizations as

in figure 7 for the desired behavior are extending an ac- o i . )
tive second order bandpass by an additional pole and 3:2- Revision of Analysis by Simulation
second order lowpass by an additional highpass respethere are three different types of active filters from sec-

tively. However none of those two exemplary filters can 10N 2 t0 choose for realization:

Fig. 7 Possible AEC realizations with real pole pairs. ¢ theideal analytical solution: second order integrator
(a) active bandpass extended by additional pole

e bandpass with real poles

|1
I
] e bandpass with complex poles
— | V2
VA Even the ideal solution was excluded above, because it
I fails to provide suppression of the contents material, it

will be included in simulation for reference. The other
two solutions will be compared to match this ideal solu-

E]l?;ssg\slg second order lowpass extended by additional tion in the following paragraphs.

3.2.1. Ideal Filter: Second order Integrator

— | For reference two cascaded leaky integrators and an in-
verter as shown in figure 6 proof the described concept.
| V2 The transfer function of the simulated filter is shown in
\ figure 9. It is remarkable that the phase is not constant
I because the leakage of the integrators moves both poles
— — — above 0 Hz.

The same circuit got applied to a square wave signal
which represents the switch nodgin a transient simu-
realize a complex pole pair, which would be required tolation. The output of the filter is replacing the controlled

AES 36™ INTERNATIONAL CONFERENCE, Dearborn, Michigan, US, 2009 June 2—4
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Fig. 9 Transfer function (magnitude and phase) of leakyFig. 11 Spectrum of the waveforms shown in figure 10:
integrators and inverter. red (above) without active filter and green (below) with

S EMI cancelation filter consisting of two leaky integrators
and an inverter.

1.0

0. db( V(GAIN2:0UT) )

100u!

S
a Krp‘fV(GAINZ:OU‘F)" Hz 30KHz 100KHz 300KHz 1.0MHz 3.0MHz
Frequency

10,

bec

. :QMHz 2.0MHz 3.0MHz 4.0MHz 5.0MHz 6.0MHz
Wiera vl

sourcéV, as shown in figure 5. The results are compared
with the same filter without active cancelation. For fair 3.2.2. Real Filters: Suppressing of the Audio
comparison, the coupling capacitor between the activeTaking the low frequencies of the transfer function as
filter and the output node of the amplifier was used asshown in figure 9 into deeper consideration, a resulting
addition to the output capacitor of the passive filter. dilemma is, that the active EMI cancelation would not
For qualitative relation of the improvement figure 11 only remove the ripple but the audio signal as well. This
is not only against the fundamental ambition of the am-
Fig. 10 The red waveform (high amplitude) representsp“ﬁel’ but would also result in a huge amplification of
the parabolic ripple waveform of a second order filter andthe signal through the linear cancelation circuit. A sup-
the green (lower amplitude) the same node, but with arPression of the audio signal in the EMI cancelation path
additional perfect second order integrating active filter. is therefore inevitable. The transfer functions of the two
Tov possibilities shown in figure 7 counteract this problem by
, y damping in the audio band as shown in figure 12. Both
\ / \ /

Fig. 12 Transfer functions of the extended bandpass filter

\ / \ (blue, dashed) and the extended second order lowpass
\ / filter (brown, dash-dotted) referred to the second order
integrator (green, solid) from figure 10.

i o

08 | 7 X
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L i " 7 \ 1 o . -
1.0V \ \; /. 7 E— Ry o
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shows the spectrum of those waveforms. An advance- ™
ment of over 30 dB can be constituted. Confronting this = |--mrmimimimeizizs
number with practical EMI problems, this is enough to N
get the emissions below the threshold levels of regula- g S v et
tions and to keep the "switch noise" below the detection — Fveanzostitwmoun ez 00 00 o som
level of communication receivers.
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filters show an extra phase shift of 36&hich is as good Fig. 14 Improvement of ripple size with designed AEC:
as a phase staying at’0 The bandpass filter requires a red (high amplitude signal) is ripple without AEC and
higher quality factor than the lowpass version to ensuregreen (low amplitude signal) with AEC in place.
suppression of the contents material as well as close fol- sy
lowing of the ideal solution.

Finally the transfer function of the Sallen-Key option is
shown in figure 13. Even it requires an additional in-
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Fig. 13 Transfer functions of the Sallen-Key filter from .
figure 8 plotted in dotted red with reference to the solu- !
tion from figure 10.
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Cout)- Thereby the capacitor was modeled by a 10 %
variance and the inductor by a 20 % and a 10 % scenario.
- Concluding the tolerance consideration it might be

S

OKHEvcanzouT i caa) )

30KHz

prom. I TT— Table 1 Influence of component tolerance

Inductor Capacitor Ripple
Value Value Improvement

verter, this solution is providing the best match in the
. . Lout Cout 155 dB

frequency range of interest to the second order integr
tor. Therefore it is chosen for realization 1.2 Lou 0.9- Cou 16.1dB
’ ' 08' Lout 11' Cout 89 dB
3.3. Implementation into Switch-mode Audio 1.1 Loyt 0.9-Cout 209 dB
Power Amplifier 0.9 Loyt 1.1-Cout 127 dB

The synthesized filter needs to be designed in a matter to
be capable to drive the output filter through the coupling
capacitoiCeoup. Therefore a small linear stage as in [9] desirable to choose both, inductor and capacitors, with
is used, which is the bandwidth limiting factor. Simula- 10 % tolerance.

tion of the complete circuit gives results as in figure 14.

The improvement in peak to peak ripple voltage with4. VERIFICATION OF THE DEVELOPED AC-
the Sallen-Key filter and the driver stage is3%B as TIVE EMI CANCELING SOLUTION
opposed to the same output filter without AEC. A switch-mode audio power amplifier as described in
As stated in section 2.1, the output filter components and10] was built and utilized to verify the described AEC
the coupling capacitor come with a substantial amounfilter. As for any amplifier its performance in terms of
of tolerance which changes the transfer function of thetotal harmonic distortion and noise is crucial. The proof
second order integrator. The purpose of the AEC filterof the amplifiers basic functionality is given by figure 15
is to approximate this transfer function given by 2.3 andand 16.
shown in figure 9 as close as possible. For a given and The Sallen-Key filter and the linear driver stage was
untrimmed AEC filter the expected improvement variesintegrated into a switch-mode audio power amplifier in
with the variation of the filter components. parallel to the second order passive output filter. Figure
Table 1 predicts the performance of AEC in dependencd.7 shows the output ripple voltage ripple without AEC
on the variation around their nominal valuds, and in direct comparison to the same signal, when the active
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Fig. 15 A-weighted total harmonic distortion and noise Fig. 17 Output voltage ripple without AEC.
(THD+N) as a function of output power: top (red) at
1 kHz, bottom (blue) at 65 kHz.

Audio Precision 12/10/08 17:32:35

=

i T O STOPPED

Fig. 16 A-weighted THD+N as a function of signal fre-
guency.

Audio Precision 12110/08 18:01:39

Fig. 18 Output voltage ripple with enabled AEC.

Ip

i _tegme O STOPPED

EMI cancelation is enabled in figure 18.

Of special notice is the change of the waveform: while
the ripple without cancelation looks quite sinusoidal,
AEC is limited by the linear amplifier and works best
at the fundamental. Therefore the harmonics of the rip-applied to the problem of electromagnetic interference
ple get damped less and the waveform appears less sinfEMI) of switch-mode audio power amplifiers resulting
soidal. in an active EMI cancelation (AEC) technology. The

The peak to peak ripple voltage got decreased fromanalytical requirements for this system got derived and
572 mV to 100 mV, which is an improvement of. 151B  topologies where chosen for best practical implementa-
following quite close the predictions from simulation in tion. Reducing the topology to practice an EMI improve-
section 3.3. Thereby the current consumption increasethent of 155 dB in terms of peak to peak ripple reduction

by 0.2 A from each rail. was predicted by simulation and the variances over pro-
duction tolerances taken into account. Implementation
5. CONCLUSION into a sub 0L % distortion amplifier was able to repro-

The basic idea of active noise cancelation (ANC) gotduce a 151 dB by experiment.
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ABSTRACT

Switch-mode audio power amplifiers are commonly used in sound reproduction. Their well known drawback is
the radiation of high frequent energy, which can disturb radio and TV receivers. The designer of switch-mode
audio equipment therefore needs to make arrangements to prevent this coupling which would otherwise result
in bad audio performance. A deep understanding of the pulse width modulated (PWM) signal is therefore
essential, which resulted in different mythic models as pulse, trapezoidal or Double Fourier Series (DFS)
representations in the past. This paper will clarify these theoretical approaches by comparing them with
reality from both the time and the frequency domain perspective. For validation a switch-mode audio power
amplifier was built, delivering the contents material with less than 0.06 % distortion across the audio band at
50 W. The switch-mode signals have been evaluated very precisely in time and spectral domain to enlighten
the assumptions about the PWM spectra and decrypt this myth.

1. INTRODUCTION terial of audio sources. The final load in this ap-

Pulse Width Modulation (PWM) is a wide spread
approach for efficient conversion of energy from a
source to the load of a given application. The field
of power electronics covers numerous applications
driving a switching element like a transistor into its
saturation region or completely close it. A very spe-
cial application is the reproduction of content ma-

plication - the human ear - is a high quality de-
manding sensor. It can cover a wide range of levels
(around 120 dB), detect even small perturbations
like 0.01 % distortion and cover a broad range of
different signal speeds (20 Hz to 20 kHz). Above
that frequency band, another engineering discipline
comes into play: electromagnetic compatibility. The
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purpose of this qualifying variety is to allow the re-
production of content material for technical listen-
ers, like radio receivers, TV receivers, radio commu-
nication and wireless steering and controlling appli-
cations.

In terms of switch-mode audio power amplifiers the
frequency ranges above the human ears sensibility
range becomes of interest, because it can disturb the
above mentioned applications and — when having a
closer look at radio receivers — the high frequent con-
tent can even disturb the reception of its own input
signal. Drilling deeper into the spectrum of switch-
mode audio power amplifiers, the myth about the
PWM signal is quite widespread: some assume the
PWM signal to be a rectangular signal, others treat
it as a trapezoid while further take modulation into
account.

An analytical way to describe the spectrum of the
PWM signal was derived by [1] based on the meth-
ods of [2] and got reused many times later as for
example in [3] for deriving the spectra of various re-
lated modulation techniques and phase shifting of
different PWM signals and in [4] and [5] to cover
multi-level converters in high power electronics and
their total harmonic distortion.

This paper will first recall assumptions which are
widely made in practical engineering about the
PWM spectra in theory. This will cover modeling
the PWM signal as a square wave, a trapezoid and
as rectangular modulated pulses. To show the rele-
vance for the practical problems of electromagnetic
interferences (EMI), a prototype of a switch-mode
audio power amplifier is demonstrated with a focus
on staying close to industry available products in-
stead of including the latest and greatest findings
coming out of academia. The functionality of this
prototype is proven in terms of qualifying audio pa-
rameters. Spectral measurements on this prototype
validate the theory and show its limitations.

2. ANALYTICAL APPROACH TO UNDER-
STANDING PWM SPECTRA

This section will build various commonly used mod-
eling approaches for PWM signals, starting with the
simple idea of a square wave then including the fi-
nite rise time of edges covered by a trapezoidal signal
model to end up in the most precise but least prac-
tical approach of a Double Fourier Series (DFS).

2.1. Square wave modeling

A common rule of thumb approach is to think about
a PWM signal as a square wave. This straight for-
ward approach is built on the fact that an ideal
PWM signal without modulation needs to have 50 %
duty cycle for avoiding a constant offset voltage
across the speaker terminals. Any variations of the
duty cycle would represent noise, which is undesired.
The analytical representation of such a square wave
Dsquare 18 covered by any introduction literature in
technical education, e.g. [6], and is expressed by a
Fourier Series as in equation 2.1.

Equation 2.1 Fourier Series expression for a square
wave signal.

o0

2H
psquare(t) = E e Sin(mwswt)
1 mm

Here m is representing the harmonic number, H
is the height of the pulses and the radian switch-
ing frequency is wg,,. The resulting spectrum for a
switching frequency of fo, = wsw/27 = 350 kHz
is shown in figure 1. Especially product develop-

Fig. 1 The spectrum of a rectangular waveform.
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ment engineers — which are faced with EMI mea-
surements — are familiar with square wave appearing
signals from applications like microcontrollers, pro-
cessors and high-speed communication busses. This
engineering discipline tends to model those wave-
forms as trapezoids and therefore appreciate the fi-
nite rise and fall times of the signals [7] and [8]. With
equal rise and fall time 7 the analytical expression
via Fourier Series is equation 2.2
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Equation 2.2 Fourier Series expression for a trape-
zoidal signal.

i 2H  sin(77 fow)
7T2’7'f5w m2

m=1

DPtrapeze (t) = Sin(mwswt)

With the rise and fall time of the edges set to a realis-
tic value (by experience a thousandth of the period
1/fsw) of 3.5 ns, figure 2 gives a numerical repre-
sentation of equation 2.2. Additions to this model-

Fig. 2 The spectrum of a rectangular waveform.
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ing principle include also ringing on the waveform
[7]. However none of those rule-of-thumb modeling
methods are capable of including the impact of the
audio signal on the resulting spectrum. Therefore
they are only valid for small-signal investigations
around the ideal idle point of a switch-mode audio
power amplifier.

To develop the fourier series result of a PWM signal,
it would not take more than an integration over the
pulses along one period of the audio signal, wherever
the signal is high and no contribution to the result
whenever the signal is low. It therefore only needs to
be known, whenever the signal crosses the midpoint.
Knowing these points it would be trivial to include
the finite edges as described above. These so called
decision points are in most of the switch-mode audio
power amplifiers an effect of a triangular signal cross-
ing a sinusoidal signal. The triangular signal can be
modeled as a piecewise linear function. The analyt-
ical derivation of the crossing points is according to
this principle the solution for x of equation 2.3 with
a, b and c¢ being coefficients to represent the correct

bias point, the slope of the triangular carrier and the
frequency of the content material.

Equation 2.3 Expression to derive decission points
from a carrier and reference.

a+b-xz=sin(c-x)

Unfortunately there is no analytical solution known
for this problem. However displaying both, the car-
rier and the reference signal over a separate time
axis each, the projection of the third dimension can
be used to represent a PWM signal according to the
DFS [1]. The result from this method includes dif-
ferent parts:

e a time invariant component (DC),

e the contents material (music signal),

e a modulation independent representation of the
switching frequency and its harmonics,

e the same frequencies, but modulation depen-
dent,

e left side band components to each of the switch-
ing frequency harmonics and

e right side bands thereto.

Each of those components has its discrete ampli-
tude and phase representation. Different modulation
principles show different symptoms. A double edge
modulated signal, for example, has no contribution
from the third component in the above list. The
different parts as listed above are given by equation
2.4.
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Equation 2.4 Double Fourier Series result for a
double edge modulated PWM signal (positive fre-
quencies only).

H M cos(waudiot)
i HJy(mMm)

pprs(t) =

sin(mwgy,t — mm)

m=1
co +£oo

mm
H.J,(mMr)
mzzl n=zil mm

. n
sin((Mmwsw + NWaudio)t — (M + 5)7‘()

The additional coefficients M and wgyd4io and n de-
scribe the modulation index, the frequency of the
content material and the number of the side band
peak with reference to the harmonic it is attached
to. The function J is the magnitude of the Bessel
function of the first kind. To derive this equation
some of the equations of [9], [10] and [11] are re-
quired.

These enable a fast and very accurate prediction of
the spectrum of a PWM signal which is shown in
figure 3.

As the left side bands may fall into the audio band,

Fig. 3 The spectrum of a double side PWM signal
at M = 20 % modulation depth
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provisions have been taken to eliminate those in [12].
Compared to the above descriptions with rectangu-
lar and trapezoidal signals as modeled for the PWM
signal, the DFS enables a more detailed spectral
evaluation. Figure 4 shows the 44tth harmonic of
the switching frequency and its relevant side bands.

Fig. 4 An arbitrarily chosen harmonic of the switch-
ing frequency and its side bands.
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3. EXPERIMENTAL BASIS

To verify the described theoretical explanation of
the spectrum, a prototype of a double edge modu-
lated switch-mode audio power amplifier was built.
The block diagram in figure 5 shows the input, a
summing point for the feedback, followed by a dou-
ble edge modulator which is supplied by a triangular
waveform from an crystal oscillator. The modulator
output is getting level shifted before the half bridge
is driving the speaker through a second order LC low
pass filter. Figure 6 is a photograph of the realized

Fig. 5 Block diagram of the switch-mode audio
power amplifier

I

I FMFFU R

prototype. The achieved audio performance of the
prototype is shown in figures 7 and 8. The ampli-
fiers distortion peaks at 0.06 % delivering a 50 W,
6.665 kHz signal to the load. A signal to noise ratio
of 120 dB is provided by this amplifier.

4. SPECTRAL ACHIEVEMENTS FROM EX-
PERIMENT

The described amplifier was used to evaluate the
spectrum of the PWM signal in practice. Opposed
to the assumptions of rectangular signals, as made
in the theoretical approaches described in section 2,
the PWM signal contains an overshoot after each

AES 126 Convention, Munich, Germany, 2008 May 7-10
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Fig. 6 Picture of prototype. Fig. 8 A-weighted THD+N across the audio band

Fig. 7 A-weighted Total Harmonic Destortion and
Noise (THD-N) of the prototype amplifier as a func-
tion of output power. The top curve shows the pre-
formance at 6.665 kHz audio signal, the lower curve
for 1 kHz.

Audio Precision 11/26/08 14:29:19

decision point from low to high and an undershoot
respectively for negative going transitions. This sup-
ply voltage exceeding event is followed by a short
swinging. For a positive and a negative transition
the described phenomena are shown in figures 9 and
10 respectively. Another assumption for analytical
evaluation is infinite rise and fall times. In the ex-
perimental amplifier they have been 3 ns and 4 ns
respectively. The spectral occurrence of the switch
node (PWM signal of the power stage) in the ampli-
fier was measured with an EMI Test Receiver Rhode
& Schwarz ESI7. A first quick screening of the band

at 50 W output power level.

Audio Precision

11126108 14:46:54.

Ap

Fig. 9 Overshoot after a rising transition point cap-
tured by a 1 GHz oscilloscope LeCroy 6100A.

of interest was done according to the settings as leg-
islative requirements demand. Therefore the reso-
lution bandwidth RBW was set to 9 kHz and the
impact of modulation to the switch nodes spectrum
was measured. Figure 13 illustrates the measure-
ment results for three different modulation indices.
There is actually no notable difference dependent
on the modulation depth. The effect of the rise and
fall time on the spectrum can be recognized around
200 MHz. The spectrum begins to drop off there
rapidly but rising again later.

This setting is only detecting the envelop of the spec-
trum. To capture the modulation dependent side-
bands of a 1 kHz sine wave at a modulation index
of M = 0.2, the RBW was set to 200 Hz. Each
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Fig. 10 Overshoot after a falling transition point.

Fig. 11 Limited rise time of the PWM signal: ¢, ~
3 ns

80 Hz the receiver captured a data point over a time
period of tgp = 2 ms. This setting allows to de-
tect any signal resulting from modulation and from
the audio. The setting is therefore also quite close
to reality of radio receivers, which stay at a specific
frequency also for multiple periods of the contents
material. These devices also divide between small
spectral distances away from their center frequency,
because this is actually the contents material.

Measuring with such a precision, it is not possible
to display the results on the analyzers screen, be-
cause it has less resolution as the number of data
points. Therefore the measured data was extracted
from the instrument and displayed via Matlab. An-
other restriction of the measurement equipment is

Fig. 12 Limited fall time ¢y ~ 4 ns differs from the
rise time.

e @)

Fig. 13 Spectrum of the switch node measured with
RBW = 9 kHz and a measurement time at each
point of tgep = 100 ms from 150 kHz to 500 MHz.

Det MA Tza
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Data: 17.0CT.2008 13:17:38

the amount of measurement memory. To overcome
those limitations, the EMI test receiver has been au-
tomated via GPIB and performed the measurements
under remote control. Notice that the pure measure-
ment time - excluding the instruments time to settle
between shifting its input window and settling times
of settings - are close to two hours. In total the cap-
turing took more than 24 hours. All captured data
points are displayed in figure 14 as allowed by the
limitations of the computer display and the inter-
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pretation of Matlab how to display nearly 4 million
data points on a 1900 dot wide display.
To get a more precise picture of the PWM signal

Fig. 14 Precisely measured spectrum of the PWM
signal with display limitations in a frequency range
from 150 kHz to 300 MHz.
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the arbitrary chosen 44th harmonic of the switching
frequency and its side bands is shown in figure 15.

Fig. 15 Zoom into measured spectrum at the 44th
harmonic of the switching frequency.
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5. COMPARISON OF THEORY AND PRAC-
TICE

As in many engineering disciplines it is quite use-
ful for developers to have practical models of sys-
tem behavior in mind, however the area of validity
must be remembered all the time. Simple models

to understand the PWM signal have been shown in
this paper. Their complexity was increasing from a
simple rectangular signal through a trapezoidal sig-
nal ending up with a rectangular representation of
the PWM behavior via DFS. The trapezoidal signal
exceeds the validity beyond a pulse model by taking
the finite rise and fall times of the edges into account
resulting in a high frequency roll-off of the magni-
tude spectrum. The DFS on the other hand allows
a deeper understanding of the modulation process
in the spectral domain. This modeling approach is
adding even order harmonics of the switching fre-
quency as well as side bands to each of the harmon-
ics.

The built and measured prototype’s purpose was
meant to test the validity of these mythic models.
After validating the functionality of the amplifier by
relevant audio measurements a closer look at the sig-
nals in time domain was undertaken. The transition
times (switching events) where found to vary greatly
from the assumptions of the models. The signal
shows over- and underswing following the switch-
ing events and the rise and fall times were differ-
ent. Setting the EMI test receiver to parameters
as demanded by legal requirements shows a good
correlation to the models up to the inverse of rise
and fall times. Beyond that frequency, the spec-
trum starts to rise again completely uncorrelated to
expectations. More precise measurement methods,
which are following the actual behavior of radio and
TV receivers, reveal a good correlation between the
trapezoidal model for the envelope of the spectrum,
but a closer consistence to the DFS model when con-
sidering the single spectral measurement points.
The final enlightening of the myth of PWM spec-
tra is, that dependent on how and which frequency
range of the PWM signal is measured one or another
model is more adequate. For looking at a very broad
spectral range, but only the envelop of the magni-
tude spectrum, the trapezoidal model is best accom-
modating for the expected spectrum. This is the rec-
ommended method for a broad normative EMI test.
In case a precise understanding within a very narrow
frequency range is demanded, the DFS approach fits
best. This would be the case if a theoretical predic-
tion of spectrum around specific transmission bands
(e.g. the frequency modulated radio (FM radio)) is
in question. Assuming the PWM signal to be a rect-
angular signal shows enough precision for the lower
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frequency bands and no modulation applied to the [11]
amplifier. This would be the case when trying to
get an estimation of the worst case spectrum in the

amplitude modulated radio (AM radio) bands. 12]
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ABSTRACT

While switch-mode audio power amplifiers allow compact implementations and high output power levels
due to their high power efficiency, they are very well known for creating electromagnetic interference (EMI)
with other electronic equipment. To lower the EMI of switch-mode (class D) audio power amplifiers while
keeping the performance measures to excellent levels is therefore of high interest. In this paper a class D
audio amplifier utilising Multi Carrier Modulation (MCM) will be analysed, and a prototype Master-Slave
Multi Carrier Modulated (MS MCM) amplifier has been constructed and measured for performance and out
of band spectral amplitudes. The basic principle in MCM is to use programmable logic to combine two or
more Pulse Width Modulated (PWM) audio signals at different switching frequencies. In this way the out
of band spectrum will be lowered compared with conventional class D amplifiers. Analytically expressions,
simulations and measurements result in reduced switching frequency amplitudes using MCM techniques. It
is also shown that the Total Harmonic Distortion (THD) tends to be compromised compared to conventional
class D amplifiers due to intermodulation products of the switching frequencies entering the audio band.
Still, the MS MCM topology with two carrier signals shows a 6 dB reduction of the switching frequency
amplitudes as well as THD across the audio band below 1% at 55 W output power open loop.

1. INTRODUCTION distortion. Also a DC offset is present due to the uneven
While switch-mode audio power amplifiers allow com- distributions of 1's and 0’s in the AND and OR truth
pact implementations and high output power levels dudables. XOR and XAND have not been found suitable
to their high power efficiency, they are very well known for combining PWM signals. Instead a so-called Mas-
for creating electromagnetic interference (EMI) with ter Slave MCM (MS MCM) has been proposed, which
other electronic equipment. To lower the EMI of switch- utilises a derivative of one of the triangle carrier sig-
mode audio power amplifiers while keeping the perfor-nals as a master clock. It has been shown that the MS
mance measures to excellent levels is therefore of highMCM architecture has increased Total Harmonic Distor-
interest. tion (THD) compared to a conventional class D ampli-

. or i . . .

Multi Carrier Modulation (MCM) is introduced in [1],[2] 16" A THD 0f 0.1% is possible without load and with a
. \ . . PI compensator in the feedback loop.

as a new audio modulation technique to effectively re-

duce the out of band spectral components present if, this paper an altered MS MCM architecture is used,
switch-mode (Class D) audio power amplifiers. Ingee figure 1, where the master clock is independent of

MCM, multiple carrier signals at different frequencies cayrier frequencies and thus introduces a third switching
are compared to the audio signal to produce multiplefrequency in the system.

Pulse Width Modulated (PWM) signals. The multiple

PWM signals are combined to a single altered PWM sig-The logic part in prior MCM prototypes have been de-
nal by digital logic operators. [1],[2] reports that simply signed using discrete components, [1],[2]. However, in
combining two PWM signals with an AND-gate (AND- the prototype in this paper, the logic is programmed into
ing) or OR-gate (ORing) indeed reduces the spectral ama Complex Programmable Logic Device (CPLD). The
plitudes of the switching frequencies, but they introducebenefit of using a CPLD is that different MCM meth-
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Fig. 1 Master Slave MCM block diagram. term (A) is the audio signal with a possible DC offget
audio = The term (B) is the switching frequency and its harmon-
‘ ics while the last term (C) represents the side lobes on
2:

CaT g1

both sides of the switching frequency and its harmonics.
Similar expressions for single sided and three level PWM
L] exists, see [4], [5], [6].

P Dj By choosingk = 0.5 andH = 0.5, the PWM signal
ranges from 0O to 1, and the logic operators used in AND-
ing, ORing, and MS MCM can be expressed as shown in
ods can be used on the same prototype board simply bigble 1.

re-programming the CPLD. Frequency dividers and mas .
ter clocks can be implemented internally. The use of aTabIel Logic operators used for MCM.

Prsaon

Carsw2

CPLD also makes it easy to experiment and test new anb Logic operator  Symbol Expression \
more complex MCM architectures for future research. AND_ing PanD PaviPanz

Section 2 analyses the logical operators AND, OR and _ ORINg Por Pout + Powz — Powa Powz
MS MCM of two PWM signals from an analytical point MS MCM Pusvicm  PanpPins + Por(1 — Prns)

of view. The expressions are verified with MATLAB
SIMULINK simulations in section 3. The design im-
plemented in the MCM prototype is described in sectionwherePs,; andPs,, are PWM signals with switching fre-
4 and measurement results on spectral amplitudes amglienciesfsy1 and fsy respectively, anys is the master
Total Harmonic Distortion (THD) [3] are shown in sec- clock signal with frequencyys.

tion 5. A new setup using Multiple Master Slave Multi
Carrier Modulation (MMS MCM) blocks is presented in

The master clock signal is a square wave and can be ex-

. ressed as
section 6. P
2. MULTI CARRIER MODULATION CALCULA- Pins = leiam_ 1 SN((2M— 1)) @)
TIONS -

In this section analytically expressions for the AND The significant logic operator is the AND operator since
logic operator of two PWM signals will be presented. it is used in both the OR and MS MCM operators. The
These investigations are made in order to explain the beexpression foPanp can be interpreted as the product:
haviour of MCM. (k4+A1+B1+Cq)(k+A2+B2+Cp) and a full expres-
sion is given in appendix A.

Table 2 lists some interesting aspects offag expres-
sion. Note that all amplitudes are independent of the
Povn —k ) switching frequencies. The amplitude expressions for
N the switching and intermodulation frequencies utilises
+MH cogy) (A} the trigonometric identity
Jo(mnM/2)

+2H él w2 sin(mrt/2) codmx) (B)

2 Jy(mmM/2)
+2H m—1n—§1 mrt/2 ’ Similar expressions are derived fasr. Por has a nor-
T malised DC offset of 25, that is,+25% compared to
convetional PWM. Apart from that, all frequency com-
wherey = wat andx = wy,t is the audio and switching ponent amplitudes iRor are equal tdap, simply be-
frequency in radians, respectivetyis the time,Jy(a) is causek = 0.5.
the n'th order Bessel function of argument M is the  The DC offset and second harmonic component of the
modulating index, andH is the signal amplitude. The audio signal present in both ANDing and ORing MCM

A natural sampled, two level, double sided PWM audio
signal,Poywm, can be expressed using [4] as

coga)cogb) = % [coga+b)+coga—h)] (2)

sin(mr/2+ nrr/2) cog Mx + ny) (9]
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Table 2 Amplitude expressions for specific frequency componen®ifp. Expressions are evaluated fore= 0.5,
H = 0.5, andM = 0.75 and normalised with respectkh

Component Appendix Amplitude expression Normalised Comment
reference value
DC offset (kk), k2+%(HM)2 0.75 Last term found using
(A1A2) cog(x) = 3(1+cog2x)).
DC offset is -25% of the audic
amplitude.
Audio (k(A1+A2)) 2kHM 1 Audio amplitude is unaffected.
Audio second| (A1A2) 3(HM)? —17.0dB | THD is roughly given by the
harmonic amplitude of the second har-
monic component.
Switching (k(B1+B2)) 2kH JO(Z'}"Z 2) sin(1/2) —7.2dB The amplitudes of the switching
frequency frequencies are reduced a fac-
tor 2 with respect to ordinary
PWM.
First (B1B2), [H%sin(n/zﬂ%r —136dB | First intermodulation compor
intermodulation | (C1C2) B(M/2) 2 nent| fsy1 — fawe| should not en-
Z{HTSW‘@’T/Z)} ter the audio band to prevent
distortion.

makes direct use of both modulation types not optimalmodulation products are out of the audio band. For MS
for audio applications. MCM, two master clock frequencies have been used in

The full analytical expression for MS MCM, which is the calculations.

Boct inf(f:luded in the pdaﬁer, Sh‘?WS that MS MC;:Mhhas S,UTabIe 3 Calculated reduction in MCM switching fre-

)~ 0 set nor second harmonic c_omppnento the audiq uency amplitudes with respect to the switching fre-
signal. These components are shifted in frequency due t uency amplitude oPby

the multiplication of the master clock sigrajls. Instead :

MS MCM has more intermodulation products and extra’ fsw [kHZ] ‘ 250 ‘ 625 ‘ 431 ‘ 192 ‘
care has to be taken to avoid intermodulation products ANDing [dB] —-57 | -5.6 - -
in the audio band and at the resonance top of the outpytORing [dB] —-6.2 | -538 - -
filter. MS MCM [dB] -6.0 | -53 | -57 -

MS MCM [dB —-6.0 | -5.7 - -5.2
Frequency spectra for all described MCM methods ar [0B]

shown in figure 2 and are evaluated ko 0.5,H = 0.5,
M = 0.75, sy = 211-250 kHz, s = 211-625 kHz,
and wms = 21T-431 kHz. The scaling is chosen to match 3. MCM SIMULATIONS

measurement results later in the paper. The spectrainfig-i-O verify the previous calculations and expressions a

ure 2 have been numerically evaluated using the eXPresyATLAB SIMULINK model has been setup. The model
S'.OES n ta_blz L Wh?@s”l an_dPW have (tj)een evaluated g oonstructed from the schematic shown in figure 1. Us-
with sum indexes in equations (B) and (C) up to 100'ing the same switching and clock frequencies, the simu-

Tabk_a 3 cpnc_ludes this section t_)y showing the r(_adlm]ated spectra for all MCM methods are shown in figure 2.
tion in switching frequency amplitude of all described

MCM methods with respect to the switching frequency There is good agreement between calculated and simu-
amplitude offpwm. The switching frequencies have been lated results. The simulated reduction in frequency am-
chosen arbitrarily while still assuring that the first inter plitude, see table 4, are also in good agreement with the
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Fig. 2 Calculated and simulated output spectrafaim, Panp, Por, andPyvsvcum-

(a) CalculatedPpyv spectrum. (b) SimulatedPryy spectrum.
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Table 4 Simulated reduction in MCM switching fre- Fig. 3 Prototype circuit board with CPLD.
guency amplitudes with respect to the switching fre- = -

guency amplitude ofbwm. : P o
[ou [KHZ] [ 250 | 625 | 431 | 192 | :, N -
ANDiNg [dB] 60| 59| - — ‘ ‘
ORing [dB] —-6.0 | —-6.1 - -
MS MCM [dB] -6.1 | -57 | —-6.1 -
MSMCM[dB] | -60 | 60 | - | -57

previous calculations. The model verifies the analytical
expressions from the previous section.

4. MCM AMPLIFIER DESIGN

An MCM prototype amplifier, see figure 3, has been
constructed. The prototype has been designed from the ==
principle block diagram shown in figure 4. It utilises four [
PWM signals, where each can be set to a specific switch-
ing frequency. Each PWM signal is generated as follows:
The CPLD is clocked by an external 25 MHz crystal. In-
ternal counters in the CPLD divides the 25 MHz to lower Fig. 4 Overview schematic showing how the CPLD is
frequencies useful in switch-mode audio applications;Utilised on the prototype board.
the frequencies available are given %ﬁ/MHz, wheren CPLD

is an integer. Four integrators then converts the clock sig- \ I [ MS-MCM

nals to triangle carriers, which, when compared to audio, . \' -
produces PWM audio signals at different frequencies. ] I|—~ B \ E[U>>
HA

[ 11

The PWM audio signals are sent back to the CPLD where
the MCM logic operations are performed. With this con- _.
figuration it is possible to experiment and test different
signals by programming the CPLD with a new source
code written in Very high speed integrated circuits Hard-
ware Description Language (VHDL). The CPLD used
in this prototype is a Lattice ispMACH 4000V with 64
macrocells.

5. MEASUREMENT RESULTS
The prototype board is used to measure THD perfor-am — 217-625 kHz, andwis = 27T- 431 kHz. It should

mance and switching frequency amplitudes. The specpe noted that the audio amplitude is lower than expected
trum measurements are performed open loop in ordegompared to the switching frequency amplitude. This
to compare the measured results with the expected valg gye to a high pass filter in the measuring equipment;
ues from the calculations and simulations. The meagequencies over 100 kHz are reasonable accurate and

surements are performed directly on the output of the;omparable. However, the reduced audio amplitude is
CPLD. This means that effects like limited edges, OVer-consistent, so it is possible to compare the resullts.

shoot, and undershoot from the power stage and output

filter are avoided. The measurements are made with @he measured switching frequencies amplitudes are
Rohde&Schwarz EMI test receiver ESI7. In figures 5normalised with respect to the PWM signal, as seen in

and 6, the spectrum of ordinary PWM, ANDing, ORing, table 5. These normalised frequencies can be compared
and MS MCM can be seen withy,; = 2m7-250 kHz, with the results from the simulations, see table 4,
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Fig. 5 Measured output spectra fBswm (a), Panp (b)

(a) Measuredwm spectrum.
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Fig. 6 Measured output spectra fBsr (a), andRysucwm (b).
(a) MeasuredPor spectrum.
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(b) Measureddvigvcm spectrum.
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Fig. 7 Measured open loop THD from prototype MCM amplifier. The loweaph (red) is with a normal PWM signal
output while the upper graph (green) is with a MCM signal oititp

(a) Measured THD at different master clock frequencies. (b) Measured THD versus frequency at 55 W output power.
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and actually the measured reduction of the switchingTable 5 Measured reduction in MCM switching fre-

frequency amplitudes is better as predicted. quency amplitudes with respect to the switching fre-
quency amplitude OBy -

5.1. THD in MCM prototype |_fow [KHZ] | 250 | 625 | 431 | 192 |

As stated in the introduction, the MS MCM amplifier | ANDing [dB] —-6.6 | —9.1 — —

introduces extra THD. This is mostly because of inter- ORing [dB] —-74 | -94 - -

modulation components between the different switching MS MCM [dB] —-70 | -9.2 | —-6.3 -

frequencies entering the audio band. Therefore THD MS MCM [dB] —-6.9 | -9.2 - -6.9

measurements as a function of master clock frequency
are performed. The THD is measured at 1 kHz audio
input with 0.2 modulation index. The measurements are
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made including the power stage and output filter, but7. CONCLUSION
still open loop. As a reference, THD of a normal PWM When using Multi Carrier Modulation (MCM) in
signal was measured to 0.15% THD. The THD versusswitch-mode audio power amplifiers, it is possible to
master clock frequency, see figure 7a, is highly affectedower the switching frequency amplitudes compared
by the choice of master clock frequency. The widewith conventional switch-mode audio power amplifiers.
variation in THD is due to intermodulation products Analytical expressions for the logic operators used in
entering the audio band. MCM are derived and evaluations show a 6 dB reduction
Figures 7b, 7c, and 7d show the measured THD verin switching frequency amplitudes. Measurements on a
sus frequency and power, respectively, with MCM Master-Slave Multi Carrier Modulation (MS MCM) pro-
frequencieswsy = 21T- 250 kHz, wsy2 = 211-500 kHz,  totype board indeed show reduced switching frequency
and wys = 211-125 kHz. The THD measurements are amplitudes, and THD across the audio band is below 1%
performed open loop to ensure that the feedback doeat 55 W output power open loop. THD of the MS MCM
not compensate differently on PWM and MCM, thereby amplifier is highly affected by the frequency of the mas-
making direct comparisons doubtful. ter clock, so it is important to choose this frequency with
great care. The MS MCM topology could be a good
choice in applications where strict EMI demands apply.

6. FUTURE WORK - MULTIPLE MS MCM
As future work it could be interesting to investigate an8. REFERENCES

extended Multiple M_asterSIa_ve Multi Carrier Modulgted [1] A. Knott, G. Pfaffinger, and M.A.E. Andersen. A
(MMS MCM). It utilises multiple MS MCM blocks in

a tree-like structure see figure 8. MMS MCM can be
setup on the prototype by utilising all four available car-
rier signals at four different switching frequencies. Two
MS MCM blocks with two different master clocks are
used to generate two output signals. A third MS MCM [2] A. Knott, G. Pfaffinger, and M.A.E. Andersen. Multi
(without the two comparators) has the two outputs as in-  Carrier Modulator for Switch-Mode Audio Power
puts and another master clock is inserted, thus producing Amplifiers.

a single output MCM PWM signal consisting of up to 7 . . ) )

different switching frequencies. In principle, the proce- [3] Audio Englnggrlng S,OC'ety, Inc.. AES standard
dure can be repeated with even more MS MCM blocks. ~ Method for digital audio engineering - Measurement
However, to effectively control and monitor the inter- O digital audio equipment. Standard AES17, AES
modulation products of that many frequencies becomes Standards, March 1998.

a difficult task, and the ability to avoid intermodulation [4]
in the audio band is uncertain.

MMS MCM is subject for further research in the future.

novel modulation topology for power converters uti-
lizing multiple carrier signals. IhEEE Power Elec-
tronics Specialists Conference, 2008. PESC 2008,
pages 1618-1624, 2008.

K. Nielsen. Audio power amplifier techniques with
energy efficient power conversionTechnical Uni-
versity of Denmark, Ph. D. Thesis April, 1998.

Fig. 8 Multiple Master Slave Multi Carrier Modulation [©] W. R. Bennett. New results in the Calculation of
block diagram. Modulation ProductsBell Systems Technical Jour-

nal, (12), 1933.

audio
cargy || MS & ] [6] Harold S. Black.Modulation Theory. van Nostrand
Carsun Reinhard Company, 1953.
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ABSTRACT

Class D audio amplifiers have gained significant influence in sound reproduction due to their high effi-
ciency. However the switching nature of these amplifiers causes high frequent disturbance also known as
electromagnetic interference (EMI). Knowledge of such couplings between class D audio amplifiers and their
surroundings are of great importance with respect to audio performance, government regulations among
others. A commonly used control method known as self-oscillation possess new challenges, when considering
the EMI of the class D audio amplifier. These properties arise because the carrier is no longer kept at a
fixed frequency. The effects of a none fixed carrier cause a falling switching frequency as the modulation
index is increased. Most research on this subject uses however small signal models, and do not investigate
the switching frequency dependency on the reference frequency. This is very unfortunate as small signal
models do not necessarily represents the dynamics of class D audio amplifiers very well. Furthermore is
investigation of the switching frequency dependency on the reference frequency lacking. It is thus the wish
of this paper to give a deeper understanding of the switching frequency dependency on modulation index
and reference frequency. The mathematical difficulties of obtaining a large signal model of a class D audio
amplifier are outlined, and simulations together with prototyping on a 50 W amplifier providing an Total
Harmonic Distortion (THD) of 0.1 % are used to map variations in the switching frequency. Spectrums have
been measured with high accuracy, and very good compliance with simulation results are observed.

1. INTRODUCTION the reproduction of content material for technical listen-

Pulse Width Modulation (PWM) is a very well known ers, like radio receivers, TV receivers, radio communi-

and wide spread method of converting energy from acation and wireless steering and controlling applications

source to a load. In terms of switch-mode audio power amplifiers the fre-
guency ranges above the human ears sensibility range be-

The field of power electronics covers numerous applicatomes of interest, because it can disturb the above men-
tions driving a switching element like a transistor into tioned applications and —when having acloser look at ra-
its saturation region or completely close it. A very Spe_dio receivers — the high frequent content can even disturb
cial application is the reproduction of content materialthe reception of its own input signal.
of audio sources. The final load in this application -

& PRIORART

the human ear - is a high quality demanding sensor. is believed th blicati . hich d i
can cover a wide range of levels (around 120 dB), detec tis believed that one publication e>§|ts, which describes
e One of the most common equations used to describe

even small perturbations like 0.01 distortion and coverth itching f d q dulation i
a broad range of different signal speeds (20 Hz to 2ghe _SW'tC Ing frequency dependency on modulation in-
kHz). Above that frequency band, another engineerin XIS

discipline comes into play: electromagnetic compatibil- fo (M) — Vs 1—M?2 1

ity. The purpose of this qualifying variety is to allow w(M) = 4 Tint Viys @)
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where Vs power supply,M = V\%, Vhys (modulation
index), Vhys hight of hysteresis windows and inte-
gration time constant. The equation can among others

be found in [1], [2] and [4]. It is evident from (1), that

the switching frequency falls for increasing modulation

index, cursing a degraded carrier and thus reduce th 1 L ‘ ‘ ‘ ‘ —Q
overall amplifier performance. This is the reason why |  ~ 7=~ - --(2)
the modulation index is normally limited to 0.8 in slide 0.8-
mode control class D amplifiers.

o
(o))
T
’

(1) can be extended to include the loop propagation de
lay, ty. An example of this is found in [1] yielding

o
>
.

_ M2
faw(M) = Ys 1 I M (2)
4 TintVhys + 5tdVs(1+ M2)

Normalized frequency

©

[N
‘
P

Mikkel Hgyerby has also derived an expression in- ‘ ‘ ‘
cluding the loop propagation delay, but using the duty 0o 0.2 0.4 0.6 0.8 1
cycle D instead of the modulation index. This is found Modulation index

in [3], and also shows that the switching frequency

travels towards as the duty cycle is increase e.g. as the

modulation index is increased.

Fig. 1: Normalized switching frequency.

For comparison is (1) and (2) is plotted using an
idle switching frequency of 300 kHzr; = 55.56s,

Vhys = 4501V, tg = 100ns and Kgp = 3. Note that
these parameters matches with the ones of the developed
prototype as presented later on in this paper

From Figure 2 on page 2 is it seen that an loop prop-
agation delay lowers the switching frequency at low

modulation indexes. Further more is the general assump-
tion stressed ones more, that the switching frequency
falls for increasing modulation index.

- | Vcomp

1
. . VRef @ 9
The main drawback of (1) and (2) is that they relay on
small signal models linearized around the modulation -
index. Such models are thus not true AC-models, and
provided an poor basis for investigating audio amplifiers.
In the following section will illuminate the problems of

deriving a true AC-model of class D audio amplifiers.

R R
R4 2$ H
T ™

Fig. 2: Astable Integrating Modulator (AIM) audio
amplifier without output filter.

3. AC-MODEL

1see for instance Table 1 on page 6.

AES 37™ INTERNATIONAL CONFERENCE, Hillerad, Denmark, 2009 August 28—-30
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One of the most basic class D audio amplifiers is theln (4) isk a constant with unit voltage, whikeandb are
Astable Integrating Modulator (AIM) topology, which real numbers.
is patented in [6]. An realization of the AIM amplifier

are presented in Figure 3 on page 2, where the output ] ] ) ] ]
filter has been omitted. Notice that the comparator cart#) Mightlook like a fairly simple equation. Itis however

be modeled to include the power stage if necessar)}.he authors believe, that no general solution exists to this
However in order to investigate the switching nature of€duation. This stresses the complex nature of obtaining

the AIM amplifier can feedback from the comparator @ AC-model of a slide mode controlled class D audio
easily be assumed. amplifier. Because of this will the attention now be turn

to results obtained through simulations.

4. SIMULINK SIMULATIONS

R1 Rz
AYAvAY, AAvAY, Simulations have been preformed using the Simulink
L model of Figure 4 on page 4. Further more has an FFT-
VRef C VComp

function been written in Matlab allowing for instigation

of switching frequency variations. Figure 4 on page 4
contains the comparator in which the propagation time
delay is included, an output filter, a P regulator using
feedback taking before the output filter and an integrator

in the forward path securing slide mode control.
Fig. 3: Proposed AC-model.

An AC-model of the AIM amplifier is obtained by re- 4-1. Spectrum simulations _ _
placing the comparator with a voltage source generating "€ Switching node output spectrum obtained by simula-
pulses according to the PWM methodology. The modefion are shown in Figure 5.1 on page 7. Starting out with
can be seen in Figure 3 on page 3. Notice tRgi N relatively small modulation index of 0.1 as shown in
andRy; can be omitted for now as these just determined19ure 5(a) on page 4, can the switching frequency and
the hight of the hysteresis window. The AIM amplifier 1t harmonics clear be identified. At modulation index
will switch each time the voltage across the capacitor be292 IS the switching frequency identified to be 293 kHz,
comes equal to the hight of the hysteresis windoWhis which is an reduction of 7 kHz comparing with the idle

thus yields the equation switching frequency of 300 kHz. Increasing the modula-
L 1 tion index to 0.3 causes an drop in switching frequency
_ of 18 kHz. One could argue, that these observed fall in

Vi (8) = g7 Vin( + regrrveom(®) - ()

switching frequency are relatively small (6 % drop at M
=0.3). However increasing the modulation index to 0.6

[5] as seen on Figure 5(c) on page 4 clear one of the main
Converting (3) to the time domain requires two well- problems by using sliding mode control.
known operations. These are the responses of a sine
wave and a step function to a first order filter. The re- oo
. . . . 4.2. Switching frequency

sponse of a step is an exponential function, while the re-Using Figure 4 on page 4 has a surface plot been pro-
sponse of a sine wave will be a sine wave. The later as- . - . o

. . duced, which maps variations in switching frequency as
sumes that the frequency of the sine wave is well belovx%
the cut off frequency of the first order filter. Grouping

constants one thus obtain an expression of the form

unction of modulation index and reference frequency.
The plot can be seen in Figure 4.2 on page 5. Note that
the plot only considers reference frequencies between 14
One thus obtain kHz and 20 kHz, while the modulation index is limited
: to the interval 0.1-0.5. In the script determining the
k= sin(at) + e ) switching frequency is the tracking done by identifying
2For this derivation will the loop propagation delay be ogntt the highest peak in the spectrum above the reference

AES 37™ INTERNATIONAL CONFERENCE, Hillerad, Denmark, 2009 August 28—-30
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To Workspacel

To Workspace4
v_Carrier

Hyst window v_PSOV
To Workspace5

Vbridge limit

Signal

HF LPF for
Generator

Integrator
convergence2

1
. ’ C_outL_Out.s 3L_Out/R_Load.s+1
Integrator To Workspace3
Delay  convergencel

Transport  HF LPF for
Comparator gain -
time cosntant s g Output filter

with load

K_Fb ‘4

Feedback

Fig. 4: Simulink simulation model.

100 100

Wosol [4BRV]
Wosol [4BHV]
Wosol [4BV]

1 1.5 0.5 1 1.5 0 0.5 1 1.5 2
Frequency [Hz] x 10° Frequency [Hz] x 10° Frequency [Hz] % 10°
(a) Modulation index = 0.1 (b) Modulation index = 0.3 (c) Modulation index = 0.6

Fig. 5: Simulated spectrums using different modulation indexel.masurements are performed with an 10 kH
reference signal.
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frequency.

1.8

0.4

1.4
Modulation index Frequency [Hz]

Fig. 6;: Surface plot of normalized switching fre-
qguency.

An clear and important conclusion of Figure 4.2 on page
5 is that the switching frequency is independent of the
reference frequency. This comply very well with the

prior arts at presented in Section 2.

5. VERIFICATION BY PROTOTYPING

Experimental measurements are performed on a 50 V
self-oscillating class D audio amplifier with an rated
Total Harmonic Distortion of 0.1 %. The prototype can
be seen in Figure 5 on page 5, while Table 1 on page |
collects the key parameters of the prototype. Note tha- -
all measurements are performed with an load d@ 4
THD over power are presented in Figure 5 on page 5
and it is the authors believe that reasonable performanc

are obtained.

5.1. Spectrum measurements

Spectrum measurements have been divided into 2
two main parts. The first part considers the switching

1.6 X 104

Fig. 7: Developed prototype.

05/22/09 13:42:12

frequency dependency on modulation index, whileFig. 8: THD vs power (blue 1 kHz and red
the second part treats the influence of the reference.65kHz).

frequency. All spectrum measurements are performed

with a Rohde & Schwarz EMI Test Receiver.
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Switching frequency variations in self-oscillating class D amplifiers

Switching frequency (idle

Supply

THD | Gain

300 kHz

+30V

0.1%| 8

Table 1: Key parameters of prototype.

Figure 5.1 on page 7 shows the switching node outpubf the same magnitudes. At high modulation indexes
spectrum of modulation index 0.1, 0,3 and 0.6. Rememis the switching frequency no longer clearly defined
bering that the idle switching frequency is 300 kHz oneand only spectral distribution of peaks are observed. In
observe a drop in switching frequency of 2.6 kHz atorder to improve EMI design would it be desirable to
modulation index 0.1. As expected does the reductiorhave a model of self oscillating class D audio amplifiers
in switching frequency continue yielding a drop of 18.4 spectrum. However as shown in this paper are such
kHz at modulation index 0.3. Finally is the carrier such models not easily obtained.

degraded at modulation index 0.6 that the switching

frequency drowns in its sidebands.

5.2. Switching frequency measurements

o)

—MeasurementH

o

©

a
‘

o

©S o

[ee] o1
‘

Normalized switching frequency
o
[{e]

=)

~

a1
‘

=
o~
[N

0.2 0.3 0.4 0.5
Modulation index

Fig. 11: Comparison of switching frequency ob-
tained by (2) and measuring. The measurement are
performed with 10 kHz reference signal.

6. CONCLUSION
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i 4L
AN A

Datss

(a) Modulation index = 0.1 (b) Modulation index = 0.3

(c) Modulation index = 0.6

Fig. 9: Spectrum using different modulation indexes. All measwaetsiare performed with an 10 kH reference signal.

Dats: 22.Ma7.2002

(d) Reference signal of 20 kH.

(c) Reference signal of 17 kH.

Fig. 10: Spectrum using reference frequencies. All measuremeatsaaformed with M = 0.2.
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ABSTRACT

Distortion is generally accepted as a quantifier to judge the quality of audio power amplifiers. In switch-
mode power amplifiers various mechanisms influence this performance measure. After giving an overview of
those, this paper focuses on the particular effect of the nonlinearity of the output filter components on the
audio performance. While the physical reasons for both, the capacitor and the inductor induced distortion
are given, the practical in depth demonstration is done for the inductor only. This includes measuring the
inductors performance, modeling through fitting and resulting into simulation models. The fitted models
achieve distortion values between 0.03 % and 0.2 % as a basis to enable the design of a 200 W amplifier.

1. INTRODUCTION it makes sense to break the origin of the distortion

Even other measures, like intermodulation distor-
tion are more in depth measures, a distortion figure
is the fundamental starting point to distinguish am-
plifiers. It reveals the noise level of the amplifier
and provides the basics for more advanced tests as
described in [1]. As the desired figures necessitate
the precision of signal levels to be in the pV range,

mechanisms down into the various parts of an am-
plifier. For linear audio power amplifiers this was
done in [2]. For the more efficient switch-mode au-
dio power amplifiers a number of publications cov-
ered these mechanisms. The different stages of these
amplifiers can be broken down according to the block
diagram in figure 1.
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The blocks and their distortion sources are:

Fig. 1 Block diagram of a switch-mode audio power
amplifier

A B C D E F

t

A. Input and Control The distortion is dom-
inated in the input stage and regulator
by either the used operational amplifier for
time-continuous inputs and specified in their
datasheets or, for time-discrete inputs, by the
sampling process [3, 4, 5] or clock induced noise
level [6].

B. Modulator The modulator induced distortion
is mainly based on linearity of the carrier [7].

C. Level Shifter The impact of the level shifter on
the audio performance has not been researched
up to now and leaves room for further research.

D. Power Stage The power stages influence on
the audio performance has been described in [8].

E. Output Filter This paper is dealing with the
influence of the output filters properties on lin-
earity of the amplifier.

F. Loudspeaker The transducers influence on au-
dio performance has been described in [9] and
broken down into single mechanisms in [10]

2. OUTPUT FILTER

The output filter is required to suppress the energy,
which is used to operate the output stage in an effi-
cient mode. The frequency of this energy is beyond
the audible frequency range [11] and generally caus-
ing trouble in electromagnetic compatibility. The
insertion of the filter is solving those, however gen-
erating audible effects and losses, which leads to the
tradeoffs visualized in figure 2.

A simplified circuit diagram of the output filter is
shown in figure 3 and its transfer function is given
in 2.1 where Vs denotes the output voltage of the

Fig. 2 Tradeoffs in output filter design.

audio
performance

electromagnetic
compatibility

energy
losses

Fig. 3 Circuit of an output filter for an audio power
amplifier.

bO el

power stage and V,,; the output voltage of the am-
plifier, which is applied across the speaker terminals.

Equation 2.1 Transfer function of filter in figure 3.

H (S) _ Zout — 1
= Ve 1+4sE+52LC

This paper is specifically investigating the nature
and impact of the output filter on the audio per-
formance. Therefore both filter components, the ca-
pacitors and the inductors physical properties are
investigated in this section.

2.1. Capacitor
Capacitance C' is defined as stored charge g per
voltage V 2.2.

Equation 2.2 Definition of capacitance.

=4
“=vy

Applying Gauss Law to the charge allows itemiza-

AES 128 Convention, London, UK, 2010 May 22-25
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tion into electrical field E with vacuum permittivity
€o and displacement vector P via charge density o
and electric displacement D 2.3.

Equation 2.3 Gauss Law.

q:/]/gﬂwhi%ﬁéiz%(wﬁ+f§5§
A A

The denominator of 2.2 can be expressed by Far-
radys law 2.4.

Equation 2.4 Farradays Law.

This reveals the Pockels effect to be responsible for
second order nonlinearities and the Kerr Effect to be
the reason for third order effects.

For ferroelectric materials, the description of non-
linearity is getting somewhat more complicated, as
the displacement vector has a hysteretic dependency
on the electrical field. Theses hysteretic curves have
been shown quantitativelty in [13].

2.2. Inductor

The equivalent physical derivation of the reasons for
the nonlinearity of the inductor start with the defi-
nition of inductance 2.7 in dependency on magnetic
flux @ and electrical current I.

V:fﬁﬁ

Through both of those physical principles, the defi-
nition of capacitance can be rewritten as in 2.5

Equation 2.5 Definition of capacitance taking
Gauss and Farradays Law into account.

$eoE 65 § Po5
_ A A
$Eo5 $ Eo5
;,_/ L,_/
linear part polarization
dependent

Equation 2.7 Definition of inductance.

s
L=7

Through Gauss Law of Magnetism ¢ is_expressed
in 2.8 as a function of magnetic field H and the
magnetization M with the aid of the permeability

in vacuum via the magnetic flux density B.

Equation 2.8 Gauss Law of Magnetism.

@:j{mg:fuo (F + 1) 64

S S

The nonlinearity of the capacitor is therefore origi-
nated in the polarization defined through the electric
susceptibility x 2.6 for anisotropic dielectric materi-
als [12].

Equation 2.6 Linear and nonlinear parts of dis-
placement vector.

—

P NG 2) 2 72 3) &2
*0 = ZXZ('j)Ej + ngjl)quEk +ZX’§j])€lEjEkEl
J Jk

€

jkl
linear Pockels Kerr Effect
suscepti- Effect
bility

Through Amperes Circuit Law the current is ex-
pressed as a function of the magnetic field H as in
2.9.

Equation 2.9 Amperes Circuit Law.

I:fﬁ&“
C

Taking both of those two laws into account, the def-
inition of the inductance is rewritten in 2.10.

AES 128 Convention, London, UK, 2010 May 22-25
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Equation 2.10 Definition of inductance taking
Gauss and Amperes Law into account.

[— S 4 8
$HOl $HOl
C C
linear part polarization
dependent

The polarization dependent part M is not following
the BH-curve, which has been numerically fitted
in [14], but rather the Rayleigh Loop [15] which
has been extended to symmetry of the loop as
only limitation, by [16] as described in [17]. While
the current I is linear dependent on the magnetic
field H , its relation to the magnetic polarization
M contains higher order terms. This nonlinear
dependency of magnetization on the magnetic field
is covered by the high order terms in 2.11 by the
named references.

Equation 2.11 Peterson relation.

M = XH + Moanﬁ2 + 10 (@12 + aso) H

The coefficients a11, a12 and azg are the first Peter-
son Coefficients, describing both, the nonlinearity of
the magnetization curve and ensure the fulfillment
of the energy conservation law. As shown in [17] the
lost energy in the magnetic field corresponds with
the hysteresis losses in the material. Also in [17] the
Peterson Coefficients got used to quantitatively de-
scribe the nonlinearity of the magnetic flux density
for single sinusoidal tones as well as double sinu-
soidal tones and their intermodulation products.
For the choice of output filter inductors for switch-
mode power amplifiers those coefficients are of quan-
titative interest. ~However the Peterson Coeffi-
cients where derived for small field excitations only,
whereas the linearity of an amplifier is affected by
the large signal behaviour of the magnetization loop.
Therefore the next logical step is to measure the
large signal behaviour of inductors and use the quan-
tized data for estimation of the impact on the audio
performance. This is done in the next section.

Linject
(00— ¢
HP4194A
Ty <> Lpur Impedance
Analyzer

3. MODELING

Section 2 showed the duality between capacitor and
inductor in theory. Consequently the rest of the pa-
per is dealing with one of them only, without loosing
generality for the other one. It is the inductor, which
is generally dominating size constraints, electromag-
netic compatibility challenges and showing the most
interesting saturation effects. Therefore the induc-
tors linearity is pursued furtheron in this paper.
Through the desired power rating of an amplifier
and neglect of the ripple current, the current rat-
ing of the filter inductor is given. For the following
analysis of inductors, a power rating of 200 W into
a 4 ) transducer is arbitrarily chosen. This leads
to a peak current of 10 A through the filter induc-
tor. Only few technical documentations of suitable
components give the dependency of inductance on
the current flowing through the windings like in [18].
Therefore a measurement setup is described follow-
ing, allowing to derive this curve.

3.1. Measurement Setup
To measure the linearity of the inductor, it needs
to be biased with the desirable current and simul-
taneously measured with an impedance analyzer. If
an analyzer with current bias option is not available
the bias can be done externally as shown in figure 4.
Through the inductor L;y e+ the device under test

Fig. 4 Measurement Setup.

Lpyr is biased to the desired current level. To pre-
vent damage on the gain phase analyzer, which is
both superimposing the test signal as well as tak-
ing the measurement data, the voltage limitation of
the current source shall be set below the maximum
input rating of the analyzer. Otherwise a voltage
leading to destruction in the input of the analyzer
might occur in case the DUT fails. The purpose of
the injection inductance is, to provide a high ohmic
path for the measurement signal. Therefore the in-

AES 128 Convention, London, UK, 2010 May 22-25
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jection inductance needs to be significantly bigger
than the inductance of the DUT. Also the injection
inductance needs to be more linear than the device
under test. This results into a high volume consum-
ing inductor compared to the DUT. The parameters
of the injection inductor are given in table 1.

Three possible output filter inductors have been

Table 1 Design of injection inductor.

core
ETD59-N97

air gap turns
1.6 mm 32

Linject

306 pH

chosen based on their rating. Their main parame-
ters are compared in table 2. The inductance curves

Table 2 Parameters of the three devices under test.

Fig. 5 Inductance curves.

1021

©

o
T
.

1

96 )

relative Inductance

oaf 3

——DUT-A

= = = DUT-B

== DUT-C
|

90 | | |
0 1 3 5 8 10
Current in Ampere

Equation 3.1 Transfer function taking nonlinearity
of inductor into account.

DUT-A DUT-B DUT-C

nominal 22 uH 10 uH 10 uH
inductance
current rating 11 A 10 A 10 A
DC resistance 11 mQ 8.8 m) 17.2 mQ2
resonant 9.3 MHz 41 MHz 20 MHz
frequency
boxed volume 9.2 cm® 1.6 cm® 2.3 cm?®
footprint area 2.3 cm? 1.9 cm? 3.3 cm?
datasheet [19] [20] [21]

have been captured with the above described mea-

H(S»lL) =

Kouiﬁ _ 1
1+ §7L(ff) +s2L (1) C

v

Y ps

Applying ohms law to the load impedance, removes
one degree of freedom and gives 3.2

Equation 3.2 Transfer function only dependent on

surement method and the results are visualized in
figure 5. The inductance droop varies from less than
1 %, around 3 % up to nearly 10 % with respect to
the unbiased inductance measurement.

These relative variations shall not be confused with
the distortion of an amplifier. The fitting of the in-
ductance droop to a distortion number is done in the
following section.

3.2. Fitting

Through the above shown nonlinear behaviour of
the inductor, equation 2.1 is getting another depen-
dency on the inductor current as shown in 3.1.

voltages.

KO'II, 1
E@vzout) = Vv t = L(V )

b 1+ §%M + §2L (Zout) C
with

Equation 3.3 Inductors dependence on signal level.

§H0ﬁ (Kout) (SA f/j’()M (Kout) 6g
S S

fﬁ(zout) 5f fﬁ (Kout) 6f
C C

L =

Taking into account, that Petersons Coeflicients,
which are describing the nonlinearity of the inductor,

AES 128 Convention, London, UK, 2010 May 22-25
Page 5 of 9



Knott et al.

Modeling Distortion Effects in Class-D Amplifier Filter Inductors

are a series of polynoms, also the transfer function
can be modeled by a series of polynoms, which is
done in 3.4 up to second order for one signal fre-
quency with the fitting coefficients «, 6 and ~.

Equation 3.4 Second order fitting of transfer func-
tion.

H (V,0ad) = aH? + BH +~

A quantitative representation of the distortion for
a 6.665 kHz sinusoidal test signal is the difference
between an undistorted and a distorted signal. The
undistorted signal as reference is taken from the out-
put voltage of the signal after passing a linear filter
as reference. The difference of those two voltages are
known as distortion residual and for the modeled in-
ductors shown in figures 6 and 7 for first and second
order fitting respectively.

From those signals the root means square (RMS)

Fig. 6 Distortion residual for first order fitting.

0.151
0.1+
% d" o - ~
> : 2
~ 0.05- i ~
= . .
g ‘
S
[
[}
@
c
S )
£ ~ ’
£ -0.05f h Rl
-0.1-
— DUT-A
= = =DUT-B
=+= 1 DUT-C
0 0.375 0.75 1.125 15
Time in Seconds 4

x 10

values can be numerically calculated and set in re-
lation to the RMS of the desired signal according to
the definition of total harmonic distortion (THD).
This leads to the distortion figures, which are the
ratio between the distortion residual and the signal
before the filter, as shown in table 3.

4. SIMULATION
As has been described above, the inductors influ-
ence on distortion is only one of several influences.

Fig. 7 Distortion residual for second order fitting.

0.151

Distortion Residual in Volt

0 0.375 0.75 1.125 15

Time in Seconds X107

Table 3 Estimated total harmonic distortion (THD)
for the modeled inductors.

DUT-A DUT-B DUT-C
Ist order fitting  0.034 % 0.0563 % 0.165 %
2nd order fitting 0.036 % 0.053 % 0.171 %

Therefore the above model needs to enabled to con-
nect with the other distortion mechanisms to reveal
their interaction. This can be done with circuit an-
alyzers like "GeckoCircuits". Therefore the nonlin-
ear model of the above DUTs was simulated against
their linear representations as shown in figure 8.
"GeckoCircuits" was chosen as simulation tool, be-
cause of its ability to directly deal with nonlinear
passive components and its ability to process large
simulation data very fast. The later property is rel-
evant, because the distortion signal of an audio am-
plifier is generally very low compared to the signal.
Therefore, both very precise simulation and large
dynamical range of the simulator are required. In
many software tools, this either leads to excess simu-
lation time or large memory usage. "GeckoCircuits"
requires neither one of them.

The simulation parameters and the duration of the
simulation are given in table 4. The solver of this
simulator takes all six modeled datapoints and inter-
polates the circuit behaviour linearly between those.
The distortion residuals are shown in figures 9, 10
and 11. The simulated distortion numbers are given

AES 128 Convention, London, UK, 2010 May 22-25
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Fig. 8 Simulated circuit with the three nonlinear models and their equivalent linear models.
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Table 4 Simulation parameters and duration.

start time 150 ps

time step 10 ps

stop time 300 ps
simulation time ~ 12 min

in table 5.
The distortion is slightly higher here, however

Table 5 Estimated total harmonic distortion (THD)
for the modeled inductors.

DUT-A DUT-B
0.060 % 0.094 %

DUT-C
0.215 %

showing the same tendency as in the model above.

5. CONCLUSION

With distortion being a quantitative qualifier for an
amplifier as starting point, the influences on this fig-
ure where revisited here. The focus within this study

Fig. 9 Simulated distortion residual based on the
above model for DUT A. (x-axis: 150 ps...300 ps;
y-axis: —0.150 V...0.15 V)

RESEARCH ;

is on the output filters distortion and in particular
the audio degradation induced by the inductor. Af-
ter reviewing the physical reasons for the nonlinear-
ity of both, the capacitor and the inductor, a pro-
cedure for modeling the nonlinearity of the inductor
was shown. By fitting the transfer function of the
output filter to this nonlinearity, an estimation on

AES 128 Convention, London, UK, 2010 May 22-25
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Fig. 10 Simulated distortion residual based on the
above model for DUT B. (x-axis: 150 ps...300 us;
y-axis: —0.150 V...0.15 V)

RESEARCH ¢

Fig. 11 Simulated distortion residual based on the
above model for DUT C. (x-axis: 150 ps...300 us;
y-axis: —0.150 V...0.15 V)

RESEARCH ¢

the amount of influence on the THD from the in-
ductors linearity was derived. Finally the modeled
component nonlinearity got applied to the filter in
a circuit simulator to further enable the inclusion of
the modeled details on system level.

As a rule of thumb the following mapping table 6
shall enable the design engineer of Class-D ampli-
fiers to allow an estimation of THD, when the in-

Table 6 Mapping inductance droop to the caused
THD as an approximated rule of thumb.

o2k 1% 3%
approximately 0.05% 0.10 %
expected THD

10 %
0.20 %

ductance drop at the rated current is the only known
parameter — which is in some cases given in induc-
tor datasheets.
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ELECTRICAL LOAD DETECTION
APPARATUS

1. CLAIM OF PRIORITY

[0001] This patent application claims priority to European
Patent Application serial number 08 008 141.7 filed on Apr.
28, 2008.

2. FIELD OF TECHNOLOGY

[0002] The invention relates to a load detection for a load
comprising multiple frequency-dependant sub-loads and
evaluating a load comprising multiple frequency-dependant
sub-loads.

3. RELATED ART

[0003] Duringaudio system assembly in automobile manu-
facturing lines and in audio system checks performed in
repair shops, it is necessary to test the interconnection
between the amplifier and loudspeakers of the audio system to
ensure the quality of the audio system. Various wiring prob-
lems can be experienced including failure to properly join the
harness wiring to the loudspeaker terminals, bent or broken
terminals, and pinched or broken wires in the harness.
[0004] Existing speaker detection techniques include what
is known as a speaker walk-around test, wherein the audio
system is placed into a test mode in which it sequentially
sends an output audio signal individually to each loudspeaker
while a person listens to determine if proper sound comes
from each loudspeaker. However, this procedure is time con-
suming and it is difficult for the listener to detect a single
loudspeaker in the presence of noise.

[0005] It is also known to employ each loudspeaker as a
pick-up or microphone to generate a signal for sensing the
presence of a properly connected loudspeaker. By forcibly
moving a loudspeaker cone, a voltage is created across the
loudspeaker. But since a loudspeaker is not optimized to
perform as a pick-up, a high sound-pressure level is required
to generate a detectible signal (e.g., by slamming a door).
However, this method is also time consuming and is not
reliable since it is difficult to identify the output signal of a
particular loudspeaker under investigation since woofers,
midrange speakers, and tweeters are commonly coupled to
each other by a crossover network.

[0006] Furthermore, the prior art methods are not well
adapted for detecting intermittent speaker connection prob-
lems after a vehicle is put into service since they require
interaction by a human test operator.

[0007] Therefore, there is a need for automatically detect-
ing of faults in different loudspeakers of a loudspeaker sys-
tem.

SUMMARY OF THE INVENTION

[0008] A load detection arrangement for a load comprising
multiple frequency-dependant sub-loads comprises an
impedance measuring unit that is connected to the load and
measures a representation of the impedance characteristic of
the load; an evaluation unit that calculates a quantity repre-
senting the shape of the impedance characteristic of the load,
the quantity being insusceptible to frequency independent
errors and/or tolerances; a memory unit in which one or more
representations of the quantity representing the shape of the
impedance characteristic of the load resulting from different
configurations of the sub-loads are stored; and a comparison
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unit that is connected to the evaluation unit to receive a
representation of the shape of the currently measured imped-
ance characteristic of the load and to the memory unit to
receive the stored representations. The comparison unit com-
pares the measured representation of the shape with each one
of the stored representations and, in case that the measured
representation matches a stored representation, to identify the
configuration of the sub-loads within the load.

DESCRIPTION OF THE DRAWINGS

[0009] The invention can be better understood with refer-
ence to the following drawings and description. The compo-
nents in the figures are not necessarily to scale, instead
emphasis being placed upon illustrating the principles of the
invention. Moreover, in the figures, like reference numerals
designate corresponding parts. In the drawings:

[0010] FIG. 1 is a block diagram illustration of a signal
generator having a load comprising parallel connected sub-
loads;

[0011] FIG. 2 is a block diagram illustration of an audio
system having a load comprising serial connected sub-loads;
[0012] FIG. 3 is a block diagram illustration of a load
detection arrangement using a broadband test signal;

[0013] FIG. 4 is a block diagram illustration of a load
detection arrangement using a sequence of narrowband test
signals and a comparator;

[0014] FIG. 5 is a block diagram illustration of a load
detection arrangement using a sequence of narrowband test
signals and a peak detector;

[0015] FIG. 6 is a diagram illustrating an load impedance
curve over frequency;

[0016] FIG. 7 is a flow chart illustration of an example of a
novel load detection technique;

[0017] FIG. 8 shows a truth table used for load detection in
connection with the technique illustrated in FIG. 7;

[0018] FIG. 9 is a diagram illustrating an impedance-over-
frequency curve for a tweeter including a series capacitor at
different temperatures;

[0019] FIG.10is adiagram illustrating an impedance-over-
frequency curve for a midrange loudspeaker at different tem-
peratures, the area between the curve and a base line being
shaded;

[0020] FIG. 11 is adiagram illustrating an impedance-over-
frequency curve for a parallel circuit of the midrange loud-
speaker and the tweeter including the series capacitor at dif-
ferent temperatures, the area between the curve and a base
line being shaded;

[0021] FIG. 12 is adiagram illustrating an impedance-over-
frequency curve for a midrange loudspeaker at different tem-
peratures similar to FIG. 11;

[0022] FIG. 13 is adiagram illustrating an impedance-over-
frequency curve for a parallel circuit of the midrange loud-
speaker and the tweeter including the series capacitor at dif-
ferent temperatures similar to FIG. 11;

[0023] FIG. 14 is a diagram illustrating the single fre-
quency load detection technique applied to an impedance plot
of the midrange loudspeaker;

[0024] FIG. 15 is a diagram illustrating the single fre-
quency load detection technique applied to an impedance plot
of the parallel circuit of the midrange loudspeaker and the
tweeter including the series capacitor;
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[0025] FIG. 16 is a diagram illustrating the allowable tol-
erances including measurement errors in percent dependent
on the load analysis used in order to ensure a reliable load
detection;

[0026] FIG. 17 is a diagram illustrating a test signal with a
trapezoid shaped window; and

[0027] FIG. 18 is a diagram illustrating a test signal with a
sine shaped window.

DETAILED DESCRIPTION

[0028] FIG.1 is a block diagram illustration of an arrange-
ment 100 (e.g., an audio system) comprising a signal source 1
(e.g., an audio amplifier) supplying an electrical signal to a
load 2 that comprises n sub-loads 2.1 to 2.z (e.g., loudspeak-
ers) connected in parallel. Each of the sub-loads 2.1 to 2.z has
a frequency-dependant impedance characteristic Z,(f) with
i=1...nand f=frequency. The impedance Z,,,,(f) of the load
2is:

Zoorat D=1(/Z, P+ 1/ 2o (P . . +1IZ,()

[0029] FIG. 2 illustrates an alternative arrangement 200
that differs from the embodiment illustrated in FIG. 1 in that
the n sub-loads 2.1 to 2.z of the load 2 are connected in series.
The impedance Z,_,,,(f) of the load 2 in the arrangement of
FIG. 2 is:

Zroiad D=Z (D+Z5(H+ . . . +Z, ().

[0030] The load 2 may also be a combination of series and
parallel connected sub-loads as discussed below with refer-
ence to FIG. 3. The novel approach is able to detect in case of
a parallel connection (FIG. 1) whether any of the sub-loads
2.1 to 2.» is missing (open) or not, and in case of a series
connection (FIG. 2) whether any of the sub-loads is shorted or
not. In both cases, each of the sub-loads can be detected
independent of all other loads. In the case of parallel and
series sub-loads (FIG. 3), the term “open” applies to sub-
loads connected in parallel and “short circuit” applies to
sub-loads in series.

[0031] Referring to FIG. 3, the load 2 comprises, for
example, four sub-loads 2.1 (e.g., a low-range loudspeaker),
2.2 (e.g., a capacitor), 2.3 (e.g., a mid-high-range loud-
speaker), and 2.4 (e.g., an inductance). The sub-loads 2.1 and
2.2 are connected in parallel as well and the sub-loads 2.3 and
2.4 are connected in parallel. Furthermore, the parallel con-
nected sub-loads 2.1 and 2.2 and the parallel connected sub-
loads 2.3 and 2.4 are connected in series forming a kind of
H-circuit which is represented by the load 2. This H-circuit is
connected to an impedance measuring unit 3 and adapted to
measure a representation of the impedance characteristic of
the load 2. The impedance measuring unit 3 comprises in the
present example a test signal source 4 providing test signal
comprising, e.g., a plurality of simultaneously transmitted
sinusoidal voltages each with a certain, e.g., the same, ampli-
tude (or, alternatively, a broadband white noise signal). The
impedance measuring unit 3 further comprises a Fast-Fourier
transformation (FFT) unit 5 that performs an FFT on the
current flowing through the load 2 in order to provide an
impedance characteristic as an impedance curve over fre-
quency. The impedance characteristic may be represented by
at least two data words (e.g., 512 pairs of data words) where
one of the data words refers to a frequency value and the other
to the respective impedance value. The measurement result
(i.e., the impedance-over-frequency-curve) is used to calcu-
late a quantity representing the shape of the impedance curve.
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Therefore, the measurement unit 3 comprises an evaluation
unit that is configured to calculate a quantity representing the
shape of the impedance characteristic of the load, whereby
the quantity is insusceptible to frequency independent errors
and/or tolerances. Such quantities may be, for example, the
slope of the curve at given frequencies or the area between the
curve and a threshold line defining a threshold impedance at
a pre-defined frequency.

[0032] Inamemory unit 6 representations of the mentioned
quantity representing the shape of the impedance character-
istics of the load are stored. Each one of the stored quantities
represents the shape of the impedance curve over frequency
of the load 2 when at least a particular one of the sub-loads
2.1,2.2,2.3, and 2.4 is in a fault condition. Assuming that
each sub-load can be in one of three conditions, “ok”, “open”,
and “short circuit” and having, in the exemplary arrangement
of FIG. 3, four sub-loads, the number of representations of the
quantity stored is 3*-=81. This number corresponds to 81
different configurations of the sub-loads within the load or to
the so-called load situations including one representing a
proper condition of the load 2. Accordingly, 80 representa-
tions of the shape-quantity (excluding the situation of a
proper load) or 81 representations of the shape-quantity (in-
cluding the situation of a proper load) may be stored in the
memory unit 6. In order to get a fast result if the load is in a
proper condition or in a fault condition the arrangement may
first (or only) check if the shape-quantity representing a
proper condition is met. In case it does not the sub-load being
in a fault condition may be identified afterwards if desired.
[0033] Thearrangement of FIG. 3 further comprises a com-
parison unit 7 that is connected to the impedance measuring
unit 3 (and thus to the evaluation unit) to receive a represen-
tation of the shape of the currently measured impedance
characteristic of the load 2 and to the memory unit 6 to receive
the stored representations. The comparison unit 7 compares
the measured representation with each one of the stored
shape-quantities and in case the measured representation
matches one of the stored 80 representations corresponding to
fault situations it distinctly identifies the sub-load or sub-
loads being in a fault condition by the stored 80 representa-
tions. In case 81 representations are used it may also identify
the proper-load situation. The results are provided by an
output signal 8 identifying the sub-load or sub-loads being in
a fault condition.

[0034] In the exemplary arrangement shown in FIG. 3 the
test signal comprises a multiplicity of simultaneously trans-
mitted sinusoidal voltages. However, the multiplicity of sinu-
soidal voltages may be transmitted sequentially instead of
simultaneously. Sequentially transmitted sinusoidal voltages
are used in the arrangements shown in FIGS. 4 and 5.

[0035] Inthe arrangement of FIG. 4, a sine wave generator
9 and an audio amplifier 10 together form the test signal
source 4. The audio amplifier 10 may be the same used in the
regular mode for amplifying the useful signals such as music
or speech, and has a volume control line 11 to control the
volume of a signal supplied to its input. In the test mode, the
sine wave generator 9 is connected to this input to provide a
sinusoidal signal with a certain frequency that is controllable
by a signal on a frequency control line 12. The audio amplifier
10 provides a sinusoidal voltage to the load 2 via a current
sensor 13 measuring the current flowing through the load 2.
Instead of a current sensor a voltage sensor may be used in
case that the test signal source provides a test current. A
representation of the measured current is supplied to a com-
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parator 14 that compares this representation with a threshold
15 representing a current threshold. The result of the com-
parison is supplied to a control logic unit 16 that is connected
to the sine wave generator 9 and the audio amplifier 10
through the frequency control line 12 and the volume control
line 11, respectively, for providing the respective control sig-
nals.

[0036] The control logic unit 16 controls the frequency and
the signal amplitude of the test signal. The current sensor 13
measures the current that flows into the load 2 and the com-
parator 14 compares the measured current with the threshold
15. At each test frequency, the amplifier gain starts at a value
where the load current is less then the threshold and is
increased in steps that are sufficiently small with respect to
the expected load variations for all possible load combina-
tions. When the load current at the given frequency becomes
higher than the current threshold for the first time, the corre-
sponding impedance value can be calculated from the current
threshold, the output amplitude of the sine wave generator 9
and the amplifier gain. For the following analysis the imped-
ance value itselfis not needed and the gain value is sufficient.
The gain value for all other test frequencies is determined in
the same way.

[0037] The arrangement of FIG. 5 differs from that shown
in FIG. 4 in that the comparator 14 in connection with thresh-
old 15 is substituted by a peak detector 17. Here, the gain of
the audio amplifier 10 does not need to be varied. Instead, the
impedance of the load 2 is calculated from the sine wave
generator output, the (constant) amplifier gain and the peak
current determined by the peak detector 17.

[0038] With reference to FIGS. 6 and 7, an example is
discussed how the control logic unit 16 in the arrangement of
FIG. 4 controls the process of identifying sub-loads in a fault
condition. FIG. 7 illustrates a process that is used to analyze
the load combinations of FIG. 6. Tweeters and (bass-)
midrange loudspeakers coupled by a passive crossover net-
work are commonly used in multi-channel car audio systems.
Commonly used amplifiers and loads, e.g., loudspeakers in
connection with passive components such as inductors and
capacitors, tend to have large tolerances as well as the mea-
surement systems which are supposed to be low-cost.

[0039] However, most of these tolerances are frequency
independent so that the absolute impedance values measured
may change, but not the shape of the impedance curves.
Accordingly, the shape of the curve may be used to differen-
tiate all possible load combinations despite all frequency
independent system tolerances. The shape may be, for
example, characterized by the slope of the curve at given
frequency values or by the area under the curve. By consid-
ering such characteristic values representing the shape of the
impedance curve (but not the absolute impedance values) the
load detection may be designed to be more robust against
tolerances. The process discussed with reference to FIG. 7 is
explained as a first example that uses the lowest possible
frequency resolution of only two test frequencies for imped-
ance measurements. As the involved sub-loads show substan-
tial variations in the shape of the impedance curve when one
or more sub-loads are missing or in short circuit state, this
resolution is sufficient in the present example. Accordingly, a
representation of the shape of the curve is considered not the
curve itself] i.e., not the absolute impedance values. Sub-load
combinations of higher complexity may require the use of a
considerably higher number of test frequencies.
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[0040] In the example of FIG. 7 based on the arrangement
of FIG. 4, the rough shape of the impedance curve of FIG. 6
is used to analyze the load 2. The shape of the impedance
curve is thereby roughly represented by the slope of the curve,
whereby the slope is approximated by the difference between
two impedance values Z(f))-Z(f,). At first the required gain
of the audio amplifier 10 is determined to get a load current
higher than the current threshold at test frequency f; which
may be 20 Hz. Therefore, the gain (Gain) which starts at a
known value in order to result in a load current lower than the
current threshold for all possible tolerances (StartGain) is
increased in little steps. The gain increment depends on the
gain resolution needed to differentiate all possible load com-
binations.

[0041] Being beyond the MaxGain point (representing
maximum gain) which has to be high enough to ensure that
the current threshold can be reached for all possible sub-load
combinations of interest at the given frequency (which in case
of f; is only the midrange including all tolerances) indicates
that there is no midrange loudspeaker connected. Otherwise
the result is a gain value that trips the current threshold com-
parator which then is stored in Gain_f1 and indicates at least
the midrange loudspeaker is present. The gain value Gain_{f;
is a representation of the first impedance value Z(f)). In any
case the next step is to repeat the preceding procedure for the
second test frequency f, which may be 20 kHz. When the
current threshold has been reached in the first step the corre-
sponding gain value can be used as the start value for the
second test frequency f,. Otherwise the gain is set back to the
originally gain StartGain. If no midrange loudspeaker is prop-
erly connected, there is the possibility to exceed the MaxGain
again which indicates that the tweeter is also not connected.
[0042] If the current threshold is reached, it indicates that
the tweeter is connected only. If the midrange loudspeaker
has been detected at frequency f; the gain value which results
in the load current to get higher then the current threshold for
the first time at frequency f, is stored in Gain_f2, which is a
representation of the second impedance Z({,). Following the
above elaborated idea, the difference between Gain_f; and
Gain_{f, (representing the difference Z(f,)-Z(f,) being an
approximation of the slope) is used to determine whether the
tweeter is also connected. The midrange loudspeaker alone
exhibits a large increase of impedance between frequencies f,
and f, while the combination of midrange loudspeaker and
tweeter shows only a small increase. If the impedance
increase is higher than the detection threshold Detection-
Threshold then the tweeter is connected. The detection
threshold has to take into account all frequency dependent
impedance tolerances at frequencies f; and f, of the combi-
nation of the tweeter and the midrange loudspeaker.

[0043] All decisions that have to be made during the analy-
sis of the measurements for the load detection in this example
are included in the truth table of FIG. 8. The truth table may
be stored in a memory unit or, as in the present example, be
hardwired in the control logic so that the control logic also has
the function of amemory. The test frequencies f; and f, enable
noiseless load detection as they may be adapted in frequency
and/or amplitude to be inaudible for humans. If acoustical
feedback for the test operator is desired for example a fre-
quency f; (FIG. 6) may be used instead of frequencies f; orf,.
[0044] An advantage of the novel arrangement and method
of the present invention is the insusceptibility to frequency
independent tolerances inherent to the load and the load
detection system. Besides this it is based on purely electrical
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measurements and is fully automated therefore it saves costs
and time. Since no acoustical measurements are needed, it is
immune to noise and does not require microphones. But not
only the sub-loads established by loudspeakers may be tested
using the arrangement and method of the present invention
but also the components of the cross-over network. Further,
the novel arrangement and method is not restricted to audio
systems but is also applicable in all fields where frequency
dependent sub-loads (i.e., impedances) occur. A further
advantage is that the novel arrangement and the method are
relatively insusceptible to any tolerance or measurement
errors occurring in the system, e.g., speaker, amplifier, com-
parator, et cetera.

[0045] According to another embodiment of the above dis-
cussed method ofload detection based on characteristic “geo-
metrical properties” (i.e., on the shape) of the load impedance
curve the load can be analyzed by comparing the area
between the impedance curve and a specific impedance base
line over a specified frequency range to representations of this
area for different load situations.

[0046] One advantage over the example of FIGS. 7 and 8,
where only the difference between two frequencies (as an
approximation of the slope) is analyzed, can be seen in the
still lower susceptibility to tolerances of the load and of the
measurement. Another benefit of this embodiment is an
increased measurement accuracy that is achieved by multiple
measurements at different frequencies. In this way dynamic
errors that change between measurements will be suppressed
by averaging.

[0047] FIG. 9 illustrates the impedance of a tweeter con-
nected in series to a capacitor as a function of frequency. The
equivalent series resistance (ESR) of the capacitor and also its
capacitance vary drastically over temperature. For example,
two impedance curves are depicted in the diagram of FIG. 9,
one impedance curve for +20° Celsius and another for 40°
Celsius. The tweeter itself also contributes to the total imped-
ance (of the capacitor and tweeter) but its impedance varia-
tion over temperature is much lower than that of the capacitor.
The example of FIG. 9 is given to illustrate the advantage of
considering the “shape” of theimpedance curve instead of the
absolute impedance values.

[0048] FIG. 10 illustrates the impedance of a midrange
loudspeaker at different temperatures. Accordingly, the
impedance of the midrange loudspeaker also varies over tem-
perature but variations are not as high as the impedance varia-
tions of the tweeter including its series capacitor (cf. FIG. 9).
At —-40° Celsius the midrange loudspeaker looses its “reso-
nance hump” but, apart from that, merely exhibits an offset of
about 1 ohm to the impedance curve at +20° Celsius. Also
illustrated in FI1G. 10 is the area between the impedance curve
and a “base line” that represents an impedance threshold
which is defined as the impedance Z,, (f,,) present at a pre-
defined “base frequency” f,,. The symbol Z,,(f,,) refers to
the impedance curve measured at +20° Celsius whereas the
symbol Z*,,(f,,) as well as all other symbols with a super-
script asterisk refer to the impedance curve measured at —40°
Celsius. Although the absolute impedance values Z,(f,)
change over temperature, the area between the base line and
the impedance curve remains almost constant.

[0049] Similar to the example discussed with reference to
FIGS. 6 to 8 the present example makes use of a characteristic
quantity that represents the shape of the impedance curve
rather than the impedance values themselves. This character-
istic quantity may be, for example, the slope of the curve or an
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approximation thereof as used in the example of FIGS. 6 to 8
as well as the area between the impedance curve and a thresh-
old represented by a base line. The characteristic quantity
used in a specific application may represent the shape of the
impedance curve only in a limited frequency range which
may be sufficient depending on the requirements of the appli-
cation.

[0050] Inthe example of FIG. 10 the sought area is defined
by the curve and the threshold 7, (£,, ) for frequencies greater
than the base frequency f, ;. In the example of FIG. 12, which
illustrates the same midrange loudspeaker impedance, the
area is calculated between the impedance curve and the
impedance threshold Z,,(f,,) which is determined at the base
frequency f,,. The difference between these two base fre-
quencies will be discussed in the analysis of the resulting
areas.

[0051] FIGS. 11 and 13 illustrate the combined impedance
of'the midrange loudspeaker (cf. FIGS. 10 and 12) connected
in parallel to the tweeter with its series capacitor (see FIG. 9)
for temperatures of 20° C. and —40° C. Again the areas
between the impedance curves and the impedance base line at
Z,, and Z,, are shown for the base frequencies f,; and f,,,
respectively. It should be noticed that the measurement fre-
quencies (f,, to f,,, ) for FIG. 10 to FIG. 13 are the same. Only
the base frequency is changed (f,;, f,,) and therefore the
impedance base line changes which results in different areas
between the impedance base line and the impedance curves.
[0052] To determine the impedance base line (i.e., the
threshold Z,,, or Z,,) an impedance measurement at the base
frequency £, or, alternatively, f,, is carried out for example
with atest setup as shown in FIG. 4. The measured impedance
Z,, or, alternatively, Z,, defines the impedance base line.
Afterwards the impedance at the test frequencies f, to f,,  is
measured in the same way resulting in impedance represen-
tations Z,, to Z,,, . After this step the areas A as shown in
FIGS. 10 and 11 are calculated with the equation:

N (EQ. 1)
A= Z (Zonin = Zp1) With N = 6
n=0

[0053] For FIGS. 12 and 13 the equation for the resulting
area A is:

o EQ. 2)
A= (Znen = Z) With N =6.
n=0
[0054] When using frequency values £, T, |, etc. that are

equidistant on the frequency scale of the analyzed impedance
curve no multiplication is necessary for computing the area A.
If the distances between the (for example logarithmically
scaled) test frequencies being geometrically equal this dis-
tance can be normalized and set to unity without changing the
comparability of the resulting area representations.

[0055] Itis important to notice that the geometric properties
of'the load impedances as shown in FIGS. 10 to 13 are based
onalogarithmic scale of the frequency axis. Therefore the test
frequencies (1, to f,,,, ) need to be spaced logarithmically in
order to obtain a valid result in accordance to the areas illus-
trated in the frequency plots. However, a linear frequency
scale can also be used. Furthermore, the frequency values at



US 2010/0019781 Al

which impedance values are measured do not necessarily
need to be equidistant in order to provide useful results.
However, in this case the resulting “area” value calculated by
EQ. 1 or EQ. 2 is not a geometrically interpretable area.
[0056] The number oftest frequencies t,,,,, (0=0,1,...)1is
determined by the resolution needed in order to differentiate
the impedance curves of all load combinations of interest. For
the given example the 7 test frequencies used are sufficient
even for large tolerances in the load and the measurement
system. This will be analyzed in more detail further below.
[0057] Below, the assessment of the load impedance
according to the above example is compared to the classical
single frequency load analysis approach. FIG. 14 illustrates
the impedance-over-frequency curve of the midrange loud-
speaker already mentioned above (cf. FIG. 10). For a single
frequency load analysis the test frequency f,.., of about 20
kHz has been chosen because it is well within the frequency
range that a digital audio system with a 44.1 kHz sampling
rate can produce and because the impedance at this frequency
is considerably different for either the midrange loudspeaker
alone or the parallel circuit of the midrange and the tweeter
including a series capacitor. In this way the best possible
differentiation for the single frequency method is reached. As
can be seen in FIG. 15 the minimum difference between the
midrange loudspeaker impedance and the impedance of the
parallel circuit of the midrange and the tweeter including the
series capacitor that occurs at —40° C. increases with an
increasing frequency.

[0058] The principle of the single frequency load analysis
is simple measurement of the absolute impedance at the test
frequency and a comparison to an impedance threshold that
decides whether only the midrange loudspeaker is connected
or both the midrange speaker and the tweeter are connected in
parallel. As can be seen from FIG. 15, neglecting any mea-
surement errors and tolerances of the load, a minimum dif-
ference of about 2.7 ohms between the two curves exists at the
test frequency f,,,. This enables proper differentiation
between the above mentioned load configurations (midrange
only or midrange and tweeter) only when the tolerance bands
of the possible loads do not overlap at the test frequency.
However, this is not the case in practice.

[0059] Unfortunately real world measurement systems
show various degrees of measurement accuracy with a ten-
dency for large measurement errors in inexpensive systems
implemented in integrated circuits. Furthermore the load
itself may show additional tolerances like part to part varia-
tion, aging variations, connector contact resistance and so on.
Therefore in the following part of the description it is evalu-
ated how the classical single frequency load analysis
approach and the novel approach according to an aspect of the
invention handle these tolerances and measurement errors.
[0060] The comparison of the different load analysis meth-
ods is carried out based on the impedance curves discussed
above. For comparison purposes the area between an imped-
ance base line (threshold) Z,, or, alternatively, Z,, and the
impedance curves is calculated as explained above (cf. EQ. 1
and EQ. 2). Furthermore, the difference between two imped-
ances at two different frequencies as used in the example of
FIGS. 6 to 8 will be evaluated for f,, and f,, each combined
with f .

[0061] For the comparison the impedance values of the
midrange loudspeaker and the parallel circuit of midrange
loudspeaker and tweeter including a series capacitor have
been varied between 0% to £90% as it would be the case for
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ameasurement system with measurement errors or frequency
independent tolerances of the load. For the resulting tolerance
bands the minimum difference between the two compared
load situations has been calculated and displayed versus the
applied tolerance in FIG. 16. The point on the abscissa where
the minimum difference between the tolerance bands around
the two impedance curves to be distinguished becomes zero is
the tolerance above which a differentiation between the two
load configurations (i.e., midrange speaker alone or midrange
speaker and tweeter) is not possible any more.

[0062] As can be seen in FIG. 16 for the present example
the single frequency load detection has the highest suscepti-
bility to tolerances and errors. Deviations (due to errors and
tolerances) greater than about £18% from the nominal value
result in an unreliable or impossible differentiation between
the different load configurations. The method that estimates
the slope of the impedance curve by calculating the difference
f,..-1,, works up to deviations of =34% which is an
improvement of tolerance susceptibility of 89%. With an
operation limit of about +36% of tolerances the method that
considers the area between the horizontal line at impedance
Z,, (threshold) and the impedance curve is a still a bit better.
[0063] Changing thebase frequencytof, , results ina maxi-
mum possible tolerance of £55% for the method that consid-
ers the slope estimated by calculating the difference between
Z,,and Z . .. For the area method with a base frequency f,,
the tolerance can get as high as £90% before the load differ-
entiation becomes impossible. The susceptibility to toler-
ances is thus improved by up to a factor of 5 (improvement of
400%) between the classical single frequency load imped-
ance analysis and the method based on the impedance curve
shape analysis.

[0064] In case of the load being a loudspeaker it is some-
times desired to make the test signal such that it does not
disturb humans and animals or, if possible, to make the test
signal even inaudible. As has been noted above frequencies
(approx. 20 kHz) outside the human-audible audio band can
be used. However, if these frequencies are applied to a loud-
speaker in form of a sine wave burst that can be seen as a sine
wave multiplied by a rectangular window function, the result-
ing acoustical signal will be a broad spectrum of frequencies
around the test signal frequency that eventually will at least
overlap the audible audio band.

[0065] Therefore special window functions may need to be
applied that keep the resulting frequency spectrum as narrow
as possible. Even if the test frequencies are within the audio
band a simple rectangular window can lead to unpleasant pop
noises that have to be avoided in some cases. Triangle-, trap-
ezoid-, or sine-shaped window functions have been proven to
suppress such pop noise (cf. FIGS. 17 and 18 for respective
triangle- or sine-windowed test signals).

[0066] Although various exemplary embodiments of the
invention have been disclosed, it will be apparent to those
skilled in the art that various changes and modifications can
be made which will achieve some of the advantages of the
invention without departing from the spirit and scope of the
invention. It will be obvious to those reasonably skilled in the
art that other components performing the same functions may
be suitably substituted. Such modifications to the inventive
concept are intended to be covered by the appended claims.

What is claimed is:

1. A load detection apparatus for a load comprising mul-
tiple frequency-dependant sub-loads, the load detection
apparatus comprising:
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an impedance measuring unit that is connected to the load
and measures a representation of the impedance charac-
teristic ofthe load, and calculates a quantity representing
the shape of the impedance characteristic of the load;

a memory unit in which one or more representations of the
quantity representing the shape of the impedance char-
acteristic of the load resulting from different configura-
tions of the sub-loads are stored; and

a comparison unit that is connected to the impedance mea-
suring unit to receive a representation of the shape of the
currently measured impedance characteristic of the load
and to the memory unit to receive the stored representa-
tions;

where the comparison unit compares the measured repre-
sentation of the shape with the stored representations
and, in case that the measured representation matches
one of the stored representations the comparison unit
identifies the configuration of the sub-loads within the
load.

2. The apparatus of claim 1, where the different configu-
rations of the sub-loads within the load under test comprises
at least one configuration in which at least one sub-load is in
a fault condition.

3. The apparatus of claim 2, where the quantity represent-
ing the shape of the impedance characteristic of the load is the
area, or an approximation thereof, between a measured
impedance curve and a base line representing a constant
threshold impedance measured at a pre-defined base fre-
quency.

4. The apparatus of claim 2, where the quantity represent-
ing the shape of the impedance characteristic of the load is the
slope, or an approximation thereof, of a measured impedance
curve at least one pre-defined base frequency.

5. The apparatus of claim 4, where the slope is approxi-
mated as the average slope within a pre-defined frequency
interval.

6. The apparatus of claim 1, where the impedance measur-
ing unit comprises a test signal source that generates a nar-
rowband test signal having a frequency that is varied during
load detection, and a current sensor that is connected between
the test signal source and the load and is adapted to measure
the current flowing from the test signal source into the load
during load detection.

7. The apparatus of claim 6, where the test signal has an
amplitude which is varied during load detection at each one of
the frequencies the test signal source is tuned to during load
detection and where the comparison unit comprises a com-
parator that compares the measured current through the load
to a threshold at each frequency to provide a representation of
the impedance characteristics of the load.

8. The apparatus of claim 6, where the test signal has an
amplitude which is constant during load detection at each one
of'the frequencies the test signal source is tuned to during load
detection, and where the comparison unit comprises a peak
detector that identifies the peak of the measured current
through the load during detection at each frequency to pro-
vide a representation of the impedance characteristics of the
load.
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9. The apparatus of claim 7, where the comparison unit
comprises a control logic unit that controls the frequency and
amplitude of the test signal source and compares the repre-
sentations provided by the comparator, with the result thereof
with stored representations.

10. The apparatus of claim 9, where the stored representa-
tions are part of a truth table that further comprises a list
identifying the condition of at least some of the sub-loads.

11. The apparatus of claim 10, where the memory unit is
included in the comparison unit.

12. The apparatus of claim 1, where the impedance mea-
suring unit comprises a signal voltage or current measuring
unit.

13. The apparatus of claim 12, where at least one of the
sub-loads is a loudspeaker.

14. A load detection method for a load comprising multiple
frequency-dependant sub-loads, the method comprising:

measuring a representation of the impedance characteristic

of the load;

calculating a quantity representing the shape of the imped-

ance characteristic of the load;

providing stored representations of the shape of the imped-

ance characteristics of the load resulting from different
configurations of the sub-load; and

comparing the calculated quantity of the shape of the cur-

rent impedance characteristic of the load with each one
of the stored representations of the shape and, in case
that the measured representation matches a stored rep-
resentation, identifying the actual configuration of the
sub-loads within the load.

15. The method of claim 14, where the different configu-
rations of the sub-loads within the load under test comprises
at least one configuration in which at least one sub-load is in
a fault condition.

16. The method of claim 15, where the quantity represent-
ing the shape of the impedance characteristic of theload is the
area, or an approximation thereof, between a measured
impedance curve and a base line representing a constant
threshold impedance measured at a pre-defined base fre-
quency.

17. The method of claim 15, where the quantity represent-
ing the shape of the impedance characteristic of theload is the
slope, or an approximation thereof, of a measured impedance
curve at least one pre-defined base frequency.

18. The method of claim 17, where the slope is approxi-
mated as the average slope within a pre-defined frequency
interval.

19. The method of claim 14, where the load is an acoustic
transducer comprising, as a sub load, atleast one loudspeaker,
and where the step of measuring a representation of the
impedance characteristic of the load comprises providing a
test signal having a spectrum that does not overlap with a
spectrum audible for humans, whereby the test signal com-
prises a sinusoidal waveform truncated by a window function.

sk sk sk sk sk



177 B. Publications

B.10 Power Distribution Arrangement

US020100027169A1



a9 United States

Knott et al.

US 20100027169A1

a2y Patent Application Publication o) Pub. No.: US 2010/0027169 A1

43) Pub. Date: Feb. 4, 2010

(54) POWER DISTRIBUTION ARRANGEMENT
(76) Inventors: Arnold Knott, Hundersdorf (DE);
Daniel Schmidt, Regensburg (DE);
Stefan Zuckmantel, Neufahrn (DE)
Correspondence Address:
O”Shea Getz P.C.
1500 MAIN ST. SUITE 912
SPRINGFIELD, MA 01115 (US)
(21) Appl. No.: 12/512,648
(22) Filed: Jul. 30, 2009
(30) Foreign Application Priority Data
Jul. 30,2008  (EP) e 08 013 706.0

;

—_—,
—_—

7

Publication Classification

(51) Int.CL
HO2H 9/00 (2006.01)

(52) U €l oo 361/18

(57) ABSTRACT

An arrangement and a method for distributing power supplied
by a power source to two or more of loads (e.g., electrical
vehicular systems) is disclosed, where a representation of the
power taken by a particular one of the loads from the source
is measured. The measured representation of the amount of
power taken from the source by the particular one of the loads
is compared to a threshold to provide an overload signal in the
event the representation exceeds the threshold. Control sig-
nals dependant on the occurring of the overload signal are
provided such that the control signal decreases the output
power of the power circuit in case the overload signal occurs.
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POWER DISTRIBUTION ARRANGEMENT

1. CLAIM OF PRIORITY

[0001] This patent application claims priority to European
Patent Application serial number 08 013 706.0 filed on Jul.
30, 2008, which is hereby incorporated by reference in its
entirety.

2. FIELD OF TECHNOLOGY

[0002] The present invention relates to the field of a power
distribution arrangement to connect a multiplicity of loads to
a power source, and a method of distributing power from a
power source to a multiplicity of loads.

3. RELATED ART

[0003] Electrical power sources are by nature limited to a
finite amount of power they can deliver. Connecting multiple
loads to a power source may lead to overload situations where
the power demand from the loads exceeds the maximum
power that can be supplied by the source. One such power
source may be, for example, the power system of a vehicle or
aircraft. In this case, the source is established by one or more
generators and batteries. The loads in such a vehicle may
include motors, actuators, heating, lighting, and electronics.
Depending on the situation different combinations of loads
are applied to the power source. Selecting a power source for
a possible maximum load would be uneconomic and environ-
mentally unfriendly. Otherwise the above mentioned over-
load situations may occur.

[0004] In particular, when taking into account loads at
extreme temperatures or loads with frequently changing
power demands the source may be overloaded. In the case of
aircraft and automotive applications, safety equipment is
more important than comfort equipment. Comfort equipment
like window heating, seat heating, air condition or entertain-
ment equipment requires a lot of power from the power
source, which may cause the source to be operated over its
limit. Therefore, it is necessary to prioritize the loads to
ensure operation of the more important equipment. Some of
the above mentioned components regulate their output power
to the desired level and therefore maintain a constant power
demand from their source, even where the source is already
saturated. Some of those loads may increase their input cur-
rents in case of a decreasing supply voltage such that their
output power and, accordingly, their input power remains
constant. In critical situations other more important compo-
nents (e.g., safety equipment) might suffer from this constant
power demand while the source is already at its limits. In this
case, it is highly desirable to reduce the power of the comfort
equipment for safety reasons.

[0005] Voltage sources are known that regulate the output
current and limit it to a maximum value, for example, at turn
on of power sinks such as power supplies. Other sources are
connected to each other by a control channel to adapt the
current limit. However, adaptation is limited by the transmis-
sion speed of the control channel. The known arrangements
do not respond sufficiently fast to input current transients
under both, normal or start-up conditions. In contrast, safety
equipment is usually built in the hardware to take out any risk
of software crashes and to enable the maximum speed of
reaction to alerts. Therefore, there is a need for an input power
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limiting arrangement for limiting power over a wide fre-
quency range or a short period of time.

SUMMARY OF THE INVENTION

[0006] According to one aspect of the invention, a power
distribution system includes an input connected to a power
source, two or more outputs, each output connected to one of
a plurality of loads, and at least one power limiting unit
connected between the input and one of the outputs is pro-
vided. The power limiting unit includes a power sensor, a
power circuit, a comparison unit, and a control unit. The
power sensor is connected between the input and the particu-
lar one of the outputs, and to measures a representation of the
power supplied by the source to the respective load connected
to the particular one of the outputs. The power circuit is
connected in series to the power sensor, and supplies a regu-
lated electrical output to a respective one of the loads. The
power circuit includes a control element that receives a con-
trol signal. The comparison unit is coupled to the power
sensor to receive the measured representation of the power
supplied to the particular one of the outputs, and compare the
measured representation to a threshold for providing an over-
load signal in case the measured representation exceeds the
threshold. The control unit is connected to the comparison
unit for receiving the overload signal and to the power circuit
for providing the control signal and for limiting the control
signal to a given value in case the overload signal is received.
[0007] According to another aspect of the invention, a
power limiting unit for coupling a power source to at least one
electrical vehicular system is provided. The power limiting
unit includes a power sensor, a comparator, a controller and a
power circuit. The power sensor measures current and/or
voltage supplied to the vehicular system from the power
source, and provides a measurement signal indicative thereof.
The comparator receives and compares the measurement sig-
nal and a threshold signal, and provides an overload signal
where the measurement signal is greater than the threshold
signal. The controller receives the overload signal and pro-
vides a control signal associated with a command to draw less
power. The power circuit includes a control element that
receives the control signal. The power circuit regulates the
supplied current and/or voltage to the vehicular system in
response to the control signal.

[0008] According to another aspect of the invention, a
power distribution system for coupling a power source to a
plurality of electrical vehicular systems which includes first
and second vehicular systems is provided. The power distri-
bution system includes a power management unit and a plu-
rality of power limiting units. The power management unit
provides athreshold signal. Each power limiting unit includes
power sensor, a comparator, a controller, and a power circuit.
The power sensor measures electrical power supplied to one
of'the vehicular systems from the power source, and provides
a measurement signal indicative thereof. The comparator
receives and compares the measurement signal and the
threshold signal, and provides an overload signal when the
measurement signal is greater than the threshold signal. The
controller receives the overload signal and provides a control
signal. The power circuit includes a control element that
receives the control signal. The power circuit regulates the
supplied current and/or voltage to the one of the vehicular
systems in response to the control signal.

[0009] According to still another aspect of the invention, a
method for distributing power supplied by a power source to
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a plurality of electrical vehicular systems is provided. The
method includes (i) measuring a representation of the power
taken by a particular one of the vehicular systems from the
source, (ii) regulating an output power dependant on a control
signal, (iii) comparing the measured representation of the
power taken from the source by the particular one of the
vehicular systems to a threshold for providing an overload
signal where the measured representation exceeds the thresh-
old, and (iv) providing control signals dependant on the
occurring of the overload signal such that the control signal
decreases the output power of the power circuit where the
overload signal occurs.

DESCRIPTION OF THE DRAWINGS

[0010] The invention can be better understood with refer-
ence to the following drawings and description. The compo-
nents in the figures are not necessarily to scale, instead
emphasis being placed upon illustrating the principles of the
invention. Moreover, in the figures, like reference numerals
designate corresponding parts. In the drawings:

[0011] FIG. 1 is a block diagram of an example of a novel
power distribution arrangement;

[0012] FIG. 2 is a block diagram of an exemplary power
limiting unit for use in the power distribution arrangement of
FIG. 1,

[0013] FIG. 3 is a block diagram of a linear voltage regu-
lator for use in the power limiting unit of FIG. 2;

[0014] FIG. 4 is a block diagram of a DC-DC converter as
a power circuit for use in the power limiting unit of FIG. 2;
[0015] FIG. 5 is a block diagram of a switch-mode audio
amplifier as a power circuit for use in the power limiting unit
of FIG. 2;

[0016] FIG. 6 is a diagram illustrating the results of simu-
lations of the power distribution arrangement shown in FIG.
1; and

[0017] FIG. 7 is a diagram illustrating the results of mea-
surements of the power distribution arrangement shown in
FIG. 1.

DETAILED DESCRIPTION

[0018] Referring to FIG. 1, a power distribution system 1
for coupling a plurality of loads, e.g., 2, 3, 4, 5 to a power
source 6 comprises a current sensor 7, a plurality of power
limiting units, e.g., 8, 9, 10, a total-power management unit
11, and a reference voltage source 12. The loads may be any
kind ofload such as ohmic, inductive, and capacitive loads as
well as combinations thereof. The loads may be established
by, e.g., motors, actuators, heating, lighting, electronics, or
the like. The power source 6 may be a power net and comprise
one or more power generators and/or one or more batteries
that are not shown for the sake of simplicity. The power
source may be, e.g., a current source or a voltage source. The
power limiting units 8, 9, 10 limit the power consumed by its
respective load to a certain amount, by decreasing the voltage
and/or the current supplied to its associated load, accordingly.
[0019] Each of the power limiting units 8, 9, 10 includes a
power input 13 coupled to the source 6 through the power
sensor 7, a power output 14 connected to the respective load,
and a threshold input 15 to receive a threshold representing a
value to which the amount of power is to be limited. The
threshold inputs 15 of the power limiting units 8 and 9 are
connected to the total-power management unit 11 that pro-
vides the respective thresholds depending on the total power
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required by the loads 2, 3,4, and 5. The power limiting unit 10
receives a fixed threshold from the reference voltage source
12. In the present example, voltages are supplied to the
threshold inputs 15 of the power limiting units 8, 9, 10 to
define the respective thresholds, but any other kind of signal
is applicable as well.

[0020] In the present example, the highest priority is
assigned to the first load 2, such that it is supplied with all the
power it requires as far as this amount of power can be
provided by the source 6. Second highest priority is assigned
to the fourth load 5 that is supplied with all the power it
requires provided this amount of power is under a fixed limit
set by the threshold and the source 6 is able to deliver this
amount of power. The second and third loads 3 and 4 have
lowest priority and are supplied with each a certain share of
the amount of power that is not required by the first and fourth
loads 2 and 5, respectively, and that evaluated by the total-
power management unit 11 such that the actual power con-
sumed by the loads 2-5 is measured by a power sensor, in the
present example the current sensor 7 but also may be a voltage
sensor under certain conditions, and compared to the maxi-
mum power that can be provided by the source 6. The differ-
ence between the actual and the maximum power is shared in
afixed or dynamically controlled ratio by the second and third
loads 3 and 4.

[0021] FIG. 2 illustrates the power limiting unit 10 for use
in the power distribution system 1 of FIG. 1. The current
sensor 7 (FIG. 1) is connected to the input terminal 13 and
measures the amount of current supplied to the respective
load connected to power output terminal 14 and provides a
representation thereof, e.g., a voltage that is proportional to
the current flowing into the load. This voltage is supplied to a
comparator 17, which compares the voltage representing the
load current and, accordingly, the power consumed by the
load, to a reference voltage that is applied to the threshold
input 15 and that forms a power threshold.

[0022] A controlunit, in the present example a controllable
voltage source 18, is connected to the comparator 17, such
that the reference voltage provided by the voltage source 18 is
dependent on the current measured by the current sensor 16.
The reference voltage provided by the voltage source 18 is
supplied as a control signal to a power circuit 19 that com-
prises a power input terminal 20, a power output terminal 21,
and a control signal input 22. The power circuit 19 may be, for
example, an AC-DC converter, a power factor controller, a
pulse width modulator or, as discussed below with reference
to FIGS. 4, 5, and 6, a linear voltage regulator, a DC-DC
converter or switch-mode power amplifier, respectively.
[0023] Thus, a representation of the power consumed by
the each of the power limiting circuits 8, 9 or 10 together with
one ofthe loads 3, 4, or 5 is measured by the current sensor 16.
The power circuit 19 regulates its output power dependant on
the control signal provided by the voltage source 18. The
control signal depends on an overload signal provided by the
comparator 17 to decrease the output power of the power
circuit 19 in case the overload signal occurs. The measured
representation of the power supplied by the source 6 to the
particular load is compared to a threshold and the overload
signal is provided in case the representation succeeds/ex-
ceeds the threshold.

[0024] Accordingly, the power circuit 19 is connected in
series to the current sensor 16, serving as a power sensor, and
supplies a regulated output voltage or a regulated output
current or both to the respective load. The power circuit 19
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comprises a control element such as the transistors 26, 36, 37,
39 in the power circuits shown in FIGS. 3, 4, and 5, that
receives a control signal. The comparator 17 is coupled to the
current sensor 16 and receives a voltage as a measured rep-
resentation of the power supplied to the particular one of the
outputs and compares this representation to a threshold volt-
age for providing an overload signal in case the representation
succeeds the threshold. The controlled voltage source 18
limits the control signal to a given value, e.g., a certain voltage
when it receives the overload signal from the comparison
unit. The voltage provided by controllable voltage source 18
may be such that the drive transistor(s) is switched off or
clamped to provide a maximum output voltage or current
when the overload signal occurs may be adjusted by a signal
38.

[0025] FIG. 3 is a block diagram of the power limiting unit
19 of FIG. 2. The power input terminal 20 is connected to the
emitter of the transistor 39, whose collector is connected to
the power output terminal 14. The voltage at the power output
terminal 14 is fed back via a voltage divider established by
resistors 44, 45, a differential amplifier 42 connected to a
reference voltage 46, a resistor 41 in the output branch of the
amplifier 42, and a npn bipolar transistor 40 whose emitter
collector path is connected between the base of the transistor
39 and ground. The base of the transistor 40 is further con-
nected to the voltage source 18 through a diode 43 and the
terminal 22. The voltages to be provided by the voltage source
18 in the event an overload signal occurs or not, are such that
it does not influence the voltage provided by the amplifier 42
when no overload is detected. However, in an overload situ-
ation, it is such that the voltage at the base of the transistor 40
is limited to a value that that the transistor 39 is switched off
or clamped.

[0026] FIG. 4 is a block diagram of an exemplary DC-DC
converter establishing a switch-mode power circuit 19 foruse
in the power limiting unit of FIG. 2. Such converter may be of
the boost, buck, or inverter (flyback), push-pull, half-bridge,
full-bridge, Sepic type or a combination thereof. A common
control method, as used in the power circuit 19 of FIG. 4, uses
pulse-width modulation (PWM). In this method, a sample of
anoutput voltage V . ,is taken and subtracted, in a subtractor
23, from a reference voltage V- at the reference terminal 22
to generate an error signal V oz ,x. This error signal V x5z
is compared to a ramp signal Vi ,,,» received from a ramp
oscillator 24 (e.g., a sawtooth oscillator). The comparison
takes place in a comparator 25 outputting a digital signal
Vswrrer that controls the power switch 26 switching an
inductance 27. The alternating voltage at the junction of the
switch 26 and the inductance 27 is rectified by a diode 28 and
a capacitor 29 to generate the output voltage V .. When the
output voltage V 5., changes, the error signal Vzzzor also
changes and thus causes the threshold of the comparator 25
established by the error signal Vzzor to change. Conse-
quently, the output pulse width (PWM) changes. This duty
cycle change then moves the output voltage to reduce the
error signal to zero, thus completing the control loop. Chang-
ing the duty cycle controls the steady-state output with
respect to the input voltage. This is a key concept governing
all inductor-based switching circuits.

[0027] FIG. 5 is a block diagram of a switch-mode audio
amplifier establishing a power circuit for use in the power
limiting unit of FIG. 2. A switch-mode audio amplifier com-
prises an input preamplifier 30, a ramp oscillator 31 (e.g., a
sawtooth oscillator), a comparator 32, and a H-bridge com-
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prising an inverter 33, two MOSFET drivers 34 and 35, and
two output stages 36 and 37, each having two MOSFET
power transistors. The comparator 32 samples a signal
received from the preamplifier 30, with the oscillator fre-
quency determining the duration of the sampling period.
Thus, the oscillator frequency is an important factor in the
overall performance of a Class D amplifier. The preamplifier
30 is supplied with the input signal at the terminal 20 and the
reference signal at the terminal 22. The comparator 32 out-
puts a pulse-width modulated square wave that drives the
H-bridge. The H-bridge then outputs the square wave difter-
entially, and provides a low-impedance source to, e.g., a LC
filter and a loudspeaker (both not shown) as load.

[0028] The current sensors 7, 16 (FIGS. 1 and 2) in the
above examples may be any known type, e.g., current sensors
comprising Hall elements, inductive sensors, resistive ele-
ments (shunts) and the like. The output of such current sen-
sorsis usually a voltage that is easier to handle by the circuitry
connected downstream of the current sensor. The measured
current represents the power consumed by the respective
load(s) assuming that the voltage of the source 6 is essentially
constant. As the voltage output by the current sensor is pro-
portional to the current to be measured, the voltage is a rep-
resentation of the power consumed.

[0029] The measured power consumption is compared to
an adjustable maximum power threshold represented by the
threshold voltage at the terminal 15, in the following com-
parator 17. The maximum power threshold may be adjusted
under control of the total-power management unit 11 using
adequate algorithms. When an overload situation is detected
by the comparator 17 a given stable reference voltage is
applied to the power circuit 19 by the control unit 18. This
reference voltage 22 is equal or lower than the one in the
regular mode (non-overload situation). In some cases the
overload reference voltage may be zero so that the power
circuit 19 is switched off. The reference voltage may also be
linked to the threshold voltage in a certain manner and,
accordingly, be controlled by the total-power management
unit 11. This ensures both, slow software and fast hardware
control of the limiting functionality and transfers the signal
into the dynamics of the control of the power circuit 19.

[0030] Inthe examples illustrated above, the power sensor
is connected upstream of the power circuit, i.e., between the
input terminal and the power circuit, so that the regulation
loop of the power circuit does not include the power sensor
and the comparison unit resulting in a very fast response time.

[0031] Major advantages of the novel arrangement and
method include a fast response time to a given maximum
input energy level; a software independent energy control that
better fulfils safety requirements; an input limitation also for
high frequent energy demands; and a fast recovery time from
overload situations.

[0032] The fast limiting function is activated by an exces-
sive input current being above the specified threshold. The
maximum speed of the limiting function depends on the delay
of the comparison to the threshold.

[0033] As can be seen from FIG. 6, the set point is never
exceeded, although the voltage source is heavily overloaded.
Its simulation results are shown in FIG. 6 where the curve (a)
is a representation of the actual input current, line (b) repre-
sents the adjusted maximum current reference, and curve (c)
shows the reference path to the of the power circuit 19 to
control the power consumed.
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[0034] Measurements on a prototype verified the simula-
tions and are shown in FIG. 7 where curve (d) depicts the
voltage of an overloaded voltage source, curve (f) a current at
apeak load demand, curve (e) the response of the control unit
thereto.

[0035] Referring againto FIG. 1, at least one of the loads 3,
4, and 5 may be a loudspeaker. In particular, the loudspeaker
may be part of a motor vehicle infotainment system. The
respective power circuits 8, 9, and 10 may be of the type
shown in FI1G. 2 having power circuits 19 as illustrated in FIG.
3 or4 and a switch-mode audio amplifier as illustrated in FIG.
5 connected downstream thereof. The respective reference
voltages 22 of the power circuit including in a cascaded
manner the voltage regulator (shown in FIG. 3 or 4) and the
amplifier (shown in FIG. 5) are controlled simultaneously by
the comparator 17 so that, e.g., both the power circuit and the
load are switched off simultaneously and, thus, problems
occurring with different load-source situations are avoided.
[0036] Although various exemplary embodiments of the
invention have been disclosed, it will be apparent to those
skilled in the art that various changes and modifications can
be made which will achieve some of the advantages of the
invention without departing from the spirit and scope of the
invention. It will be obvious to those reasonably skilled in the
art that other components performing the same functions may
be suitably substituted. Such modifications to the inventive
concept are intended to be covered by the appended claims.

What is claimed is:

1. A power distribution system comprising an input con-
nected to a power source, two or more outputs, each output
connected to one of a plurality ofloads, and at least one power
limiting unit connected between the input and one of the
outputs, the power limiting unit comprising:

a power sensor connected between the input and the par-
ticular one of the outputs, and adapted to measure a
representation of the power supplied by the source to the
respective load connected to the particular one of the
outputs;

apower circuit connected in series to the power sensor, and
supplies a regulated electrical output to a respective one
of the loads, the power circuit comprising a control
element that receives a control signal;

a comparison unit coupled to the power sensor to receive
the measured representation of the power supplied to the
particular one of the outputs, and compare the measured
representation to a threshold for providing an overload
signal in case the measured representation exceeds the
threshold; and

a control unit connected to the comparison unit for receiv-
ing the overload signal and to the power circuit for
providing the control signal and limiting the control
signal to a given value in case the overload signal is
received.

2. The arrangement of claim 1, where the power sensor
comprises a current sensor and the measured representation
of the power supplied to the load connected to the particular
one of the outputs is a voltage that is proportional to the
current measured.

3. The arrangement of claim 2, where the comparison unit
compares the voltage representing the current measured to a
threshold voltage.

4. The arrangement of claim 1, where the control signal
provided to the power circuit is a reference voltage.
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5. The arrangement of claim 4, where, in case the measured
representation exceeds the threshold, the value of the control
signal, is lower than in a non-overload mode of operation.

6. The arrangement of claim 1, where the power circuit
comprises a DC-DC converter.

7. The arrangement of claim 1, where the power circuit
comprises a switch-mode power amplifier.

8. The arrangement of claim 1, where the regulated elec-
trical output of the power circuit is set by the control signal in
case of an occurrence of an overload signal to a value below
the power represented by the threshold.

9. The arrangement of claim 1, where at least two power
limiting units are connected between the input and each of the
at least two power limiting units uniquely therewith; each
power limiting unit having a particular threshold correspond-
ing to characteristics of the respective load and a priority
assigned to the load.

10. The arrangement of claim 1, further comprising a
power management unit that provides the threshold to the
power limiting units.

11. The arrangement of claim 10, where the power man-
agement unit evaluates the total power supplied by the power
source and sets the thresholds according to the priority and the
power available.

12. The arrangement of claim 9, where the thresholds are
fixed.

13. The arrangement of claim 1, where the control signal is
such that the control element is switched off.

14. The arrangement of claim 1, where the power sensor is
connected electrically upstream of the power circuit.

15. A method for distributing power supplied by a power
source to a plurality of electrical vehicular systems, compris-
ing:

measuring a representation of the power taken by a par-
ticular one of the vehicular systems from the source;

regulating an output power dependant on a control signal;

comparing the measured representation of the power taken
from the source by the particular one of the vehicular
systems to a threshold for providing an overload signal
when the measured representation exceeds the thresh-
old; and

providing control signals dependant on the occurring of the
overload signal such that the control signal decreases the
output power of the power circuit where the overload
signal occurs.

16. A power limiting unit for coupling a power source to at
least one electrical vehicular system, the power limiting unit
comprising:

a power sensor that measures current and/or voltage sup-
plied to the electrical vehicular system from the power
source, and provides a measurement signal indicative
thereof;

a comparator that receives and compares the measurement
signal and a threshold signal, and provides an overload
signal when the measurement signal is greater than the
threshold signal;

a controller that receives the overload signal and provides
a control signal associated with a command for less
electrical power; and

apower circuit that includes a control element that receives
the control signal, which power circuit regulates the
supplied current and/or voltage to the vehicular system
in response to the control signal.
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17. The power limiting unit of claim 16, where the power
circuit comprises a DC-DC converter.

18. The power limiting unit of claim 16, where the power
circuit comprises a switch-mode power amplifier.

19. The power limiting unit of claim 16, where the power
circuit is configured to maintain the supplied current and/or
voltage below the threshold signal where the measurement
signal is greater than the threshold signal.

20. A power distribution system for coupling a power
source to a plurality of electrical vehicular systems which
includes first and second vehicular systems, the power distri-
bution system comprising:

a power management unit that provides a threshold signal;

and

aplurality of power limiting units each uniquely associated

with one of the plurality of electrical vehicular system,

each unit comprising

a power sensor that measures electrical power supplied
to the associated one of the electrical vehicular sys-
tems from the power source, and provides a measure-
ment signal indicative thereof;

a comparator that receives and compares the measure-
ment signal and the threshold signal, and provides an
overload signal when the measurement signal is
greater than the threshold signal;

a controller that receives the overload signal and pro-
vides a control signal; and

a power circuit that includes a control element that
receives the control signal, which power circuit regu-
lates the electrical power to the one of the vehicular
systems in response to the control signal.
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21. The power distribution system of claim 20, where the
power circuit comprises a DC-DC converter.

22. The power distribution system of claim 20, where the
power circuit comprises a switch-mode power amplifier.

23. The power distribution system of claim 20, where the
plurality of power limiting units includes first and second
power limiting units, and where the threshold received by the
comparator in the first power limiting unit is different than the
threshold received by the comparator in the second power
limiting unit.

24. The power distribution system of claim 20, further
comprising a total power sensor that measures electrical
power collectively supplied to the plurality of vehicular sys-
tems from the power source, and provides a total measure-
ment signal indicative thereof.

25. The power distribution system of claim 24, where the
power management unit sets the thresholds received by the
comparators in the power limiting units according to priority
assigned to each of the power limiting units and the total
measurement signal.

26. The power distribution system of claim 24, where the
total power sensor is located upstream of the power circuits in
the power limiting units.

27. The power distribution system of claim 20, where the
power management unit provides a threshold signal to each
power limiting unit.

28. The power distribution system of claim 27, where at
least one of the threshold signals is fixed.

sk sk sk sk sk
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plied to the controllable element. The control unit is
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CONTROLLABLE CIRCUIT

CLAIM OF PRIORITY

[0001] This patent application claims priority to European
Patent Application serial number 07 021 329.3 filed on Oct.
31,2007.

FIELD OF THE INVENTION

[0002] This invention relates to control circuits, and in par-
ticular to switch-mode power circuits.

RELATED ART

[0003] Switch-mode power circuits generate a broad band
spectrum due to their high speed signals. Such broad band
spectral components can disturb other electronic equipment
like receivers used in communication systems. Approaches to
lower high frequency signal contents in switch-mode power
circuits lead to extensive filter components and shielding. The
filter components are bulky, expensive and dissipative due to
the need to be designed for high voltage and current levels.
The implementation of shielding is difficult as the mechanical
efforts need to be combined with electrical isolation due to
different electrical potentials on various conductive elements
of power components. Consequently, compromises are made
between good thermal design and good electrical design.
[0004] There is a general need to improve switching power
circuits for the reasons outlined above.

SUMMARY OF THE INVENTION

[0005] A switch-mode power circuit comprises a control-
lable element and a control unit. The controllable element
controls a current in response to a control signal provided by
the control unit. The control unit comprises a first signal
processing unit, a second signal processing unit, and a com-
binerunit. The first signal processing unit has an output and is
supplied with a first carrier signal and an input signal. The
second signal processing unit has an output and is supplied
with a second carrier signal and the input signal. The com-
biner unit is connected to the first and second signal process-
ing units combining the outputs of the first and the second
signal processing units to form a signal representative of the
control signal.

DESCRIPTION OF THE DRAWINGS

[0006] The invention can be better understood with refer-
ence to the following drawings and description. The compo-
nents in the figures are not necessarily to scale, instead
emphasis being placed upon illustrating the principles of the
invention. Moreover, in the figures, like reference numerals
designate corresponding parts. In the drawings:

[0007] FIG. 1 is a block diagram illustration of a switch-
mode power circuit;

[0008] FIG.2 is a diagram showing a comparison between
a single carrier modulated signal and a multi carrier modu-
lated signal;

[0009] FIG. 3 is a block diagram illustration of an ORed
multi carrier modulator arrangement;

[0010] FIG. 4 is a block diagram illustration of an ANDed
multi carrier modulator arrangement;

[0011] FIG.5 shows simulation results of ORed MCM with
two carriers;
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[0012] FIG. 6 shows simulation results of ORed MCM with
three carriers;
[0013] FIG. 7 shows the statistical distribution of ones and

zeros in OR and AND operations;

[0014] FIGS. 8A-8F show waveforms and spectra of a
known single carrier modulation;

[0015] FIG. 9 shows waveforms and spectra of an ORed
multi carrier modulation;

[0016] FIG. 10 shows waveforms and spectra of an ANDed
multi carrier modulation;

[0017] FIG. 11 is a block diagram illustration of a circuit
arrangement that switches after each output pulse between
ORed modulation and ANDed modulation;

[0018] FIG. 12 shows waveforms and spectra of the two-
carrier modulation arrangement of FIG. 11;

[0019] FIG. 13 is a block diagram illustration of a circuit
arrangement that switches dependant on a master carrier; and
[0020] FIG. 14 shows waveforms and spectra of the two-
carrier modulation arrangement of FIG. 13.

DETAILED DESCRIPTION

[0021] FIG. 1is ablock diagram illustration of an example
of'a switch-mode power circuit comprising, as a controllable
element, a controllable switch 1 that switches a current
through a load 2 dependant on a control signal p supplied to
the switch 1 by a control unit 3 connected to the switch 1. The
switch 1 may be, for example, a transistor such as a bipolar
transistor, a MOS field effect transistor or other suitable tran-
sistors. In other examples, the control signal and an inverted
control signal may control an array of switches 1, 100, for
example, configured in a half bridge or a full bridge arrange-
ment. The load 2, for example, may be a coil of a switched
power supply, a voice coil of a loudspeaker, an ohmic load
provided by a heating element, or other suitable switch-mode
power circuits. The control unit 3, for example, comprises, as
a signal processing unit, a modulator arrangement. In one
example, the modulator arrangement is configured as a fre-
quency or pulse width modulator arrangement providing a
signal p whose frequency or pulse width is dependant on a
modulation signal r. The modulation signal r, supplied to the
control unit 3, forms an input signal illustrated in equation 1:

r=a(y-x)

where x is a modulation signal and y is a rectangular signal
that is supplied to the load 2 and forms a carrier signal clock-
ing the switch-mode power circuit. In other examples, the
signal p or the inverted signal p is also supplied to the at least
one additional switch 100 switching a load 200. In a further
example, where the switches 1,100 are configured in a bridge
circuit, the switch 100 may also switch the load 2.

[0022] Conventional switch power circuits comprise
modulator arrangements that use no carrier or only one carrier
signal to be, for example, frequency modulated or pulse width
modulated (PWM). These conventional switch power circuits
create high frequency (HF) bands at multiples of the carrier
frequency and their sidebands. Whereas, the disclosed
arrangements use at least two carriers with different frequen-
cies resulting in multiple HF bands, which in some examples
may overlap. Such modulator arrangements are referred to as
multi-carrier modulators (MCM) in the following descrip-
tion. The carriers are fed into different modulators and com-
bined with a reference signal r. To drive a power switch, for
example a transistor, the outputs of the several modulators are
combined into a resulting bit stream. Examples of combina-
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tions of two or more modulators and their attributes are
described below, whereby comparators serve as modulators.
In examples having more than two modulators, the AND or
OR gates may have more than two inputs.

[0023] A simpledecision rule may be an OR operation or an
AND operation of the comparator outputs. In one example,
the rules that determine whether the output of the modulator
arrangement is low or high in the time domain are illustrated
in equation 2 as follows:

p=1ifr<carl or r<car2
p=0else
p=1ifr<carl & r<car2

p=0else

[0024] where p is the bit-stream output, r is the reference
signal and carl and car2 are the two carrier signals. However,
the arrangement is not limited to two carriers. In other
examples, the directions of the inequality can be changed,
resulting in a phase shift of 180°.

[0025] FIG. 2 is a diagram illustrating a comparison
between a single carrier modulated signal and a multi carrier
modulated signal combined with an OR. The modulation
signal, for example at a frequency f of 2 Hz, maintains its full
amplitude A while the carriers and its sidebands have an
amplitude half of A when using multi-carrier modulation
(MCM) such as an ORed (i.e., combined by an OR operation)
multi carrier modulation instead of a single-carrier modula-
tion such as, for example, a known natural sampled, double
side modulated pulse width modulation (NADD). In this
example, the ORed MCM has twice as many peaks as the
NADD. The intermodulation between the two carriers and
their side bands define an additional spectral component. In
some examples, the intermodulation is beneficial because
energy may be put into a band where communication systems
available in the market do not operate, for example, base-
bands of cellular phones have cut-off frequencies below this
frequency range. The utilization of this out-of-band inter-
modulation (OIM) band can be adjusted by the distance of the
two carriers in frequency and/or the bandwidth around them.

[0026] FIG. 3 is a block diagram illustration of an example
of an ORed MCM arrangement using comparators 4, 5 as
modulators and standard diodes 6, 7 operated as wired OR
gates. The comparators 4, 5 each have two inputs and an
output, where the inputs of each comparator are supplied with
the reference signal r and one of the carrier signals carl, car2,
respectively. The signal r may have any kind of waveform and
signals carl, car2 may be, for example, sinusoidal signals.
The outputs are OR wired by diodes 6, 7 such that the cath-
odes of the diodes 6, 7 are connected together forming an
output for the control signal p. The example in FIG. 4 differs
from the example in FIG. 3 in that the diodes 6, 7 have
opposite polarities (i.e., the anodes are connected together
forming an AND gate) and that the carrier signals carl, car2
have a triangular waveform. Where, in the examples in FIGS.
3 and 4, the voltage drop across the diodes 6, 7 is disadvan-
tageous, the signal can be retriggered with a driver 8 (e.g., a
Schmitt trigger, inverter, comparator, amplifier, etc.) con-
nected downstream of the OR gate or the AND gate estab-
lished by diodes 6 and 7. Pull-up or pull-down resistors, after
the diode logic, may be applied dependent on the input
attributes of the following stage.
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[0027] FIG. 5 illustrates the results of a simulation using
models of the particular physical components which match
the calculation results illustrated in FIG. 2. The signal was
retriggered in this simulation as shown in FIGS. 3 and 4. The
ORed and the ANDed MCMs may be extended to N carriers,
where N is an integer number. For each additional carrier, the
peaks of the fundamentals are lowered by a=1/N, while the
number of peaks increase by N.

[0028] FIG. 6 illustrates the behaviour of an example of a
switch-mode power circuit when increasing the number of
carriers to three. Both ANDed and ORed MCMs generate a
direct current (DC) offset. The offset results from the statis-
tical distribution of highs and lows in the two logical opera-
tions shown in the truth tables in FIG. 7. In the present
example, a XOR logic operation has a 50% occurrence result-
ing in no DC offset. However, the XOR has 50% redundancy
in its truth table due to its symmetry, where the symmetry
results in a doubling of the frequency of the modulation signal
at the output. This is for some applications less desirable.
Both, ANDing and ORing MCMs have an adequate amount
of second order total harmonic distortion (THD2nd). These
modulator topologies are adequate, due to low complexity,
for power supplies with low line and load regulation
demands. Amplifiers with low distortion demands and high
EMI requirements may also benefit from these modulation
schemes.

[0029] FIGS. 8A to 8F illustrate examples of waveforms
and spectra in a single carrier modulation. FIG. 8A illustrates
the waveforms of signals r, p and y for a sinusoidal stimula-
tion r. FIG. 8C illustrates the spectrum of a waveform of
signals p as illustrated in FIG. 8A on a linear frequency scale.
FIG. 8E illustrates the spectrum of a waveform of signals p as
illustrated in FIG. 8A on a logarithmic scale. FIG. 8B illus-
trates the waveforms of signals r, p and y for two superim-
posed sinusoidal stimulations of r. FIG. 8D illustrates the
spectrum of a waveform p as illustrated in FIG. 8B on a linear
frequency scale. FIG. 8F illustrates the spectrum of a wave-
form of signals p as illustrated in FIG. 8B on a logarithmic
scale. In some examples, it may be desirable that no spectral
component occur other than the reference signal r supplied to
the modulator in the audio band, for example between 20 Hz
and 20 kHz.

[0030] FIGS.9 and 10 illustrate waveforms and spectra for
ANDed and ORed multi carrier modulations, respectively. In
the spectrum of the signal p that controls a transistor 19, the
frequency of the reference signal r has the same amplitude as
in a single carrier system. However, the amplitude of higher
frequency components is reduced by half.

[0031] Another approach to cancel the undesired DC
effects of ORing and ANDing, as described above, is to
switch after each resulting pulse between the ORed PWM
result and the ANDed PWM result. An example of a circuit
arrangement implementing the aforementioned technique is
illustrated in FIG. 11. An MCM arrangement comprises com-
parators 10, 11 as modulators and standard AND gates 12,13,
14 and OR gates 15, 16. The comparators 10, 11 each include
two inputs and an output where the inputs of each comparator
are supplied with the reference signal r and one of the carrier
signals carl, car2, respectively. The outputs are fed into an
OR gate and into an AND gate by gates 12 and 15.

[0032] The example in FIG. 11 further comprises a sam-
pling element 9, having a clock input >, a data input D, an
output Q1 and an inverted output Q2. The data input D of the
sample element 9 is supplied with a signal from the inverted
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output Q2 ofthe sample element 9. The inputs of AND gate 13
are connected to the outputs ofthe sampling element 9 and the
AND gate 12. The inputs of AND gate 14 are connected to the
outputs of the sample element 9 and the OR gate 15. The
inputs of OR gate 16 that provides the load signal y are
connected to the outputs of the AND gates 13 and 14.
[0033] The sampling element 9, for example, a D-type flip-
flop, alternately allows only one of the ORed PWM and the
ANDed PWM to pass. For further lowering ot high frequency
peaks according to equation 2, ORing and ANDing PWM;s
can have multiple inputs coming from multiple comparators,
where each input has its own carrier. In some examples,
applying an OR-ANDed MCM causes the DC as well as the
second order harmonic distortion THD2nd to vanish. How-
ever the OR-ANDed MCM may increase the third order har-
monic distortion THD3rd. Additionally, the gain of such
arrangement is higher than 1.

[0034] FIG. 12 illustrates examples of waveforms and
spectra of the two-carrier modulation arrangement in FIG. 11.
The high frequency peaks are suppressed and the intermodu-
lation frequency is reduced to zero. The side bands have a
distance from the carrier that is equal to the frequency of the
reference signal r. OR-ANDed MCM can be used for switch-
mode power supplies as well as amplifiers or any other kind of
PWM driven application because there is no DC component
in the spectrum. The intermodulations in the audio band (e.g.,
20 Hz-20 kHz) resulting from, for example, two sinusoidal
carrier signals are reduced so that this type of switch-power
circuit can also be used in frequency converter applications,
for example, to convert a 400 Hz aircraft power supply to a 50
Hz or 60 Hz in audio applications.

[0035] FIG. 13 illustrates an example of a Master-Slave
(MS) MCM that includes a master carrier and one or more
slave carriers where the slope of the master carrier determines
whether the ORed MCM or the ANDed MCM is passed into
the single bit stream forming the signal p. The arrangement in
FIG. 13 differs from the arrangement illustrated in FIG. 11 in
that the sample element is substituted by a differentiating
element 17 that is supplied with carrier carl (master carrier)
and provides a differentiated signal to AND gate 13 and an
inverted (by means of an inverter 18), differentiated signal to
AND gate 14, via the inverter 18. In other examples, instead
of differentiating the carrier signal carl, a differentiated car-
rier signal may be used that is supplied to the comparator 10
via an integrator. This arrangement allows for a very high
linearity while still lowering the complete out-of-band spec-
trum as illustrated in FIG. 14. This arrangement is capable of
driving any kind of PWM system, including high-class
switch-mode, for example audio, power amplifiers and power
supplies.

[0036] The multi-carrier modulation lowers the amplitude
of the whole spectrum of a switch-mode modulator while
keeping the in-band performance, uses more frequencies and
is relatively easy to implement and therefore it saves cost,
space, and complexity in switch-mode power circuits.
[0037] Although various exemplary embodiments of the
invention have been disclosed, it will be apparent to those
skilled in the art that various changes and modifications can
be made which will achieve some of the advantages of the
invention without departing from the spirit and scope of the
invention. It will be obvious to those reasonably skilled in the
art that other components performing the same functions may
be suitably substituted. Instead of comparators, for example,
multipliers or differential amplifiers may be used as modula-
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tors. Further, the methods of the invention may be achieved in
either all software implementations, using the appropriate
processor instructions, or in hybrid implementations that uti-
lize a combination of hardware logic and software logic to
achieve the same results. Such modifications to the inventive
concept are intended to be covered by the appended claims.

What is claimed is:

1. A circuit comprising:

a controllable element that controls a load current in
response to a control signal supplied to the controllable
element; and

a control unit connected to the controllable element and
providing the control signal, the control unit comprising
a first signal processing unit having an output and sup-

plied with a first carrier signal and an input signal;

a second signal processing unit having an output and
supplied with a second carrier signal and the input
signal; and

a combiner unit connected to the first and second signal
processing units combining the outputs of the firstand
the second signal processing units to form a signal
representative of the control signal.

2. The circuit of claim 1, where the controllable element
comprises a controllable switch configured to switch the load
current on and off dependant on the control signal and where
the combiner unit comprises a logic unit that combines the
outputs of the first and the second signal processing units to
form a binary signal representative of the control signal.

3. The circuit of claim 2, where the logic unit provides at
least one of an OR operation, an AND operation and an
OR-AND operation.

4. The circuit of claim 3, where

the logic unit further comprises a first AND gate, a first OR
gate and a second OR gate, each gate having at least two
inputs and an output;

the inputs of the first AND gate and the first OR gate are
each coupled with the outputs of the first and the second
signal processing units; and

the outputs of the first AND gate and the first OR gate are
coupled with the inputs of the second OR gate, the
second OR gate having an output providing the control
signal.

5. The circuit of claim 4, where

one of the first and the second carrier signals is a master
carrier signal having a slope; and

the output of at least one of the first AND gate and the first
OR gate provides the control signal that is a function of
the slope of the master carrier signal.

6. The circuit of claim 4, where

the logic unit further comprises a second AND gate and a
third AND gate, each gate having two or more inputs and
an output;

the second AND gate is supplied with a differentiated
master carrier element and the output of the first AND
gate;

the third AND gate is supplied with an inverted differenti-
ated element and the output of the first OR gate; and

the second OR gate is connected to the outputs of the
second and the third AND gates, the second OR gate
providing the control signal.

7. The circuit of claim 6, where the control signal further

comprises alternating pulses from the first OR gate and the
first AND gate.
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8. The circuit of claim 7, where

the logic unit further comprises a second AND gate, a third
AND gate, and a sample element, each gate and the
sample element having one or more inputs and an out-
put;

one input of the sample element is supplied with an

inverted output signal of the sample element;

the second AND gate is connected to the outputs of the

sample element and the first AND gate;
the third AND gate is connected to an inverted output of the
sample element and the output of the first OR gate; and

the second OR gate is connected to the outputs of the
second and the third AND gates and provides the control
signal.

9. The circuit of claim 2, where each of the first and the
second signal processing units further comprise comparators,
each comparator having inputs and an output, the inputs sup-
plied with the input signal and one of the carrier signals.
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10. The circuit of claim 2, where the first and the second
signal processing units are adapted to generate pulse width
modulated signals.

11. The circuit of claim 1, where the first and the second
carrier signals have at least one of a rectangular, a sinusoidal,
and a triangular waveform.

12. The circuit of claim 11, where the first and the second
carrier signals are clock signals having a rectangular wave-
form.

13. The circuit of claim 1, where the first carrier signal
frequency is different than the second carrier signal fre-
quency.

14. The circuit of claim 1, where the controllable element
comprises a transistor.

15. The circuit of claim 1, where the signal processing unit
comprises a modulator.

sk sk sk sk sk
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B.12 Internal Report: Curent Driven Power Stages

Internal Report: Current Driven Power Stages, Technical University of Den-
mark, DTU 92501-10, 2010, linked to chapter 6



Internal Report: Curent Driven Power Stages an output filter, comprising an inductor and a capacitor. The load
is shown as a loudspeaker as one particular implementation of this
© Arnold Knott, Technical University of Denmark & circuit topology. The switches; and S are alternating closed in
© Michael A.E. Andersen, Technical University of Denmark a manner that they are never both closed at the same time. This
way, it is either the voltage of the upper voltage source or the lower
Abstract—This documentation describes two current driven power voltage source, which is applied across the output filter and load

stages to convert power from one or more current sources inta regulated Network. By controlling the time intervals, for applying either one of
load current or voltage. One special application is to ampliy an audio the source voltages through the switches to the filter and load, the
signal to drive a loudspeaker, where the power is taken from e or  desired averaged output signal can be adjusted.

more current sources. The function of the topologies is desbed. The

component stresses are derived and an efficiency estimatig given. The

concept is proofed by waveforms through experimental restl

I. INTRODUCTION Fig. 1 Principal schematic of a voltage driven power stage (VDP) in

Traditional power stages of converters are driven by voltage ssurdlf bridge buck configuration.
(VDP) as shown in sectioff]ll. All of those topologies (like buck,
boost, flyback, push-pull, half bridge, full bridge, SEPIC at al.)
carefully avoid shorting their energy source. On the output side,
they conventionally provide a voltage to a load. In very special
cases it is less desired to have a controlled output voltage ratjfer
than a controlled output current. One of those are audio power
amplifiers. Their loads are transducers which use the current to create

a force moving air masses and therefore generate sound pressure. S
The transfer function from the electrical into mechanical parameters
is given by equatiof T]1. @

® L

Equation 1.1 Force of a transducer

F=Bl1

In this equationBl is given by the transducers parameters as
magnetic field B and displacement to generate the forcé” by
means of electrical currertthrough the voice coil.

To best serve this characteristic of transducers it is desirable to build | |
amplifiers which are supplying a controlled current to the speaker | |
and to further ease the current processing by the power stage of the
amplifier it is desirable to supply this stage with current instead of S
voltage.

Section[dll shows examples of realizing such current driven powgr
stages and explains there operations. Sedfidn IV elaborates on|the
differences between voltage and current driven power stagesgVD
and CDPs) including the requirements on the components followed
by a description of possible fault handling and the ease to handle them
in CDPs. It includes a quantitative comparison on the filter design
criteria revealing further advantages of CDPs and finally naming the
differentiators of the novel family of circuit configurations to existing
state-of-the art. Sectidn]V presents experimental results from one of
the explained stages. Rounding up, sedfidn VI sums the characteristics
of the novel derived topologies current driven power stages (CDP)
up and concludes the description with a brief summary.

An extension is shown in figufd 2. It saves one voltage source and
Il. VOLTAGE DRIVEN POWER STAGE (VDP) TOPOLOGIES applies the only remaining voltage source alternatively to the left and

The state of the art converter topologies are operated from volt [ight side qf the Ioa(_j utilizing_two of_the above named output filters.
sources. This section will give a short overview of a half bridge an rough this operation, the differential voltage across the load can be

a full bridge buck-type converter and boost-type converters. controllf_ed i_n the same manner as stat_ed above. The basic operation
of the circuit closes switcheS; and.S, simultaneously to apply one
) polarity across the load and closes switcBesand.S3 accordingly to
A. Buck \oltage Driven Power Sages (VDP) apply the other polarity across the load. An extension of the principal
A commonly known circuit configuration for various applications of operation is, to close either switchés and Ss; or S2 and S,
like efficient power regulators and audio power amplifiers - is showsimultaneously, to apply neither one of the polarities and still keep a
in figure[d. It consists of two voltage sources, two switches arfteewheeling path for the inductors.
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Fig. 2 Principal schematic of a voltage driven power stage (VDP) iRig. 4 Principal schematic of a voltage driven power stage (VDP) in
full bridge buck configuration. full bridge boost configuration.
p:

T (000

51 53
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Both of those circuit configurations are capable of applying volt- The averaged output voltage of the two boost-derived circuit
ages up to the supply voltage across the load. The average voltggologies are hyperbolically dependent on the turn-on times of the
across the load is proportional to the turn-on times of the switcheswitches.

To adopt for current sources as the energy input of the converter
changes can be made to the traditional converters. The following list
is documenting them:

M\

« [1] is showing the operation of a voltage driven power stage as
a current source representation.

o [2] is demonstrating how to rework a voltage driven isolated
Another way of combining voltage sources, filter elements and power stage to be used for current sources.

loads is, to put the switch configuration between the energy storinge [3] turns the current source into voltage sources by adding a

components, comprised through the inductor and the capacitor as capacitor at the input. By these means a voltage driven power

shown in figuréB. The switches are operated alternating again, where stage can be used after the capacitor.

at no instance of time both of them are turned on simultaneously. As | found by th h hich directl
long as switchS; is turned on, the inductor is getting magnetizetjj\IO topology was found by the authors, which can directly convert

and the load is discharging the capacitor. When swighs turned energy from a current source. This challenge will be solved in section

on, the inductor is freewheeling (demagnetizing) and charging
capacitor. The inductor current might or might not reach zero during
that operation condition. This configuration only allows for voltages
across the load, which are bigger than the voltage of the only source. |

B. Boost \Voltage Driven Power Stages (VDP)

CURRENTDRIVEN POWER STAGE (CDP) TOPOLOGIES

Fig. 3 Principal schematic of a voltage driven power stage (VDP) in Basically two different topologies of voltage driven buck converters
half bridge boost configuration. have been used so far in the art for driving a transducer: half ksidge

_(mm and full bridges. Both of those topologies can be converted into
* * current driven power stages (CDP). The first part of this section
accomplishes the schematics and functions of those two converter
types as well as there basic functionality. The second section ex-
1 plores the same interest for a rarely in audio amplifiers used boost

51 T converters. This forms a new set of circuit topologies enabling the

use of current sources to be directly applied to a given load under

regulated conditions.

A. Buck derived Current Driven Power Stages (CDP)
The same extension as in the buck derived topologies in section

[[=Alcan be applied to boost derived topologies. The resulting circuit Figure[% shows the half bridge current driven power stage. It
is shown in figure[4. The number of inductors, capacitors armbmprises a set of switches applying the current of two current
switches doubles also here. The basic operation of one set of circsitsirces to the output filter and the load. The output filter is formed
is the same as in the half bridge configuration, while the voltad®y an inductor and a capacitor. The load is shown as a loudspeaker
across the load is again the differential voltage across the resisamain, as one of its possible applications is an audio amplifier without
This way also voltages lower than the input voltage can be achievéabse of generality. When either one of the switches is open, the
Again here the two sets of switches can be operated synchronizedrent from the source, parallel to this switch, is flowing through
or uncorrelated allowing for a total number of 4 different conductiothe output filter and the load. By turning the other switch off, the
paths under the premise th&t and S2 as well asSs and S, are opposite polarity of current can be applied to the same circuit. Both
never turned on simultaneously. switches must not be turned off simultaneously.

©Arnold Knott et.al., Technical University of Denmark page 2 [6
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Fig. 5 Principal schematic of a current driven power stage (CDP) ibnfiguration of load and inductor as soon as swisthis opened.

half bridge buck configuration. Through this operation the current flowing through the load is equal
or higher than the current of the source. Both switches must not be
turned off simultaneously.
(000
L
|
[
S, S, Fig. 7 Principal schematic o_f a current driven power stage (CDP) in
half bridge boost configuration.
S1

Another implementation allowing for both signal polarities through |
the load is, using twice as many output filter elements, twice as many
switches but only one current source. This corresponds to a turren
driven power stage (CDP) in full bridge configuration as shown i
figure[@. The conduction path for the first polarity of load current 1
through the closed switches and.Ss. Accordingly the other polarity T
is applied through closing switchés and Ss. All four switches may
be closed simultaneously, however opening all of them at the same
time is not desired. Additionally the power stage can be operated in Sa
a manner, that no signal is delivered to the load by either claSing
and Sz or Se and Sy simultaneously. %

Fig. 6 Principal schematic of a current driven power stage (CDP) in
full bridge buck configuration.

NEEM

2 4

@ As the load current can only be equal or greater than the source
. . current in the half bridge configuration, a circuit is desirable, which

B(.)th of those configurations allow load .currents up the curreegn provide also lower currents than the source current through the
provided by the sources. When cqntrolled ".1 an on off man.ner, tFo?ad. The full bridge current driven power stage (CDP), providing
average current through the load is proportional to the off-times ol

. is ability, is shown in figur@l8. It consists of twice as many filter
the switches. v qurél] Y

components and switches as the half bridge. The two switch pairs
S1 andS» as well asS; and.S, must not be opened simultaneously.

B. Boost derived Current Driven Power Sages (CDP) Both of those pairs can however be operated independent or corre-
Splitting the output filter components, utilizing their energy storagated. OpeningS: (or Ss respectively) allows charging the capacitor
ability and controlling them by switches placed in between of theweonnected to the respective switch from the current source. During
allows the realization of boost-derived current driven power stag#ss time the according inductor load path can freewheel through

(CDP). The half bridge version is shown in figlile 7. Opening switch, (or Ss respectively). Closing: (or S3) and openingSz (or S4)

S1 charges the capacitor from the current source. During this tinalows both, the current from the source as well as the stored charges
switch Sz must be closed to provide a freewheeling path for thim the capacitor to flow through the load. As the stored energy in the
inductor. Closing switcht; provides now both, the current from thecapacitors are of opposite polarity the output current polarity can be
current source as well as the charges form the capacitor to the secestrolled in either direction.

©Arnold Knott et.al., Technical University of Denmark page 3 [6
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Fig. 8 Principal schematic of a current driven power stage (CDP) . Protection
full bridge boost configuration.

o The protection circuitry is a major difference between the type

of power stage in use: while voltage driven power stages (VDPSs)
require bidirectional current sensing in the power path, the current
driven power stages (CDPs) need to measure a voltage. While the
first approach required power components, the second one can dea
with common and cheap small-signal circuitry. A fast reacting and
cheap comparator can be used to sense the voltage level across each
switch and differentially across the output filter and take action to
prevent destruction in case of overload.

L ¢ g D. Quantitative Improvement

Another significant difference between the voltage and current
S2 Sa driven half bridge power stage is the physical size of its output filter
components. Comparing capacitors and inductors, it turns out, that
S1 S; al pH inductor is always bigger than & pF capacitor. As the
filter for most applications needs to be a low pass and the quality of
the filter is comprised by stability requirements on the converter in
case of a regulated output, the choice of induditcand capacito”’
value is set for a given load resistanBe

This section is deriving the values for the output filter components
for a given quality factor and resonance frequency in both, voltage
driven and current driven power stage configurations. The two filter

The average current through the load is hyperbolically dependé@nfigurations are given in figufé 9 ahd] 10 respectively.
on the turn-off times of the switches.

IV. PERSPECTIVE Fig. 9 Output filter for half bridge voltage driven power stage (VDP).

The different approaches to provide energy to a given - either L,
through voltage driven power stages (VDPS) or current drivenepow
stages (CDPs) gives different criteria for the design of the circuit.
This section will put them into perspective with respect to component
requirements and protection circuitries. For some applications one or
the other is preferable for implementation. The qualitative advantages
for the current driven power stages (CDPs) will be shown andps (O — R|: Vout
their novelty factor will be given. The characteristics in this section
focus on the comparison of the respective buck-derived half bridge
configurations without loose of generality.

A. Component Requirements

The voltage driven power stage (VDP) in half bridge buck-derived
configuration requires switches, which can withstand the voltage C{f
both voltage sources simultaneously, as it is applied to either one™0
them, when the other one is turned on. Either one of the switch
has to carry the desired maximum load current.

In the current driven power stage (CDP) in half bridge buck-ddriv

The corresponding transfer function for the voltage driven power
ges (VDPs) output filter from figuké 9 is given in equafionliV.1.

Equation V.1 Transfer function of the voltage driven power stages
e(VDPs) output filter

configuration, either of the switches has to carry the sum of the H (s) Vot 1
: H §) = —— =
current sources current as both of them will flow simultaneously 41,8 Vo 1 +§% ¥ 2L.Co

through one switch if the other one is turned off. The voltage stress
on either of the switches is equal to the maximum desired voltage
across the load. . . . . .
New advances in semiconductor technology, for example silic _This leads to the damping. and time constarif’, as in equation
carbide, fit well with the current driven power stage. Another p&rsp((lﬂz“_z1
tive in semiconductors is the fact that small-signal stages in integra‘ﬁéfuation IV.2 Damping factord, and time constanT,, for voltage
analogue electronics are preferably controlled by current sourbes. driven power stage (VDP) output filters

here described circuits allow the same principles to be used in large:
signal integrated circuits as well.

L

do = ﬁ c
B. Current Sources T, = L.C
A current source can either be a natural source, like a solar panel,
or any type of power supply regulating its output current instead of
its output voltage. In many supply topologies, this can remove bulky The respective transfer function for the current driven powerestag
output capacitors and shrink the size of the supply. (CDPs) output filter as shown in figue]10 is given in equalion]IV.3.

e |2

<

©Arnold Knott et.al., Technical University of Denmark page 4 [6
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Fig. 100utput filter for half bridge current driven power stage (CDP). Taking a very typical configuration of an audio power amplifier into

4 account, the components can be compared numerically as shown in
tablel]
I
L; TABLE | Exemplary component values for a typical Class-D audio
amplifier
] component VDP CDP
vlout resistor 40 40
inductor 20 uH 7.5 uH
capacitor 470 nH 1.25 pF
G
This comparison shows that the inductor shrinks in value and
size, while the capacitors value increases. When taking into account
that the inductors are in general bigger in size and weight than
|: capacitors, this is very advantageous for compact and light weight
designs, which is a common desire in electronics. Table 1l shows an
exemplary size comparison from commercially available components
for a 100 W amplifier (delivering10 A peak current a0 peak
° output voltage, which is giving the component stress).
TABLE Il Exemplary filter size comparison
Equation V.3 Transfer function of the current driven power stagels component VDP CDH
(CDPs) output filter inductor 8134 mm’ 851 mm’
I 1 capacitor 190 mm? 475 mm?
H,(s) = = = total 8324 mm® 1326 mm®
s Ips 1+ sRC; + s2L;C;

This yields an improvement in size 84 %.
Comparing the voltage driven and the current driven half bridge
converters with respect to the energy storage in the output filter
components, the following equations apply:

This corresponding damping factal; and time constanfl; as
presented in equatidn_1V.4.

Equation V.4 Damping factord; and time constant; for current

driven power stage (VDP) output filters Equation IV.7 The energy storagé in the output filter of both,
voltage and current driven half bridge power stageand I is the
di = % % output signal, which is supposed to be equal in both topologies for
T, = \/m fair comparison. The ripple voltage across the capacitor and the ripple
current through the inductor are neglected.

Ev = EvL + E =

To make a fair comparison between both output filter configura- ip.12 4+ 1L (vaz
tions, the loadR is set equally. Additionally the equatiopnsTV.5 set the B - in N %Z _
same damping and time constant parameters for both configurations. lL-LIQ + 100_‘/2

2 2 2 2

Equation IV.5 Setting the defining filter parameters equal.

Setting equations V6 intb TM7 and using ohms law across the
load proofs the total amount of energy storage in current driven
configurationE; to be equal to the voltage driven configuratifh:

dv
T,

d;
T

d
T

Equation 1V.8 Equal amount of energy is stored in the voltage driven
This in turn leads to design criteria for the values of the curreand the current driven power stage.
driven power stages (CDPs) filter component values based on the
equivalent filter for voltage driven power stage configuration (VDP) E, = %C’UV2 + %Lvﬂ = E,
as given in equatiop V6.

Equation IV.6 Equivalent filter components in current driven power

stage (CDP) mode. E. Novelty
) The direct conversion from energy provided by a current source
Li = RLCv by means of specific switch and filter configurations is believed to
G = & be new. An especial focus is set on the fact that this conversion can

be done in one stage only and the energy at the output can easily be
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regulated. On top of that it is simple to provide protection featuregas described and the advantages of the later ones in various
to this kind of circuit configurations and additionally it helps towardpplications was described. Finally the general idea - providing

striving for low size and light weight electronics. controlled energy directly from current sources - was verified by one

This document demonstrated, how to apply this novel principle its specific implementation possibilities through experiment.

to buck and boost power stages in half bridge and full bridge

configuration. It can also be applied to further topologies, like buck- REFERENCES

boost, super-buck and super-boost. [1] Shigeru Tanaka, Susumu Tadakuma. Power Conversion Systds.

Patent US5504667, Kabushiki Kaisha Toshiba, Japan, Apéb1l
V. EXPERIMENTAL RESULTS FROM A CURRENT DRIVENBUCK [2] Rudolf P. Severns, Gordon E. BloonModern DC-to-DC Switchmode
CONVERTER Power Converter Circuits. e/j BLOOM associates Inc., 115 Duran Drive,
San Rafael, California USA, 1984, ISBN: 0-442-21396-4.
A prototype of the current driven power stage (CDP) in half bridgm] George Madden, Bruce Kimball. Power Conversion System. Pd&nt
buck configuration as previously described in sedfion 1ll-A was built. US5397976, Space Systems/Loral Inc., California, US, Mar@95.
Figure[I1 shows the rectangular waveform of the switched current

of one of the converter legs.

Fig. 11 Single switch node of one leg of a half bridge CDP

i
Measure Plams(F1) P2rms(c1) PmMS(C3) P4~ PE--- PG~
value 13y
status v

Figure[I2 provides insight in both legs of the same converter
(green and blue). Additionally both voltage ripple signals across the
current sources are shown in red and yellow. The differential ripple
voltage across the filter and load configuration is simply the difference
between them.

Fig. 12 Both legs of the CDP and the resulting ripple voltage on the
filter nodes

Measure P1imean(C4) P2e-- P3-- P4~ Pgie-- P -~
value 641V
status v

VI. CONCLUSION

After revisiting a number of voltage driven power stages, a new
family of current driven power stages was introduced. Their operatio

©Arnold Knott et.al., Technical University of Denmark page 6 [6
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A Self-Oscillating Control Scheme for a Boost
Converter Providing a Controlled Output

Current

Arnold Knott, Gerhard Pfaffinger, Michael A.E. Andersktember, IEEE

Abstract

Most switched mode power supplies provide a regulated voltage at #ir output. However there are
applications requiring a controlled current. Among others those ae battery chargers, test equipment for
converters driven by solar cells and light emitting diode (LED) drivers. This paper is describing a DC-DC
power converter realizing such a current source.

The converter is based on a boost converter, supplied by a voltagsource and acting as a current source.
Through the boost converter the input voltage can be exceededhe converter is providing a high control

bandwidth based on a self-oscillating current loop. As additional pratical features, soft start and output over
voltage limitation are included and described in this paper.

The modulator, the control and the power stage are described in etail and verified by experiment.

Index Terms

Pulse width modulated power converters, Current supplies, BattergensaSolar energy, Current control, DC-DC
power conversion, Switched mode power supplies

I. INTRODUCTION

Electrical energy sources are categorized into two majous: voltage sources and current sources. When
considering practical applications, mainly the first grasigetting utilized: the AC mains are providing for example
230 V/50 Hz (Europe),110 V /60 Hz (USA) or similar voltages in other parts of the world. Raijnapplications
are supplied by voltages ranging fro860 V o 25 kV at frequencie$ Hz, 162/3 Hz and 50 Hz [1]. Automotive
applications are driven by nominal voltages of eiti@rV or 24 V direct current mainly. Telecommunication
equipment is getting designed fd8 V operation and computer equipment as well as most integatedits are
operated from DC voltages betwee® V and12 V. There is a tendency going to lower supply voltages for these
kinds of applications to improve performance and efficientyhe devices. This tendency led in the past to high
uncontrolled supply currents. However most applicatiotickso a controlled supply voltage and deal with the
highly varying currents drawn by highly variable loads. &lved mode power supplies are therefore conventionally
designed for providing a tightly regulated voltage and areamced by features protecting both, the supply and the

load against excessive currents.
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Fig. 1. Application for current boost converters: chargataptop computer from a car battery

There are though some applications requiring a currentceo@harging big capacitive components, like batteries,
super capacitors and accumulators rely on a constant ¢uBeme of those capacitive loads are getting charged
by big inductive sources. An example application is a caregator and the battery in a car. The grid providing the
AC mains voltage are mainly inductive as well.

If the source is not inductive, but rather capacitive it ifficlilt to charge another capacitive load from this source
due to high currents flowing when connecting source and |dadse can lead to excessive power dissipation in
the equivalent series resistance in one or both of the dapsand lead to thermal destruction. An example is the
charge of a laptop computers battery or a cell phone batéalgitionally there are many times incompatibilities
in voltages which require further power processing. Fidliishows such an application. A generator in a car is a
source with high output impedance, due to the stator wirgifidpis way it is providing a slowly varying current
to charge the car battery up 1d.4 V. When this voltage is reached, the magnetic field in the géomaraore is
reduced by a controlled stator voltage. As laptop compuaesstypically operated from batteries arout®lV to

20 V, the cars voltage is not enough to charge a notebook. A bgustation is therefore necessary. A voltage
regulated boost converter however would not allow for caied charging of the notebooks battery. In this paper,
this is solved by regulating the output current of the cotereas presented.

Another application for current sources are laboratoryptap for emulating a solar cell. The loads in this case
are converters driven by the solar cells. As in the laboyatesting the full energy chain is not always available,
the solar cells need to be replaced with another kind of atirseurce. Usual laboratory supplies provide only
regulated voltages. When running them in current limitatioode, this is only a very vague regulated mode, as its
intention is to provide only a protection rather than a @ediegulation. A current source as the presented boost
current source in this paper can solve this problem as well.

Linear regulators like in[]2] do not generate electromaignebmpatibility problems, however they have bad
efficiency and do not have the capability of increasing thikage. Switched mode circuits overcome the efficiency
problem but not all of them are capable of increasing thetinpltage to the desired battery voltage eitherlas [3],
[4] in DC-DC applications and [5]/ [6] in AC-DC applicationSome power converters usable as current solice [7],
[8], can increase the input voltage, however they requirareeat source on their input as well. Even using a boost
technology does not guarantee to allow charging the batteayhigher voltage than the voltage source at the input

of the converter as described [ [9]. The maximum efficienggnber in these publications for a comparable boost
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Vsupply

converter to the one presented in this paped2iss. Another capacitive load on a smaller power level is the gate
capacitance of a MOSFET. This load has been dealt with_ih fd Ohcrease the efficiency of a boost converter.
Some boost converters require special compensation sshfemstabilizing the loop like current mode control and
slope compensation as shown|inl[1L]2{15], when regulatiegioost inductors current to achieve a constant output
voltage. Very fast transient responses can be achievedat\régh power level, when regulating the current through
an inductor as shown for a buck converter|in|[16]. Boost casve are therefore preferred used for power factor
correction (PFC) applications_[L7]=[19], which require@trolled input current. In case of a boost converter this
is its inductor current.

This paper will outline the specification of a boost convertiescribe an unsymmetrical self-oscillating modulator,
the loop transfer functions and utilize this design to mkeetdpecifications. The output current of the boost converter
is controlled tightly through a self-oscillating modulato provide a constant current source. Experimental result

and an outlook of possible further features proof the vilidf theory.

power Tout
IHoH—§
circuit

|\
. Vaux
auxiliary
Vief —1
() supply * L —
hysteretic current soft overvoltage
modulator control start - protection
adjust

Fig. 2. Block diagram of the converter

Il. OVERVIEW
A. Specification

A specific battery to be charged by the converter has a nomitdge of24 V. The maximum charge current
is specified tot A. To avoid further charging, the converter shall provide atpat over voltage protection. In case
the battery voltage drops below the input voltage of the edmv, the battery can be charged without control direct
from the input of the converter which is regulated to a vatdptweerd V and 16 V. These specifications are

limiting the load range of an equivalent resistive load taage 0f2.2 2 to 6 (.

B. Features

Figure[2 is giving an overview of the converter on a block diag level.

The power circuit is supplied by a voltage sourgg,,;, and controlled by a hysteretic modulator. The advantage
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of a hysteretic modulator is, that it does not need an exteloak generator. The supply voltagg,,,,:, is also
supplying an auxiliary supply, which is providing both, teepply voltageV,.. = 5 V as well as the reference
voltageV,.; = 3.3 V for all the other blocks. The hysteretic modulator is dexvthe duty cycle based on an error
voltage, which is generated from the error amplifier in therext control block. This signal is derived from the PI
regulator in this block after subtraction of the sensed wutpirrent of the power circuit from the external adjusted
reference value. The control circuits start-up as well agetovery after an over voltage event is provided by a
soft start circuitry. The over voltage protection is clangpihe soft start circuit in case of an over voltage event at

the load by comparing the output voltage with the internétnence voltage of the converter.

IIl. UNSYMMETRICAL SELF OSCILLATING MODULATOR

For buck-derived switched power converters it is most désir to provide an equal modulation range around
a centered reference voltage. The switching charactsistf modulators built for those type of converters is
extensively derived in_[20]. Boost derived converters heevéhave a nonlinear transfer function [21], whose gain is
raising hyperbolic. For the above specified input and owpitege constellation, high duty cycles are not required.
This fact can be taken into account, when choosing the mfereoltage of a local self oscillating modulator as
shown in figurdB.

A similar technique was applied by [22] for limiting the figgncy variation of hysteretic self oscillating modulators

1
(() ( Con
Vi

L 1

Fig. 3. Circuit diagram of a local hysteretic self osciltegimodulator

Self oscillating on other variables than the local PWM-sideads to other dependencies. This is exemplary shown
for oscillation on the converters energy In_[23] and on thedbdnductors current iri_[24].

The Barkhausen oscillation criterion was profen to be ngiliegble for square wave oscillators such as self-
oscillating modulators in[[25]. As the switching frequenicy self-oscillating modulators is changing [26], only
an instantaneous switching frequency can be defined, ke fpven constant constellation of all relevant signals.
Therefore the instantaneous switching parameters areedevinder the assumption of DC input voltages.

For deriving the on- and off-times, the duty cycle range arel switching frequency of the modulator (switching
parameters), the operation of the hysteretic modulatort rnesinvestigated. It is dependent on two signals: the
hysteretic window and the carrier. The hysteretic windowgeserated by a voltage divider from the Pulse Width

Modulation (PWM) signalv,,,,, to the reference voltag&,..;. The carrierV,,, is derived the same way, with
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the difference that the signal is getting integrated by aacapr and that the error amplifier output,.,. is also

influencing its charge.

A. Hysteretic window

First the hysteretic window is derived analytically. Foe thigh state of the modulatat,,,.,,, it is equal to the
comparators positive supply voltagé,. and staying at the negative supply, which is ground, for a doiput as

described by11.

v (t) _ Vaum v VC;nt (t) < wvp (t) (1)
pwm 0 Y ve,,, (£) > vi(t)

The hysteretic window/, is following this signal instantaneously into its high std,,, , andVj,,, respectively.

’Uh(t) _ Vh;”-gh v 'Upwm(t) = Vaua (2)
Vhlow V Upwm (t) = 0
Defining the voltage divider for the hysteretic window /ag those two states consist of a dynamical part and a
DC-offset resulting int@3.
‘/h,mgh = kh : (Vaux - Vref) + ‘/'r'ef
~—
dynamic response offset
Vhiow = —knVieg+ Vies ©)
S—— ~~~

dynamic  offset

response

B. Carrier derivation

The carrierv.,,- is following the same stimulations, however with an indiédi delayed response from each of
the sources and its starting condition. The starting cardis one of the static states of the hysteretic window. In
case the time delay of the comparator is relevant for theagdeiming of the modulator, the starting condition is
going beyond those limits as described|[in![27]. This is ntevant for fast comparators as used in this case. The
equivalent charging circuit consists of the passive pafigare[3 and includes the capacit6¥,,;, resistorsR;,,

Ry, as well as the voltages.,,, vpwm and V.
Ohms law and the node current equation at the common nodeeofhtiee passive elements is leading to the

differential equation of the capacitor voltage 4:
veu () + o (7 + 7 ) [ v (D0t =

1 err Ypwm 1 1
Cint f (11)37 + IPbe B (Rm + Tﬂ) 'Vref> ot

There are some expressions in this equation, which can beinethfor deriving the switching parameter?, =

(4)

Rin || Ryv, p = Rp - Cint, Tine = Rin - Cint, Tso = Ryp - Cine. This way the differential equatidd 4 can be written
as[b:

8 . t . t err wm ere
vat( ) + UC”L’ILt( ) _ L + Up _ f (5)

ot Tp Tin Tfb Tp
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1) Dynamical ResponseThe dynamical part of a step response from a first order iategy system is well
known to be an exponential function and the principle of sppsition allows to combine the response from each
of the three sources. The general solution of equafion 5 swsie fulfilled by equatioh]6 and the remaining task

is to find the parameters, which fit the actual application.

ve,, (t) = A (1 - e*é) 6)

Inserting the general solutidn 6 into the differential eiprald and comparing the general parametérand o with

the above defined problem specific parameters results istedhution for the dynamical responsellin 7.

A = kzn “Verr + kfb *Upwm — V;“ef (7)
a = T,
The gain coefficients are hereby definedktq = :—i andky, = :—:’b

2) Response of starting conditiomeglecting the time delay of the comparator, the step respofithe system
is starting at the instance in time, when the modulator adted when a decision happened. This is always the
case, when its inputs are crossing each other. As one of phsinis the hysteretic window and the other one is the
carrier signal, the decision point happens, when the cagigaching the hysteretic window and this constellation
is also the starting point of the next transition and theeefiep response. Assuming the last decision happened at

a timet, before the step responses initialization, the startingagelv,;.,; is defined a§l8.

A

k‘fb

t ‘/CG. T

Vverr — kzn e Td 4 ‘/pwm

Vtr'ef hd A

Fig. 4. Flow diagram for the derivation of the carrier and thsulting PWM signal in time domain.

Vh ow Vo wm (t) - Vaul
Ustart = Vh (t - td) = : b (8)
‘/hh'igh, v U;I”Um (t) = 0
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The initial voltage of the capacitor is discharging overdinvhen all other influences are not taken into account.

This fact is followed analytically bj/]9.

t t

UCint (t) =B-e® =e™ - (vstart - ‘/ref) (9)

3) DC-Offset: The final superimposed part of the capacitors voltage asalmec voltage for the modulator is

the DC-offset provided by the static voltage souiGey.

4) Superposition:Superimposing the dynamical response, the response otdheng condition and the offset

voltage, while taking all simplifying parameters into annobthe final solution of the carrier signal is given[by 10.

_ 1t _ ot
Ve ()= A-(l—e" )+ Be v+ Vi (10)
—_——— ——
response to response 0 fset
dynamic starting
stimulation condition

The parameteB is defined through equatidd 9. Breaking the complete equatmvn to the circuit parameters

results into the analytical solution for the carrier sigaat is visualized in figurgl 4.

C. Derivation of switching parameters

Knowing both, the carrier signal, a.k.a. the capacitoragdtvc, ., and the hysteretic window analytically, the

int 1
time duration of the PWM pulses can be derived. From this, thtg dycle d and the switching frequencys,, is
obvious. These parameters are called switching paramietees

The first two switching parameters are the on time and theiro# bf the pulse train. Both can be derived from the
crossing point of the carrier signal and the respectivedngsit window voltage, i.d._10 needs to equal 3, leading
to[11.

A-(l—e7%)+B~e7%+VreféVh (11)

Solving this equation for the timg the general solution for a decision point calculation —chhis valid for both

on and off transition — iE12.
1
t=—7p,In (A—B (A+ vpey — U;z)> (12)

At this point of the timing parameter derivation the caltigia needs to be split up into the two states of the PWM
signal, becausel, B andv;, (see equatioh]3) is different for the two conditions.

For the high condition the parametefs,; ;, and By, are valid as shown in13.

A 7 - kzn *Verr + kfp- Vau:c - ‘/re
high b f (13)
Bhigh = Vhlow - V;"ef
The second state is described by the parametgrs and By, for the low condition if_I}.
A i = kzn *Verr — Vre d
high f (14)
Brigh = Vhyign — Vres
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This is resulting into the final on and off time calculationdescribed by 15.

thigh = —Tpln (m (Ahigh + Viey — Uh))

tiow = —Tp In (m (Alow + Vref - 'Uh))

The other two switching parameters, switching frequefigy and duty cyclel are a trivial combination of the first

(15)

two ones as given in_16.

passive=- interaction

l switching = averaging

-

N Verr : a " _ q'
H,

Hct'rl th gd Hboostps H'rhpz Hesrfcap leoad
L e e e e e e e e e = ]
lﬁ prr— stge
Zsense

Fig. 5. Signal path diagram of the transfer function

oo = e .
d = thigh " fsw
These equations can be used to determine the design parsifiietehe reference voltage,.. ;, which can be used
to limit the duty cycle in one or the other direction — here foe boost converter setting an upper limit — and
adjusting the switching frequency to the most desirabldr witspect to losses and electromagnetic compatibility
(EMC) requirements.
In the actual case the duty cycle limitation is chosen tovallbe converter to reach the required output voltage
of Vour = 24 V even with the minimum input voltage df;.,,, > 9 V. According to a simplified DC-transfer
function of a boost converter the required duty cycle can dxéved vial LY.

dmaw = 1 — Vsuplymin o, 6o 507 (17)

out

The minimum duty cycle is reached when the error amplifiee&@ving its linear operation region at arouhd V.
This occurs, when the load impedance is getting so low, sbtklearequired output voltage falls below the input
voltage. In this case the switching operation stops and tustbinductor and the diode are taking all the current
until either the output voltage is rising — which is the cadeew a capacitive load is connected — or a protection

circuitry like a fuse or positive temperature coefficienT (B resistor is disconnecting the current flow.

IV. CONTROL LOOP DESIGN

Another important consideration of boost converters iscttrol loop. Boost converters consist intrinsically out

of tricky transfer functions, i.e. dynamically varying tntonstants. This section will therefore analyze each of the
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parts of the actual designed boost converter and explaim thefore setting up the open and closed loop transfer
functions. To provide a visual guide for this, figlrk 5 is metngive an overview of the unique blocks and the
order they are connected in the circuit.

It splits the converter into different functional blocksdagistinguishes between two different types of blocks. vecti
blocks, which do not interact with each other and passiveaotlyppassive blocks which influence each other. The
later group is also the one, which has dynamically changargmpeters. Those are derived in the following sections
and plotted for different bias points — varying duty cydlend supply voltage,..,,;, — as well as a the worst case
dynamical response with both maximum duty cycle (equatifnahd maximum supply voltage, . iy,,.. = 16 V

at the same time.

A. Time delay

The time delayt, of all components in the circuit have been collected and readan one block. The main
contributions are coming from the current sense circud,gtror amplifier, the gate drive circuit and the comparator,

which adds up to aroungl us. The transfer function of time delay is modeled according2®) as[18.
H, (s)=e*"" (18)

Neither the supply voltage, nor the duty cycle has an inflaent this transfer function, so it is considered static

and quantitatively shown together with the other staticdgaf the loop in figurél6.

1001

— H, : Time Delay

- --- .
.o, Z,,...e: Current Sense

50+ e =om H - Controller

-50 I I I I I ]

Gain in Decibel / Decibel-Ohm
1]

QO -

Phase in Degree
|
S
a1
T

_135 L L L
10 10" 10 10° 10* 10° 10°
Frequency in Hertz

Fig. 6. Transfer functions of the static transfer functions. H, , to represent all time delays in the loop (consisting of cursamse, error
amplifier, gate driver and comparatoy,

'sense’

representing active current sense including its andisalyg filter andH .., as a visualization
of the Pl-regulator.
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B. Gate Driver

The chosen gate driver is inverting. This was also taken awcount when setting the reference voltage for
the unsymmetrical self-oscillating modulator in the pomd section. So equatidn]17 was actually realized for the
off-time of the pulsed signal at the modulator output. Trensfer function of the gate driver results into a trivial
inversion as in_19.

H,y(s) = -1 (19)

C. Current Sensing

To control the current, it needs to be sensed and transfertitetvoltage controlled error amplifier. Therefore a
transfer impedance is required. As it is the current of thipwatucapacitor and the contribution of the boost power
stage, which is supposed to be regulated, there is no liomtat the change rate of the signal. This would be the
case, if an inductor would have been added there. To avoidfast transitions getting into the control loop through
feedback, which can disturb the sampling of the signal atcttraparator[[29], a simple first order low pass with
time constantr,;;,s was employed to both, limit the change rate of the signal aqgess the switching artifacts.
As the sensing is conducted by a small resistaRige, .. for minimization of dissipation, the current sense cinguit
is active and therefore providing gaf#, which leads to the impedance[in] 20.

Zonse(s) = G Ruonser———— (20)

e 1+ STalias
As the DC gain of the feedback network will dominate the otbfmop gain of the converter, it is set so that a
convenient inut voltag®;,, = 2.4 V yields to the desired output currehDA. The reference setting @f4 V can be
derived from a either a static voltage divider from the aawyl voltageV,,,,, or adjustable through a potentiometer

from the same voltage. Figuté 6 shows the DC gain therefore4adBS).

D. Controller

The low frequency gain in the control loop is introduced aftebtraction of the feedback signal from a control
input voltageV;,, by a state of the art proportional-integral (PI) controberfurther described in [30]. The transfer
function of the controller is given by 21 and plotted as ondhef static transfer functions in figuié 6.

1+ sT
H(s) = —=1 (21)

STin

E. Boost Power Stage

In [21], power converter transfer functions are split up @mtrol-to-output and line-to-output. This is graphically
represented in figurlgl 5 with the dashed power stage box hawimdgnputs. Control-to-output means the response
of the output state space variable to the duty cycle commaadd line-to-output describes the reaction of the
system to the supply of the power stage,,,. Several publications cope with the derivation of convsrteansfer

functions via state spacé [23],_[31], where for most appilices the power components can be modeled ideally.
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Therefore those models are also only valid up to the frequemhbere the first parasitic component impacts the
circuit. The following derivation of the actual boost cortegs power stage transfer functions was inspired by [32],
[33], which are deriving those characteristics for a bucl ansuperbuck converter in peak current control mode
including their first order parasitic components. In theuatitase the output variable is the output current of the
converter. So the state space equation for the switch baimgd on take the form &f 22 and for the switch being
turned off[28 describes the behaviour of the circuit during time, when the MOSFET is turned off. Note that
the equation set can only be used for averaging to describédoth frequency reaction of the system, when the
converter is operated in continuous conduction mode (CCM).

In the following derivation of the boost converters tramdignctions, L is the boost inductor' the output filter
capacitor andR- as well asR;, their equivalent series resistances. The state variabéetha inductor currenty,

and the capacitor voltage-. The converters output currefit through the load resistaR is the output variable.

dir _ Vsupply —RL *iL

at L L
dve _ Ve
ot (R+Ro)C (22)
. wetZeRreC
‘R = — R
dir _  Vsupply—Rr* iL—Uc—Rccaavtc
ot - L
R
dve _ Rrvc—vc+RcC—HEL (23)
ot - RC
. _ vo+RcC agtc
IR = -8

Transferring the equations via LaPlace transformatiom iné frequency domain yields the linear time-variant gtrcu
representation i 24 for both conditions, where subsdrigenotes the switch being turned on, while subsc2ipt

describes the state, where the switch is turned off.

A1 El
—
- Ry, 1
ig - 0 i z
S = 1 + ysply
Le) 0 (R+Rc)C Ve 0 (24)
AQ BQ
——
i Ry 1+sRcC i 1
2L L T L 2L i
S = v a0
- 1 _ l4sReC + 0 |
Yo c RC Yo

The matrix representation for description of the outputrenir of the converter is equal in both states and shown

in 28.

X

y —_ /. b

~ =~ 1 =~

in :(0 #) Tl+ T o (25)
zC

The averaged state matrik and input matrixB are derived by multiplying the according matrices with theet

interval they are valid according 0126, where this time rvdéis simply described via duty cyclé

A=d-A+(1—d)-Ay; B=d-By+(1—d) B, (26)
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The output matrixC was already declared 05 independent on the state, theetenvs in and the feedback
matrix D is zero. Througl 27 the final transfer function from suppljtage v, to output current can be
derived to3D.

=C (sE-A)""-B 7)

=linepwr—stge

As the parasitics of filter and energy storage componentsoale punctually documented in their technical
description, the equivalent series resistance of therelgtit capacitor at the outpufi) and the parasitic resistance
of the inductorR;, was measured at room temperature across frequency. THesrebthe sweeps are shown in
figure[d andB respectively.

From equatioi_30 and both of the above measurements a @iaetitepresentation of this transfer function can
be plotted (figurél9).

Note that the DC-gain is lower than one as the transfer fanatiescribes an admittandé Its interpretation is
output current z divided by supply voltage,,,.,, which leads correctly te-7.0 dBS, —11.1 dB and—12.0 dB
for a desired output current of; = 4.0A at the three bias points,pp, = 9.0 V, 14.4 V and16.0 V.

The high frequency roll-off following closely a first ordesw-pass transfer function is a composition of a second
order low-pass and a first order high-pass. The second oosepédss is mainly dominated by the two energy

storage components andC' and the load resistaR as damping, while the high-pass is formed by the equivalent
series resistance of the capacif®f and the capacito€’ itself.

Despite its supply voltage the other input parameter whichfluencing the behaviour of the power stage is the
duty cycle. Neglecting second order effects, the variatibthe supply voltage is orthogonal to the variation of the

duty cycle and superposition allows to derive the duty cypagurbations influence on the output current. Therefore
u(s) is set to zero and an adequate model for duty cycle variasdiound, when allocating the state matrices

dynamically and in dependency on the perturbation dsln 88ral the DC bias point defined B¢ and U.

sx(s) = Ax(s) + {(A; — Ay) X+ (B; —B,) U}d(s)
y(s) =Cx(s) +{(C; —Cy) X + (D; —D,) U}d(s)

(28)

Considering thaB, = B,, C, = C, andD; = D, the state equations can be solved for the control to output

transfer functiony’,,,, . in[23.
—1
thrlpw,.,stge = Q (§E - A) : {(Al - AQ) X} (29)
1
Y _ 1—d 1+ §RCC
=linepwr—stge R RLR d L+RL RcC dL RLC
! ! R+{25+ R+ R (1—d)? RBeCtra=d *mrne)a—a? T a-a? 2_LC R+(1—d)Rc
1+s 1 _FL AR +s (1-d? gt FL ; FLE 4
TR T (RrRg) (102 TTa T RSTE G a?

(30)
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Fig. 7. Measured equivalent series resistance of outplaoiiap
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Fig. 8. Measured equivalent series resistance of boostindu

The DC bias poinfX is obtained when setting= 0 in the first equation of 24 yielding—B1.

1 + d
X = R(1-d) (Rc+R)(1—d)? Visuppty (31)

1 dR[,
= A e e

While [23], [34] consider the inductor and capacitor resistastatically, the control transfer function involvBg:
and R, into the dynamic response through the operating pointirgethese vectors intio 29 solves the duty cycle

to output current transfer functioxi;,,, . = to[33.
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Fig. 9. Transfer fU”CtiO'szepm,stgc of the output current from the boost power stage as a resgoragply voltage variation including

the parasitic resistances of the boost inductor and theubagpacitor.

Figure[I0 shows the corresponding reaction of the poweesia@ duty cycle variation in form of a bode plot.
These two system characteristics can be linearly supesethavhen second order effects are neglected, according
to[32.

Y wr—stge (8) = Yiine,wr_vive (8)  Usuppiy (8) + (32)
Y ctrtyrarge (8) - d(8)
The linear combination is visualized for several operapoints in figure1IL.
Note that this results have been derived under several eiegle
« Averaging The dynamic transfer functions derived above are onlydvali frequencies lower than the switching
frequency. As the switching frequency is changing dynalyiaccording td 16, the error made by averaging
is getting bigger with decreasing switching frequency.

« CCM: The dynamic characteristics of the power stage are onlg walcontinuous conduction mode. If the

____ Bp
Yy _ (Rc+R)(1—d)2 .
=—ctrlpwr—stge R(1—d)? (1+ RL | RR, P )2
1—d RC+R1§(I,d 2
RoR C+RL RoRLC
2(1—d)2Ro RC— CRLC+R +(1—d)Ro R C 2(1—d)2RRéC2— RCC+R +(1-d)RcC(ReRLOFL) (1—d)RZ,LC?
1+s RRL +s RRL s RR,
12(1—(11)2—W R(1—d)2— Ro1FR R(1—d)2— Ro1R
L+YRL RcC aL R C
RcC+ +
Lt c R(1—d) (R+Ro)(1—d)? ' (1—d)? L2 LC R+(1—-d)Rg
= 1+BL dRp, = -a2 g, Bp  BLR d
R(1—d) (R+RC)(lfd)2 1-d " Rc+R (1—d)?2

(33)
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of the output current from the boost power stage as a respgongaty cycle variation including
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Fig. 11. The resulting transfer function for a current driyiboost convertey”

pwr—stge

as a linear superposition of its two input reactions.

converter is leaving the continuous conduction mode, dudeireasing switching frequency, a third state
would need to be introduced. The state variables are theandept on the natural oscillations of parasitic
components of semiconductors and filter. Therefore secaoddr @arasitics (parasitic capacitance of boost
inductor, equivalent series inductance of the electrolgtipacitor and nonlinear,,,, of the switches) would
need to be taken into account.

o Load The load was assumed to be resistive. If the parasitic commts of the load start to interact in the
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frequency range of interest, they would need be taken irtontiodel. This could be the inductance of the
wiring harness or — in case the battery to be charged has d sapacitance — the capacitance value of the

battery itself.
« Orthogonality of supply voltage and duty cycla case the numerical value of the productwf,,,;, (s) and
d(s) as the perturbations of supply voltage and duty cycle arenegtigible within the allowed averaging

period, their interaction is also contributing to the trf@ndunction of the power stage as a secondary effect.

F. Resulting Transfer Functions and Stability Considenasi

The product of all above shown transfer functions yieldsapen loop transfer functioif, according td_3K.

ﬂo (§) = ﬂtd (é) ﬂgd (é) Zsense (§) ﬁctrl (§) Xpwr—stge (§) (34)

As the modulator is not included in the model, the model isyaelevant at low frequencies. When approaching

100

50 N\
=,
e iy CYCle = 639%, V= 9.0V 2
O = = = duty cycle = 40%, Vo = 144V —

= = duty cycle = 33%, V, =160V
supply

=160V
ly
T

Gain in Decibel

duty cycle = 63%, V.
T

10° 10" 10 10° 10" 10° 10°

-90

-1351

Phase in Degree

-180-

_225 L I
10 10" 10 10° 10* 10 10
Frequency in Hertz

Fig. 12. The resulting open loop transfer functiéfy (s).

the switching frequency small signal models have been iestin [35]-[38].
The important result out of this bode diagram are the catési stability. For all conditions the phase margins are
quantitatively given in tablgl | and the gain margins are wgiire[lll

Note that the minimum phase margin is not achieved at theuénecy, where the open loop is running out of
gain, but at a lower frequency. The minimum phase margirgtiat at a lower frequency than the zero crossing, is
therefore the criterion to judge the stability of the coneer

As the gain margins are found above the switching frequetheyjr validity is doubtful according to the above

described neglects.
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condition 0 dB crossing  phase margin at  min. phase

d; Veupply frequency 0 dB crossing margin
63 %; 9.0V 63 kHz 101° 38°
40 %; 144V 60 kHz 89° 66°
33 %; 16.0 V 51 kHz 91° 70°
63 %; 16.0 V 57 kHz 90° 38°

TABLE |

PHASE MARGIN OVERVIEW OF THE OPEN LOOP TRANSFER FUNCTION

condition —180° crossing gain margin at
d; Vupply frequency —180° crossing
63 %; 9.0V 224 kHz 2.4 dB
40 %; 144V 204 kHz 4.9 dB
33 %; 16.0 V 198 kHz 6.1 dB
63 %; 16.0 V 201 kHz 5.6 dB
TABLE Il

GAIN MARGIN OVERVIEW OF THE OPEN LOOP TRANSFER FUNCTION

Based on the open loop results, the closed loop transfetifuncan be derived according to block diagran 5 via

equatior 3b.
_ H,(s)
ECZOSEd (§) B 1 + ZS(’JLS@ (§) ﬂ() (§)

This finally leads to the closed loop bode plot in fighré 13.

(39)

V. EXCEEDING THE CONTROL LIMITS

Section[1V is valid for certain load ranges. Whenever thedpatis fully charged or completely discharged the

control loop exits the linear range of the Pl-controller &nwd other state descriptions are valid. Those are described

in this section.

A. Undervoltage Limitation

For a low ohmic load, e.g. when a discharged battery is athcthe control loop is saturated and even the
resulting duty cycle is zero, the power stage of the boosvemer still conducts. This is a consequence of the
inductor and the conducting diode in case the voltage at titpub of the boost converter is lower than its input
voltage. As this converter is designed for charging baterihe output voltage does not stay constant but rises, as

the battery is getting charged to the input voltage. At thigdnce the control loop is taking over, the output current
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Fig. 13. The modeled closed loop transfer functién, .., (s).

is regulated and the output voltage further rises so thatchiaging of the battery can continue under defined
conditions.

In case of misuse, e.g. applying a low ohmic load, the voltageld not rise. The converter can be protected against
damage in this case by designing a fuse or a positive temyperabefficient resistor (PTC) into the power path.
Either one of those protection elements must be designeshen the circuit as soon as the maximum stress of the
rectifier diode and the boost inductor is reached. On therdthad, the protection devices shall not trigger with
the high inrush current, when an empty battery is attachatlga@onverter. For this event, the power path needs to
be designed to withstand the worst case regular load, wkithe largest capacitance, that shall get charged.
Another way of limiting the short circuit current is the usagf a synchronous rectifier and turn this transistor into
a linear regulator for lower output voltages than input agés. In this case a thermal protection circuit can be

applied to it and the initial charging can be controlled.

B. Overvoltage Limitation

On the other end of the regulation range, the output voltagexceeding the maximum battery voltage, i.e. the
battery is completely charged. In this case the switchirtgpmaaan simply be stopped. It restarts as soon as the
battery voltage drops below a certain value. The triggeitdifor those two non-linear interactions with the current
control loops have a hysteresis for debouncing the controbanalities, which especially occur with very small
load capacitances. This way a wide load range can be talerate
Whenever this over voltage protection (OVP) is getting atéd, the current source nature of the converter is turned

into a voltage source temporarily.
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VI. EXPERIMENTAL VERIFICATION

The calculated and described boost converter has beendmdgilthe schematic of the power stage is given in
figure[14.

The relevant comparisons to the above theoretical desivatie shown in this section.

IHLP5050FD 10TQO045
* i

3.3 uH

Vewppty IRF3205
’ <::> FAN3121___J

Y|

L 920 uF
50V

Fig. 14. Schematic of power stage.

A. Switching Parameters

In sectior Il the switching parametefs,, andd have been derived from the passive circuitry around theehgtt
comparator. For the given application, the values have lee¢ered in the equation and the error amplifier output
voltagev.,,, was chosen as parameter to plot the results in figule 15. Tihaaeslight derivation with the offset
of the two measured graphs compared to the predicted lima fralculations. It is assumed that it is originated
from the component tolerances. At quite low error voltagelindes the measurements are falling off faster than
predicted. It was found that the output impedance of thereefee voltage sourc..; was quite high. Therefore
it had a non neglect able variation over the control rangecwiiso led to even more limited dynamical range on
the low end.

The duty cycle limitation on the high end as adjusted throtighanalytical results in equatién]17 was fulfilled
tightly as can be seen in figufe]16. On the low end of the moidmaange, the switching action stopped slightly
before the predicted point, however the tolerance is aabéptespecially with respect to the low cost reference

voltage generation.

B. Control

The duty cycle range is the limit for the linear control range. the range where the controller is regulating
the output current to a set reference value. Fiduie 17 sholeadastep from the undervoltage range, where the
error amplifier is in negative saturation to the adjustedentrvalue of4 A. Load step responses within the linear
regulation range are shown in figurled 18 19. These diagrstmw the converter operating and the regulator
response during a positive and a negative load step regplgctin both cases the controller is driven into saturation

When leaving either positive or negative saturation, thiisgtof the converter operation can be seen in both cases.
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Fig. 15. The calculated switching frequency from equdiiBicampared to the measured switching frequencies at two eliffesupply voltages

of the converter.
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Fig. 16. The variation of the invertered duty cycle, i.e. tifietime in relation to the period, with changing error amglifioltage for calculation

results and measurement results at two different supply gedta

C. Overvoltage Protection

The overvoltage protections (OVP) task is to avoid overgimgr the battery. It is turning the converter off,
whenever the upper hysteretic value of the OVP is reachedndrehever the battery voltage is falling below the
lower limit of the hysteresis, it is resposible for the comees restart. Through this voltage feedback the converter

is operating in a bang bang regulated and slow voltage modeektr during the on-times of this voltage loop,
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Fig. 17. A load step from output undervoltage lockout to falitput power: yellow and green are output voltage and ctirren
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Fig. 18. The response of output current and output voltageltad transition from light load = 4 §2) to maximum load within regulation
range R = 6 ). Also shown is the response of the error amplifier and theriedePWM signal in background.

the converter is operating as a current source. The actiorbeasimulated by applying a high ohmic load, which
will take the error amplifier out of the linear operation @ygias described in sectifn V-B and therefore ensure that
the output voltage would exceed the overvoltage protedtioit, while the current loop is trying to keep the A
current at the output. A single overvoltage trigger and @ secovery in to normal current source operation of the
converter is shown in figurie_PO0.

Figure[21 shows the voltage loop response and the curreptdperation in the enabled period in dependency of
the applied load impedance. This is leading to output ctsrBom 3.9 A down to0.5 A, while keeping the output

voltage at the desired maximum.
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Fig. 20. Timing of the overvoltage protection and its hystereShown is the output voltage and the control signal from dvervoltage

protection signal on oscilloscope channel 1 and the indeP®@/M signal on channel 3 in the background.

D. Efficiency

The energy efficiency of the converter is dependent on thelgumltage. It is falling with decreasing supply
voltage as the input current is rising, which is the main oesjible parameter for the losses. Within the defined
operation range as described in secfionlll-A, the efficieiscppeyond91 %. At the nominal input voltage of
14.4 V an efficiency higher tha3 % was achieved, which i$ % more than described in previous publications
as described in sectidh I. The graphs in figuré 22 are vidnglithese numbers. All three graphs are cut off at

the lower power range, when the converter left the switclopgration range and the output voltage fell to the
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Fig. 21. Overvoltage protection at different overload Isyevhere the upper signal on channel 4 is the output voltagktlae lower one is

the overvoltage protection trigger signal on channel 1.

input voltage. The efficiency in those areas is even highesrabse no switching losses are contributing to the total
dissipation. However that mode is not representative foviecked power converter.

The resulting thermal representation of the converter @mvshin the figure 2B. The hottest components in the
picture are the sense resistors for the current feedbackhencectifier diode, followed by the output electrolytic
capacitor and the power switch. A more quantitative but pFesise representation of the loss distribution is shown

in table[Ill. These numbers where taken from an infrarednioeneter.
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Fig. 22. Efficiency at normal operating conditions (withiguéation limitations) for various supply voltages

$FLIR

Fig. 23. Thermal photography of converter, while operatirggrf a supply voltagé/;, 1, = 14.4 V at an ouput power 0%, = 100 W
(efficiencyn = 93 %)

E. Reliability

As shown in the efficiency diagraim]22, the converter was desido barely fulfill the output power specification
at the lowest supply voltage .., = 9 V, which is the most economical design criteria. This howersables
the converter to provide more power at higher input voltag¥sh disabled overvoltage protection, the converter
was stress tested with accelerated voltage stress at thetolihe converter passed this stress test and could operate

also in steady state and thermal saturation up to the maximpuot voltage by relying on the duty cycle limitation
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spot v

rectifier diode 96 °C
power switch 68 °C
boost inductor 84 °C
output capacitor 82 °C
linear regulator for auxiliary voltage 78 °C
ambient 60 °C

TABLE Il

TEMPERATURE® ON THE SURFACE OF THE COMPONENTS MEASURED WITH AN INFRARED TBERMOMETER.

from the unsymmetrical hysteretic controller. The efficigrin this area is further falling with increasing losses,
however it stays under any condition beyoid % as visualized in figurg 24.

Even there is no possibility to cut back on the cost of the postage, because it is barely reaching the output
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Fig. 24. Efficiency at extended output voltage conditionsrformal and high input voltage conditions.

requirement at the lowest supply voltage, it might be pdssib reduce cost on the mechanical design, as the

converter could reach the thermal steady state also undse thtress conditions.

F. Voltage-Current Characteristic

Finally a number of operating points where captured to itbe voltage-current characteristic of the output of
the boost converter. Figufe]25 is showing those charatitsrifor various input voltages.

The left side of the diagram (constant output voltage, eurfellowing the load) is representing the undervoltage
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Fig. 25. Output characteristics under normal operating itimmd and output stress test measured at different inptages.

mode described in section WA. The output voltage is follogvihe input voltage at this point and the converter is
not switching. With decreasing load resistance the curienising and so are the conduction losses in the diode
and the inductor. Therefore the voltage curve is slighthgdi to the left in the diagram with increasing stress.
During constant current operation the output current issurmbntrol of the current loop. In both, normal operation
and stress test conditions all graphs overlap, which prtodsoperation of the control loop. Only the graph for
the low supply voltagd/s.,piy = 9 V is bending toward the voltage-axis for high output voltagas to the duty
cycle limitation.

With OVP enabled, i.e. under normal operating conditiohs, graphs foV,,pp, = 14.4 V and Vyyppiy = 16 V

are cutting off precisely at the reached maximum outputag@tand the converter is operating in OVP mode as a
constant voltage source as described in se¢fiod V-B.

Under stress conditions, i.e. with disabled OVP, the cdevarontinues behaving like a constant current source at
its output up to35 V. At this point for the nominal supply voltage;,,,;, = 14.4 V the maximum duty cycle is

reached and the current starts to drop as the grapWgy., = 9 V does at the boundary of the specification.

VII. OUTLOOK

The battery voltage of cars can drop to low voltages, whenethgine is started. Dependent on the ambient
temperature this condition can last for a longer time, thandnergy storage components in this application can
cover. It could therefore be of interest to operate the caevat low input voltages. Figute 6 shows the operation
of the converter aV,,,,1, = 4.5 V. Due to the duty cycle limitation the desired output currehtt A can not be
reached. A dynamical duty cycle limitation dependent onittpt voltage could be added as another feature in

the converter to ensure operation down to those supply g®ltalues.
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Figure[2T is confirming that the power stage would be capableperate with adequate efficiency beydsid %
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Fig. 26. Output characteristic at low input voltage.

down to low input voltages.
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Fig. 27. Efficiency at low input voltage.

VIIl. CONCLUSION

A switched power converter to charge a laptop computer tyafitem the energy net of a car was developed. After

describing the specification and the demands for the sufipdysolution was broken down into various features,

August 16, 2010

DRAFT



27

consisting of a boost power stage, controlled by a curreop lthrough an unsymmetrical hysteretic modulator.
Additionally an overvoltage protection feature and a stdrtsfunctionality was added.

Other applications targeted by the design are emulatiorlaf €£ells and general constant current sources.

The operation of the unsymmetrical modulator was descriealytically in detail by analyzing the hysteretic
window and the carrier generation. This led to the equationghe switching parameters on-tintg,, off-time
tog s, SWitching frequencyf,,, and the duty cyclel. This derivation was used to define the linear operatingeang
of the control.

Next the control loop was broken down into the various blogkthin the loop, consisting of a gate driver, the
current sensing with its anti-aliasing filter, the traditi Pl-controller and the power stage including its firstesrd
parasitic components. The results of this analysis wheed tes predict the stability of the system in terms of phase
and gain margins.

The converter was designed in a matter that it could alsoab@dreyond its regulation boundaries in output
undervoltage and output overvoltage mode.

Through a prototype the described derivations where vdrifieasurement of switching parameters gave good
agreement with simulation, the control loops functiomwalitas proven through load steps. Beyond the control the
functionality in the under and overvoltage mode was showouth measurements. The efficiency of the converter
within the specified operating range was found to excé@ds. Under nominal operating conditions it exceeded
93 % at any point of load up ta00 W. Beyond the specified operating range a reliability tesofeo the capability

of operation up tol50 W with efficiency beyond1 % at any point. The output characteristic of the converter in
all possible operation modes was captured and described.

Despite the relatively low switching frequency0(kHz to 160 kHz) a fast step response (steady state is achieved
after 400 us) was achieved, enabled by the high control bandwidth of gieascillating control scheme.

Finally an outlook to a low operating voltage feature waggiwvhich could further be included as another nonlinear
interaction with the tightly controlled current loop.

The converter is working up to the specification and is useédicharge a laptop battery from the energy system

of a car.
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