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Abstract

Switching power amplifiers can be based on numerous different and rather
complicated non-linear modulation methods. This work is an attempt to review
and compare a complete collection of 12 pulse width modulation methods, of
which several have not been considered before. There is a lack of such
fundamental reference material, and it is thought that further development in the
field can result from a more fundamental and in-depth understanding of the
principles involved. All major modulations classes: natural sampled PWM
(NPWM), uniform sampled PWM (UPWM) and hybrid sampling schemes are
analyzed and compared by analytical means and by simulation. A new efficient
analysis tool, the Harmonic Envelope Surface (HES) is introduced to aid in the
deep understanding of the modulation processes. Detailed measurements for an
implemented amplifier example are given, to illustrate the possibilities for high
end audio specifications by high efficiency switching power amplification.

1. Introduction

Recent research activity has shown that switching power amplification is likely
to be an area with considerable possibilities in the near future, due to the unique
combination of high efficiency, high fidelity and low complexity that has been
proved obtainable in recent publications [29], [30]. A central element in a such
a system is the pulse modulator to synthesize the train of pulses. This element
can be based on numerous different analog or digital implemented non-linear
modulation methods. This work attempts to provide an in-depth study and
comparison of all possible pulse width modulation schemes, that can be realized
in principle with a maximum of 4 independently controlled switches. Previous
work in the field of pulse width modulation as e.g. in [2], [3], [5], [6], [9], [11],
[13], [15], [16], [22] has concentrated on a limited set of modulation schemes
and/or other applications than switching power amplification, where the
objectives may be very different. The trend in recent years has been to
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investigate a digital implementation of the modulator. This paper does not
follow this trend, but attempts to step back and consider the modulator a general
element, where the quality of the output and the modulator complexity is
considered of primary importance, and the practical method and domain of
implementation of minor importance.

To the best of the author’s knowledge, no work exists which analyses and

compares all modulation schemes that can be synthesized by four independently

controlled switches with focus on switching power amplification as a specific

application. Further motivating factors for reviewing and comparing pulse

width modulation schemes are :

o Interesting characteristics of the more known modulation schemes have not
drawn sufficient attention.

¢ Some fundamental modulation schemes have not been analyzed at all,
although they may have advantageous characteristics.

All major modulations classes are analyzed and compared: natural sampled
PWM (NPWM), uniform sampled PWM (UPWM) and hybrid sampling
methods with focus on linearized PWM (LPWM) [24].

2. Pulse modulation based power amplification

The basic elements of a pulse modulation based power amplifier are illustrated
in Fig. 1. The four general blocks are the pulse modulator, the switching power
stage, the passive demodulation filter and error correction circuitry. The four
essential blocks are discussed in general terms in the following.

2.1 The pulse modulator

The general pulse modulator outputs a train of pulses, which has a general

spectral content as illustrated in Fig. 2. The modulator output generally contains

three distinct elements:

¢ The input signal component (sine input assumed in Fig. 2).

¢ Distortion components of the input signal.

¢ A high frequency (HF) spectrum composed of cither discrete components
related to the carrier frequency and input signal, noise shaped noise or a
combination of both.

The desired pulse modulator characteristics are :

o A high basic linearity, in order to minimize the need for error correction.

¢ A minimal switching frequency (f;) / bandwidth (B) ratio.

¢ A minimum of HF spectral content at all modulation depths. The ideal
modulator would generate no HF-components. An interesting new
modulation method/modulator topology where this is theoretically possible is
presented in the parallel paper [31].



¢ A low modulator complexity for easy implementation.

The pulse modulator can be based on pulse width modulation (PWM) or pulse
density modulation (PDM). Since PDM is a quantizing pulse modulation
scheme, the HF spectrum has a stochastic nature. Some reports have been given
on the use of PDM both in a digital modulator implementation and analog
implementation with the power stage incorporated in the loop [19], [28].
However, the average switching frequency is higher than that obtainable with
PWM. This leads to lower performance and a considerably lower efficiency
compared with e.g. the PWM based topologies recently presented in [29], [30].
A further disadvantage is the necessity for a high order loop filter in order to
obtain a sufficient noise shaping effect. This is difficult to realize and limits the
modulation depth of the modulator. Consequently, PDM is not considered to be
a suitable modulation scheme for pulse modulated power amplifier systems, and
will not be considered further.

2.2 The power switch

The power switch converts the incoming small-signal pulse modulated
waveform to power levels. High efficiency is obtained by the on/off operation
of the power transistors, i.e. they do in principle never enter the active region.
An attractive realization of the power switch is the bridge topology, shown in
Fig. 4. The topology can realize all of the considered modulation schemes in
this paper. Some of the modulation schemes can be realized with a simpler half
bridge, and this should be considered in their favour.

2.3 The demodulation filter

The demodulation filter is realized as a passive filter. The filtering requirements

will depend on the modulation scheme, and of course the requirements on the

output. In general though, the demands can be realized by two basic topologies:

o Differential + common-mode filtering topology, as illustrated in Fig. 4 (a
second order filter).

¢ The simpler pure differential filtering topology, with no references to ground
(other than HF). This simpler filter realization is possible if the modulation
scheme produces no common-mode components on the bridge terminals.

The pure differential realization requires four times less (typically high quality)
capacitance. Furthermore, the differential filter topology 1is effectively
implemented by using double wound cores which halves the number of
inductors, and reduces the total copper volume. So, common-mode filtering
requirements seriously influence the demodulation filter complexity.

2.4 Error correction

Error correction is the general term for compensation schemes for the
inevitable errors that will be introduced in each of the three forward path

3



blocks. This may be implemented by single or multiple-loop linear feedback [8],
[26], [29], [30], feedforward [7] or even non-lincar feedback [23]. Linear
feedback topologies have proven to implement superior performance in the
recent publications [29], [30]. Further steps towards high end switching power
amplification are taken in this paper by combining attractive modulation
schemes with powerful feedback control schemes. The results are given in
section 9.

Numerous attempts have been made to implement the open loop topology
(mainly based on digital PWM) without compensation for modulator errors,
power stage errors and post filter errors [11], [14], [15], [16], [17], [21], [22].
The fact that no amplifiers have been buildt with a reasonable power handling
capability and reasonable audio specifications, shows that this approach has
failed. The causes are mainly the numerous non-ideal characteristics bound to
the principle:

1. Any modulator and power switch non-linearity errors are fed directly to the
load. Correlated errors introduce distortion and non-correlated errors
introduce noise.

2. There is no rejection of power supply perturbations. Since the power stage
output is largely proportional with the supply voltage, any supply ripple will
intermodulate with the audio signal. In other words, PSRR=0dB.

3. The total amplifier output impedance is high due to the finite switch
impedance and the filter impedance.

4. The sensitivity to load variations is high due to the passive demodulation
filter. Accordingly, changes in load impedance will distort the frequency
response of the amplifier.

5. The sensitivity to temperature drift, component tolerances and aging effects is
high. The non-controlled switching amplifier is therefore not robust.

By applying efficient error correction, dramatically improved and much more
consistent performance can be obtained. Furthermore, the need for costly tuning
procedures etc. is eliminated, and the total cost of the system will in general be
reduced.

3. Pulse width modulation schemes

Traditionally, pulse width modulation is categorized in two major classes by the
sampling method: natural sampled PWM (NPWM) and uniform sampled PWM
(UPWM). Alternative sampling methods exists [3], [12], [14] which can be
categorized as hybrid sampling methods since the nature of sampling lies
between the natural and uniform sampling. The principles of the different
sampling methods is illustrated in Fig. 3. Several variants of these three basic
modulation variants can be defined, and Table 1 shows the considered variants.
The hierarchical structure illustrates the order in which the modulation schemes



Sampling method Edge Levels Abbreviation
Single sided Two (AD) NADS
Natural sampling Three (BD) NBDS
(NPWM) Double sided Two (AD) NADD
Three (BD) NBDD
Single sided Two (AD) UADS
Uniform sampling Three (BD) UBDS
(UPWM) Double sided Two (AD) UADD
Three (BD) UBDD
Single sided Two (AD) LADS
Hybrid sampling Three (BD) LBDS
(LPWM) Double sided Two (AD) LADD
Three (BD) LBDD

Table 1 The considered variants of pulse width modulation.

are differentiated. To systematically differentiate between the modulation
variants, the following abbreviation method is defined:

{Sampling Method}{Switching}{Edge}

An example is NADS for Natural sampling - AD switching - Single sided
modulation. Fig. 7 - Fig.14 illustrates the essential time domain waveforms for
the considered 8 variants of natural and uniform sampling. The figures illustrate
from top to bottom the modulating signal and carrier, the signal waveforms on
each of the bridge phases and the differential- and common-mode output
signals, respectively. The uniform pulse width modulation is based on
comparison between the carrier and a sampled version of the signal. By using a
triangle as reference, double sided modulation results. This modulation of both
edges doubles the information stored in the resulting pulse train, although the
pulse train frequency is same. Class AD and BD are the (somewhat misleading
but standardized) abbreviations for two level and three level switching, as
introduced in [4], and efficient synthesis of a three-level switching pulse train is
illustrated in the time domain figures for NBDS, NBDD, UBDS and UBDD.
Examples of NPWM and UPWM modulator implementation are given in Fig. 5.

The harmonic distortion present in uniform sampled PWM has led to alternative
hybrid sampling schemes. In general the principle of linearizing UPWM has
attracted some attention in recent years and variants exist [11], [12], [14], [15],
[20], [21], [22], [24], [25]. One approach is interpolation of the sampled data to
approach the characteristics of natural sampling as first introduced in [3], [13],
[14]. Linearized PWM (LPWM) [17], [24] is chosen in this work for
comparison with UPWM and NPWM due to its simple implementation. The
principle of hybrid sampled PWM by LPWM illustrated in Fig. 3. Note, how the
LPWM waveform is much closer to the NPWM pulse waveform. A parameter
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for optimization is the number of samples s used in each carrier cycle to
approximate the input (s = 3 in Fig. 3). Clearly, the approximation is improved
with s , however the complexity of the modulator also increases with s.

Fig. 6 illustrates the essential blocks of an LPWM modulator in a full
bandwidth amplifier application. The basic principles are well known, and will
not be described in detail. The interpolation factor (here 8) is determined by s
and noise shaping considerations. The linearizer unit outputs the pulse width for
the oversampled input samples. The practical implementation of LPWM
requires the use of noise shaping, in order to reduce the counter clock speed
which defines the time resolution. The noise shaper outputs the requantized
pulse widths (8 bits in Fig. 6), which are converted to a PWM waveform by
digital counter and comparator hardware in the PWM unit.

4. Analysis methodology

The analysis and comparison of the different modulation schemes is based on
PWM responses to single tone input. Analytical treatment of modulated
multitone and noise signal is highly complicated, and investigations are
therefore deemed to be carried out by computer simulation. Most important
however, the response to single tone input provides nearly all interesting
information about the modulation process, and the response to multitone and
noise inputs can in general be well predicted from the response to tonal input.
The tonal behavior is analyzed by the well known double Fourier series
approach from communications theory [1]. The method has been applied to a
few PWM variants by Black [2]. Further treatment of the subject has been given
by Bowes [5], [6] and Mellor [13]. The treatment in the referenced and other
publications have typically been limited to a smaller set of modulation schemes
and/or other applications, where the objectives may be very different. In this
paper, a complete set of analytical expressions for NPWM and UPWM is
derived for the first time.

LPWM is analyzed on exactly same parameters as NPWM and UPWM, that is
non-quantized PWM responses to tonal stimuli. Besides the pure harmonic
distortion, an important factor in the LPWM modulator is that the quantization
noise and noise shaped noise introduced is sufficiently small and does not
dominate over the harmonic distortion. Computer simulation is used to analyze
LPWM, since a general compact double Fourier series expansion has not been
derived as with NPWM and UPWM. Although the modulation processes cannot
be investigated at the same level with computer simulation as by concise
analytical expressions, computer simulation can provide sufficient resolution
for a detailed investigation of all the given LPWM variants in Table 1.



4.1 Methods of comparison

All modulation processes depend in a way of several parameters as the
modulation index, signal frequency and carrier frequency which complicates a
general analysis and comparison. Furthermore, the objectives for choosing a
given modulation method will inherently depend on the application, and
numerous parameters can influence the choice of modulation strategy, as the
maximal power level, target bandwidth, complexity/cost considerations etc.
Still, it is attempted to carry out a unified comparison by considering the
following important issues:

Spectral characteristics :

A detailed investigation of the high frequency spectral characteristics is carried
out for each modulation scheme. These characteristics of the modulation
spectrum differ considerably between modulation principles.

The frequency ratio is defined as the ratio between signal angular frequency @
and carrier angular frequency a,:

g=2 M
0‘)0

The theoretical maximum for ¢ is not determined by the Nyquist criteria, as with
normal amplitude sampling. It is determined by considering the carrier and
signal slew-rates. The resulting limitations depend on the choice of edge
modulation as:

SRg = 2¢ = ¢ < Le (Single sided modulation) @
2r 2n
SRp =2 % =9 = o< Qe (Double sided modulation) G
T T

In general, the high frequency spectral characteristics will have determining
influence on the maximal frequency ratio (the bandwidth limit of the
modulation process). Practical considerations as easy demodulation will
therefore put tighter constraints on the possible frequency ratios than the limits
defined in (2) and (3).

Since the HF spectral characteristics depend in a complex way off the
parameters such as M, @ ,@. a new analysis tool, the Harmonic Envelope
Surface (HES) is defined to aid in the understanding the modulation process.
The HES provides a detailed insight in the spectral characteristics with a single
compact figure. The basic idea is to visualize the amplitude spectrum vs. the
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important parameters modulation index M and normalized frequency (/).
Instead of a 3D visualization, a much better approach is to visualize the HES in
2D with color (grayscale) defining amplitude. The parameter space defining the
HES-plots in this paper is:

e Me{-100;0}.

o g=1/16

e fe{0,4}, where f'is the normalized frequency (f1;).

The choice of frequency ratio is not of primary importance in order to reveal the
characteristics and differences between modulation schemes. The results can
easily be generalized to other frequencies. However, it is appropriate to chose a
frequency ratio close to a worst case situation, which is the case with g=1/16.

Distortion

Some of the modulation schemes generate ‘forward’ harmonic distortion and it
is therefore valid to consider total harmonic distortion (THD) as a comparison
parameter. THD is investigated vs. frequency ratio ¢ in the worst case situation
M=0dB.

5. Analysis

In the following, a complete set of analytical double Fourier series expressions
are derived. Several of the expressions, e.g. for NBDS and UBDS, have not
previously been published in the literature, and the derivation will therefore be
treated in greater detail. HES-plots are derived on the basis of the expressions,
and the spectral characteristics and distortion characteristics are analyzed and
compared.

5.1 Natural sampled - AD - Single sided modulation (NADS)

Fig. 7 illustrates interesting time domain signals for NADS. Either the leading
or the trailing edge can be modulated in single sided modulation, however the
amplitude spectrum is the same for both variants and there will be no
differentiation between the two variants in the following discussion. Note from
Fig. 7 that no common-mode components are present over the bridge phases.
The following will show, that this is a general characteristic of the two level
modulation process. In appendix A, the double Fourier series (DFS) expression
for NADS is developed in detail, and the background for using a double Fourier
series approach is discussed. The DFS for NADS is repeated below:



Fnaps(t) = Mcos(y)
= 1 - Jo(mnM)cos(mn)

22

sin{mx)

mT

“)
_22 Z J (mn )sm(mx+ny—mn—%)

m=1n=1%1

Where:

M Modulation index. M e [0;1].
x=w.t | o, = Carrier signal angle frequency.
y=mt | o= Audio signal angle frequency.

J, Bessel function of nth order.
n Index to the harmonics of the audio signal.
m Index to the harmonics of the carrier signal.

The individual components present in the output spectrum are identified to be:

Component Amplitude
m'th harmonic of carrier )1 Jy(mmM ) cos(m)
my m
IM-component mx * ny 2J,(mnM)
mn

One of the most important conclusions form the expression for NADS is that

the modulating signal is left unchanged by the meodulation, i.e there are no

direct forward harmonics. This means that the modulation process by

appropriate filtering can be considered ideal in terms of distortion. This is a

very pleasant general characteristic of natural sampling. Fig. 15 illustrates the

spectral characteristics of the modulation process, by two single ‘shots’ at

M=0dB and M=-40dB, and by a Harmonic Envelope Surface (HES). From the

hHES-plot, the following interesting facts are concluded for NADS:

o The intermodulation components are very pronounced at mx*ay, and
depend heavily on the modulation index M. This is seen as ‘skirts’ around
harmonics of the carrier.

o The components related to the even harmonics of the carrier reduce with M,
and are totally eliminated at idle. At lower M, the dependency between the
dominating IM-components and M is nearly linear due to the characteristics
of the 1% order Bessel function J,(x) (Fig. A.2).

As mentioned above, g = 1/16 represents a close to worst case situation. At
lower frequencies, the ‘skirts’ will close to the carrier, which is clearly more
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attractive especially when considering the components placed below the first
harmonic of the carrier. Higher frequency ratios would produce in-band IM-
components and increase the requirements for demodulation.

5.2 Natural sampled - BD - Single sided modulation (NBDS)

To the best of the authors knowledge, a double Fourier series for Natural
sampled BD Single sided modulation (NBDS) has not been derived in previous
literature in the field. The interesting time domain signals of the NBDS
modulation process are illustrated in Fig. 8. Note the presence of a high
frequency common-mode signal at the bridge phases, which illustrates the
necessity for common-mode filtering. The derivation of a double Fourier series
for NBDS will be carried out in the following in some detail. The approach used
in appendix A could equally be used to derive the double Fourier series for
NBDS. A much simpler approach however is to devise the expression by simple
superposition rules from the expression for NADS, since NBDS can be
synthesized by a 180 degree phase shift of the modulating signal to the
opposing half-bridge. Subsequently, what is needed is a general expression for
NADS with a phase shifted modulating signal. This is found by simply
replacing y with y-¢ in (4):

Fyaps,p(t) = Mcos(y —9)
o 1= Jo(mnM ) cos(mm)

+2Y
m=1

sin{mx )
mmn

Q)
- 2gln§tll”—(g—11:—l‘/[—)sin(mx +ny — mn — 225 - nd)
Fypps(?) is defined as :
Frnaps(t) = Fyaps.n(t) (6)

Fupps(t) = 5

The scaling is necessary in order to obtain a total pulse amplitude of 2. From (5)
and (6) we get:
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