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Abstract

This paper addresses various aspects on dedicated Pulse Width Modulation
(PWM) based amplifiers for active speaker systems. An new amplifier concept,
dedicated to woofer/midrange (0-4KHz) loads, has been developed to provide a
high fidelity solution with minimal energy consumption in both analogue and
digital active speaker systems. The concept is based on a novel feedback
topology, a modulation strategy which is dependent of bandwidth, and the use of
a switching frequency as low as 44,1KHz without compromising the sound
quality. Detailed measurements on two 200W example implementations (700Hz
and 4KHz bandwidths) are given, showing THD+N < 0.1% and an unweighted
dynamic around 110dB. A new efficiency measure termed the energy efficiency is
defined, based on consumer behaviour investigations. The amplifier examples are
shown to provide reductions in energy consumption by more than 90% compared
to conventional principles, mainly due to a total idle power consumption of only
1.5W, and power stage efficiencies approaching 96% at higher output powers.

1. Introduction .

Conventional very inefficient and bulky class A or AB amplifiers are still almost exclusively
used to drive loudspeakers. Relatively little research activity is directed towards the (in theory,
at least) much more efficient digital amplifiers based on Pulse Width Modulation (PWM),
despite numerous obvious advantages of this amplifier technology:

¢ Considerable reductions in volume and weight.

Potential reductions in amplifier cost, especially for high power amplifiers.

A theoretical higher level of basic linearity.

Reductions in power supply transformer and decoupling.

Temperature stability and reliability.

A higher level of design freedom.

Several problems have prevented the use of the basic PWM amplifier concept such as
complexity, distortion and noise problems, Electromagnetic Interference (EMI), and finally a
power consumption that was not far from analogue counterparts due to e.g. high switching
losses. This paper addresses various aspects on high fidelity PWM amplifier design, with
active speaker systems as application. The design decisions have been driven by the following
basic design philosophy and overall design goals:

o The total amplifier energy consumption has been given high priority.



o The sound quality has to be comparable with the best analogue class AB counterparts. Very
low distortion and noise is desirable.

o The concept should cover 400Hz (woofer) - 4KHz (woofer and midrange) bandwidths and
an continuos output power range of 40W - 200W without changes in the topology.

s The use of advanced (expensive) techniques requiring tuning in production etc. should be
avoided. A very low resulting complexity is desirable.

Power amplifier energy consumption in a given period of time, is a factor that has not been
given much interest, although it is well known that in common audio products nearly all the
supplied power is dissipated as heat. The major consumers are in general the audio amplifier
and power supply (and the speaker obviously). The energy consumption is adressed here by
definition of a new efficiency measure - the energy efficiency, on the basis of simple consumer
behaviour investigations, in terms of an average distribution of volume control positions. The
energy efficiency makes it possible to optimise the amplifier in respect to energy consumption
(what the consumer will see on the bill). The novel amplifier concept can reduce the energy
consumption in a given speaker system considerably, without compromising the sound
quality. All energy efficiency considerations and optimisation guidelines can be easily
generalised to general purpose amplifiers, as e.g. the novel topology that is presented in [1].

2. Definition of energy efficiency
The traditional efficiency measure is given by:
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where P,(x) and P.(x) are the output power and supplied power, respectively. (1) does not
provide any information on the energy consumption of the amplifier, due to its inherent
dependence on the relative output level x. Fig. 1 illustrates both ideal and typical efficiency
curves for representative examples of the three amplifier classes: AB, G and AB with switch
mode supply's (following the audio signal). A description of the models use to estimate the
efficiency of theses alternative amplifier principles, is beyond the scope of this paper. Below -
20dB the typical efficiency of all amplifiers principles gets very low, primarily due to the
quiescent power losses. The traditional efficiency measure is usually specified at the level
with maximal power dissipation or at the maximal output level (heat sink design
considerations), and there is in general no correlation between (1) and the amplifier energy
consumption.

A definition of the average consumer behaviour, will inevitably have to be based on
assumptions. The average distribution of volume control positions will thus vary, due to
variable loudspeaker sensitivity, room size, user age and numerous other parameters. Still it is
possible to generalise, and define four subjective listening levels as given in the table below:

Distribution Output level (dB re max.) Subjective level
0% 0 dB Clipping
1% -9dB Party
10 % 24 dB Listening

89 % -40 dB Background




The distribution should be interpreted as: In 89% of the time, the average user listens to
background music with an average relative output level at -40dB etc. The given categories
represent a good average in consumer applications. The dissipation for a given output power
on the contrary, will vary a lot dependent on amplifier size and construction, A new measure,
the energy efficiency ney , is defined on the basis of the distribution given in the table above.
By use of the the energy efficiency measure, concepts can be categorised on the basis of
simple power loss measurements. More important, the simple measure can be used as an
optimisation parameter to minimise the energy consumption.

To generalise, given a set of data on the following form:
(11, Po 1y Pp (12 Poas Fpo)s oo (i, PonaPoy) (2)

where (n;,Fy ;. Pp ;) refers to that the output power in average is p,, in n; percent of the
time, and P, refers to the losses at the given output power. The effective output power and
the effective power dissipation are:
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The energy efficiency is now defined as:
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7oy Tepresents the real amplifier energy efficiency, i.e. 7,4 is directly indicates how much of
the supplied energy, that is utilised in the speakers. Fig. 2 illustrates the typical energy
efficiency for class AB, G and class AB with switching supplies, as a function of the quiescent
power loss factor 8, defined as:

5= Pec idle
= _Lthidle 6)
;b,max (

Again, the analysis has been based on realistic models of the amplifiers, including amongst
others estimated quiescent power losses and the finite headroom. The different classes can not
be compared directly, since typical values of § will vary. For a class AB amplifier, & is thus in
the area 0.1-0.2, while the typical values for the other classes are lower.



Some rather interesting conclusions can be drawn by the use of the energy efficiency measure:

¢ The typical energy efficiency for a typical class AB amplifier is in the area 0.5%-2% !
(adding supply losses, the number is even lower).

¢ The energy efficiency for an ideal class B amplifier is only 7.1% (se Fig. 2) independent on
output power capability. This is due to the inherent losses bound to the principle,

¢ The traditional efficiency measure reveals close to nothing about the energy consumption,
since it is usually specified at a level far from the normal user situation (i.e. it should only
be used in heat sink design considerations).

¢ Idle power losses and the losses at low output levels are crucial for the overall energy
consumption.

Given these results one can ask, why use of the class AB principle is so dominant today. There
are several answers to this question: First of all, until recently no audio company have had a
declared green policy. Second, amplifier weight has by many actually been considered an
important parameter, i.e. the more weight the better amplifier. Third, construction of reliable
low distortion class AB power amplifiers up to 200-300W is relatively simple and well
known. Despite this it is the authors belief, that the ‘green wave’ will also soon hit
audiofvideo products, making a high energy efficiency an attractive parameter, especially
since labelling or standardisation in consumer electronics in general seems to be on its way

[5].

3. Pulse Width Modulation

Fig. 3 illustrates the very basic principle behind a Pulse Width Modulated (PWM) amplifier,
also known as a digital power amplifier [17-18] due to digital operation of the power stage
transistors, or a class D amplifier. An audio signal is modulated by a carrier signal. The carrier
is a sawtooth or a triangle signal, corresponding to single sided modulation (leading or trailing
edge) and double sided modulation, respectively. The resulting PWM signal is converted to
power levels by a power switch. The power switch used in this work is a bridge configuration,
which is illustrated in Fig. 5. The secret of the theoretical very high efficiency of the PWM
amplifier at all output levels, is that the power transistors are operating either fully ‘on’
(shorted) or ‘off’. The power transistors are thus kept out of the power consuming active
region, whereby the theoretical efficiency (and energy efficiency) is 100%.

3.1 Bandwidth limited digital amplification in active speaker systems

The amplifier concept is targeted for an active speaker system with separate amplifiers for
each band, as illustrated by the 3. way example in Fig. 4. The specific use of digital amplifier
technology in active speaker systems have some very important advantages :

¢ The load and amplifier can be matched perfectly. In general purpose amplifier systems one
has to consider nominal load variations (typically 2, 4 and 8 ohms). Furthermore, the
loudspeaker cable length is not known,

* It is possible to optimise the load impedance to obtain minimal power consumption in any
given application.

* Bandwidth limited amplification can be utilised to its full extent. While the power
dissipation of a class B amplifier is independent on amplifier bandwidth, a reduced
bandwidth can be used to reduce the carrier frequency and thereby the switching losses.

» Connection wires from amplifier to speaker can be made very short. The simplifies post
filter Radio Frequency Interference (RFI) relations.



As introduced above, this work concentrates on the woofer/midrange area only. This is no
limitation in respect to the total energy consumption, since almost all acoustic energy, and
thereby amplifier power consumption is concentrated in this band. The spectral amplitude
distribution varies with music material of course, but it is possible to generalise [2-4] and
determine an average distribution. Fig. 6 illustrates a more specific analysis carried out in [2].
Almost independent of music material, the average acoustic power in the tweeter band 4KHz -
20KHz. is much lower than in the other bands. This will be reflected in the necessary power
amplifier size and thereby the average power consumption. Even with conservative tweeter
amplifier design in regard to the high transients, the necessary power handling capability is
only around 10-15% of the total power.

The tweeter could be driven by a full bandwidth PWM amplifier of course (full bandwidth
versions prototypes of the amplifier concept has been developed with very satisfying
performance), but still this will not lead to the same remarkable change in either volume,
weight or energy consumption in most applications due to the lower tweeter amplifier size.

3.2 Pulse width modulation schemes

Pulse width modulation results in a sampling of the signal. There are two main sampling
forms, termed natural sampling (NPWM) and uniform sampling (UPWM). Natural sampling
refers to that it is the instantaneous intersections of the carrier and signal, which is used to
determine the switching instants of the width modulated pulses. The natural sampling thus
implies an intrinsic natural selection of the sampling points. The other major category of
modulation is Uniform sampling. 'Uniform' refers to, that the signal remains uniform
(constant) over one period of the reference triangle wave or sawtooth signal. It is thus the
sampled signal, which is compared with the reference. The ‘'uniform sampling' is a natural
consequence in digital systems, where the modulator input is already sampled.

Further modulation subclasses are defined by the switching method, which can be either class
AD or class BD (three level). They will be termed AD PWM and BD PWM in the following.
The differences of these modulation schemes are illustrated in Fig. 8, and the two modulators
are illustrated in Fig. 7, with bridge connections indicated left. AD PWM takes two values,
whereas unipolar switching takes three values, since a zero level is included in the modulation
process. A summary of the possible modulation schemes is given in the table below:

Natural sampling (NPWM) Uniform sampling (UPWM)
Single sided Double sided Single sided Double sided
Leading | Trailing AD BD Leading | Trailing | Leading | Trailing
AD | BD | AD | BD AD | BD | AD | BD [ AD | BD AD BD

A through analysis of the advantages/disadvantages of the different modulation strategies in
PWM amplifier systems is beyond the scope of this paper. This paper is concentrated on



double sided NPWM, class AD and BD. Natural sampling has the clear advantage over
uniform sampling that it only generates intermodulation components and no forward harmonic
distortion. By using reasonable carrier to audio frequency ratios, the audio signal can thus be
perfectly regenerated, as it will be illustrated in the following.

Pulse width modulation of a sine wave has amongst others, been analysed by Bennett [6]
followed by Black [7] and Bowes [8]. Using a double fourier series, a sine wave modulated by
double sided AD PWM and BD PWM, can be expressed as :

*ap(t)= MU cos(@-1) +4-U- ZL('——2) sin(m'%)-cos(m-wc-t)
m (7)
= n=e ] (M-m
+4.U- ZZ n( ) sin(('”*")'%)'cos(mwc-t+n-co-t)
m=In=11

and

xgp(t)=M U cos(w-t)
oo too J (m IL') (8)
—4U- Y Y —— sin((m+n)-Z)-sin(n- £)-sin((m- @, +n-0)-1 -n-Z)

m=la=11
Where : .
M Modulation index. Me [0;1].
U The bridge power supply level (DC).
0] Audio signal angle frequency.
W Carrier signal angle frequency.
A Bessel function of nth order.
n Index to the harmonics of the audio signal.
m Index to the harmonics of the carrier signal.

A double fourier series expansion is necessary since, in the general case no relationship exists
between the signal and the carrier. The PWM waveform will thus not be periodic, and a single
fourier series is not adequate. From the series, the individual components of the modulated
signal are easily determined. Fig. 9 illustrates the spectral content of an AD and BD pulse
width modulated sine wave. The spectrum is shown for modulation indexes varying over a
60dB input signal range, with a switching frequency of 44.1KHz and a 4KHz input (the upper
bandwidth limit). Clearly, the modulation is a non linear process, but the modulation does not
directly distort the audio signal, i.e. no forward harmonic distortion is present in the
modulation spectrum.

From ( 7 ), ( 8 ) and Fig. 9, several important differences between double sided BD PWM and

double sided AD PWM are observed:

o The effective sampling frequency of the audio signal is doubled when using BD, while the
switching losses are retained. Alternatively, BD offers the theoretical possibility of halving
the switching frequency.



¢ In BD PWM,; neither the carrier or its harmonics are present in the modulated signal. The
IM components with the lowest frequencies are located around 2.f..

e In BD PWM, the intermodulation components components amplitude decrease linearly
with the audio signal. The residual is thus in theory totally ‘noiseless’.

¢ The maximum output voltage step is halved in BD, i.e. less differential noise has to be
eliminated by a post filter.

e In BD PWM, the PWM bridge output terminals contains high level common mode
components with a peak to peak amplitude of U, while AD only generates a DC common
mode component of U/2. This is illustrated in the bottom of Fig. 8.

o The BD PWM modulator is somewhat more complex. (Fig. 7).

Both modulation strategies are used by the concept to obtain an optimal configuration at any
given amplifier bandwidth. The background for using both modulation strategies, will be
discussed in section 5 and 6.

4. Main PWM amplifier topologies

In recent years, there has been a considerable interest in PWM amplifiers based on digital
PWM, where the modulation is performed in the digital domain by a enhanced sampling
process based on precompensation techniques, which approaches natural sampling in terms of
modulation spectra [13-15]. A PWM amplifier based on digital PWM is interesting, since all
signal processing in the system is either digital or time discrete. A good solution to the coarse
UPWM distortion by precompensation was introduced in [12-13]. Recently addressed
problems has been the intermodulation between noise shaper generated wide band noise
components in the non linear PWM process [16]. In general, the work performed has
concentrated on the small signal PWM performance, and very good small signal (PWM DAC)
performance is achievable today. But to the best of the authors knowledge, no fully specified
PWM power amplifier based on digital PWM with satisfying distortion and noise
performance exists to date.

To illustrate the reason for this problem, and to argue for analogue PWM as an alternative also

in digital input amplifier systems, Fig. 10 shows two equivalent digital amplifier systems

based on digital and analogue PWM, where the precompensation is performed by linear

interpolation [15] in the XPU unit. Performing the modulation in the digital domain saves

three functional blocks:

o The DAC analogue low pass filter. Since a PWM DAC is based on fine requanitsation, the
necessary order of the small signal demodulation filter is small.

¢ The analogue PWM modulator, consisting of a comparator (AD) and a prcclsmn triangle
wave generator (basically a few opamps and a comparator).

o The feedback block.

All these elements can be realised in very high quality at a low cost with general purpose
active devices. These differences should therefore not determine the choice of topology.

4.1 The powerstage problem

The fundamental problem of the digital PWM based topology (top of Fig. 10), is that the
power stage can not easily be encompassed by general feedback. Although the natural linearity
of a PWM output stage can be designed more linear than e.g. a class AB output stage, it will
still be not reach high end performance, in terms of distortion and noise. It is well known, that



a system only performs as good as it weakest part, at this is what troubles the digital PWM
based power amplifier. The inherent non-ideal elements, that causes the problems are mainly:
» A cross-over type of distortion, caused by blanking.

¢ Finite (and especially unequal) rise- and fall times of the PWM signal.

e Power supply induced distortion. Since the power supply level directly ‘generates’ the
PWM signal, any power supply variations will be reflected as distortion in the audio
waveform. In other words the power supply rejection ratio PSRR is 0dB with a power stage
operating open loop.

¢ Temperature dependence and component tolerances leads to rather large deviations in
transistor parameters.

» The output stage will introduce some audio band noise, which is not reduced by regulation.

The use of an A/D converter to provide the digital feedback is not considered rational, due to
its inherent failings and cost. Efficient digital precompensation is difficult, due to the complex
dynamic operation of the power stage non-ideal elements. It is the authors belief that a high
end, cost efficient, reliable and robust commercial digital amplifier can not be realised without
the positive features of general feedback. Similar conclusions have been drawn by
Vanderkooy [11].

4.2 Analouge PWM and digital input

Referring to Fig. 10 (bottom), the digital amplifier based on analogue PWM with a PWM
DAC front, if correctly implemented, offers the possibility of general feedback with the
following very important advantages over the other topology:

¢ Considerable lower distortion and intermodulation at all output powers and frequencies.

¢ Considerably lower residual noise level, i.e. a higher dynamic range.

e The power design can be relaxed. An unregulated supply will be sufficient in most
applications,

¢ A more robust construction, with a natural correction of variations due to ageing, spread in
production etc.

e New possibilities, e.g. supply variation to lower the quiescent and low level power
consumption. With sufficient regulation, the power supply level could be changed while
retaining the amplifier gain. The is a very interesting new possibility, when the scope is to
design amplifiers with the highest energy efficiency possible.

The bottom topology in Fig. 10 offers the possibility of combining digital PWM with power
stage feedback, whereby the DAC as an individual block can be saved. This is a very
important where DSP circuitry is already present, as in digital speaker systems. Referring to
Fig. 10 (bottom) the first three modules can therefore be realised by the DSP. Due to the
limited bandwidths in woofer/midrange amplifiers the complexity of the DSP algorithms is
considerably lower than in full bandwidth versions, e.g. the interpolation module can be
eliminated or reduced considerably in complexity, and the remaining instructions are
performed at a lower sampling frequency. Simulations has shown, that very high quality
woofer/midrange PWM DAC performance can be achieved by only around 5-10% (dependent
on quality) of processor time in the general purpose floating point DSP processors of today. In
a three way digital speaker system, the total amount of DSP processor time would thus be
maximal 20% for the woofer and midrange amplifier, which is a minimal loss considering that
two high quality general purpose DAC's can be saved.



5. The concept

A block diagram of the basic amplifier topology is shown in Fig. 11. As discussed above, the
possibility of digital input is provided, either by implementing the DSP of the digital PWM
modulator in a'general purpose digital signal processor, or by the use of a general purpose
DAC. The 2. order crossover filter (active/digital) also limits to input slew rate and noise,
besides realising the crossover function.

5.1 The feedback topology

Although the research activity in this field has been very limited over the past 30 years, some
feedback topologies have been presented. The dominating technique has been feedback after
the post filter [9-10], combined with phase compensation for the post filter phase shift.
Reasonable amount of feedback can only be realised by rather high switching frequencies
degrading the overall efficiency, which is not desirable. A novel topology is presented in the
parallel paper [1]. This approach could be generalised to lower bandwidths, but current
measurement adds complexity and power dissipation, and the loop optimisation is bound by
more restrictions typically leading to a higher switching frequency for a given amplifier
bandwidth. These factors are of course not desirable, when the task is to develop amplifiers
with the highest energy efficiency possible.

The essential overall feedback is taken before the output filter to avoid the phase shift of the

post filter. The basic advantage of this approach is a higher level of freedom to shape both

forward and feedback paths for optimal performance. The loop is shaped by considering the

following important parameters/trade-off's:

¢ A consistent loop gain of 30-40dB at all audio frequencies, with the highest gain at lower
frequencies where the non-linear and linear errors dominate.

» Wide open loop bandwidth, to obtain a good transient response and avoid Transient
Intermodulation Distortion (TIM).

¢ High PSRR especially at lower frequencies, to lower the demands of supply regulation.
Ideally, the use of a simple and cost efficient unregulated power supply is desirable,

¢ Avoidance of missed pulses at the modulator, which can produce undesirable sub harmonic
components.

The concept is based on a switching frequency of only 44.1KHz, independent of bandwidth.
The exact choice of 44.1KHz is based on a desire to synchronise the amplifier switching
frequency to the remaining system, especially in event of a digital speaker system. To
minimise the possibility of interference problems, this synchronisation is necessary.

The modulation strategy is determined primarily by amplifier bandwidth. At bandwidths
lower than 2KHz, AD has shown most advantages in terms of complexity of modulator and
post filter (the basic post filter topology varies with modulation method). BD is used in the
remaining bandwidth area 2KHz - 4KHz. The characteristics of BD (se Fig. 9) is used at these
higher bandwidths to provide a higher loop bandwidth without introducing noise. In this way,
a satisfying control loop response can be realised without increasing the switching frequency.

Loop synthesis software has been developed with MATLAB. The software will synthesise an
optimal loop configuration for any given bandwidth, output power, load impedance etc.






