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RINGKASAN : Penguat audio digunakan di dalam industri hiburan dan 
telekomunikasi untuk mengeluarkan semu/a bunyi yang berkualiti dengan 
pembesaran yang diperlukan. Kebanyakan penguat audio yang 
digunakan di pasaran ada/ah terdiri daripada kelas A, ke/as B dan kelas 
AB. Setiap kelas ini mempunyai kelemahannya sendiri. Sebagai contoh, 
penguat audio kelas A mempunyai kecekapan yang rendah. Manakala 
penguat audio kelas B danAB pu/a mempunyai masa/ah gangguan silang
seli dan masalah kecekapan yang rendah. Jika kecekapan penguat audio 
ini rendah, banyak tenaga akan terbuang di da/am bentuk haba. 0/eh 
yang demikian peralatan pembuang haba dan kipas tambahan perlu 
digunakan bagi mengurangkan suhu tinggi di dalam penguat audio. 
Dengan adanya peralatan tambahan ini, kos penge/uaran dan saiz 
penguat audio ini akan bertambah. 

Kertas kerja ini membentangkan dan membincangkan rekabentuk dan 
pembinaan penguat audio berkuasa rendah, modulasidenyut /ebar (PWM) 
yang menggunakan bahan peranti MOSFET kuasa, di mana ianya mampu 
memperbaiki kecekapan dan kualiti bunyi. Strategi pensuisan PWM 
sampel semu/ajadi digunakan di dalam pembinaan penguat audio ini untuk 
mengurangkan kadar harmonik dan menambah kecekapan penguat audio 
tersebut. Rekabentuk bagi penguat ini dibahagikan kepada enam 
bahagian. lanya terdiri daripada modu/ pelurus, PWM modulator, litar 
pemotong Jalur, litar pemacu get, litar kuasa dan modu/ keluaran. 
Keputusan ujikaji dad penguat audio yang dicadangkan dibincangkan 
dan dipersembahkan. Keputusan daripada ujikaji yang dijalankan 
menunjukkan bahawa kecekapan kuasa bagi penguat audio ini dapat 
ditingkatkan kepada /ebih daripada 90% dan kadar haba yang dikeluarkan 
dapat dikurangkan kepada lebih dari 95%, yang mana ianya 
menghapuskan penggunaan peralatan pembuang haba. 
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ABSTRACT : Audio amplifiers are used widely in both entertainment and 

telecommunication industries to reproduce the required quality sound with 

amplification. The most common audio amplifiers available in the market 

can be categorised as class A, class B and class AB. Each class of the 

audio amplifier has its own weakness. For example, class A audio amplifier 

has poor efficiency, while both classes B and AB suffer from a crossover 

distortion problem. If the efficiency of the audio amplifier is poor, the amount 

of heat dissipated by the amplifier is large. As a result many heat sinks or 

auxiliary fans have to be used to solve this problem, which adds more 

cost to its production and increases its physical size. 

This paper presents the design and implementation of a low power high 

quality pulse-width-modulated (PWM) power MOSFET-based audio 

amplifier, which is able to improve both its efficiency and audio quality. A 

natural sampled PWM switching strategy is utilised in the development of 

the amplifier to reduce its harmonic level and increase its efficiency. The 

design is divided into a rectifier module, a PWM modulator, a pulse-cutting 

circuit, a gate drive circuit, a power circuit module and an output module. 

The experimental results are presented and discussed. The experimental 

results show that the efficiency of the amplifier can be increased to more 

than 90% and the amount of heat dissipated from the amplifier is greatly 

reduced to more than 95%, which eliminates the use of heat sinks in the 

proposed amplifier. 

KEYWORDS : Audio amplifier, pulse width modulation, entertainment, 

telecommunication. 
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INTRODUCTION 

Development of a Low Power High Quality 
Pulse Width Modulated Audio Amplifier 

Low power audio amplifiers are widely used in entertainment systems such as in vehicles, 
portable computers, radios, cassette and CD players, cellular phone, PDA, etc .. The most 
common audio amplifiers used in these applications can be categorised as class A, class B 
and class AB. Each class of the audio amplifier has its own weakness. For example, class A 
audio amplifier has poor efficiency, i.e less than 25% while both class B and AB suffer from a 
crossover distortion problem (Malvino, 1989). The crossover distortion occurs when the 
conduction passes from one transistor to another transistor. This is because of the non-linearity 
of the transistor transfer characteristic for low input voltage. The efficiencies of both classes of 
B and AB are between 50 to 78.5%. If the efficiency of the audio amplifier is poor, the amount 
of the heat dissipated by the amplifier is large. As a result many heat sinks or auxiliary fans 
have to be used to solve this problem, which adds more cost to its production and increases 
its physical size. Furthermore, these amplifiers consume high power from the power supply 
because of their poor efficiencies. The problems of the overheated audio power amplifier, high 
harmonic level of its audio output and poor efficiency can be solved by implementing a pulse
width-modulated (PWM) strategy in its design. Many works related to the improvement of the 
audio amplifier had been conducted (Choi et al., 1999; Kashiwagi, 1984; Lau et al., 2000; 
Smith et al., 1999; Rinnert and Scott, 1999; Zee and Tuijl, 1999). 

This paper presents the design and implementation of a 20 Watts high quality pulse-width
modulated (PWM) power MOSFET-based audio amplifier, which is able to improve both its 
efficiency and audio quality. A natural sampled PWM switching strategy is utilised in the 
development of the amplifier to reduce its harmonic level and increase its efficiency. The 
design is divided into six main parts i.e. a rectifier module, a PWM modulator, a pulse-cutting 
circuit, a gate drive circuit, a power circuit module and an output module. 

As shown in Figure 1, the PWM switching strategy can be divided into three main techniques 
such as a natural sample, a regular sample and an optimised switching method. The PWM 
switching strategy is widely used in power converters for variable speed drives (Bowes, 1982). 
In the PWM switching strategy, the PWM signal can be generated either by hardware or 
software approaches. The regular sampled switching method is a software-based strategy. 
The implementation of this strategy can be conducted either by using a microprocessor or a 
personal computer. It has symmetric and asymmetric modes. On the other hand, the optimised 
method is based on the minimisation of certain performance criteria such as elimination or 
minimisation of particular harmonics. This strategy represents the best that can be achieved 
based on the particular performance criteria used. This method is a software-based strategy 
(Bowes, 1982). In the development of the proposed audio amplifier, the natural sampled 
switching strategy was chosen to generate the PWM signal because its hardware 
implementation is easy. 
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I PWM Switching Strategy I 
I I 

Optimised Natura1 ·· Regular 
Method Sampled . Sampled 

Figure 1. PWM switching strategy 

The general block diagram of the PWM modulator is depicted in Figure 2 and the block diagram 

of the PWM audio power amplifier is shown in Figure 3. The operation of the amplifier is 

described as follows. As shown in Figure 2, an audio signal which is a modulating signal or a 

sinusoidal wave is added to a carrier waveform namely a triangular wave at an adder. The 

output of the adder is applied to a level sensitive switch. The output of the level sensitive 

switch is a pulse width modulated pulse train. 

r----------------------, 
Audio ,__. Pre-amplifier Impedance PWM Modulator I 
signal I circuit matching circuit I 

I Level I 
I sensitive I 
I switch I 
I Triangular I 
I waveform Impedance I 

matching circuit 
I generator I 

L-------------------- -~ 
To pulse cutting circuit 

Figure 2. Block diagram of a natural sampled PWM modulator 

As illustrated in Figure 3, the output of the level sensitive switch circuit is utilised to drive the 

power MOSFET devices via a pulse cutting circuit and gate drive circuit. Power MOSFETs 

IRF510 are used as power switching devices of the amplifier. The output of the delay circuit is 

amplified to a required voltage level by the gate drive circuit before it can be used to drive the 

power MOSFET devices. The DC voltage supplied to the power circuit module is produced 

from the single-phase bridge rectifier. In order to recover the audio signal, a low-pass filter is 

connected between the power circuit module and a load. Finally, the original audio signal with 

amplification appears across the load. 
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I PWM modulator I • Pulse cutting circuit 1----w Gate drive circuit 

Single-phase rectifier Power circuit module ,__ __ Output module 

Figure 3. Block diagram of a PWM audio amplifier 

DESIGN CONSIDERATIONS 

The construction of the 20 Watts PWM power MOSFET-based-audio amplifier is based on the 
design discussed in this section, They are as follows. 

PWM modulator circuit 

As shown in Figure 2, the PWM modulator circuit consists of a pre-amplifier, a triangular 
waveform generator, two impedance matching circuits, an adder and a level sensitive switch. 
A hardware approach, which is known as natural sampling technique, is used to generate the 
PWM signal. The generation of the PWM signal is illustrated in Figure 4. It can be observed 
that the sinusoidal modulating wave is compared directly with the triangular carrier wave to 
determine the switching instants, and therefore the resultant pulse widths. 

\M 
d \f1RRllf1-· c 

a - Sinusoidal modulating signal 
b - Carrier signal 
c - PWM signal 
d - Fundamental of PWM signal 

Figure 4. Generation of PWM signal using a natural sampling technique · 
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Pre-amplifier circuit 

The purpose of the pre-amplifier is to amplify the incoming audio signal or the sinusoidal 

waveform. Its circuit diagram is shown in Figure 5. An operational amplifier is used to pre

amplify the audio signal. The output of this operational amplifier is controlled by the values of 

potentiometers P 3 and P 4 as illustrated in Equations 1 and 2. 

V =AV 
0 ,n 

[1] 

A=-P3 /P4 [2] 

where, 

Vo output signal 

Vin input signal 

A amplifier gain 

P 3 , P 4 potentiometers 

During the development of this amplifier, the sinusoidal input signals with frequencies of 1 kHz 

and 20kHz were used to test and calibrate the amplifier. The audio signal was also utilised to 

test and monitor the performance of the amplifier. 

signal 

P4 P3 

To impedance 
>---<10--- matching 

circuit 

Figure 5. Circuit diagram of a pre-amplifier circuit 

Triangular waveform generator 

As shown in Figure 6, the triangular waveform is generated using an integrated circuit ICL8038 

precision waveform generator. 

14 13 12 11 10 9 8 

ICL8038 

1234567 

To impedance 
matching circuit 

Figure 6. Triangular waveform generator 
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The frequency of the triangular waveform used in this amplifier is 119kHz and its peak-to-peak 

amplitude is 4.6V. The value of the triangular frequency was chosen because the triangular 

waveform is a carrier signal. Its frequency needs to be higher compared to that of the audio 

signal. During the modulation process, it is very important to make sure that the amplitude of 

the modulating signal, i.e. the audio signal, is not exceeding the amplitude of the carrier signal 

that is the triangular waveform. If the amplitude of the audio signal is more than the amplitude 

of the triangular waveform, the output signal will be over modulated. Subsequently, the output 

audio signal will be distorted and partially clipped. 

The symmetry of the triangular wave can be adjusted with the external timing resistors i.e. R9 

and R, 0• The R9 resistor controls the rising portion of the triangular wave and the R10 resistor 

controls the falling portion of the triangular wave. The rising portion of the triangular wave can 

be determined using Equation 3. 

[3] 

The falling portion of the triangular wave can be determined using Equation 4. 

1 

t = 
c3 -Jvcc 

[4] 
2 2V v cc cc -

5R10 5R9 

The 50% duty cycle is achieved when R9 = R,0• The output frequency is given by Equation 5. 

f= 1 [5] 

The output frequency can be increased or decreased by changing C3• 

Impedance matching circuit 

The purpose of the impedance matching circuit is to reduce the loading effect problem. As 

depicted in Figure 7, two circuits are designed for this purpose. The first impedance matching 

circuit is located between the triangular wave generator and adder. The second impedance 

matching circuit is located between the pre-amplifier and the adder. Two BC547 transistors 

are used to provide the impedance matching effect to the circuit. 
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From the triangular 
waveform generator 

12V 

To adder 

T1 
C5 r=---+- To adder 

Figure 7. Impedance matching circuit 

Adder circuit 

The purpose of the adder circuit is to add two waveforms, the carrier waveform and the audio 

signal together before it can be applied to the level sensitive switch to produce the PWM 

signal. Its circuit diagram is shown in Figure a.· 

12V 
From the triangular 
waveform generator P 12 
impedance matching 
circuit 

From pre-amplifier 
circuit impedance 
matching circuit 

Level sensitive switch circuit 

Figure 8. Adder circuit 

To level sensitive switch 

The purpose of the level sensitive switch circuit is to produce the PWM signal. To ensure that 

the circuit operates properly, the output of this circuit should be at 50% duty cycle when there 

is no audio signal as illustrated in Figure 9. Its circuit diagram is shown in Figure 10. The 

output of this circuit is then sent to the pulse cutting circuit to further process the PWM signal. 
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(a) 

(b) 
,___.___.__..___._ __ wt 

Figure 9. Output of the level sensitive switch at no audio signal, (a) Output of the adder; 
(b) Output of the level sensitive switch at 50% duty cycle 

From adder 

Pulse-cutting circuit 

12V 

-----
Cg 

Figure 10. Level sensitive switch 

12V 

To the pulse 
cutting circuit 

rj-
C10 

The common problem that appears during the operation of a push pull configuration as a 
power stage is "shoot through". This problem occurs when this configuration is working in 
switched mode. In the ideal case of the switched mode operation, the high efficiency is 
achieved by operating the transistor as power switches so that they are fully on, when the 
voltage across them is low, or fully off when the current through them is very low. In each of 
these cases, the power dissipated in the transistor is very low provided that they are switched 
rapidly between states. During the commutation of the two switching devices, one device is 
being turned off while the other is being turned on. As a result, a short circuit occurs and the 
power dissipates in the transistors for a short period. The efficiency is reduced by this effect. 
In order to overcome this problem, a delay circuit or a pulse cutting circuit is used. The 
objective of the pulse cutting circuit is to make sure that the switching device is turned off 
completely before the next one is turned on. As shown in Figure 11, the pulse cutting circuit 
consists of four integrated circuits i.e. an inverting buffer HEF40498, a monostable SN? 4LS123, 
an inverter 74F04 and an OR gate 74F32. 
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From level 

16 15 14 13 12 11 10 9 

HEF4049B 

12345678 

5V 

D 

16 15 14 13 12 11 10 9 

SN74LS123 

12345678 

sensitive switch A 
5V 

B 

5v----~ 

To upper part of 
power MOSFET 

14 13 12 11 10 9 8 

7417 

1234567 

14 13 12 11 10 9 8 

74F04 

1234567 

H 

10V 

C13 J 
R19 I To lower part of 

10V "'c power MOSFET 

Figure 11. Pulse culling circuit 

5V 

14 13 12 11 10 9 8 

74F32 

123456 7 

F G 

The function of the inverting buffer HEF40498 is to convert logic levels of up to 1 SV to standard 

TIL levels. The monostable SN74LS123 is used to control the delay time. The objective of 

the inverter 74F04 is to invert the signal and the function of the OR gate 74F32 is to give OR 

logic operation to the incoming signal. 

To calibrate the pulse cutting circuit, the square wave input signal at 50% duty cycle is used. 

The level sensitive switch produces this square wave when there is no audio signal. The 

output of the level sensitive switch is converted to the standard TIL level by using the inverting 

square buffer HEF40498. The inverting and non-inverting square waves are used to produce 

the waveforms D and E, respectively, in the monostable integrated circuit SN74LS123. As 

depicted in Figure 11, C11 , C12 , P 16 and P 20 are used to control the delay time. The output pulse 

width of the monostable can be determined using Equation 6. 

[6] 

where, 

tw pulse width in nanoseconds 

K multiplier factor 

C12 external capacitor, pF and 

P16 timing resistance, kQ. 
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The logic outputs of the delay circuit is shown in Figure 12. Waveform F is produced by doing 
OR gate operation between waveforms A and D. Waveform G is produced by applying both 
waveforms Band E together to the OR gate IC (74F32). Applying waveform G to the inverter 
IC (74F04) produces waveform H. Waveform H is then sent to the open collector driver IC 
(7 417) for voltage amplification before it can be used to drive the power switching devices. 
Waveform I appears at the upper gate of the switching device and waveform J appears at the 
lower gate of another switching device. 

Gate drive circuit 

The switching devices used in the PWM audio amplifier are two IRF510 power MOSFET 
transistors. When designing with a power MOSFET, it is important that the leads to the power 
MOSFET should be kept short, in order to reduce the parasitic oscillation. If a long gate lead 
is needed, the parasitic oscillation can be reduced by either stringing a ferrite bead near the 
gate or by placing a small value of resistance in series with the gate. The typical value is from 
20 to 50 ohms. An open collector TTL is utilised to drive the power MOSFET transistors. The 
circuit diagram of the driver is shown in Figure 13. The IC used in this drive circuit is 7 417 
driver. The voltage supplied to the gate of the power MOSFET can be controlled by varying 
the supply voltage v •. It can supply voltages up to 15 volts to the gate of the power MOSFET. 

I Output of the level 
sensitive switch 

~-~ 

I Output of the 40498 
- Inverting square wave 

~-~' Non-inverting square wave 

Output of the monostable 

E n~---~n~----~~utput of the monostable 

F 

G 

Output of the OR gate 

Output of the OR gate 

Output of the inverter 

Waveform at the upper gate of 
the power MOSFET 

Waveform at the lower gate of 
the power MOSFET 

Figure 12. Logic outputs of the pulse culling circuit 
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sv --------. 
14 13 12 11 10 9 8 

7417 

1234567 

Input signal from 
IC 74F32 

To upper part of 
power MOSFET 

C13 
R19 I To lower part of 

1 OV 1 OV "'=" power MOSFET 

Figure 13. Gate drive circuit 

Power circuit module 

Input signal from 
IC 74F04 

The diagram of a power stage circuit is shown in Figure 14. The power circuit module is 

designed to operate at 20V. The switching devices used are two IRF510 power MOSFET 

transistors. The configuration shown in Figure 14 is a totem pole circuit with bootstrap. When 

the PWM input signal is applied to the gate ofT6 with a positive pulse, T6 turns on and the base 

of T7 is pulled down and diode 0 1 clamps the gate of Ta to ground the low Ros(onl of T6 which 

guarantees that neither T7 nor Ta are on. T9 is on when the positive pulse is applied to its gate. 

Both T6 and T9 are off when a low level signal is applied to its gate. When T6 is off, both T7 and 

Ta are on. The bootstrapped emitter follower consisting of T7, R20, C15' 0 1 and 0 2 provides the 

high level signal required to properly drive Ta. High speed diodes, 0 1 and 0 2 are used to speed 

up the switching of the totem pole line driver. Resistors R21 and R22 are used to limit the peak 

current supplied by T7 and the input driving source, respectively. The action of T6 is improved 

by using a gate speed up circuit. The components are C14 and variable resistor P21 • 

From the gate 
drive circuit 

~ T5 

P21 

Supplied by a 
single-phase rectifier 

20V 

From the gate 
drive circuit 

Figure 14. Power circuit module 
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The purpose of the Schottky barrier diodes 0 3 and 0 4 is to limit inductive transients, which 
occur during the switching process. In addition, diode 0 3 provides a mechanism for sinking 
current, which would otherwise flow into the source of the upper MOSFET. Both C19 and C20 

are used to assure adequate frequency response characteristics and to minimise switching 
transients on the power supply line. 

Single-phase bridge rectifier 

A single-phase bridge rectifier is used to convert the AC voltage to the DC voltage required by 
the power circuit module of the amplifier. Its circuit diagram is depicted in Figure 15. 

Single-phase ]I I 
AC voltage 
supply 

Voltage 
regulator 

C21 

Figure 15. Single-phase bridge rectifier 

To power circuit 
module 

The average DC voltage of the single-phase rectifier can be determined using Equation 7. 

l 2"f 2V -2 V sin(ax)d(ax) =-m 
1t O m 1t 

[7] 

where; 

V m = Maximum voltage 

Choosing the rectifier diode would depend on three factors - current rating, voltage rating and 
forward voltage drop across the diode. The voltage rating would depend on the maximum 
line-to-line voltage, as the diode must be at least able to handle the peak inverse voltage (PIV) 
across its terminal. A general purpose input rectifier diode with a very low forward voltage 
drop and moderate leakage was used to rectify the AC line voltage. 
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The filter capacitor in the rectifier output produces a voltage close to that of the DC by reducing 

or eliminating the ripple component in the voltage. The capacitor used would depend on the 

ripple frequency, load current and allowable ripple voltage as given in Equation 8. 

C= 
I [8] 

6fLL1V 

where 

c Capacitance, F 

I Load current, Amp 

i1V P-P ripple voltage, V 

fl Line frequency, Hz 

Other important factors to be considered in choosing the capacitor are : 

1. For safety, the voltage rating of the capacitor must be higher than the peak voltage. 

Manufacturers typically recommend de-rating the capacitor voltage by 20% - 50% for the 

aluminium electrolytic type, and 50% - 70% for the tantalum type. 

2. If the output ripple current is higher than the capacitor ripple current rating, the capacitor 

temperature will rise and may damage it. Therefore, the capacitor ripple current rating is 

approximately 2.5 x the load current. 

3. The equivalent series resistance (ESR) of the capacitor must be as low as possible to 

reduce losses. 

Equation 8 was used to select the DC-link smoothing capacitor with a maximum allowable 

output voltage ripple of 5%. 

Output module 

The output module consists of a fourth order Butterworth low-pass filter and a load. A low

pass filter is used to remove unwanted high frequencies. Its circuit diagram is depicted in 

Figure 16. The filter is designed such that the carrier and its associated harmonics and 

sidebands are significantly attenuated without reducing the amplitude of the desired signal 

component. A fourth order Butterworth approximation was adopted for this filter. 
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Figure 16. Output module 

For convenience during testing, when the input signal used was a sine wave, the load used 

was a 1 on resistor. Under normal signal operation of speech and music, a loudspeaker of 8Q 

nominal voice coil impedance should be used. 

AMPLIFIER PERFORMANCE AND ITS EXPERIMENTAL RESULTS 

The amplifier was constructed using a module-by-module approach and tested individually. 

The experimental results are presented in this section. Figure 17 shows the output of the 

triangular wave generator. The frequency of this carrier waveform is 119kHz and its peak-to

peak amplitude is 4.6V. This waveform is used as a carrier waveform during the production of 

the PWM waveform signal. Figures 17 to 24 show waveforms at every section of the amplifier. 

They demonstrate that every section of the amplifier is functioning properly. Various tests 

were conducted during the development of this amplifier. The amplifier was tested at different 

levels of modulation indexes equal to 0.25, 0.50 and 0.75 as illustrated in Figures 23 to 26. 

Figure 17. Carrier waveform; 4.6 VPP. 119kHz 

Figure 19. a - Output of the adder 

b - Output of the level sensitive switch 

(a) 

(b) 

(a) 

(b) 

Figure 18. a - Input sine wave, 1kHz 

b - Output of the adder 

Figure 20. a - Output of the pulse cutting circuit 

b - Output of the level sensitive switch 
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Figure 21. a - Output of the upper 

MOSFET driver 

b - Output of the lower power MOSFET 

driver 

Figure 23. a - Input signal at 1 kHz, M = 0.25 

b - Output signal 

(a) 

(b) 

Figure 22. a - Output of the power stage 

at20V 

b - Output of the gate of the lower power 

MOSFET 

Figure 24. Fundamental component of the output 

signal at 1 kHz, M = 0.25 using a spectrum analyser 

(a) 

(b) 

Figure 25. a - Input signal at 20kHz, M = 0.25 Figure 26. a - Input signal at 1 kHz, M = 0. 75 

b - Output signal b - Output signal 

Beside pure input sine waves at different frequencies, the input audio signal was also used to 

examine the performance of the amplifier as shown in Figure 27. While Figures 28 and 29 

demonstrate the output of the level sensitive switch at different modulation index, i.e. 0 and 

0.25. Only selected experimental results are presented in this paper. 
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From the experiment it was found that the highest modulation index that could be achieved 
was 0.75. The output waveform was distorted when the modulation index was increased 
above this level. This was due to the fact that the circuit had some hysteresis problems. The 
situation deteriorated even further if the load was appreciably inductive. The recorded power 
output would be significantly increased if a greater depth of modulation could have been 
achieved. 

(a) 

(b} 

Figure 27. a - Input audio signal 
b - Output audio signal 

Figure 28. Output of the level sensitive 
switch at O input signal 

Figure 29. Output of the level sensitive switch at M = 0.25 

The efficiency of the amplifier could be improved by paralleling output transistors, by using 
low R05(enJ power MOSFETs as switching devices typically less than 1 ohm, by operating the 
output stage at higher power levels or by using a delay circuit to minimise power dissipation 
during switching. The highest efficiency attainable by using IRF510 MOSFETs as power 
switches was 94% at 0.75 modulation index. The amplifier achieved a good linearity. 

The efficiency of the amplifier can be calculated using Equation 9. 

[9) 

where plead = (Vlead )2 I RL [1 OJ 

ptetal = p PWM + plead + p driver + p MOS + pfilter + p switching [11 J 
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The harmonic distortion was quite low. For example at 1 kHz, at M = 0. 75, V c1c = 20V, the total 
harmonic distortion is 1.68%. This was comparable with high quality analogue amplifier when 

used on an open loop. The harmonic distortion can be improved by using negative feedback 

to the audio input of the PWM comparator. Despite a diligent search, crossover distortion 

appeared to be totally absent. On subjective testing with various music types, the amplifier 

performed well and compared favourably with its analogue counterpart. 

The measurement of total harmonic distortion (THO) using a spectrum analyser is a convenient 

and quick way of assessing the divergence of an output sine wave from an amplifier from its 

sine wave input. It is used as a yardstick to compare the linearity of a transfer function of one 

amplifier to another. 

THO 

where; 
V, = rms value of the fundamental component and 
V0 = rms value of then harmonic component. 

[12] 

The values of V, and V0 of the input signal can be obtained from the spectral response displayed 

on the spectrum analyser. Equation 12 is used to calculate the total harmonic distortion of the 

signal. 

During the test, it was noticed that the efficiency increases as the modulation index increases. 

This is because the magnitude of the input signal increases as the modulation index increases 

which results in an increase in the output power. It was also observed that the efficiency of the 

amplifier decreases as the audio frequency increases. This is due to the fact that the loss in 

the output filter reduces the efficiency of the amplifier. The loss in the output filter is due to the 

internal resistance of the inductor. As the audio signal frequency increases, the output filter 

losses increase due to the skin effect. It can be observed that the total harmonic distortion 

increases as the modulation index increases. This is because the non-linearity of the triangular 

waveform increases as the modulation index increases which results in an increase in harmonic 

distortion. Furthermore, the magnitude of harmonics of the carrier frequency and its sideband 

harmonics are directly proportional to the modulation index. 
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CONCLUSION 

Development of a Low Power High Quality 
Pulse Width Modulated Audio Amplifier 

A 20 Watts switched mode PWM audio power amplifier using power MOSFET transistors as 
switching devices was designed, constructed and tested. The performance of the amplifier 
was studied and analysed. The highest efficiency attainable by using IRF510 MOSFETs as 
power switches was 94% at 0.75 modulation index. Good linearity was achieved by the 
amplifier. The harmonic distortion was quite low. For example at 1 khz, at M = 0.75, Vdc = 20V, 
the total harmonic distortion is 1.68%. The experimental results show that the audio amplifier 
is successfully developed. 
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