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Abstract— The emergence of class D audio amplifiers had a 

great impact in the audio technology. These amplifiers are 

nowadays very common due to its high efficiency when compared 

to the other topologies (classes A, B and AB). Because of that, 

class D amplifiers are widely used in different audio applications. 

However, these circuits have some difficulty in reaching high 

values of Power Supply Rejection Ratio (PSRR) that audio 

amplifiers should, and, because of that, the output signal can be 

highly affected by the noise. If this problem is solved, while 

maintaining its high power efficiency, the sound quality obtained 

with these circuits increases drastically and, therefore, the other 

topologies could not compete no longer with class D. 

    This work aims to obtain a design of an integrated class D 

audio amplifier with high PSRR. Based on an initial circuit, the 

power transistors were redimensioned, leading to a maximum 

efficiency of 92.87%, and various modifications were applied to 

the PSRR correction circuit (lowpass filters added, increase of 

the integrators’ order and gain boosting), improving the 

distortion conditions, with a maximum PSRR of 88 dB. 

 
Index Terms— audio, class D amplifier, Power Supply 

Rejection Ratio (PSRR), Total Harmonic Distortion (THD), 

efficiency. 

 

I. INTRODUCTION 

UE to the constant technological growth, the 

demands towards the quality of products 

proportionally increased. In what audio amplification is 

concerned, it meant that the existing topologies (classes 

A, B and AB), despite their high audio fidelity, had to be 

improved due to its low energy efficiency (class AB can 

only achieve an efficiency around 50%). 

  This demand for higher power efficient circuits led to 

the creation of the class D topology. This kind of audio 

amplifier can reach efficiency values rounding 90%, 

which represents a considerable improvement compared 

to previous topologies. As a result, class D audio 

amplifiers are the most used nowadays, being inserted in 

tablets, smartphones, TVs and so on. 

  However, this type of circuit also has its disadvantages 

that need to be dealt with, like its non-linearity and the 

noise at the output of the amplifier. While the insertion 

of feedback usually solves the problem of non-linearity, 

the solution for reducing the noise is a lot more 

complicated and challenging. 

  The main goal of the thesis one presents in the 

following paper is, due to the noise problem presented 

previously, to design a class D audio amplifier (CDA) 

with high values of PSRR, to reduce the amount of noise 

at the output of the circuit. This work was based on an 

initial amplifier and resulted in an improved one, with 

better performance in what distortion and noise 

reduction is concerned. 

This paper organizes as follows. First, it is presented the 

state-of-the-art of the class D topology, its modulation 

techniques and the most important parameters to obtain a 

high audio fidelity. Then, it is presented all the design 

steps to obtain the new circuit, from the initial amplifier 

till the improved one, as well as the circuit’s layout. At 

section IV the results obtained are presented and, finally, 

some conclusions are taken of the final circuit, as well as 

some future work that can possibly improve even more 

the class D audio amplifier.   
 

II. AUDIO AMPLIFICATION 

The goal of audio amplifiers is, as defined in [1], to 

reproduce signals that contain all the audio information 

(between 20 Hz and 20 kHz) at sound-producing 

elements, faithfully, efficiently and at low distortion. 

This type of circuit can be implemented in different 

ways, based on different topologies. The most common 

topologies throughout the years are classes A, B and AB, 

and nowadays class D. In class A, the output device is 

continuously conducting, which is the main reason for 

the bad power efficiency this topology has, of around 

20%. In class B, the power devices conduct each for half 

the cycle, leading to an efficiency of 50%. The class AB, 

which is a combination of the two previous types, still 

does not achieve high enough values. 

The class D topology solved the efficiency issue. 

Since the transistors of the output stage of the circuit 

behave like switches, the power dissipated is much 

smaller than in the other topologies, leading to the best 

efficiency so far, of about 90%. Fig. 1 depicts a block 

diagram of the typical open loop class D amplifier. Each 

block, besides the speaker, will be analyzed next. 
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Fig.1 – Open loop class D amplifier. 

 

A. Output stage or H-bridge 

  This stage has MOSFETs that work in the triode when 

conducting and, therefore, work as a switch, as described 

in [2]. It can have two transistors (half-bridge) or four 

(full-bridge). This last configuration is more common 

since it does not need to use symmetric power supply (a 

common one is enough). 

This block has a huge influence in the circuit’s 

efficiency, defined by: 

       (1) 

The usual method to optimize this value is to design 

MOSFETs with huge dimensions. This technique leads 

to a very small RON resistance (typically between 0.1 Ω 

and 0.2 Ω), which consequently results in a very high 

power efficiency [1]. The theoretical efficiency would be 

100%, however, due to switching losses, the real 

efficiency has values around 90%. 

Since the output devices do not have a null switching 

time, it is necessary to introduce some dead time (both 

MOSFETs of the same half-bridge are OFF) to 

guarantee that short circuits do not occur. This is 

inserted in the amplifier by the gate drivers, that also 

allow that high currents flow through the high dimension 

power transistors. 

B. Output LC lowpass filter 

This block has the purpose of eliminating frequencies 

over 20 kHz and reducing Electromagnetic Interference 

(EMI). The filter is typically of 2nd order, so that its area 

is not that high. The cutoff frequency is usually 40 kHz, 

to guarantee that the gain in the audible frequencies does 

not go under -1 dB. 

To design the lowpass filter, for a half-bridge output 

stage, using the Butterworth approximation and knowing 

that the cutoff frequency and quality factor are defined 

by, respectively, 

  ,           (2, 3) 

it is obtained the equations for the inductance and the 

capacitance, 

  ,   .            (4, 5) 

If the H-bridge has a full-bridge configuration, there 

will be two lowpass filters, one for each half-bridge. An 

easy way to obtain the equations of the components’ 

dimensions, similar to Equations (4, 5), is to consider 

that each filter has a load resistance of Rload/2. This leads 

to the inductance and capacitance, 

, .      (6, 7) 

C. Modulator 

There are different ways to implement class D 

modulators. In this paper three different ways are going 

to be showed: Pulse Width Modulation (PWM), Sigma 

Delta (ΣΔ) and Click Modulation. 

1) PWM 

The most common technique, it compares the input 

audio signal with a triangular wave, using a comparator, 

which creates a pulse wave whose duty-cycle for each 

period is proportional to the amplitude of the audio 

signal. Therefore, for high voltages at the input, the 

duty-cycle is near 100%, and for low ones is near 0%. 

The PWM signal’s spectrum has the following 

frequencies: the audio input signal, the carrier and its 

multiples, and the sums and differences of the input and 

the carrier and its multiples. 

2) ΣΔ 

This technique works based on oversampling and 

noise shaping. It can be implemented in many ways, 

with 1 or more bits. The typical circuit of the 1-bit ΣΔ 

modulator includes a filter, an ADC (Analog-to-digital 

converter) and a feedback DAC (Digital-to-analog 

converter). The ADC inserts some quantization noise 

that is spectrally mapped by the filter through the 

inaudible frequencies. Compared to the PWM 

modulation, this technique has less distortion at the 

output and less energy peaks in the bigger frequencies. 

On the downside, it has a limited stability and a very 

high bit rate, which results in bigger switching losses.  

3) Click Modulation 

This technique was created in 1982 by B. F. Logan Jr. 

[3], and creates a pulse train, modulated in width and 

without distortion, since the modulation frequency is 

considerably low, spreading the modulation distortion 

through high frequencies. Also, this technique can obtain 

efficiency values even better than the other mentioned 

techniques, that also have good energy efficiency results. 

Finally, the pulse train does not need oversampling and 

verifies the sampling theorem conditions.  

D. Sound quality 

The sound quality obtained by the audio amplifier is 

highly dependent of distortion, identified by the THD 

value, and noise, identified by the PSRR value. There is 

also the PS-IMD which will be explained briefly. 
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Fig. 2: PSRR correction circuit. 

 

 
Fig. 3: Comparator. 

 

1) THD and THD+N 

Total Harmonic Distortion, or THD, represents the 

sum of all harmonic components of the signal divided by 

its fundamental value: 

  (8) 

As seen in [4], only the first 5 or 6 harmonics are 

relevant for the final value. It is recommended that the 

THD is as low as possible, since it would mean that the 

harmonic distortion in the circuit is minimum. 

Similar to THD, THD+N (plus Noise) represents the 

sum of all the harmonic components of the signal plus 

the noise component, divided by the fundamental one: 

  (9) 

2) PSRR 

Power Supply Rejection Ratio (or PSRR) is the 

influence that a supply voltage variation has in the 

output of the circuit. The bigger the PSRR value, the 

better, since it means that it would be needed a high 

amount of variation in the power supply to considerably 

damage the output signal. 

In what the class D topology is concerned, since the 

supply is connected to the lowpass filter through a very 

low resistance (RDS) and the filter itself does not affect 

the audible frequencies it is difficult to achieve high 

values of PSRR. A usual solution is to introduce 

feedback, more precisely to feedback the  output  of  the  

 
Fig. 4: Operational amplifier. 

 

H-bridge. This technique increases the PSRR value and 

attenuates other distortion mechanisms. 

The amplifier type when the output stage is full-bridge 

also interferes with PSRR. The main difference between 

them is the operational amplifier (OpAmp) used in the 

feedback circuit (usually an integrator). Type I uses 

typical OpAmps, with one output, while type II uses 

OpAmps with two differential outputs. While type I 

depends on the mismatch of the circuit’s resistances, in 

what PSRR is concerned, type II depends mostly on the 

amplifiers’ gain (the bigger gain, the bigger PSRR). 

Consequently, the PSRR in type I does not change with 

frequency, while type II’s reduces throughout the 

audible frequencies, so type II is advantageous for lower 

frequencies and type I for higher frequencies. 

3) PS-IMD 

Intermodulation Distortion (IMD) comes from the 

interaction between more than one signal in a non-linear 

circuit, creating extra signals that are not desired. A type 

of IMD, called Power-Supply IMD (PS-IMD) occurs 

when the supply noise interacts with the input signal, as 

explained in [5]. This parameter is better the lower it is, 

since it means that the distortion that it is inserted in the 

circuit is insignificant. 

 

III. CLASS D AMPLIFIER DESIGN 

In this section, the initial circuit is going to be 

described, as well as the modifications made to the 

schematic and the resulting layout. 

A. Initial circuit 

This circuit was developed by Doctor Edgar 

Albuquerque, a former INESC-ID investigator, in 

UMC180 technology (0.18 μm minimum length). The 

input signal is an already modulated signal, that goes 

through a PSRR correction circuit depicted in Fig. 2. 

The integrators add the input to the feedback signal and, 

therefore, limit  the  noise  that  gets  to  the  speaker.  Its  
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Fig.5: OpAmp’s a) Current mirrors, b) CMFB circuit. 

 

 
Fig. 6: Output stage and filter. 

 

outputs are the inputs of the comparators that do the 

referred correction of the modulated input signal. 

The comparator is depicted in Fig. 3. It has a 50 μA 

current as input that goes through a current mirror. It can 

also be seen that it has a structure like a latch, but 

without the back-to-back inverters. This structure is used 

to increase the comparison speed. 

Fig. 4 shows the operational amplifier used in the 

integrator circuits. The OpAmp is symmetrical and it has 

a PMOS differential pair where the inputs are connected. 

There are four RC series, two for each output, to reduce 

the influence of the dominant pole (capacitance) and not 

to have a zero on the left side of the imaginary axis 

(resistance), so that the stability of the circuit is not 

affected. Fig. 5a depicts the current mirrors implemented 

for the OpAmp, and Fig.5b shows the CMFB circuit of 

the OpAmp, that adjusts the bias currents of the circuit, 

since this operational amplifier has a high gain and, 

therefore, the common mode is more sensible to 

mismatches and transistors properties. 

Fig. 6 depicts the output stage and output LC lowpass 

filter. Rload represents the speaker’s internal resistance. 

The MOSFETs of the output stage have, as it was 

previously stated, very high dimensions (PMOS have a 

width of 16.4 mm and NMOS 5.84 mm). 

Fig. 7 depicts the gate drivers’ first stage and Fig. 8 

shows the rest of the drivers’ circuits. These are placed 

between the comparator and the output stage and are 

used to drive high currents into the high dimension 

MOSFETs, so that they work like switches, and also to 

introduce some dead time to guarantee that there are no 

short circuit occurrences. 

In what results are concerned, this circuit has some 

positive and some negative parameters. The power 

efficiency obtained was between 70% and 85%, which, 

although it could be improved, it is not mandatory to do  

 
Fig. 7: Gate drivers’ first stage. 

 

 
Fig. 8: Driver a) PMOS, b) NMOS. 

 

so, since it already achieves values above the other 

referred topologies. The THD obtained is below 1% 

except for the maximum output power measured, as well 

as THD+N, which are values very good since they are 

very low. Finally, the maximum PSRR obtained was 

67.5 dB, which is not that high. Also, for high 

frequencies, the verified values of PSRR are very low, at 

a minimum of 22.4 dB. It’s because of these results that 

the main objective of this project is to increase the PSRR 

of the circuit.  

B.  Schematic changes 

1) Dimensions of output filter 

  Based on equations (6, 7), for a cut frequency of 40 

kHz, a quality factor of 1/  and an 8Ω load, the new 

output filter is defined by L=22.5μH and C=700nF. This 

was made since the initial output filter was not correctly 

dimensioned (L=5 μH and C=5 μF). 

2) Dimensions of output stage 

  To obtain a greater efficiency, the power transistors 

were redimensioned. The objective was to find the ideal 

point, in which both Joule and switching losses are the 

same, 

,    (10) 

meaning the minimum loss situation is present. Joule 

losses are connected to the resistive behaviour of the 

MOSFETs, where a ON resistance can be measured 

when a current is flowing through the power transistor. 

Switching losses are due to the energy that is carried 

from one device to another in the switching process. So, 

starting at the initial width of each NMOS presented 

previously (the length is equal to all and stays the same, 

and the PMOS’ width is 2.8 times bigger, to compensate 

the  electric  mobility  that  is  approximately  2.8   times  
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Fig. 9: New gate drivers. 

 

TABLE I 

Gate drivers’ transistors dimensions 

  Wn=12.48 mm Wp=34.95 mm 

Variation NMOS PMOS NMOS PMOS 

/15 830 μm 2,32 mm 2,33 mm 6,52 mm 

/7 118,8 μm 332,8 μm 330 μm 920 μm 

/7 17 μm 48 μm 48,6 μm 136 μm 

/7 2,4 μm 6,72 μm 6,8 μm 19 μm 

/7 - - 970 nm 2,72 μm 

 

smaller), by increasing it the ON resistance decreases, 

and consequently also decreases the Joule losses. At the 

same time, the driver current increases, affecting 

positively the switching losses. This leads to being 

closer to the ideal point each time W is increased. It was 

concluded that the ideal point of losses leads to a NMOS 

width of 12.48 mm and a PMOS width of 34.95 mm. 

The ON resistance in this situation is of 105 mΩ 

approximately. 

3) New gate drivers 

  Having new dimensions in the power transistors, it is 

obligatory to also have new gate drivers, so that the 

necessary current flows to the gates of the power 

MOSFETs, while still having some dead time that 

guarantees no short circuits occur at the switching output 

stage. Fig. 9 presents the schematic of the new gate 

drivers. Ideally, the width’s variation observed in each 

NOT, from the right to the left (from the one that sends 

its output to the output stage to the one who receives the 

respective NOR signal) would be 1/e, with the length 

being 340 nm to all. However, since the power 

transistors have huge dimensions, it would be needed too 

many NOT logic gates. So, the first NOT’s width has a 

variation of 1/15 from the respective power MOSFET, 

and the rest of them have a 1/7 variation from the 

previous. The dimensions can be seen in Table I. 

4) New PSRR correction circuit 

Fig. 10 depicts the new PSRR correction circuit. A lot 

of changes can be seen, which will be explained next. 

The amplifier’s gain has a huge influence in the 

circuit’s noise. A bigger gain leads to a lower THD and 

higher PSRR. So, it is useful to implement techniques in 

the PSRR correction circuit that increase the gain. One 

of the techniques was to implement 2nd order integrators 

instead of 1st order ones, as explained in [6]. The 

difference in the integrators of this circuit is the presence 

of an additional zero, that cancels a pole and, therefore, 

improves the overall stability of the amplifier. The new 

integrators have a transfer function 

,     (11) 

in which the integrator’s passband gain, K, the cut 

frequency, , and the quality factor, Q, are defined, for 

the first integrator, by 

;         (12) 

;      (13) 

  .        (14) 

A new integrator was also added, placed before the 

previously first integrator of the circuit, and without any 

feedback entrance. All capacitors of this block are of 5 

pF. For this first integrator, all resistances are of 20 KΩ, 

having therefore K=1, fo≃400 KHz and Q=0.5. For the 

second integrator, R5=100 KΩ and R6=Ra2=50 KΩ, 

leading to K=0.5, fo≃637 KHz and Q=0.5. Finally, the 

third integrator has the resistances R7=250 KΩ e 

R8=Ra3=100 KΩ, and so K=0.4, fo≃318 KHz e Q=0.5. 

To further decrease the non-linearities in the amplifier, 

and consequently its noise, as well as increase its gain, a 

double negative feedback was implemented. This was 

possible due to the presence of three integrators in the 

PSRR correction circuit. The feedback branches were 

inserted in the second and third integrators. The 

feedback resistances are RR1=100 KΩ and RR2=250 KΩ. 

A 1st order RC filter was introduced in each input and 

in each feedback branch of the circuit (so a total of 4 

new filters). Since its cut frequency is defined as 

,           (15) 

that is equal to 40 kHz, as previously explained, and a 

resistance of 10 KΩ, the capacitance of the filter is 400 

pF. These filters were introduced to remove possible 

non-linearities that can appear in the modulation process 

and to remove everything that is not in the audible range 

of frequencies. 

  Finally, since the gain of the audio amplifier has a 

direct influence in the circuit’s PSRR,  a gain boosting at  
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Fig. 10: New PSRR correction circuit. 

 

 
Fig. 11: New class D audio amplifier’s layout. 

 

the beginning of the PSRR correction circuit (after the 

input filters) was implemented. An inverting 

configuration was used, justifying the switch of signals 

that can be seen in Fig. 10. Having R1=5 KΩ and 

R2=17.5 KΩ, a gain of 3.5 is present. 
 

C. Layout 

A layout also was developed for the audio amplifier, 

which can be seen in Fig. 11, was implemented in a 

UMC180 technology (0.18 μm minimum length). The 

circuit has a small area, inferior to 0,44 mm2. Some 

important techniques were applied to minimize the 

mismatches between schematic and layout. However, the 

most important thing was to guarantee that the circuit is 

as symmetric as possible. Otherwise, the circuits’ offsets 

are bigger than advised. 

 

 

 

For some MOSFETs and resistances, a common 

centroid technique was applied, in which the component 

is divided in several equal parts with smaller dimensions 

that are connected so that the component created is the 

same as what is presented in the schematic, as explained 

in [7]. These smaller parts are organized so that there is a 

center common to all parts. Other components that have 

the same dimensions can be matched, organized with a 

certain topology (for example, the comparator’s current 

mirror has an ABBA topology) to guarantee the common 

center. This has a major role in the minimization of 

mismatches. Associated to these is the addition of 

dummy components at the ends of the sets of resistances 

or MOSFETs, depending on the situation, to protect 

these sets with considerable dimensions from corrosion.  

The substrate (type p+) and n-well polarization is made 

throughout the entire circuit. The substrate is connected 

to ground and the n-well is polarized to the power 

supply. Finally, it was defined a direction for the two 

types of metal used to connect different component of 

the circuit (defined simply as metal1, M1, and metal2, 

M2). M1 was used only in the vertical and M2 only in 

the horizontal, with some minor exceptions.    
 

IV. RESULTS 

Fig. 12 depicts the output signal of the new class D 

audio amplifier, when the audible signal is a sinusoidal 

wave with frequency equal to 1 kHz,   and Fig. 13 shows  
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Fig. 12: Output signal. 

 

 
Fig. 13: Transitions in the gate driver’s outputs. 

 

the transitions in the drivers’ outputs. It is obtained at the 

output a signal proportional to the input, meaning that 

the new circuit is working correctly. Also, there is a 1 ns 

dead time that guarantees that no short circuits occur in 

the switching output stage.  

  Fig. 14 shows the efficiency of the initial and final 

circuits. It was obtained a new maximum of 92.87% for 

a 222.9 mW output power, for an 8 Ω load and with 

VDD=5 V. This means that, approximately, a 10% 

increase in the maximum circuit’s efficiency was 

achieved, showing that the modification in the power 

transistors’ dimensions was successful. 

  Fig. 15 shows the PSRR of the initial amplifier and of 

the improved one. A maximum of 88 dB was obtained 

for 4K Hz. A 20.5 dB increase was therefore obtained, 

due to the various changes in the PSRR correction 

circuit, meaning the main objective of this project was 

reached. Also, there is a huge improvement at the high 

audible frequencies, which was also necessary. 
 

V. CONCLUSIONS 

A. Results analysis 

  An improved class D audio amplifier was developed in 

0.18 μm CMOS, based on an initial circuit, to obtain a 

higher PSSR and, therefore, to reduce the noise at the 

output of the amplifier. The H-bridge MOSFETs were 

redimensioned and, consequently, new gate drivers were 

designed, to increase the circuit’s efficiency. Also, some 

modifications in the PSRR correction circuit, like 2nd 

order integrators instead of 1st order, lowpass filters at 

the input and at the negative feedback, double feedback 

and gain boosting, were applied to try to improve the 

amplifier’s reaction to distortion. An additional zero in 

the integrators was also added so that the stability of the 

circuit is not negatively affected. 

 

 
Fig. 14: Efficiency variation through the output power. 

 

 
Fig. 15: PSRR variation through the audible frequencies. 

 

   The new class D audio amplifier achieved a maximum 

efficiency of 92.87%, for an output power of 222.9 mW. 

More important, it reached a maximum PSRR value of 

88 dB for a noise frequency of 4K Hz, having an 8 Ω 

load and VDD=5 V, as well as high PSRR values for high 

frequencies. Overall, there was an improvement in the 

efficiency, having obtained one of the highest values 

compared to the state-of-the-art audio amplifiers, 

depicted in Table II. Most of all, the PSRR was 

improved from the initial circuit, which means the main 

objective was reached. 

B. Future work 

Some changes can be made in the future. The phase 

margin can be measured to verify the stability of the 

amplifier. A temperature control circuit can be added, 

that does not allow the amplifier to overheat and, 

therefore, increases its life cycle. An addition of a 

modulator is also possible, maybe a click modulator, 

since it works with a lower modulation frequency, even 

higher efficiency and lower EMI. The modulator of the 

circuit could be either analog or digital, since some of 

the mobile devices nowadays have a digital signal 

processing. This would be better than add a DAC in 

what circuit area is concerned. Finally, if the audio 

amplifier is needed in a high-power mode, a voltage 

step-up  circuit  can  be   added  to  the  basic   circuit   to  
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TABLE II 

Performance benchmarking with state-of-the-art CDA’s 

 

increase the output voltage. 
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PSRR [dB]  88 67,5 70 72 80 77 96 82 88 101 

η [%] 92,87 85 75,5 84 92 89 93 93 85,5 94 

Pout max [W] 0,938 0,316 0,7 1,1 1 0,25 3,6 1,8 1,15 0,85 

VDD [V] 3,3~5 2,1~2,45 2,7~5,4 2,7~4,8 3,7~5 2,7 2,5~5,5 2,5~5,5 2,7~4,9 1,2~4 

Rload [Ω] 8 16 8 8 8 8 4 ou 8 4 8 8 

IQ [mA]  0,21  0,11 4,7 1,9 - 0,25 4 1,5 3,02 3,1 

Tecnology 0,18 μm 0,18 μm 90 nm 65 nm 0,14 μm 0,5 μm 0,25 μm - 0,18 μm 65 nm 

Area [mm2]  <0,44 - <0,44 <0,44 - 1,49 1,44 1,41 1,01 1,69 


