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ABSTRACT 

The focus of this thesis is on analysis, simulation and board level implementation 

of the proposed Class-D power amplifier architecture. The stiiictural design consists of 

two Sigma-Delta Modulator (SDM) stages in cascade with an intermediate decimation-

filter between them. Noise and high tone introduced at the first- stage is filter out through 

the decimation filter. The signal is converted to a 1-bit Pulse Duration Modulation (PDM) 

signal by the second stage SDM. The H-Bridge is made part of the SD loop, which 

enables not only the noise shaping of the quantization noise but also stabilizes the output 

power switching stage. Output of the H-Bridge is converted to a digital signal using a 

comparator and latch circuitry and is fed back. To further increase the linearity and 

performance, high fi^equency ripples introduced at the H-Bridge is quantized by using a 

4-bit SD Analog-to-Digital Converter (ADC) in the feedback loop. Due to the 

intermediate digital stage and the feedback control at the output stage, the proposed 

structure has high efficiency and linearity and still is very compact making it possible for 

wide range of applications. 
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CHAPTER I 

INTRODUCTION 

1.1 Motivation 

Amplifiers boost the weak signal and generate a powerful signal which drives the 

speaker. In general power amplifiers (PA) are classified in two broad categories - linear 

and non-linear. A detailed explanation of different classes of PA can be found in [3]. A 

few ofthe basic and important classes are briefed here. In PA terminology, a linear PA is 

the one which has a linear relationship between its input and output. 

Class-A amplifier, the most basic one, use one or more transistors that conduct 

during both the positive and negative half cycles ofthe signal i.e. the conduction angle is 

360° and operates over a linear portion of its characteristics. It has very low distortion but 

it is very inefficient and generates a lot of heat. It requires that the amplifier should 

generate full power regardless of the output. In this case, relative to the desired output 

power, there is a great deal of power consumed, over and beyond what is being used to 

drive the load. Ideally, the power consumed in the device should be zero, allowing all the 

power coming from the supply to be directed to the output. As a result, Class-A is used 

only in those situations where either the linearity requirements are so stringent as to 

necessitate an entirely linear output stage. Fig. 1.1 shows the basic structure of a Class-A 

amplifier. 



Vsupply 

Fig. 1.1: Class-A Amplifier 

In order to increase efficiency, Class-B amplifiers use two transistors to conduct 

during both positive and negative cycle ofthe input waveform as shown in Fig. 1.2. The 

main disadvantage of the Class-B amplifier is the crossover distortion. The crossover 

distortion occurs when one transistor is turned off and the other is tiamed on and there is a 

portion of time when neither is conducting which reduces the linearity of the amplifier. 

Moreover, if different transistors - NMOS and PMOS are used as push and pull devices, 

it will fiirther degrade the linearity, since NMOS and PMOS have different 

characteristics. 
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Fig. 1.2: Class-B Amplifier 

Class-AB is most widely used for audio applications. The linearity achieved with 

this structure is still good in addition to elimination of the cross-over distortion that can 

cause problems in Class-B. In these amplifiers both fransistors conduct for sometime and 

there is an overlap of current through the fransistors. This produces distortion called 

gumming where the signal would get a little fatter when the two transistors are 

simultaneously conducting. 



A Class-C amplifier is the one in which the operating point is chosen such that the 

output current (or voltage) is zero for more than one half of an input signal. This cannot 

be used for an audio signal. 

Class-D amplifier, as shown in Fig. 1.3 has emerged as the high efficiency 

solution for audio applications. In this amplifier a pulse code modulation (PCM) data 

stream is converted to a two level signal (pulse width modulation - PWM), which drives 

the power MOSFET switches (H-Bridge). Output waveform is converted into an analog 

signal by a lowpass filter. The switching elements allow high efficiency and this leads to 

smaller heat sink and size. While the Class-D amplification is very efficient, analog 

PWM is highly non-linear and noisy. Amplifiers based on this conversion technique are 

not very competitive and could never replace the well-established Class-AB amplifiers. 
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Fig. 1.3: Class-D Amplifier 

To perform high quality power conversion following criteria must be satisfied: 

• Linearity ofthe output signal in the audio band to avoid harmonic distortion. 

• High timing accuracy for the switching-points ofthe pulses to give a precise 

representation ofthe input level in the mean value ofthe pulses. 

• Stable power supply for the switching levels. Variations in the switching levels 

lead to distortions and further modulation products. 

• Sharp edges to create a nearly ideal rectangular form ofthe pulses. 



• Feedback from the output to cancel errors produced by the power circuitry. 

• Reduction of Electromagnetic Interference (EMI). 

Recentiy, using digital signal processing, digital PWM and Sigma-Delta 

Modulation (SDM), has attracted interest as an alternative to fraditional conversion 

technique. As compared to SDM, PWM offers the lower switching frequency, but 

without proper linearization it infroduces distortion in the audio band. The linearization 

methods based on interpolation and non-linear modeling require high computational 

power. The SDM is a more linear method, if the presence of idle tones is reduced by 

dithering [1]. However, SDM produces bit-stream which is uniformly distributed over the 

oversampling period. This causes high switching frequencies in the output power stage. 

The introduction of feedback from the filtered or unfiltered output provides a 

possibility to control the distortions caused by output stage. The use of feedback implies 

a conversion from the analogue to the digital domain using high resolution Analog-to-

Digital Converter (ADC). This causes increase in chip area and delay in the feedback 

path which makes the system unstable. Another methodology is to implement the power 

stage in analog domain and provide the feedback path. This however imposes practical 

problems associated with analog circuifry. 

The proposed stirictiire of Class-D amplifier employs cascaded SDM in digital 

domain with an intermediate digital filter to get around some of the shortcomings of 

previous designs. The switching frequency of H-Bridge is reduced by Pulse Group 

Modulation (PGM) technique. The feedback is implemented using 4-bit SD-ADC which 

takes care of nonlinearities at the output. The architecture is simulated in SIMULINK and 



design is verified by board level implementation using Motorola - 68HC12 and TI-

TMS6211 fixed point processor. 

1.2 Organization ofthe Thesis 

The remainder of the thesis is organized as follows. Chapter II and Chapter III 

depicts basic building blocks ofthe Class-D amphfier. Chapter II consists of sigma-delta 

modulation techniques and states how Pulse Duration Modulation (PDM) can be used to 

drive the H-Bridge. PWM generation techniques and H-Bridge circuits are covered in 

Chapter III. Chapter IV covers various non-idealities introduced due to pre-processing 

and power output stage of Class-D amplifier. In Chapter V, various preliminary 

architectures are simulated and their problems from implementation and efficiency stand 

point are discussed. Chapter VI consists of proposed structures with simulation results 

including various circuit non-idealities. In Chapter VII, implementation details of the 

output power stage using Motorola 68HC12 EVM and pre-processing stage using DSP -

fixed point processor TMS320C6211 are discussed. Finally, Chapter VIII includes 

conclusions of design along with future work which can be done to improve the 

amplifier's performance. 



CHAPTER II 

BASIC BUILDING BLOCKS - I 

2.1 Sigma-Delta Modulation (SDM) 

As the name implies in a sigma-delta modulation (SDM) the input is integrated 

(sigma) prior to delta modulation coding. The signal amplitude remains constant with the 

increasing frequency, hence SDM is also known as pulse density modulation (PDM). In 

SDM signal is been quantized directiy and not its derivative as in Delta Modulation 

(DM). Hence maximum quantizer range is determined by the maximum signal amplitude 

and is not dependent on the signal spectrum. The SDM is achieved by over-sampling the 

input data and shaping the quantization noise. Descriptions of SDM from theory, design, 

and simulation point of view are detailed in [1, 2]. 

2.1.1 Over-Sampling 

Extra dynamic range can be achieved by spreading the quantization noise power 

over a larger frequency range. The increase in the dynamic range is only 3dB for every 

doubling ofthe sampling frequency. 

2.1.2 White Noise Assumption 

If x(n) is very active, e(n) can be approximated as an independent random number 

uniformly distributed between -A/2 and A/2, where x(n) is the input sample, e(n) is the 

quantization error for that sample and A is equal to the difference between two adjacent 

quantization levels. The quantization noise power is A /̂12 and is independent of the 



sampling frequency fs. Also the spectral density of e(n), Se(f) is white and all its power 

lies within -fs/2 and +fs/2 [3]. 

Se(f) 

-fs -fs' fs' 

Sampling Frequency 

fs 

Fig. 2.1: Noise Power Spectrum Density 

As shown in the Fig. 2.1, if quantization noise is assumed to be constant for the 

entire frequency range, the total noise in the band of interest can be reduced. 

2.1.3 Over-sampling with Noise Shaping 

Noise shaping implies that the noise in the band of interest is reduced and is 

increased out ofthe band. But the overall noise remains the same for the entire band. The 

system architecture of the SD over-sampling converters and its equivalent linear model 

are shown in Fig. 2.2 and Fig. 2.4 



2.2 SDM in Digital and Analog Domain 

Normally SDM is used in analog-to-digital converters (ADC) and digital-to-

analog converters (DAC). The SDM noise or error introduced in the quantizer is shaped 

X-* Discrete Time 
Intsg&lD]: 

AmhgDomm 

Quantizer 

j DigitalUmm 

DAC 

Fig. 2.2: Sigma-Delta Modulator 

by oversampling the output signal and feeding it back to correct the input signal as shown 

in Fig. 2.2. The quantized oversampled output is passed through a cascade of digital 

lowpass filter and downsampler, which converts the signal into Nyquist rate [1,2]. The 

SDM can also be used in an all-digital domain, as shown in Fig. 2.3, where an input PCM 

signal with N bits are reduced to N' bits (N' < N). Here the quantization noise introduced 

due to truncation of bits is shaped. Integrator is replaced by digital counter and in the 

feedback N' bits are converted to N bits simply by appending (N - N') zeros to the 

output. 

10 
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Fig. 2.3: SDM in Digital Domain 

2.2.1 SDM Analysis 

Behavioral modeling of SDM is done in the analog domain. Analog input signal is 

passed through a 1 -bit quantizer, and this quantized analog signal is fed back to the input 

; • o MATLAB 

Function 

Integrator Quantizer 

Fig. 2.4: General SDM (interpolator structure) 
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as shown in Fig. 2.4. 

E(z) 

U(z) 

-OH m n -H^ 
Integrator 

Y(z) 

Fig. 2.5: Linear Model ofthe Modulator showing the Qantization Noise 

Treating the linear model as shown in Fig. 2.5, as having two independent inputs, 

signal transfer fiinctions are given by 

STF (^) = 

NrF (z) = 

Y(z) H{z) 

U{z) i\ + Hiz)) 

Y(z) 1 

E(z) \ + H{-) 

(2.1) 

(2.2) 

Hence, zeros of noise fransfer function, NTF(Z) will be equal to poles of H(z). We 

want our system such that NTF(Z) should have a zero at d.c. To realize this, H(z) is chosen 

such that it has a pole at z = 1, i.e., 

1 
H{z) = 

( - -1) (1---"') 
.3) 



The corresponding transfer function in the frequency domain is given by, 

7(z) = z-'X(z) + ( l - z - ' ) £ (z ) . (2.4) 

Hence first-order noise shaping can be achieved by letting H(z) be a discrete time 

integrator. Output of the system though quantized has high frequency components and is 

passed through a decimation filter, which is a combination of a digital lowpass filter and 

a down-sampler. It can be shown that peak Signal to Noise Ratio (SNR) for first-order 

noise shaper is given by 

SNR = 6.02n +1.76 - 5.17 -̂  30\og{OSR). (2.5) 

SIMULINK model for the first-order 1 -bit Sigma-Delta with simulation results is 

shown in Fig. 2.6. The sinusoidal input is given to the system and the digital output from 

the quantizer is fed to lowpass filter which acts as a reconstruction filter. Finally, output 

from this lowpass filter is compared with the original signal both in the time and 

frequency domain. 
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T 

Out 

0 Woitepace 
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0ispl3 y 

Fig. 2.6: Sigma Delta Modulator - SIMULINK MODEL 
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Fig. 2.7 shows the implementation of an integrator as a subsystem. 

O Z ) — - ^ 
Unit Delay-

Fig. 2.7: Ideal Integrator 

Practically integrator saturates at a particular value and also has a leakage. 

Transfer function ofthe integrator with saturation and leakage is given by 

az-' 

{\-bzy 

where a and b are leakage and saturation constant, respectively. 

Fig. 2.8 shows model of an integrator with non-idealities. 

(jD-^Cy-*^ €. 

Unit Delay Saturation 

•>CC) 

Leakage 

Fig. 2.8: Non-Ideal Integrator 
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2.2.2 The second-order converter 

The modulator shown in Fig. 2.9 also known as Candy Stioicture [3], realizes a 

second-order A/D Converter where the noise transfer function is given by 

N^,(z) = il-z-'y. (2.6) 

Maximum SNR assuming maximum signal power obtained is 

•̂ ^^n^x =6.02«+ 1.76-12.9+ 501og(05/?). (2.7) 

Hence, a second-order modulator gives improvement of 12-15dB over first-order 

structure. 
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Fig. 2.9: Second-Order Modulator 
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2.3 Higher-Order Stinictures 

Generally an Mth-order noise shaper strucUire improves SNR by 6M + 3 

dB/octave. Higher order modulators can be realized by cascading first- order modulators, 

but such realization is difficult because for large signal, modulator may go unstable and 

never return to stability. 

2.3.1 Multi-Stage Noise Shaping (MASH) Architectiire 

Alternative approach for realizing higher order modulators is to use cascade 

structure in the feedforward manner, where higher order modulator is constructed using 

lower order modulators. Since lower order structures are more stable, the overall structure 

remains stable [3]. 

2.3.2 Second-Order MASH 

The arrangement for realizing a second-order modulator using two first-order 

modulators is shown in Fig. 2.10. The idea is to pass the error from the first stage to the 

second stage ofthe modulator and combine the output ofthe two stages in such a manner 

that error introduced due to the first stage can be completely removed. Transfer ftinction 

for output of each stage Yi(z) and Y2(z) are obtained as, 

};(z) = z-'X(z) + (l----')£,(z) (2.8) 

r,(z) = z-'£,(z)-f-(l-z-')£,(z) (2.9) 

16 



If equation (2.8) is multiplied by z'' and equation (2.9) by 1 - z " ' and then subfracting 

the resulting equations, we get 

Y{z) = z-'X{z)-{\-zyE,{z). (2.10) 

The digital cancellation block is shown in Fig. 2.11. It is seen that E,(z) has been 

completely eliminated while the quantization noise E2(z) is now second-order shaped. 

Hence as compared to Candy structiire this stiiictiire has less quantization error and 

accordingly has higher SNR. 

Qout 
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. lb utter 
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Display 

Fig. 2.10: Second-order MASH structure 
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2.3.3 Digital Cancellation Logic Block for l-I MASH 

ay 
Y2 

GD 1Y1 

Unit Delay 

(2-1) 

z y-^ 
Discrete 

Zero-Pole 

Fig. 2.11: Digital Cancellation Structure 

7 3 4 Third-order MASH 

A third-order MASH can be realized by two methods. One way is termed as 2-1 

which there are two stages. First stage has a second-order modulator and second stage 

has a first-order modulator. Other method is 1-1-1, which consists of 3 stages each with a 

first-order modulator. Consider a 1-1-1 third-order MASH as shown in F.g. 2.12. Output 

in 

of each stage is given as. 

y;(z) = z-'X(z) + ( i -z -•)^,(-) 

r,(_-) = z-'£,(r) + ( l -z - ' )£ , (z ) 

7,(z) = z-'£,(z) + ( l -z- ' )£3(-) -

(2.11) 

(2.12) 

(2.13) 
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Now these outputs are combined together such that £,(z) and £,(z) are canceled out. 

Hence output ofthe overall modulator is. 

Y(z) = z-'Xiz) + il-zyE,(z) (2.14) 
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Fig. 2.12: Third-order (1-1-1) MASH structure 
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2.3.5 Digital Cancellation Logic Block for 1-1-1 MASH 

Outputs from each stage are combined in the manner shown in Fig. 2.13 such that 

the output is given as. 

r(z) = z-^y,(z)-(l-z-').z-%(z) + (l-z-')-73(z) (2.15) 

1 Vi 
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Fig. 2.13: Digital Cancellation Logic for third-order SDM 
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2.4 Results for Different SDM StrucUires 

Table 2.1 Simulation parameters for SDM 

Bandwidth 

Input frequency 

FFT points 

Cut-off frequency of butter-worth filter f c 

Total Leakage factor 

Saturation 

OSR 

16 kHz 

2 kHz 

2 b 

16 kHz 

0.999 

±1.5 

16 

1 
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Fig. 2.14: Simulation Results for first-order SDM 
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Fig. 2.14 shows 200 samples of input, quantization output and reconstructed 

output obtained by a lowpass filter, for first-order 1-bit SDM in time domain. Higher the 

order ofthe reconstruction filter, lesser would be the ripple at the output. Hence to obtain 

perfected signal we need higher order lowpass filter at the output. Generally for the Lth-

order SDM, (L+l)th-order lowpass filter is required. 

The PSD of the Resconstructed output The PSD of the Resconstructed output 

The PSD of the R^onstructed output The PSD of the R^onstructed output 
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Fig. 2.15: Comparison of SNR for different SDM Structures 

Fig. 2.15 compares SNR for different SDM structiires in frequency domain. 

Higher-order sti^ctiires have better SNR [3] but as mentioned earlier they are more 

-)-> 



unstable and poles tend to go out ofthe unit circle. MASH structiires, however, are 

stable and give high SNR. 

2.5 Continuous Time Sigma-Delta Modulation 

The use of continuous time (CT) Sigma Delta Modulators provide many 

advantages over the Discrete Time (DT) modulators. It is due to the fact that only the 

quantizer enforces constraint on the maximum sampling frequency. Hence integrators 

with lower Gain Bandwidth Product (GBP) can be used. This is useful for low power 

design since overall power consumption is smaller. However, CT SDM is difficult to 

design. Another disadvantage is that impact of non-idealities like clock jitter and loop 

delay is more [10]. 

To analyze the performance of CT modulator, its equivalence with DT modulator 

is drawn as shown in Fig. 2.16. Since quantizer operates at a particular clock frequency, 

the overall loop is discrete and hence it will produce same output bits as the DT 

modulator at same time instances, i.e., z{nT) = z[n]. 

Continuous Time 
Integrator H{s) 

Quantizer 
Q(z) 

Figure 2.16: DT Equivalent of CT structure 
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Fig. 2.17 and Fig. 2.18 show the SIMULINK model and the frequency response 

ofthe CT SDM structiire. From simulation results, it follows that the frequency response 

of CT SDM is same as that of DT SDM. 
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Fig. 2.17: CT SDM structure 
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Fig. 2.18: CT SDM Simulation Results 
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CHAPTER III 

BASIC BUILDING BLOCKS - II 

3.1 Pulse Width Modulation 

Pulse width modulation (PWM) is a technique that provides a logic '0' and 

logic'1' for the controlled period of time. Essentially, pulse width modulation refers to a 

method of carrying information on a train of pulses with the information being encoded 

in the width of the pulses. PWM is employed in a wide variety of applications, ranging 

from measurement and communications to power confrol and conversion. 

A PWM signal is not constant. Rather, the signal is on for part of its period, and 

off for the rest. The duty cycle (DC) refers to the percentage of the period for which the 

signal is on. The duty cycle can be anywhere from 0, where the signal is always off, to 1, 

where the signal is constantiy on. A 50% D.C. results in a perfect square wave. Fig. 3.1 

shows the on time variation [5, 8] for the output square wave. 

v 

2 5 % . D u t y C y c l e 

V 

V 
5 0 % > D u t y C y c l e 

T5<%. D u t y C y c l e 

Fig. 3.1: Variable duty cycle for PWM 
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3.2 Analog signal-to-PWM Generation 

Analog input signal having / . as the samphng rate is compared to a high 

frequency saw-tooth comparison wavefoim with period Tc. As shown in Fig. 3.2, tiie 

input signal is applied to the non-inverting terminal ofthe comparator. The output ofthe 

comparator changes state such that a PWM waveform with 'pulse repetition frequency./c 

= 1/Tc, is produced. This is known as 'Natiiral Sampling PWM' (NPWM) as opposed to 

'Uniform Sampling PWM' (UPWM) which is produced when input analog signal is 

sampled with zero-order hold. 

Sample & Hold 

Input Signal 

Saw tooth 

wave loim 

1 
PWM Output 

opamp 

Fig. 3.2: PWM waveform generation 

PWM generation by this method is known as 'single-sided' modulation scheme. If 

triangular waveform is used for comparison, both edges of PWM are modulated and 

scheme is known as 'double-sided' modulation scheme [13]. 



3.2.1 Pulse-Code-Modulation (PCM) to PWM Conversion 

PCM to PWM conversion consists of N bit input digital sampled to 1-bit output. This is 

carried out using digital algorithm based on binary conversion routine, e.g., for a 4-bit 

unsigned sample 0 110 , DC is computed as, 

Q*20+i*2'+l*2^+0*2^ 6 

1*2°+1*2'+1*2^+1*2^ 15 
(3.1) 

Maximum value a signal can have is 1. Hence to represent a 4-bit PCM input signal by a 

PWM signal, the input signal is oversampled by 16. Usually, input signal is over-sampled 

by 2^, where N is the number of input PCM bits. 

3.3 Distortion in PWM 

Fundamentally, PWM is a non-linear process. The spectrum of the output pulse-

series contains the pulse repetition frequency and its harmonics plus the spectral 

components caused by the modulation, hi a digital modulator the PWM pulse does not 

represent the mean-value of the continuous input signal, but one sample value. This 

causes fiirther distortions. Fig. 3.3 shows the spectrum ofthe audio base-band from PWM 

simulation. The leftmost line represents the original input tone, all other lines result from 

the non-linear process. UPWM adds more distortion in the output signal as compared to 

NPWM as evident in Fig. 3.4. 
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Fig. 3.3: PWM waveform frequency spectrum 

3.3.1 Interpolation of Input Signal 

To reduce the distortion introduced due to UPWM, interpolation techniques are 

used. Different samples are interpolated and the resultant signal is compared to the saw

tooth/triangle waveform to generate PWM. As shown in Fig. 3.4, the resultant value is 

closer to NPWM. Generally higher the order of the interpolation, lesser distortion would 

result. But higher-order interpolation adds delay in the system which leads to instability 

ofthe loop. PWM interpolation techniques can be applied to both analog with zero-order 

hold and PCM to PWM generation [13, 14]. 
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Fig. 3.4: Uniform, Natural and Interpolated sampling PWM Generation 

Fig. 3.5 shows the simulation results of Analog PWM and Digital PWM generation. 
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Fig. 3.5: Analog and Digital PWM Conversion 

The SNR for Analog PWM is 59dB and for Digital PWM is 52dB. 

From simulation results shown in Fig. 3.5, it follows that PWM signal has harmonic 

distortion at nf^,n>\ and / . i s the fiindamental frequency. Digital PWM is more 

distorted than analog PWM and hence has lower SNR. 

Fig. 3.6 shows the comparison between the zero order and the first-order 

interpolation techniques. As mentioned eariier there is a significant improvement due to 

interpolation. 
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Fig. 3.6: Comparison of first and zero-order sampling hold 

The SNR with first-order interpolation of input signal is found to be 64dB. 
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3.4 Pulse Group Modulation 

In Pulse Group Modulation (PGM), to reduce the PRF ofthe SDM bit stream and 

in order to force it to be a constant, samples with the same sign are grouped together [17]. 

This results in reduction of transitions after the sample and hold. The output is divided 

into frames of length N and the samples in each frame are relocated so that all the I's 

occur in a single group. The group size is given by: 

S{pN) = f^v{pN-n). (3.2) 
n=0 

where v(n) is the output samples ofthe SDM and p is the group number. 

If there is a sequence v(n) of 1-bit data from the SDM output, consisting of zeros and 

ones. The sum ofthe present sample and previous N-1 samples at any instant is 

represented by, 

Af-I 

y(n) = J^vin-k). (3.3) 

In z-domain, 

k=0 

N-\ 

Y{Z) = M{z)V{z) = Y,V{z)z-' = V{z) 
f\_-.-'^\ 

A=0 

where. 
1 ~ 

Miz)=-y^ 
l - z 

(3.3) 

(3.4) 

So the summation is equal to the moving average filter of length N. Every Nth sample of 

the summation corresponds to the sum of the samples constitiiting the group. The 

operation of taking every Ntii sample and discarding the remaining samples is termed as 
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decimation. The formation of the pulse group from the uniformly sampled PWM 

waveform, involves an increase in the sampling rate by a factor of N. The decimation 

produces aliasing and the PWM introduces harmonic distortion, carrier and sideband 

tones and inter-modulation distortion noise. 

3.4.1 PCM Grouping versus PWM Grouping 

For conversion from PCM to PWM, PCM input is grouped together but it 

distorts/modulates the input PCM signal and the original signal cannot be reconstructed. 

The scheme implemented here, groups PWM output instead of PCM and thus the signal 

is not modulated. Let 3 samples of input PCM signal be 0001, 0010, 0011. These binary 

numbers corresponds to decimal numbers 0.0625, 0.1250 and 0.1875 respectively. 

Taking these three samples together and arranging O's and I's we have - Number of 

zeros = 8, Number of ones = 4. Hence PGM of PCM gives - 0000 0000 1111. These 

correspond to 0, 0, and 0.9375 respectively in decimal notation. Hence the original signal 

is distorted. PWM of this PGM will give erroneous results. However if the PCM signal is 

first converted to PWM, the result is given as, 

0001 => 1 1 1 1 1 1 1 1 1 1 -1 -1 -1 -1 -1 -1 => 10/16 

0010 =>1 1 1 1 1 1 1 1 1 1 1 - 1 - 1 - 1 - 1 - 1 => 11/16 

0011 =>1 1 1 I 1 1 1 1 1 1 1 1 - 1 - 1 - 1 -1=>12 16 

Now grouping these PWM signals and arranging 1 's and -1 's we have, 

(10+11 + 12)/16*3 as output or 33/48 = 11/16, (3.5) 
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so effectively we are taking mean value of three samples and hence the original signal is 

not distorted and at the same time the sampling frequency ofthe input signal is reduced 

considerably. 

The simulation results of PGM with samples 0001, 0010 and 0011 are shown in Fig. 3.7. 
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Fig. 3.7: PGM of PWM signal 

3.4.2 Pulse Density Modulation and Pulse Width Modulation 

In PDM, samples are represented with a frequency modulated square wave, with 

pulses of equal duration, whilst in PWM the duration of the pulses is modulated rather 
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than the frequency ofthe pulses. Hence, PDM is a frequency domain approach, while 

PWM is a time domain approach. 

Consider a dc level signal that is 0.50 times of its maximum value V^. Fourier 

representation of PWM signal is given by 

yiO = -v^ + v^Y.—^^^ 
/ Q A 

16 n * 0 « ^ 
-HTT 

Vl6 y exp 
16 

(3.6) 

Its harmonic energy is contained at a frequency ^ . The Fourier series representation of 
16 

the same dc level signal with PDM is 

1 1 
XO = -^. + r„X—sin 

2 „*o«^ 

—nn 
V2 J exp (3.7) 

It is evident from the equation (3.7) that dominant frequency harmonic is at ^ which is 
2 

much higher. An output reconstruction filter of higher order is required in the case of 

PWM signal as compared to PDM signal. 

3.5 DC-to-DC Conversion 

DC-to-dc conversion is a technique by which input dc voltage is converted to 

output dc voltage typically of different level. They are used for switched power 

regulation, noise level removal and motor drive applications. The basic operation of a 

dc-to-dc converter can be understood by using a step-down (buck) converter. 

Theoretically, this is for a resistive load. The average output voltage can be calculated in 

terms ofthe switch duty ratio [8] given as 
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y^v=Dv, 
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(3.8) 

Fig. 3.8 shows the buck regulator with an ideal switch and Fig. 3.9 shows its output 

simulation results. 
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Fig. 3.8: Buck Regulator Operation 
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Fig. 3.9: Buck Regulator output for different duty cycles 

3.5.1 Continuous and Discontinuous Conduction Mode 

Continuous conduction mode [8] is the one in which inductor current flows 

continuously. When the switch is turned on as shown in Fig. 3.10, inductor voltage 

V, =V -V causes linear increase in the inductor current. When the switch is turned off, 
L s o 

inductor voltage is v̂  = -V^, current across inductor keeps on flowing due to its stored 

energy. 
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Fig. 3.10: Continuous Conduction Mode Operation 

Neglecting power losses and equating the input power P^ and the output power/'^, yields 

(3.9) ''•'•-'-••-yy s S O 0 

Hence, in the continuous-conduction mode, the buck converter works as a transformer 

with varying tiim ratio between 0-1. In the discontinuous-conduction mode on the other 
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hand, as shown in Fig. 3.11 the input voltage F^may fluctiiate but T îs kept equal to the 

input voltage by adjusting the duty ratio. 

^ Z * 

0 

DT 

(K-K) 

v^ 

S,T, 

Ir = I. 

• • ! 

Fig. 3.11: Discontinuous Conduction Mode Operation 

During the interval S^T^, where the inductor current is zero, the power to the load 

is entirely supplied by the filter capacitor. Inductor voltage during that time is zero. The 

output voltage is given by 

V. D + S, 
(3.10) 
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Hence, the output voltage which is relatively small depends upon both the on-time and 

the dead-time. The output voltage ripple can be obtained as 

Ar n-' ^-V 
^ = — ( l - D ) 

F 2 ' 
/ c (3.11) 

\fsj 

where, X is the filter cut-off frequency and ^ is the switching frequency. Hence higher 

ratio of - ^ would result in lower ripple voltage for both continuous and discontinuous 
J s 

mode of operation. 

3.6 H-Bridge 

H-Bridge or fiill-bridge converter [8] is biased by fixed magnitude input 

voltage V^. The output ofthe converter for a Class-D amplifier is an amplified dc voltage, 

whose polarity and magnitude depends upon the duty ratio. Magnitude and direction of 

the output current depends on the load. An H-bridge converter consists of two legs as 

shown in Fig. 3.12. Each leg consists of two switches and they switch in such a way that 

when one pair is in the on state the other pair remains off. Hence they are never off or on 

at the same time. In practice, there is always a dead time or blanking time, when both legs 

are off for certain time period and the operation is discontinuous. In this mode both 

switches are off and there is only one dominant pole in the frequency response. Another 

advantage of the blanking time is it avoids short circuiting of the input bias voltage. 

Switches, which are essentially MOSFET transistors, are controlled by PWM or PDM 

signal. In general. 
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V^,^ = F^(Duty Cycle of 1st arm) 

Similariy, V^^ = F^(Duty Cycle of 2nd arm) 

Advantage of a H-Bridge is that it doesn't become discontinuous at the low values of/^, 

unlike single-stage converters such as buck converter and half-bridge. 

3.6.1 Output Filter Design 

The high frequency high-low output signal from the H-Bridge is converted into 

amplified audio signal by passing it through an analog lowpass filter [8], [18]. Output 

Filters not only suppress high frequency components and increase efficiency but also 

reduce Electromagnetic Interference (EMI) produced by the fast operating output 

transistors. Usually, a balanced 2-pole filter is used to effectively reduce the EM 

radiations. 

Transfer fimction of a Butterworth filter is given by 

If L and R are known, C can be computed as, 

C= y •, 2 where ^ = 0.707 for Butterworth filter. 

Substituting, L = 5fiH and R = 4Q, we obtain C - 0.110/iF 

Fig.. 3.12 shows the H-Bridge implementation using ideal switches in PSPICE, and Fig. 

3.13 shows the corresponding amplified output. 
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Fig.. 3.13 shows the simulation results of H-Bridge 
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Fig. 3.13: Input and H-Bridge Output 
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CHAPTER IV 

NON-IDEALITIES IN A CLASS-D AMPLIFIER 

4.1 Clock Jitter 

Jitter is a random variation of sampling instants. Clock generator phase noise and 

sampling circuit is the cause of jitter. The effect of jitter is independent ofthe order and 

the structure of SDM. Noise introduced by jitter can be assumed to be white, i.e., it is 

uniformly distributed between frequencies 0 to ^yC . Jitter error can be reduced by over-

sampling the input signal. The clock jitter value of a sampled signal is represented by 

x;[t] = xXt] + z{xXt + \]-xXt]}f (4.1) 

where x, '[t] is the error due to jitter deviation of z in sample value x, [t] with a true 

sampling frequency off . Using Taylor's series expansion we ha\ e, 

y[t + \]-x,[t]]f-rj^xXt). (4.2) 

To model jitter, z is generated using a random noise generator [19]. Fig. 4.1 shows the 

SIMULINK model ofthe clock jitter noise. 
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Fig. 4.1: Clock Jitter Model 

4.2 Integrator's Noise 

4.2.1 Thermal Noise 

In switched capacitor (SC) implementation of an integrator shown in Fig. 4.2 [3], 

there is always some finite resistance associated with a switch and this generates thermal 

noise. This resistance is the source ofthe thermal energy which leads to random 

fluctuation of carriers. Input signal, when superimposed to the switch's thermal 

energy «^ (t) , is given by 

x'[t] = {x[t] + nj.[t] }b = {x[t] + 
kT 

\bC. 
nit) \b (4.3) 

where b is the integrator's gain, C^is the integrator's feedback capacitor and /i(/)is 

uniformly generated random number signifying the random motion of carriers in 

semiconductor. 
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c. 

r„ 

Fig. 4.2: Switched Capacitor implementation of Integrator 

4.2.2 Op-Amp Noise 

Flicker Noise, wide-band thermal noise and dc offset contribute to op-amp noise. 

Flicker noise in the drain current is produced when charge carriers move at the interface 

between gate oxide and the silicon substrate in a MOSFET; some are randomly trapped 

and are released by high-energy states (generated due to dangling bonds at the end of 

interface) latter on. Fig. 4.3 shows the model used to simulate the effect of the flicker 

noise [19]. 
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Fig. 4.3: Op-amp Noise SIMULINK Model 

4.2.3 Integrator's Leakage 

Ideally, the dc gain ofthe integrator is infinite. In practice, however, previous 

integrator's output does not completely add to the current input sample due to circuit 

consfraints. Transfer fiinction ofthe integrator with leakage is represented as 

1 
H(z) = 

z-a \-az~ 
(4.4) 

where a is the leakage factor Hence, dc gain ofthe integrator is given by 

1 
//(0) = 

\-a 
(4.5) 

4.2.4 Integrator's Saturation 

The voltage swing of an op-amp is taken into account for modeling of an ideal 

integrator. Fig. 4.4 shows SIMULINK model [19] of an integrator with the op-amp no\ 

leakage, and saturation 

SC. 
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Fig. 4.4: Practical Integrator Model 

4.3 Third-order fl-l-D MASH SDM with Non-Idealities 

Fig. 4.5 shows the simulation results ofthe third order MASH shown in Fig. 2.12 

with non-idealities such as jitter, op-amp noise, integrator's leakage and saturation and its 

comparison with an ideal SDM structure. The output signal is passed through the lowpass 

filter described in Chapter 2. 

48 
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Fig. 4.5: Ideal and Non-ideal PSD of SDM in analog system 

4.3.1 Digital Domain SDM 

In digital domain, digital counter acts as an integrator, and hence it suffers from 

digital clock jitter and saturation. Comparison of results ofthe second-order ideal and 

non-ideal SDM simulation in digital system is shown in Fig. 4.6. The noise floor is higher 

in non-ideal case in comparison to the ideal one. 

49 



The PSD of the Ideal SDM output 
-Digital Domain 

0 -

-20 

^ 0 

-60 

-80 

•° -100 

-120 

-140 

-160 

-180 

-200 

/v 

10 

Ttie PSD ofthe Non-Ideal SDM output-
Digital Domain 

-200 
lO-' 

Hz Hz 

Fig. 4.6: Ideal and Non-ideal SDM in Digital Domain 

4.4 H-Bridge Non-Idealities 

The major problem with the H-Bridge is the power supply ripple. Percentage of 

ripple in supply depends upon its source. In addition to ripple there's delay in the signal 

due to power MOSFETS. Although the SDM/PCM-to-PWM conversion stage has more 

transistors in comparison to the H-Bridge implementation, SDM operates at much higher 

frequency as compared to the power output stage. Hence strucUires invoh ing feedback at 

50 



the output stage have much greater impact on the output signal. Discontinuous mode of 

operation also introduces non-linearity as discussed in Chapter 3. 

In general there are three main sources of noise associated with output stage [24]: 

• Jitter noise is produced due to imprecision in commutation instant time by clock. 

• The asymmetry between the edges of a pulse produces noise. Further more 

distortion due to the fact that the PDM is pseudo-correlated to the input signal is 

generated. 

Both of these problems are associated with the frequency and noise introduced is 

proportional to the switching frequency ofthe H-bridge. This distortion reduces the 

dynamic range ofthe signal. 

• The noise is generated due to ripple in the supply voltage. Characteristic of this 

noise depends upon the power supply generator. 

Fig. 4.7 shows the model of these noises at the output stage. 
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Fig. 4.7: Non-ideal H-Bridge Model in SIMULINK 

51 



CHAPTER V 

CLASS-D AMPLIFIER STRUCTURE 

5.1 Basic Architecture 

A Class-D amplifier essentially consists of two parts: signal pre-processing stage 

and power driving stage. In the pre-processing stage 16-bit digital input signal is 

converted into over-sampled PWM or PDM signal using digital processing techniques. 

Power Stage consists of H-Bridge and its duty cycle is confrolled by the PWM or PDM 

signal generated in the processing stage. The amplified analog audio signal is obtained 

after passing the output ofthe H-bridge through an analog lowpass filter. 

5.2 Class-D Amplifier without Feedback 

16-bit PCM 

Input 

DD 

PWM 

Conversion 

_r-.''~:-'^-\_ 

41 
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Fig. 5.1: Class-D Amplifier with H-Bridge driven by PWM signal 



PWM conversion is done in the pre-processing stage. It requires a sampling frequency of 

44.\KHz*2^^ =2.S9GHz to convert a PCM into 1-bit PWM signal without losing 

information [14]. This high switching frequency would incur very high power loss which 

leads to reduction in the efficiency of the amplifier. Simulation has been done with 

switching frequency of SA92MHz. This is still very high with only 8 bits of PCM been 

taken. If X{z) is the input signal, Ep^(z) the error or noise infroduced by PWM 

conversion, £',,_jr,rfge(̂ ) the noise introduced at fiiU-bridge stage, then output 7(2) is 

given by 

7(z) = X{z) + E^^iz) + £;,_,„,,,(--). (5.1) 

However, there would be some delay in the output due to both pre-processing and power 

output stages. Fig. 5.1 shows the Class-D amplifier with H-bridge driven by PWM 

waveform. 
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Table 5.1 shows the simulation parameters for Class-D Amplifier simulation. 

Table 5.1 Class-D amplifier simulation parameters 

Bandwidth 

Input frequency 

FFT points 

Cut-off frequency of butter-worth filter f c 

Total Leakage factor 

Saturation 

Jitter 

H-bridge ripple noise 

Op-amp and Thermal Noise 

16 kHz 

IkHz 

2i« 

16 kHz 

0.999 

±1.5 

Ins 

5-10% 

1% 

Power Spectrum Density (PSD) ofthe output signal for PWM signal is shown in Fig. 5.2. 
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TTie PSD of the output 
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Fig. 5.2: PSD of Class-D with H-Bridge driven by PWM input 

To reduce the switching frequency, a 1-bit SDM is used and output PDM signal is 

generated based upon the input audio signal. The H-Bridge is driven by PDM output 

signal [14, 15]. Switching frequency is considerably reduced in this method at the 

expense of linearity ofthe signal as evident from Fig. 5.3. Output in this case is given by 

Y{z) = Xiz) + (1 - zyE^,Jz) + £,.w..(-) • (5.2) 
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The PSD of the output 
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Fig. 5.3: PSD ofthe output with H-Bridge driven by SDM 

There is an additional second-order noise shaping ofthe quantization error and 

hence the over-sampling ratio can be reduced considerably. 

In the hybrid structure [17], SDM is used to reduce the number of bits from 16-

bits to 5-bits and eventually the 5-bit signal is converted to a PWM waveform. Hence this 

structure gives a better SNR as compared to the pure 1-bit SDM signal. Fig. 5.4 shows 

the SIMULINK model, and Fig. 5.5 shows the simulation results ofthe hybrid structure 

Class-D amplifier without feedback. Transfer function for hybrid architecture is given as, 

Yiz) = X{z) + i\ - z-')'E^,Jz) + E^^Jz) + E,_,,,^,{z). (5.3) 
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Fig. 5.4: SIMULINK Model for the Hybrid Structure 

As compared to the Class-D structure using SDM with the second-order noise 

shaping, the magnitude ofthe quantization and PWM distortion ofthe hybrid stincture is 

less. 
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Table 5.2 summarizes the results ofthe different schemes of Class-D Amplifiers 

without feedback. 

Table 5.2 Comparison of class-D architectures without feedback 

FFT points 

Fundamental 

Frequency f.„ 

Bandwidth 

BW 

Over-sampling 

Ratio OSR 

Signal-to-Noise 

Ratio SNR{dB) 

Dynamic Range 

DRidB) 

Efficiency ;; 

Pulse Width 

Modulation 

2^18 

1000 

16000 

256 

30.74 

53.55 

Low 

1-bit SDM 

2'̂ 18 

1000 

16000 

64 

39.22 

46.02 

Moderate 

Hybrid - SDM 

and PWM 

Conversion 

2^18 

1000 

16000 

128 

38.45 

53.33 

Moderate 

5.3 Class-D Amplifier with Feedback 

To increase linearity and Power Supply Rejection Ratio (PSRR) audio output is 

fed back to the input [15]. This requires very high resolution ADC in the feedback loop. 

Usually a SD-ADC is used owing to its high resolution and SNR. If the second-order SD-
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ADC is used in the feedback and E^^^^iz) is the quantization noise ofthe feedback path, 

output is given by 

Y(z) « Xiz) + £,,„ iz) + i\-zy £ _ (z) pwm ' 

h-bridge ^ 
+ (1 - z-' )̂  E „_,,,,, (z) + (1 - Z-' )̂  E,,„^ (z). 

(5.4) 

It is clear from the above expression that quantization noise in the forward path of 

the SDM is canceled out. Fig. 5.6 shows the SIMULESfK model, and the output PSD is 

shown in Fig. 5.7. 
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Fig. 5.6: SIMULINK Model for the Class-D Amplifier with feedback using ADC 
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The PSD ofthe output 
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Fig. 5.7: PSD ofthe output with feedback using ADC 

5.3.1 Analog Feedback Architecture 

As mentioned in the previous section, feedback structures require high resolution 

ADC in the feedback path which increases the size of the chip. To circumvent this 

problem, pre-processing and power conversion is done in both - digital and analog 

domains. As shown in Fig. 5.8, SDM and PWM conversion are done in digital domain. A 

1-bit PWM signal is converted in analog signal using 1-bit DAC which is essentially a 

switch, and fed to the closed loop H-bridge in the analog domain. Different types of 

analog feedback confrol schemes can be employed [16, 25]. 
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Fig. 5.8: Class-D Amplifier with analog domain feedback scheme 

It is evident from the results that this type of topology produces high SNR and 

efficiency. Comparator and loop filter is clock free at the output analog stage, which 

makes the output power stage free from the jitter noise. However, if the amplitude ofthe 

noise in the feedback is too high, it will generate a steep slope at the integrator's output 

leading to instability ofthe H-Bridge. To circumvent this problem the slope of integrator 

is limited and hence for large errors it saturates, which leads to non-linearity and 

distortion ofthe signal. Fig. 5.9 shows the SIMULINK model ofthe output power stage 

with the second- order CT SDM and the PSD of output is shown in Fig. 5.10 
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Fig. 5.9: SIMULINK Model for Class-D Amplifier with feedback in analog domain 

The PSD of the output 

Fig. 5.10: PSD ofthe output with feedback in the analog domain 

Table 5.3 summarizes the result for feedback stiiictures both for hybrid scheme 

and loop filter scheme. Although the switching frequency is smaller for the analog 

structure its SNR is lower owing to the analog circuitry. 
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Table 5.3 Comparison of class-D amplifiers with feedback 

FFT points 

Fundamental 

Frequency /„ 

Bandwidth 

BW 

Over-sampling 

Ratio OSR 

Signal-to-Noise 

Ratio SNRidB) 

Dynamic Range 

DRidB) 

Efficiency ;; 

PWM and 

SDM with 

Feedback 

2^18 

1000 

16000 

128 

47.66 

56.4 

Moderate 

SDM with 

Analog Filter 

2^18 

1000 

16000 

32 

43.5 

51.2 

High 
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CHAPTER VI 

PROPOSED ARCHITECTURE 

Different architectiires are proposed for improving the efficiency of Class-D 

amplifiers achieved by reducing the switching frequency at the output stage. The 

behavioral simulation results in MATLAB/ SIMULINK are also provided. 

6.1 Modified SDM with Feedback 

Improvement on the structure mentioned in Chapter 5, Fig. 5.11 can be done by 

including the H-Bridge as a part of the forward path of the SDM loop as shown in Fig. 

6.1. This architecture provides a second-order shaping ofthe noise generated ofthe SDM 

in the forward path, the PWM conversion, the H-bridge (including power supply ripple) 

and the SD-ADC in the feedback path. 
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Fig. 6.8: SIMULINK model for modified Hybrid Structure with SD-ADC in the feedback 
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(6.1) 

The output can be obtained as 

nz)^xiz)+i\-zyE^,„iz)+i\-zyE^iz) 
+(i-^"') '^.-. . . ,e(-^)+(i---")^^...^(r) 

where 7(z) is the output signal, ^,^„(z) represents the noise introduced by the second-order 

modulator, E^ (z) is the noise introduced by pulse width modulation, -£',,_j„̂ g, (r) denotes the 

ripple noise introduced at H-Bridge and £,^„^(z)is the quantization noise introduced due to 

high resolution SD-ADC in the feedback. 

Fig. 6.2 shows the PSD ofthe output ofthe modified hybrid stiiicture with sigma-

delta ADC in the feedback. 

The PSD of the output 

CQ 
T3 

Fig. 6.2: PSD ofthe output for modified hybrid structure 
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6.2 Class-D Amplifier with Cascaded SDM 

The proposed structiire consists of a cascade of sigma-delta modulators in the 

digital domain with an intermediate decimation-filter which filters out the quantization 

noise generated by the first stage. The first modulator fruncates a 16 bit input to a 5 bit 

signal with an OSR of 32 and a sampling frequency of 44.1 * 32 KHz. This signal is fed 

to the decimation-filter which down-samples the signal by the factor of 16. The 

decimation-filter described in [9] is used here. It consists of three FIR filters and two 

down-samplers as shown in Fig. 6.4 
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bit 

ADC 
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' • 

2 order Integrator 

&1 - bit Quantizer 

1 • 

U 'DfirlrkA 
ri rJriage 

Fig. 6.3: Proposed architecture using cascaded SDM 

A 12-bit output from the decimation-filter is passed to the second stage SDM 

which quantizes it to a 1-bit signal. The H-Bridge is made part ofthe SDM loop which 

shapes the distortion at the output power stage as shown in Fig. 6.3 
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Fig. 6.4: A decimation filter 

Since the ideal output signal ofthe H-bridge is of 1-bit, it can be fed back directly to the input 

without requiring a high resolution ADC. The 12-bit output ofthe first-stage SDM with a 

frequency of 32fs is given as 

Y,iz) = z-'Xiz) + (1 - zyN,^iz) + N,^iz) (6.2) 

where Y,iz) is the output ofthe first stage, N.^iz) represents the noise introduced by the third 

stage of the 1-1-1 MASH and N^^iz) is the noise introduced by the decimation filter. 

The analog output is given by 

Yiz) = z-%iz) + i\-zyN2,(z) + E^z) (6.3) 

where F(z) is the analog output, N^.iz) represents the quantization and jitter noise 

introduced by the second-order modulator and E^z) denotes the high frequency ripple noise. 
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Table 6.1 shows the simulation parameters for the proposed structure of Class-D 

amplifier 

Table 6.1 Simulation parameters for proposed structures 

Bandwidth 

Input frequency 

FFT points 

Cut-off frequency of butter-worth filter f c 

Total Leakage factor 

Saturation 

Jitter 

H-bridge ripple noise 

Op-amp and Thermal Noise 

16 kHz 

IkHz 

- ,18 

16 kHz 

0.999 

±1.5 

Ins 

5-10% 

1% 

Fig. 6.5 shows that there is not much degradation in the quality ofthe input signal by 

using a third-order noise shaper at sampling frequency of 1.411 MHz and reducing the original 

signal to a 5-bit signal. 
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The PSD ofthe First Stage Output 
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Fig. 6.59: PSD ofthe output ofthe fu-st stage SDM 

However, as mentioned earher due to the non-idealities at output stage, 

noise/errors are introduced in the system. 

. Timing Delay Noise: Noise infroduced due to delay is fed back to the SDM input 

and can be shaped. This timing delay noise has a frequency between 0 to ^;< -

Higher frequency delay ertors are taken care of by the second-order analog 

lowpass filter and speaker. 

, XT • A u^,„« in Fm 6 5 a 1-bit ADC cannot detect power supply • Power Supply Noise: As shown in Fig. 0.5, a i on ^^^ ^ 

ripple till the absolute value ofthe error reaches' "^2 • 
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The output ofthe H-Bridge with I-bit ADC is shown in Fig. 6.6 
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Fig. 6.6: PSD ofthe output with 1-bit A/D Feedback 

Although the design is relatively simple, compact and easy to implement, it can only 

correct the quantization and jitter-delay noise (in the range of 0 to fs/2). This produces 

distortion at the output which leads to the increase in the Total Harmonic Distortion (THD) of 

the signal. 
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Fig. 6.7: H-Bridge Output signal waveform 

6.3 Class-D Amplifier with Cascaded SDM and SD-ADC Feedback 

Linearity of the signal can be improved, by increasing the sampling frequency of the 

second-stage modulator to 256fs and by inserting the second-order SD-ADC in the feedback 

path as shown in Fig. 6.8. The output PDM signal of the SDM is grouped using the Pulse 

Group Modulation (PGM) technique [13], in which O's and I's are clubbed together 

resulting in the reduction ofthe switching frequency at tiie output power stage (H-Bridge) 

to 705.6 KHz. A 4-bit SD-ADC is connected in die feedback loop, to quantize the high-

frequency ripple and noise generated at the output stage. When die current is delivered to 

the load, power supply voltage drops and this decreases the signal amplitude at the output. 

Output signal is just an amplified form of input PDM signal. Negative feedback signal 

increases the amplitiide of input PDM and cortects errors. SD-ADC also reduces the overall 
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time delay of the system and improves ripple rejection. If the second stage is operating at 

Vref process, the SD-ADC operates at: Vref/8, and it will take care of minimum ripple noise 

of 1.5% and maximum of 11%. 
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Fig. 6.8: Proposed Class-D Architecture using Cascaded SDM and feedback loop 

Of 10 feedback bits, the first four bits are OxF or 0x0, the last three bits are 0x7 or 0x0, 

and the central three bits are the output of SD-ADC as shown in Fig. 6.9. These bits 

subsequentiy correct the input depending upon tiie quantization, ripple and delay noise. 
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Fig. 6.9: 10-bit Feedback Arrangement 

Transfer fiinction ofthe second-stage with the H-Bridge switching at 256fs is given as 

r(z) = (z-^ )}^ (z) + (1 - z-')^ AA,̂  (z) + 7V^̂  (z) 

+ (l-z- ')^£,(z) + (l-z-')^£^(z) 
(6.3) 

where y;(z)is the output signal, N^^iz) denotes the quantization noise introduced by the 

second-order modulator, N^Jiz) represents the noise introduced by pulse group modulation, 

EXi) is tiie ripple noise infroduced at H-Bridge, .E,(z) denotes the quantization noise 

introduced due to SD-ADC in the feedback and M is the number of groups (for OSR = 256fs, 

M = 32). 

To ascertain stability ofthe system, delay of M samples is introduced at the quantizer 

output stage to compensate for the forward path delay due to PGM processing. Fig. 6.10 

shows the output with 4-bit SD-ADC in the feedback. High frequency tones are attributed due 

to the over-sampling of signal at tiie second stage of the amplifier, which brings high 

switching frequency tones of 1.411 MHz at 60-70 kHz. 
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Table 6.2 summarizes the results obtained from all the proposed structures 

Table 6.2 Comparison of proposed structures of class-D amplifier 

FFT points 

Fundamental 

Frequency f^ 

Bandwidth BW 

Over-sampling 

Ratio OSR 

Switching 

Frequency ikHz) 

Signal-to-Noise 

Ratio SNRidB) 

Total Harmonic 

Distortion 

THDidB) 

Efficiency rj 

Modified 

Hybrid 

Feedback 

2^18 

1000 

16000 

32 

1411.2 

58.2 

-67.5 

Moderate 

Cascaded SDM 

with 1-bit ADC 

Feedback 

2^18 

2000 

16000 

16 

705.6 

51.24 

-61 

High 

Cascaded SDM 

witii SD ADC 

Feedback 

2^18 

2000 

16000 

16 

705.6 

71.1 

-80.8 

High 
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CHAPTER VII 

HARDWARE REALIZATION 

Primary objective ofthe board level implementation is to verify the fiinctionality 

of the proposed structiire of the Class-D amplifier. For simplicity the implementation is 

divided in two parts - the preprocessing stage and the output power stage. The processing 

stage is done by using TI DSP- TMS320C6211, a floating point processor and die output 

power stage is realized by using a digital audio board, which consists of an H-Bridge 

driven by Motorola microcontroller - 68HC12. 

7.1 Preprocessing Implementation 

Fig. 7.1 shows the block diagram ofthe pre-processing stage implemented in 

DSP. 

Digital 

Input 

pre - processing stage 
implemented in DSP 

, 3^'order 

SDM 
» 
Decimation 

Filter 
» 

2°' order 

SDM 

FIR 
Filter 

Fig. 7.1: Preprocessing Implementation on TMS320C6211 

The third-order SDM, tiie decimation filter and the second order SDM are 

implemented using Q15 format in C/C++. A 1-bit output ofthe second stage is decimated 

and converted into a digital output by passing it tiirough the FIR filter. This FIR filter is 
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not part ofthe design but is included here only for converting the 1-bit output in a multi-

bit signal. The sample program incorporating DSP/BIOS application from [27] is been 

used and the Class-D amplifier routine is invoked through the sample application. The 

application is a non-BIOS program that uses the Codec, Multi-Channel Buffered Serial 

Port (McBSP) and Direct Memory Access (DMA) to continuously process digitized 

audio data. The overall signal flow diagram is shown in Fig. 7.2. 
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Fig. 7.2: Signal flow diagram in DSP module 

The pre-processing routine including the FIR filter is executed af̂ er data is 

received from the ping-pong receive buffers and the FIR filter output is transmitted to the 

ping-pong fransmit buffer. The reference program consists of codec, McBSP, DMA ping-

pong buffers and FIR filter routines. Fixed point routines for addition, subtraction, 

multiplication and division are written to prevent registers from overflowing. Fig. 7.3 

shows the PSD ofthe digital output with a sinusoidal input of a frequency of 2 kHz. Filter 
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coefficients used are the same as that for simulation in Chapter 6 and are designed using 

SIMULINK. Since there is no H-Bridge at the output stage, the SNR ofthe output signal 

is around 12-15dB higher than the real value. 
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Fig. 7.3: PSD ofthe output 
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7.2 Power Stage Implementation 

The power stage implementation is done to analyze the performance of the 

amplifier with PDM as the driving signal. Fig. 7.4 shows the output stage realization with 

a first-order, 1-bit SDM. Motorola 68HCI2 processor is used for the PDM generation. 

The processor runs at a speed of 24MHz. The SDM is implemented in Motorola 

assembly language. The switching frequency ofthe H-Bridge is 40 kHz. 

Audio 

Input 

Level Shifter 

(0-5V) 
8-bit 

ADC 

I-bit 

SDM 
PM9S12 

Low-pass 

Filter 

Audio 

Output 

Fig. 7.4: Output stage implementation on 68HC12 

The schematics ofthe audio daughter board are shown in Fig. 7.5 and Fig. 7.6. As 

shown in the schematic diagram, the DIR pin ofthe LMD18200 is connected to the PDM 

signal and the PWM pin is connected to logic High [28]. PDM output signal is generated 

in the processor by the SDM routine. 
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Fig. 7.7 shows the digital audio board and Fig. 7.8 shows the \\ a\ eforms of the 

measurement, hiput signal has amplittide of 2V p-p and a frequency of 1 kHz. The top 

waveform shows the output current through a lOQ resistor, giving an output voltage of 

3V p-p. The PDM output signal is also shown. There is a delay in the output current, 

which is attributed to the inductive filter. 
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CHAPTER VIII 

CONCLUSIONS AND FUTURE WORK 

In Class-D amplifiers, high quality digital-to-analog conversion can be achieved by 

applying digital signal processing (DSP) techniques to generate PWM and PDM signal. DSP 

is capable of noise shaping and distortion elimination such that quality is governed only by 

circuit design and construction techniques. The distortion produced by the power supply 

ripple can be reduced by using negative feedback. Edge timing and clock jitters are concerned 

for very high fidelity applications. The edge timing jitter is significantly reduced by feedback 

and output analog filter. The clock jitter however is so small, that it is very difficult to 

eliminate. To reduce the size of the jitter, re-synchronization or clock recovery circuitry 

running at a very high clock frequency is required [24]. 

A high quality Class-D amplifier using cascaded SDM and feedback loop has been 

proposed, in which all the signals are processed in the digital domain. The pulse group 

modulation technique reduces the output switching frequency to 705 kHz. The high frequency 

noise using due to switching and power supply is properly shaped by using 4-bit SD-ADC in 

the feedback which produce high quality digital signal with reduced Electromagnetic 

Interference (EMI) without requiring very high precision dc power source, very high speed 

clock and fast switched MOSFETs. Simulation conducted in SIMULINK verifies the result of 

the proposed structure. 
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At the output stage PGM introduces non-linearity in the output signal. If PGM can 

be included as a part of the output feedback loop, this non-linearity can be reduced. 

Further improvement in the performance can be achieved by doing feedback, both in the 

analog and digital domains. 

Multi-level converter structure can be implemented in which the output load can 

be shared among two H-Bridges of smaller size. The current ripple in the output signal 

can be reduced by realizing the unipolar switching technique [8]. 

A clock recovery circuit can be used as a part of the main circuitry or as a 

separate circuit to correct jitter error. 

Finally, complete board level implementation of the design can only be done by 

using TMS320C6211 DSP which runs at 150-200MHz as opposed to 68HC12 which runs 

only at 24MHz. This speed will enable implementation of complex digital filters and 

higher order SDM in the software. 
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