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ABSTRACT 

 

This dissertation presents several improvements to the standard digital input class-

D amplifier architecture. Three different architectures of class-D amplifier have been 

proposed as part of this work, and their theoretical verification is done by system-level 

simulations. The output stage in all the proposed architecture is driven by Sigma-Delta 

Modulation (SDM). The first consists of a delay-line analog-to-digital converter in the 

feedback. The second architecture achieves feedback using continuous-time SDM.  The 

third structure does not employ feedback but suppresses noise using a three-level output 

stage. System-level simulations are carried out using MATLAB and SIMULINK. The 

structures are then taken through the schematic design and layout using the CADENCE 

design suite. The first design is fabricated through the MOSIS design foundry. The 

fabricated device is then tested using a custom made test PCB. The results of the testing 

are analyzed, and ideas for future enhancements to the overall topology have been 

specified.  
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CHAPTER I 

INTRODUCTION 

Owing to amplifiers high efficiency, class-D amplifiers play important roles in 

audio applications. Typically, a class-D amplifier consists of two stages. The first stage is 

a signal processing stage that converts the input audio signal into a two-level signal. This 

two-level signal represents a Pulse-Width Modulation (PWM) signal or a Pulse-Density 

Modulation (PDM) signal. The second stage of the amplifier is a power output stage, in 

which the 2-level signal drives the output power MOSFETs (half-bridge or full-bridge). 

Hence, the power output stage acts as a DC-DC converter.  A passive lowpass filter at the 

output of the converter stage transforms the output signal into an audio signal.  Switching 

elements at the output allow high efficiency, limited only by switching and conduction 

losses. However, traditional analog PWM conversion technique is very noisy and highly 

non-linear, and amplifiers based on this conversion technique cannot replace the well-

established class-AB amplifiers.  

Digital PWM using digital signal processing for a digital input Pulse Code 

Modulation (PCM) signal, as represented in Fig. 1.1, provides an alternative to the 

traditional conversion technique. The generation of accurate digital PWM can be obtained 

using high-speed logic and power devices. However, there are two problems associated 

with the generation of digital PWM. First, for direct digital PWM conversion of a 16-bit 

digital input PCM signal at 44.1 kHz, an unrealistic clock of 2x2
16

x44.1 kHz, or 

approximately 3 GHz, is required. Second, to reduce the switching stage power loss, the 

switching frequency at the output should be as low as possible. The finite switching time 

degrades the time domain properties of the signal, which leads to non-linear distortion. 

The noise shaping and interpolation techniques proposed in [1] and shown in Fig. 1.2 

allow the digital input signal to be represented by fewer bits. For example, the 16-bit input 

signal is converted into a 7-bit signal using Sigma-Delta Modulation (SDM). This 7-bit 

signal is transformed to a 1-bit signal by PCM-to-PWM conversion. This conversion 

reduces the clock speed requirement to a more practical range without escalating the audio 

noise floor.  The PCM-PWM conversion is highly non-linear, and it introduces harmonics 
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and distortion in the audio band. Different methodologies have been proposed to suppress 

this distortion and to improve the Signal-to-Noise Ratio (SNR).  

 

Fig. 1.1: A class-D amplifier with digital signal processing 

 

 

 

 

Fig. 1.2: A typical class-D amplifier 
 

The switch-mode power output stage suffers from finite output switching time 

owing to dead-time, power MOSFETs on-off and rise-fall time, jitter due to imprecision in 

switching instants, ringing at the transition edges because of parasitic components, and 

ripples in the DC power supply.  The switching stage is implemented using either a half-

bridge or a full-bridge circuit. Although a half-bridge circuit requires less hardware, it 

introduces additional non-idealities in the form of even order harmonics and bus pumping.  

These non-idealities introduce noise at the output audio band, resulting in further 

Vs 
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distortion of the output signal. To improve the SNR, the output signal is sampled and fed 

back to the input, resulting in ripple and noise shaping [2]. This architecture also requires 

a high resolution Analog-to-Digital Converter (ADC) in the feedback loop. To circumvent 

this problem, output noise shaping/suppression is done in the analog domain by adding an 

analog loop filter. The loop filter forces the average value of the input and the output 

signal to be equal, resulting in rejection of high frequency in-band noise [3, 5]. However, 

this loop filter is more prone to noise as compared to a digital structure, and the higher 

amplitude of the feedback signal can lead to system instability.  

Recently, an alternative solution using a single loop SDM for pulse generation has 

been proposed [6].  In this technique, as depicted in Fig. 1.3, a 16-bit digital audio input 

signal is converted to a 1-bit Pulse Density Modulation (PDM) signal. This PDM signal 

drives the power MOSFETs of the output stage.  The basic advantage of using SDM over 

PWM is noise shaping of quantization noise, which gives very high SNR.  However, a 

PDM signal has much higher Pulse Repetition Frequency (PRF), which leads to increase 

in switching frequency. The increase in switching frequency increases the switching losses 

at the output stage.  Hence, the increase in SNR comes at the expense of a decrease in 

efficiency. Another disadvantage of using higher-order single loop SDM is the limit cycle 

instability. The modulator’s instability condition occurs when the amplitude of the input 

signal exceeds a specified value, and during this condition, the output signal no longer 

represents the input signal. Various criteria pertaining to the modulators instability are 

illustrated in chapter II.   
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Fig. 1.3: A class-D amplifier using SDM 

 

The main focus of this dissertation is to propose an improved digital input class-D 

amplifier Integrated Circuit (IC) to satisfy following criteria: 

• Linearity of the output signal in the audio band to avoid harmonic 

distortion.  

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

precise representation of the input level using the mean value of the 

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 pulse shape. 

• Feedback from the output signal to cancel or suppress errors produced by 

the output power stage. 

• Reduction of Electromagnetic Interference (EMI). 

Three different architectures of class-D amplifier have been proposed as part of 

the thesis work, and their theoretical verification is done by system-level simulations. The 

Vs 
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output stage in all the proposed architectures is driven by SDM. The first consists of a 

delay-line analog-to-digital converter in the feedback. The second architecture achieves 

feedback using continuous-time SDM.  The third structure does not employ feedback but 

suppresses the noise using the multi-level output stage. System-level simulations are 

carried out using MATLAB and SIMULINK. The structures are then taken through the 

schematic design and layout using the CADENCE design suite. The first design is 

fabricated through the MOSIS design foundry. The fabricated device is then tested using 

a custom made test PCB, and the results of the testing are analyzed.  

 

Organization of the Dissertation 

The remainder of the dissertation is organized as follows. Chapter II depicts SDM 

and its implementation details in discrete, continuous and digital domains. Various non-

idealities associated with modulators are also covered in this chapter. Chapter III consists 

of theory and system-level simulations of all the proposed architectures.  Chapter IV 

covers circuit-level implementation of one of the proposed architectures. Post-layout 

simulation results of various modules are included in this chapter as well. In Chapter V, 

test methodology and measurement results of the fabricated are presented. Finally, 

Chapter VI includes conclusions of design along with future work which can be done to 

improve the amplifier’s performance.  
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CHAPTER II 

SIGMA-DELTA MODULATION 

 

As the name implies, in Sigma-Delta Modulation (SDM) the input is integrated 

(sigma) prior to delta modulation coding. In SDM, the input to the circuit feeds to the 

quantizer via an integrator, and the quantized output feeds back to subtract from the input 

signal. This feedback forces the average value of the quantized signal to track the average 

input. Any persistent difference between the signals accumulates in the integrator and 

eventually corrects itself. Descriptions of SDM from theory, design, and simulation are 

detailed in [7, 8]. SDM technique is widely employed in the applications such as data 

converters and class-D amplifiers. Fig. 2.1 illustrates the response of the circuit to a 

constant DC input; it shows how the quantized signal oscillates between the two levels 

that are adjacent to the input value in such a manner that its local average equals the 

average input value. The SDM is achieved by over-sampling the input signal and shaping 

the quantization noise. The rate of production of output signal is established by the 

external clock whose frequency is required to be much larger than the signal bandwidth. 

It is evident from the Fig. 2.1 that the width of the PDM signal gets wider for higher 

amplitude of input signal and vice-versa. 

 
Fig. 2.1: PDM Generation 

 

Fig 2.2 shows the block diagram of the linear model of the SDM. Essentially, it 

consists of a filter in the feed forward path with a quantizer, which can be modeled as a 

relay.  
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Fig. 2.2: Linear Model of SDM  

 
 

Over-sampling 

In a linear model, the quantizer is represented by the noise source e(n). Hence, 

output y(n) will be given by superposition principle as 

                                                   e(n).  u(n)  y(n) +=                                    (2.1) 

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

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

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

quantization levels. The quantization noise power is ∆
2
/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 [9]. If Se(f) is assumed to be constant, we can reduce the 

quantization noise by over-sampling the input signal in the band of interest as shown in 

Fig. 2.3. 

 
Fig. 2.3: Spectral Density of e(n) 
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Noise-shaping 

The Signal Transfer Function (STF), of linear model shown in Fig. 2.2, in z-

domain is given as 

                                 
H(z)1

H(z)

U(z)

Y(z)
 STF(z)

+
== ,                                  (2.2) 

and the Noise Transfer Function (NTF) is represented by, 

                                       
H(z)1

1
 

E(z)

Y(z)
NTF(z)

+
== .                                 (2.3) 

From these equations, it follows that zeros of NTF(z) will be equal to poles of H(z). To 

realize the system such that NTF(z) has a zero at DC, H(z) is chosen such that it has a 

pole at z = 1, i.e. 

                                             
)z(1

z

1)(z

1
H(z)

1

1

−

−

−
=

−
= .                                   (2.4) 

The corresponding transfer function in the frequency domain is given by 

)E(z)z(1U(z)zY(z) 11 −− −+= . 

From the equation, it is clear that E(z) is multiplied by a differentiator function resulting 

in first-order noise shaping of E(z). By noise shaping, the quantization noise is pushed 

out of the band of interest. The noise shaping characteristic is 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 SNR for the first-order 

noise shaper is given by [9] 

                                 30log(OSR)3.416.02nSNR +−= ,                          (2.5) 

where n is the order of the modulator and OSR is the Over Sampling Ratio (OSR). 

Similarly, higher-order noise shaping characteristics can be achieved by higher-order 

H(z). The transfer function for a higher-order modulator is represented as  

                                     E(z))z(1U(z)zY(z) N1N −− −+= ,                          (2.6) 

where N is the order of the filter. By substituting N as 1, 2 and 5, first, second, and fifth 

order NTF can be obtained. NTF plots for first, second and fifth order modulator are 

presented in Fig. 2.4. 
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Fig. 2.4: First, second and fifth order NTF(z) 

 

If all the zeros of the NTF(z) in a higher-order modulator are at 1, the system 

becomes unstable for higher input signal amplitude. The modulator’s instability result in 

the rapid increment of amplitude of the internal signals of the integrators, and oscillations 

occur at low frequencies (limit cycles) [10]. Fig. 2.5 represents the output of the fifth-

order modulator with all zeros of NTF(z) at 1 at -5dB input. From Fig. 2.5, it follows that 

the output signal oscillates at lower frequency, leading to limit cycle instability of the 

modulator.  
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Fig. 2.5: Limit cycle instability 

 
 

 

Stability Criteria 

Two of the various techniques for selecting the appropriate NTF(z) [10] and 

hence assessing the behavior of SDM are 

1. The mean-squared value of the magnitude response 

                                  5.2)(
2

1
 A

2

<= ∫
−

θ
π

π

π

θ
deNTF

j and                         (2.7) 

2. The maximum value of the frequency response 

                                         { } 2)(max M <= zNTF .                             (2.8) 

A fifth-order modulator using stability criteria mentioned previously has been designed. 

The NTF(z) of such system is given as  

  
( )

0.8787)1.838z(z

11.998zz

0.7138)1.677z0.8123)(z(z

1)1.999z1)(z(z
NTF(z)

2

2

2

2

+−

+−

+−−

+−−
= ,    (2.9) 

The FFT and the root-mean square (rms) gain of the NTF(z) is represented in Fig. 2.6. 
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Fig. 2.6: Optimized NTF for a fifth-order modulator 

 

State space model representation of the fifth-order modulator’s NTF is given by, 

 

 

where ctrb and obsr computes the controllability and the observability of the modulator, 

respectively. The rank of the controllable and observable matrix for the fifth-order 

modulator is 5; hence, the system is controllable and observable.  

This transfer function is derived by assuming noise signal and input signal are 

uncorrelated. However, for high amplitude of input signals this assumption is not valid. 
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The stability of the SDM can be realized analytically. The use of the variable gain 

method provides bounds on the input to the quantizer. According to this method, the non-

linearity is substituted by a variable gain k. The value of k changes to the ratio of the 

output of the non-linearity over its input. Thus, the modulator is transformed into linear 

system with the parameter k. For discrete systems, the system is of the form of H(z, k). 

As long as poles of H(z, k) are inside unit circle, the modulator is stable. The root locus 

plot of NTF(z) for the fifth-order modulator is shown in Fig. 2.7.  

 

 

Fig. 2.7: Root locus of fifth-order NTF(z) 

 

Based upon our initial assumption of uncorrelated noise and input signal, all the poles lie 

inside the unit circle, and SDM is globally stable. With the increase in the input 

amplitude, the correlation (analytically) between input and noise signal also increases. 

For k > 0.85, the system gets unstable. Hence, variable parameter k is some function of 

inner product of u(n) and e(n). 

                                                  












=

uu,

eu,
fk                                             (2.10) 

From simulations, it follows that the system is stable for input amplitude of less than -4 

dB. Fig. 2.8 represents 200 samples of the input signal, modulator’s output and 
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reconstructed output in the time domain. Power Spectral Density (PSD) of the 

modulator’s output signal is shown in Fig. 2.9.  Simulation parameters are listed in Table 

2.1.  

 

Table 2.1: Simulation parameters 

 
Input Frequency 2 KHz 

Bandwidth 20 KHz 

Clock Frequency 2xOSRxBW=2.56 MHz 

FFT points 2
18 

 

 

 

Fig. 2.8: Time-domain simulation results for the fifth-order modulator 
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Fig. 2.9: PSD of the output with -4 dB input with 2
18 

FFT points 

 

For input amplitude higher than -4 dB, the value of k will be greater than 0.85, which 

leads to change in NTF(z). In that case, the system ceases to be controllable and 

observable.   

 

 

SDM Implementation 

SDM can be implemented in Discrete-Time (DT), Continuous-Time (CT) and in 

all-digital domains. The detailed description of DT SDM implementation can be found in 

[21]. Brief descriptions of CT-SDM and all-digital implementations are illustrated in this 

section.  

 

Continuous-Time Domain 

Unlike discrete-time SDM (DT-SDM), continuous-time SDM (CT-SDM) consists 

of a continuous filter and a clocked quantizer. Fig. 2.12 shows the architecture of CT-

SDM.  
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Fig. 2.10: CT-SDM 
 

The advantage of the CT-SDM is that it can run at much faster rate and has inherent anti-

alias filter. The input of the continuous-time filter H(s) is the difference of two sampled 

and held signals u(t) and y(t). The relation between H(s) and H(z) can be expressed as 

[33]  

                                    ( )












−= −−

s
H(s)

LZz1H(z) 1

T

1                              (2.11) 

where { } { }y[n]Zy(t)ZT =  and L
-1

 stands for inverse Laplace transform. The result of this 

transformation for the first-order loop filter is represented as 

                                                 
1

1

s z1

z

sT

1
−

−

−
⇔ .                                          (2.12) 

Alternatively, this equivalence means that the slope of an integrator 
1

1

s z1

z

sT

1
−

−

−
⇔   in 

the CT domain is the over-sampling of the signal in the DT domain.  

 

Comparison of DT SDM and CT SDM 

The maximum sampling frequency of CT SDM is limited by the non-dominant 

pole of the integrator, loop delay and clock jitter. For an amplifier, non-dominant pole is 

chosen to be 3 times larger than the sampling frequency of the system. Hence, if an 

amplifier’s unity-gain frequency fu is 200MHz and non-dominant pole is 300MHz, the 

modulator can achieve sampling frequency fs of 100MHz for proper operation. For DT 

SDM, on the other hand, the integrator’s settling speed limits the maximum sampling 
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frequency. For settling time constant factor nt of 10 and realizing that only half the cycle 

is available for integration, we obtain 

                                           ns 1.2
f 2π

C
C

1

τ
u

f

s

=
+

=                                       (2.13) 

where Cs and Cf are the input and feedback capacitors of the DT integrator, the maximum 

sampling frequency fu is equivalent to, 

                                               MHz 40
τ2n

1
f

t

s ==                                      (2.14) 

Hence, the CT SDM can operate at more than twice the sampling frequency as compared 

to DT SDM. Since, it operates at much higher frequency, the effect of loop-delay and 

jitter is more prominent. In the following sections, effect of loop-delay and jitter is 

analyzed for linear modeled of second-order CT-SDM.  

 

Effect of Loop-delay 

Fig. 2.13 represents the generalize model of second-order CT-SDM with all the 

scaling factors. The quantizer is modeled as a hyperbolic tangent with slope p and time 

delay τd introduced due to practical switches.  

 

 

Fig. 2.11: Second-order CT-SDM 
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The modulator can be represented by differential equations, 

                               

))τtanh(p(xa-w(t)k-u(t)
dt

dw(t)

))τtanh(p(xa-x(t)k-w(t)
dt

dx(t)

d11

d00

−=

−=

                       (2.15) 

where k0 and k1 are the leakage factors, and a0 and a1 are the gain scaling factors for the 

first and the second integrator, respectively. Ignoring, leakage factor, and substituting, k0 

= k1 = 1, and putting scaling factors as, a0 = a1 = 0.5, we obtain NTF(z) and loop-filter 

H(z) in discrete domain as  

                                  
( )

( )
4

3z
2

3z

1-z
  NTF(z)

2

2

+−
=                                         (2.16)    

                                            
( )
( )2

1-z4

12z
  H(z)

−
=                                                 (2.17) 

 

By assuming a linear model and ignoring correlation between quantization noise and 

input signal, we can find the stability of the system by root-locus plot. Fig. 2.14 shows 

the root-locus plot of SDM using ideal switches and hence no delay. Two zeros are at 1, 

and hence for any input signal, poles would not go out of the unit circle and the system 

would always be stable.  

 



Texas Tech University, Chintan Trehan, May 2007 

 18 

 
Fig. 2.12: Root locus plot of second-order SDM 

 

 

The quantizer usually is implemented using switches. The switches take some finite time 

to turn on; hence, the output pulse would have some delay as shown in Fig. 2.15. 
 

 
Fig. 2.13: Effect of delay on the output 

 

Due to delay the transfer function of the loop filter H(z) and the noise transfer function 

NTF(z) of the second-order modulator is modified and is given as 

 

                              ( )H(z)τz)τ-(1  )τH(z, d

1

dd

−+≈ ,                                     (2.18)               

                        
( ) ( )

( )2
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d
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                                 (2.19) 
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( )

( ) ( ) dd

2

d

3

2

d
τz3τ3z2τ64z

1z4z
 )τNTF(z,

−++−−+

−
=                      (2.20)     

 

The root locus of NTF(z) with delay τd as parameter is plotted in Fig. 2.16.  

 

 
Fig. 2.14: Root locus plot of the modulator with finite delay time 

 

From the root locus plot, it follows that by increasing the time delay, the poles would 

travel and go out of unit circle for ζd = 
sf

0.65 , where fs is the sampling frequency of the 

system. PSD of the modulator with delay of 
sf

0.1  and 
sf

0.5 is plotted. Fig. 2.18 shows 

the PSD of the output signal y(n) with -4 dB of input u(n). Simulation parameters are 

listed in Table 2.2. 

 

Table 2.2: Parameters for loop-delay simulation 

 
Input Frequency 200 KHz 

Bandwidth 1 MHz 

Clock Frequency 2xOSRxBW=128 MHz 

FFT points 2
21 

 

From Fig. 2.17, it is clear that the noise floor increases with the introduction of delay, 

leading to increase in noise and distortion and eventually making it unstable. The SNRs 

for the delay of 
sf

0.1  and 
sf

0.5 are 70 dB and 60 dB respectively. 
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Fig. 2.15: PSD of the output with -4 dB input with 2

21
fft point 

 

Jitter Effect 

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

sampling circuit is the main cause of jitter. The effect of jitter is independent of the 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
2

fs . Jitter error can be reduced by over-

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

                                { } siiii f[t]x1][txτ[t]x[t]'x −++= ,                              (2.21)           

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

sampling frequency of sf . Using Taylor’s series expansion, we have 

                                  { } (t)x
dt

d
τf[t]x1][txτ isii ≈−+ .                              (2.22) 

To model jitter, τ  is generated using a random noise generator [10]. Fig. 2.18 shows the 

SIMULINK model of the clock jitter noise. 
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Fig. 2.16: Clock Jitter Model 

PSD of the modulator for the ideal case and with 10% jitter is plotted in Fig. 2.19 for an 

input u(n) of -4 dB. Simulation parameters are listed in Table 2.3. From Fig. 2.19, it is 

evident that jitter results in increase of the noise floor.  

 

Table 2.3: Parameters for jitter simulations 
Input Frequency 200 KHz 

Bandwidth 1 MHz 

Clock Frequency 2xOSRxBW=128 MHz 

FFT points 2^21 

 

 
Fig. 2.17: PSD of the output with and without jitter 

 

 

 

 

PSD with jitter 

PSD without jitter 
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All-Digital Domain 

 

 SDM in all-digital domain is used in fractional frequency synthesizers and digital 

input class-D amplifiers. An all-digital domain implementation of SDM is shown in Fig. 

2.20. The input PCM signal with N bits is reduced to M bits (M < N). The input signal is 

over-sampled, and the quantization noise introduced due to truncation of bits is shaped. 

Integration of the signal is achieved by digital counter, and in the feedback, the M bit 

output signal is converted to the N bit signal simply by appending (N – M) zeros to the 

output signal. 

 
 

Fig. 2.18: SDM implementation in all-digital domain 

 

 

The integrator is implemented as an adder or accumulator. Usually, for proper operation 

of addition and subtraction, two’s complement number representation of input PCM 

signal is used. However, adding two numbers using two’s complement representation 

results in overflow. The result can be a catastrophic loss in SNR of the system. Therefore, 

while implementation, signals are either scaled appropriately to avoid overflow or 

produced using saturation arithmetic components. Saturation arithmetic introduces extra 

hardware to avoid the wrap-around, replacing it with saturation to either the largest 

positive number or the largest negative number representation.  
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CHAPTER III 

PROPOSED ARCHITECTURE 

In this work, three different architectures are proposed to maximize the system’s 

efficiency and linearity. The output stage in each of them is driven using PDM output. In 

the first architecture, noise suppression and shaping are achieved using delay-line ADC in 

the feedback path. Hence, minimal usage of analog circuitry is required. Due to all-digital 

nature of the architecture, this system occupies very small area and can be used for low-

power low-voltage applications. In the second proposed architecture, preprocessing and 

power conversion is achieved in two different domains. A pre-processing stage converts a 

16-bit input into PDM using SDM in the digital domain, while power conversion is 

achieved using CT-SDM, and hence the system is in the analog domain. These two stages 

are isolated, hence, the output stage feedback arrangement suppresses most of the noise 

and ripple generated due to the H-bridge. The architecture is more robust and can be used 

for both low and high power applications. The output stage, however, is operated at a 

higher clock frequency as compared to the all-digital architecture and hence, the system 

has more EMI.  The third architecture proposes the improvement of the power conversion 

stage. Instead of having a conventional H-bridge that generates a two-level signal, a three-

level converter is employed for power stage conversion. The second-order two-bit SDM is 

used to drive the output stage. Three level output considerably suppresses the harmonics 

and results in increase in SNR. Although not implemented in this work, this architecture 

along with the feedback arrangement and higher order SDM can improve the amplifier’s 

linearity to a large extent with little expense of efficiency.  

Following sections in this chapter describe the development of theory and 

simulation results using SIMULINK and MATLAB of the proposed architectures in more 

detail.  
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All-Digital Domain Architecture 

The block diagram of a class-D amplifier using SDM is shown in Fig. 3.1. The 

transfer function is given as  

                         (z)E(z)E
H(z)1

1
U(z)

H(z)1

H(z)
Y(z) sq +

+
+

+
= ,                (3.1) 

where U(z) is the input signal, H(z) is the loop-filter transfer function, Eq(z) is the 

quantization noise and Es(z) is the switching noise. For the first-order modulator, H(z) is 

an integrator given as, 
1

1

z1

z

1)(z

1
H(z)

−

−

−
=

−
= . This expression results in 

                          (z)E(z))E1(U(z)zY(z) sq

11 +−+= −−
z .                          (3.2) 

Similarly, for the N-order modulator, the output signal would be 

                         (z)E(z)E)z(1U(z)zY(z) sq

N1N +−+= −− .                       (3.3) 

From the above expression, it follows that the quantization noise gets shaped and is 

pushed out of the band of interest. However, the switching noise will still be there, and its 

presence in the output signal will deteriorate the signal quality. 

 

Fig. 3.1: Block diagram of a SDM based class-D amplifier 
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Fig. 3.2: Block diagram of the proposed architecture 

 

The proposed architecture represented in Fig. 3.2, uses SDM in a digital domain 

to convert the 16-bit input signal to a 1-bit Pulse Duration Modulation (PDM) signal. 

This PDM signal drives the power MOSFETs of the output stage. The output stage is 

made part of the SDM loop, which enables the shaping of both the quantization noise and 

the switch noise, such that 

                       { }(z)E(z)E)z(1U(z)zY(z) sq

N1N +−+= −− .                       (3.4) 

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

equal duration, whilst in PWM instead of frequency, time duration of the pulses is 

modulated. Consider a 4-bit signal of amplitude Vmax/2, where Vmax is the maximum 

amplitude. The Fourier series representation yw(t) of its PWM is,  
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and for its PDM, yd(t), the representation is 
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From the expression, it follows that for the sampling frequency of fs, the dominant 

harmonic energy is contained at 
16

fs  and 
2

fs  for PWM and PDM signal, respectively. 

Hence, for the same fs, the average switching frequency in the case of PDM is much 

higher as compared to that of PWM. Higher switching frequency results in decrease in 

efficiency of the amplifier. Another drawback of this system is that it can only correct the 

quantization and switching delay noise in the range of 0 to fs/2. Due to digital nature of 

the system, any drop in the supply cannot be corrected by the feedback loop, resulting in 

increase in distortion in the output signal.  

 The efficiency and the linearity of the proposed architecture of the amplifier can 

further be increased by employing Pulse Group Modulation (PGM) technique to the PDM 

signal and by adding a sample and hold circuitry and a delay-line Analog-to-Digital 

Converter (ADC) in the feedback path. The output The improved architecture is 

presented in Fig. 3.3. 

 

 

Fig. 3.3: Improved class-D amplifier architecture 
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The proposed structure consists of a third-order SDM that converts the 16-bit, 44.1 kHz 

input signal into a 1-bit PDM signal with an Over-Sampling Ratio (OSR) of 64. The 

overall system output in the z-domain is represented as 

{ }( )

(z)Ez
H(z)1

H(z)
                                                                                  

(z)E(z)Ez(z)E
H(z)1

1
X(z)z

H(z)1
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Y(z)

adc-fb
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−

+−−










+
−

++








+
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+
=

(3.7) 

where U(z) is the input signal, (z)E q denotes the quantization noise of the 1-bit quantizer, 

(z)ES
 is the in-band high frequency noise at the power stage, (z)E PGM

signifies the noise 

introduced due to bit grouping, (z)E adcfb−
represents the quantization noise of the 4-bit 

delay-line ADC in the feedback, M is the delay of samples introduced by the PGM block, 

and H(z) is the transfer function of the loop filter.  

 

SDM Design 

The third-order modulator is shown in Fig. 3.4, and its loop filter transfer function 

H(z) is given by 

       
3

321323

2

233

3

1)(z

1)zaaaaa2a(33)zaa(az
H(z)

−

−+−−+−++
= .        (3.8) 

 

 

Fig. 3.4: Third-order modulator 

 

S(z) is the output signal going into the PGM module while G(z) is the feedback signal. In 

order for the third-order modulator to remain stable under all conditions described in 

chapter 2, the modulator is designed such that |NTF(z)| < 1.4 and is represented as 

                              
0.72)1.6z0.72)(z(z

1)(z
NTF(z)

2

3

+−−

−
= .                               (3.9) 

PSD of the NTF(z) is shown in Fig. 3.5, 
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Fig. 3.5: PSD of NTF(z) for third-order modulator 

 

The rms gain of -56 dB is obtained using third-order modulator in the band of interest. 

Now, using relation 

                                                          
H(z)1

1
NTF(z)

+
= ,                                             (3.10) 

the value of coefficients a1, a2, and a3 can be evaluated. To reduce hardware complexity, 

these values are rounded off and expressed in powers-of-two. The values obtained are 

                                           a1 = 2
-3

, a2 = 2
-2

, and a3 = 2
-1

                           (3.11) 

The rounding off enables these coefficients to be implemented by shifting and addition 

only, and multiplication will not be required.  
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Pulse Group Modulation 

In Pulse Group Modulation (PGM), to reduce the Pulse Repetition Frequency 

(PRF) of the SDM bit stream, samples with the same sign are grouped together [12]. This 

reordering of pulses results in reduction of number of transitions in the signal. To 

accomplish PGM, the output is divided into frames of length M, and the samples in each 

frame are relocated so that all the ones and zeros occur in a single group. The group size, 

T(pM) is given by 

                                               ∑
−

=

−=
1M

0n

n)s(pMT(pM) ,                                (3.12) 

where s(n) is the output samples of the SDM, and p is the group number. Fig. 3.6 shows 

the various grouping schemes. In single sided trailing edge (SS) PGM, the group begins 

at the start of the frame. In double-sided (DS) PGM, the ones are located at the center of 

the frame, and in two samples consecutive (TSC) PGM alternate groups are positioned at 

the beginning at the end of the frame and this arrangement results in the further reduction 

in PRF by a factor of two.  

 

 

Fig. 3.6: Different PGM schemes 

 

For a sequence s(n) of 1-bit data from the SDM output, consisting of zeros and 

ones, the sum of the present sample, n and previous M-1 samples at any instant is 

represented by 

                                                       ∑
−

=

−=
1M

0k

k)s(nw(n) .                                        (3.13) 
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In the z-domain, the expression would be given by 
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Hence, the summation is equal to the moving average filter of length M. Every Mth 

sample of the summation corresponds to the sum of the samples constituting the group. 

The theoretical tone spectra for uniform PWM has been derived in [13] for sinusoidal 

input, and these results can be applied to the equivalent PGM process. If ωin is the 

frequency of the input signal, ωs is the sampling frequency, 
M

ω
ω s

c =  is the angular 

frequency of the carrier, β
c
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ω
ω

= , and Jn(.) is the nth-order Bessel function of the first 

kind. The spectra of double-sided PGM output signal given by 
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contains the phase-distorted input frequency and harmonics. The sample frequency fs and 

sideband terms are separated by fin. These harmonics and sidebands decrease with 

increase in PRF or by decrease in group length M. As evident from the expression, the 

feedback attenuates all the frequencies a great deal, but some might still pass through the 

low-pass filter. If any of the k harmonics are close to the pole frequency, they can be 

clearly seen at the output of the system. The closest carrier frequency harmonic to DC is 

the carrier frequency itself, and it corresponds to the k = 1 case. By limiting the 

summation to k = 1, the expression simplifies to 
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The first term represents phase-distorted input signal, while the second and third terms 

represent carrier frequency and carrier frequency harmonics, respectively. The harmonics 

created by the subtraction of the system output from the signal input ‘fold down’ into the 

pass band with a high enough magnitude to be detected at the output is required to be find 

out. The lowest nth-harmonic that falls into the pass band, nmin is found by the expression  

                                                 pinminc ωωnω =−                                       (3.17) 

where pω is the pole frequency of the analog low-pass filter. Since β  is much smaller 

than 1, the magnitude of this harmonic is reduced to 
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=       (3.18) 

Evaluation of Bessel function at π/2, we get the function shown in Fig. 3.7. If n is greater 

than 5, the Bessel function is approximately zero. This puts a limit on the pole frequency 

which now becomes  

                                                incp 5ωωω −≤                                            (3.19) 

 

Fig. 3.7: Variation of Bessel function of the first kind w.r.t. n 

 

The highest frequency of the input audio signal is 20 kHz, so as long as the pole 

frequency of the loop filter is less than this frequency, we can assume that the switching 

frequency and all the harmonics associated with it are suppressed by the loop-filter and 

the feedback arrangement such that we can neglect them in our calculations. 
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Fig. 3.8: PSD of the third-order SDM without PGM 

 

 

Fig. 3.9: PSD of the fifth-order SDM with PGM 

 

PSD plots of the outputs with and without PGM are shown in Fig. 3.8 and Fig. 3.9, 

respectively. It is evident that if feedback is not employed, the noise folds back into the 
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pass-band and reduces the SNR. Hence, PGM results in increase in efficiency and 

decrease in SNR. By having feedback arrangement, however, the noise folded back in the 

pass band due to PGM is shaped, as evident from the system level transfer function given 

as  
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Delay-line ADC 

Conventional ADCs consume a lot of chip area, power, and require precision 

analog components. A delay-line ADC is based on the principle that the propagation 

delay of a logic gate increases if the gate voltage is reduced [13]. In general, the 

propagation delay td in a MOSFET is proportional to the product of the active resistance 

of the MOSFET and load capacitance as given in [13] 
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where Vgs is the gate supply voltage, Vt is the transistor threshold voltage, Cgd, Cgs and 

CL’, are the gate to drain, gate to source and load capacitances of the MOSFET, 

respectively, CL is total load capacitance, α ranges from 1.4 to 1.7, and k, γ, and k
’
 

depends upon process technology and the area of the logic gate. A delay-line ADC is 

implemented using a string of delay-cells that introduces propagation delay. One possible 

implementation of the delay-cell is presented in Fig. 3.10. It consists of an inverter and a 

NOR gate. The inverter is scaled to provide necessary propagation delay, and the NOR 

gate resets the output signal. The timing diagram for a particular value of Vs for a 2-bit 
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ADC with delay cells is shown in Fig. 3.11. Here, d1, d2, d3 and d4 are the outputs of the 

first four delay cells connected in series. The sampled digital output codes for the timing 

diagrams for two different values of analog input are 1100 and 1110. The output code 

1110 corresponds to the smaller input voltage as compared to the digital code 1100. 

Similarly, a 4-bit ADC requires a minimum of 16 delay cells, and these 16 digital codes 

are converted into 4-bit output using 16-to-4 priority encoder.  

 

 

Fig. 3.10: A delay cell 
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Fig. 3.11: Timing diagram of delay-cell ADC 
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The delay-line ADC in the feedback samples the high frequency noise and also 

compensates for the drop in the output voltage when the output stage delivers current to 

the load. The feedback shapes the quantization and time delay noise introduced by the 

output power stage in the frequency range of 0 to
2

f s . The 1-bit power stage output is 

converted into 16-bit digital signed format as shown in Fig. 3.12. The digital operation is 

carried out in signed notation, therefore, the first four bits in hexadecimal notation are 

either 0x8 or 0x7, the next four bits are the output of the delay-line ADC, and the last 8 

bits are either 0xFF or 0x00. The maximum and minimum value of feedback bits are 

0x7FFF and 0x8000, respectively. Using this arrangement, ripple correction of 1.5% to 

11% can be achieved.  

 

 

 

Fig. 3.12: Bit arrangement of the feedback signal 
 

 

Fig. 3.13 and 3.14 show the simulation results of the architecture for the ideal and non-

ideal cases. Evidently, by having feedback arrangement using delay line ADC, PGM 

noise and ripple noise get shaped. Simulation parameters are tabulated in Table 3.1.   
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Table 3.1: Simulation parameters 

 

Input Frequency 2000 Hz 

Bandwidth 20 kHz 

Switching Frequency 705.6 kHz 

Clock Jitter 1ns 

Power Supply Ripple and Switching 

Noise 
3-5% 

Op-amp and Thermal Noise 1% 

Integrator’s Saturation ±1.5 Vdd V 

 

 

 

Fig. 3.13: PSD of the output of class-D amplifier using third-order SDM for the ideal 

case at -5 dB input with 2
21

 FFT points 
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Fig. 3.14: PSD of the output of class-D amplifier using third-order SDM for the non-ideal 

case at -5 dB input with 2
21

 FFT points 

 

Continuous-time Domain 

The proposed structure can also be implemented without using a delay-line ADC 

in the feedback, as shown in Fig. 3.15. In this architecture, preprocessing is done in all-

digital domain, and the output stage is included in the CT SDM loop.  

 

 

Fig. 3.15: System architecture concept with feedback in CT domain 

 

The detailed system-level structure with PGM is presented in Fig. 3.16. The 

quantizer in the output loop runs at the much higher clock frequency of 90 MHz.  This 

results in increase in SNR as compared to the all-digital domain architecture represented 

in Fig. 3.3. The overall performance, however, is limited due to loop-delay introduced by 

large power MOSFETs at the output stage and clock jitter noise. The other disadvantage 

is that, there will be more EMI since it is proportional to the square of the operating clock 

frequency. The output of the first stage is represented as 
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The transfer function of equivalent loop filter H(s) in the z-domain is given by 

                                                   )z(2z(z)H 11

eq

−− −= .                               (3.26) 

This transfer function would result in second order shaping of the switching noise. The 

overall output in the z-domain is given by 

                                     ( ) (z)E (z)Ez1(z)YzY(z) PGMs

21

1

2 +−+= −−
.                      (3.27) 

 

Fig. 3.16: Proposed class-D amplifier in continuous-time domain 

 

It is clear from the expression that even though the modulator can run at much 

higher frequency, the noise introduced by PGM will not get shaped. Hence, if group 

length is large, we would end up getting more distortion in this architecture as compared 

to the one described in the previous section. By using same simulation parameters 

depicted in Table 3.1, the FFT of the simulation results are plotted in Fig. 3.17 and Fig. 
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3.18, for the ideal case and non-ideal case, respectively. For the non-ideal case SNR of 

around 80 dB is obtained using CT-SDM architecture.  

 

Fig. 3.17: PSD of the output of class-D amplifier using CT sigma-delta modulator in the 

feedback for the ideal case. 2
18

 FFT points are taken with the amplitude of input signal at 

-5dB. 

 

 

 

Fig. 3.18: PSD of the output of class-D amplifier using CT sigma-delta modulator in the 

feedback for the non-ideal case. 2
18

 FFT points are taken with the amplitude of input 

signal at -5dB. 
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Three-level Converter 

 The proposed architectures depicted in Fig. 3.3 and Fig. 3.15 both has H-bridges, 

which generates 2-level signal at the output. In these 2-level converters, the output 

voltage waveform is produced by using SDM with two voltage levels. This two-level 

signal causes the output voltage and current to be distorted and the THD of the voltage is 

poor. In 3-level modulator on the other hand, output voltage and current are much more 

sinusoidal and the THD is better.  Hence, by using a multi-level converter, we can 

suppress the harmonic content of the output signal. The architecture represented in Fig. 

3.19 uses a three-level power switching stage instead of a half-bridge to suppress the 

harmonics at the output. This structure of the output stage eliminates the feedback 

circuitry for error correction to some extent. A three-level converter has the advantage 

that the blocking voltage of each device is one half of the DC voltage, and the harmonic 

content of the output voltage is far less than that of a two-level converter at the same 

switching frequency.  In general multi-level implementation can be achieved by three 

different topologies - diode-clamped, flying capacitor, and cascaded converters [14]. 

Among these topologies, the flying capacitor is difficult to realize, because each capacitor 

is required to charge with different voltages as the voltage level increases. The cascaded 

converter has the disadvantage of requiring separate DC sources for the conversion of DC 

signals, which limits its use for high power applications only. Although the diode 

clamped converter is difficult to expand to multi-level because of the DC link voltage 

imbalance and the increase in the number of clamping diodes required it is suitable for 

lower level implementation. Hence, in the proposed structure diode-clamped three-level 

converter is used. The converter consists of four switches S1, S2, S3, S4 and two diodes 

D1, D2as shown in Fig. 3.20.  The neutral point n is achieved by using two capacitors 

Cp1 and Cp2 termed DC link capacitors. The sizes of these capacitors depend upon the 

power rating and are off-chip. 
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Fig. 3.19: Proposed class-D amplifier using three-level converter 
 

 

 

 

Fig. 3.20: Three-level converter 
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By controlling the switching states of S1, S2, S3 and S4, we can obtain three 

levels of output voltages as summarized in Table 3.2.  The diodes are forward biased 

when S2 and S3 are in the on-state. The switches are driven by the output signal of the 

SDM in an all-digital domain. For the design, a second-order SDM is used as a signal 

processor, which converts the 16-bit, 44.1 kHz input signal into a 2-bit PDM signal with 

an OSR of 64. The overall system output in the z-domain is represented as 

                        (z)E(z)E)z(1U(z)zY(z) s2q

212 +−+≈ −−                       (3.28) 

where U(z) is the input signal, E2q(z) denotes the quantization noise of the 2-bit quantizer, 

and Es(z) represents the noise due to the switching power stage.  

 

Table 3.2: Levels of output voltage vs. switching states 

 

 S1 S2 S3 S4 

VDD ON ON OFF OFF 

VDD/2 OFF ON ON OFF 

0 OFF OFF ON ON 

 

Since the cost of DC-link capacitors Cp1 and Cp2 is quite significant, the sizing 

should be done carefully and is determined from the ripple of a rectifier output voltage. 

Some optimization should be done to choose most suitable amount and size of capacitors. 

The minimum size of the capacitance can be calculated by using  

                                              
( ) s

2

min

2

max

min
fVV

2P
Cpi

−
=                                (3.29) 

where Vmax and Vmin is the maximum and minimum voltage across the capacitor 

respectively, fs is the switching frequency, and P is the load power. Using above equation 

and permitting voltage ripple to be ±5% from the average DC-link voltage the values of 

Cp1 and Cp2 are found as,  

                                   
( ) s

2

DDs

2

min

2

max fV

10P

fVV

2P
Cp2  Cp1 ≈

−
==                       (3.30) 

In a two-level converter, the efficiency of the whole system is dominated by the rectifier 

losses in light loads. In a three-level converter the efficiency at full load is better than in 

two-level inverter. The better efficiency at full load implies better energy capture of the 
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system. Better efficiency at rated power means also smaller heat sink and better 

reliability. Efficiency of the three-level inverter at low power is also improved. Time 

domain simulation results using parameters in Table 3.1 are presented in Fig. 3.21, where 

I is the analog equivalent of 16-bit PCM digital input signal, II is the converter output, 

and III is the filter output signal. A second-order filter with the pole frequency of 25 kHz 

is used, for reconstructing analog signal.  

 

 

Fig. 3.21: Time-domain simulation results for three-level converter  

 

Fig. 3.22 and Fig. 3.23 show the PSD of the output signal, driven by a second-order 

modulator, for a two-level and a three-level converter, respectively. From the plots, we 

can conclude that odd harmonics are suppressed by a three-level converter. For an input 

signal of -1 dB, an improvement of 5.5 dB in SNR is observed.   

 

III 

II 

I 
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Fig. 3.22: PSD of the output signal with the two-level converter. 2
18

 FFT points 

are taken for simulation with -1dB input 

 

 

 

Fig. 3.23: PSD of the output signal with the three-level converter. 2
18

 FFT points 

are taken for simulation with -1dB input 
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CHAPTER IV 

CIRCUIT IMPLEMENTATION 

 

In this chapter, many of the details that went into the actual design of the 

integrated circuit for the proposed system in all-digital domain will be addressed. The 

starting point for the circuit level design is the systems level analysis described in 

Chapter III. All of the schematics and layouts discussed in this section are included in 

Appendix A for reference. The discussion of the design will begin by examining some of 

the general considerations for the entire system, then the SDM will be analyzed, followed 

by the delay-line ADC, PGM, and finally the design of the H-bridge. Post-layout 

simulation results for all the individual modules and entire system will also be presented 

in this chapter.    

 

Integrated Circuit Overview 

A class-D amplifier integrated circuit was designed with full testability in mind. 

With regard to this approach, many additional input and output pins were used to 

facilitate additional testing capabilities through specific component isolation as well as 

signal injection and testing. The fabrication process selected was the Taiwan 

Semiconductor Manufacturing Company (TSMC) [16] 0.25 micron process, which 

allows five metal layers and a native metal to metal thin film capacitor device. This 

process contains small high-speed digital devices and good analog FET operation. The 

transistors used are 2.5 V devices with symmetric n-type and p-type gate threshold 

voltages. The actual design of the device was accomplished using the CADENCE design 

environment [17], with verification done using SPECTRE and design models provided by 

TSMC through the MOSIS foundry [18]. A 16-bit audio signal is provided to the device 

at a frequency of 44.1 kHz is provided to the device. A block diagram of the system with 

additional testing capabilities is presented in Fig. 4.1.   
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Fig. 4.1: System diagram 

 

From the system diagram in Fig. 4.1, it follows, that the input to the H-bridge can either 

be a SDM with switching frequency of 1.41 MHz or from a PGM with switching 

frequency of 705.6 KHz. In this manner, the output stage can be isolated from the PGM, 

allowing detailed testing and error analysis. For the system, two’s complement signed 

binary format was chosen, with 000h being the zero value for a 12-bit input in 

hexadecimal notation. A selected list of codes and their associated values in binary 

format are given in Table 4.1 using only 3 bits for reference. 

 

Table 4.1: Binary code scheme 

 

Decimal Binary 

011 +3 

010 +2 

001 +1 

000 0 

111 -1 

110 -2 

101 -3 

100 -4 
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Design Simulation 

Many simulations were done to verify the design of the schematics. In many 

cases, full transient simulation can take anywhere from several hours to several days to 

complete. VerilogA models of ADCs and DACs are used for easy analysis and 

verification of schematic results. These models are implemented to allow easy 

examination of the signals generated within the digital blocks without having to examine 

every signal within the multi-bit busses. These models are also used to create input 

signals simply by using analog sources then converting those signals into a digital signal 

with the correct number of bits for the system. For these simulations, a value of 1.25 V is 

taken as analog ground.  

 

Third-order SDM  

SDM is the most important part of the system. Fig. 4.3 represents the 

implementation of a third-order single loop SDM. Parameters a1, a2 and a3 are computed 

by methodology illustrated in chapter 3 and are implemented using left and right shift 

operations. At different stages, additional bits are added such that the signal does not 

saturate. This addition is accomplished by inserting zeros or ones after the sign bit for a 

positive signal and a negative signal, respectively. For instance, a 12-bit signal 17Fh 

when extended to 15-bit will be represented as 017Fh in hexadecimal notation. Similarly, 

801h will correspond to F01h. Digital logic in the feedback carries out addition of the 4-

bit ADC output and the quantizer output.  Fig. 4.2 shows the signal generated by the 

digital logic block for a 16-bit output. 

 

 

Fig. 4.2: Digital logic output 
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Fig. 4.3: Third-order SDM 

 

A SDM requires six adders. Three of these adders work as subtractors and the rest as 

integrators, hence, it is the most critical part of the design. A Carry Look-ahead Adder 

(CLA) can run at higher speed than a Ripple Carry Adder (RCA) at the expense of 

additional hardware. The clock frequency of the system is in the range of a few MHz, 

therefore, RCA architecture is used in this work. Design and post-layout simulation 

results of the RCA and D flip-flop designs are described in the following sections.  

 

 



Texas Tech University, Chintan Trehan, May 2007 

 50 

Adder Design 

RCA is the simplest way to construct an n-bit adder and is achieved by cascading n 1-bit 

adders. In an n-bit RCA, a propagation of the carry occurs. Because the carry ripples 

through the n-stages, the sum of the nth bit cannot be performed until the carry Cn-1 is 

evaluated. The delay of n-bit addition is given by 

                                              scrca t1)t(nt +−= ,                                       (4.1) 

where tc is the carry delay and ts is the sum delay. The carry propagation path is a critical 

stage for the delay, hence, the full-adder cell should be optimized. The sum and carry are 

given by  

                                                 CBAS ⊗⊗= , and                                  (4.2) 

                                              ( ) CBABACOUT •++•= .                        (4.3) 

Compared to the conventional CMOS full-adder implementation, the carry signal 

propagates only through one Transmission Gate (TG). Hence, an n-bit RCA would be 

faster, and more compact than the conventional one. A buffer is added every three stages 

to reduce the degradation of the carry signal due to the TG – RC effect. A 16-bit adder is 

shown in Fig. 4.4. The schematic of Fig. 4.5 is used to efficiently implement an adder cell 

for the system. 

 

 

Fig. 4.4: 16-bit adder using TG adder cell 
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Fig.4.5: TG based adder cell 

 

 

Fig. 4.6: Adder cell simulation 
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Post-layout simulation results of one adder cell and a 16-bit adder are depicted in Fig. 4.6 

and Fig. 4.7 respectively. In Fig. 4.7, output signal is converted into the equivalent analog 

signal using verilogA model of 16-bit DAC.  

 

 

Fig. 4.7: 16-bit full-adder simulation 

 

 

D Flip-flop Design 

A 1-bit D Flip-flop is implemented using two D-latches. Fig. 4.8 represents the schematic 

design of a D-latch using inverters and TGs. The operation of a D-latch is shown in Fig. 

4.9. The output is the same as the input when the clk signal is ‘high’, and it holds its 

value when the clk signal is ‘low’. D Flip-flop schematic is shown in Fig. 4.10. Finally, 

post-layout simulation results of a D Flip-flop, shown in Fig. 4.11 verify that at the 

negative edge of the clk, output signal q is equivalent to the input signal d. 
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Fig. 4.8: D-latch schematic design 

 

 

 

 

Fig. 4.9:  D-latch operation 

 

 

 
Fig. 4.10: D Flip-flop schematic 
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Fig. 4.11: D Flip-flop simulation results 

 

Post-layout simulation results of the third-order SDM using the building blocks described 

above are presented in Fig. 4.12. The input signal I is applied at 25 KHz frequency and 

the clock frequency is 3.3 MHz. Waveforms II, III, and IV are equivalent outputs of the 

first, second, and third stage integrators, respectively. By visual inspection, we can 

clearly see that output waveform II-V, tracks the input signal waveform I.  

 

Fig. 4.12: Post-layout simulation results of SDM 

 

I 

II 

III 

IV 

V 
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H-Bridge 

In general, there are three main sources of noise associated with the output power 

stage [15]: 

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

• The asymmetry between the edges of a pulse produces noise. Furthermore, 

distortion is generated due to the fact that the PDM is pseudo-correlated to the 

input signal. 

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

these problems is proportional to the switching frequency of the H-bridge. This 

distortion reduces the SNR of the signal.  

• The noise is generated due to the ripple in the supply voltage. The characteristic 

of this noise depends upon the power supply generator. 

 

Sources of power dissipation 

The chief sources of dissipation that cause the conversion efficiency of the class-

D amplifier to be less than unity are described in this section.  

• Conduction Loss: Current flow through non-ideal power transistors, filter 

elements, and interconnections results in dissipation in each component P = IrmsR, 

where Irms is the root mean squared current through the component, and R is the 

resistance of the device.  

• Gate-Drive Loss: Raising and lowering the gate of a power transistor during each 

cycle dissipates an average power Pg = Eg fs, where Eg is directly proportional to 

the gate energy transferred per cycle, including energy in the driver circuitry, and 

fs is the switching frequency.  

• Capacitive Switching Loss: During the low-to-high output transition, the path 

from the Vdd rail to the output node is conducting, and the capacitance C at the 

output node is charging. If the output node is charging from an initial level V to V 

+ Vs. The energy provided by the supply voltage is  

                                                 ∫
∞

=
0

ddI(t)dtVE                                           (4.4) 

where I(t) is the current drawn from the supply and is given by 
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                                                    oRC
t

s e
R

V
I(t)

−

= ,                                     (4.5) 

where R is the resistance of the path between the Vdd rail and the output node. 

Substituting and integrating, we obtain E = CoVddVs. During the high-to-low 

transition, no energy is supplied by the source, and hence, the total energy provided 

by the power supply during one clock cycle is sfVVC
T

E
P sddo

cycle)(per 
== . For 

conventional CMOS gates, Vdd = Vs. Hence, parasitic capacitor Co dissipates an 

average power, P = CoV
2
fs, where Co includes reverse-biased drain-body junction 

diffusion capacitance and some or all of the gate-drain overlap (Miller) capacitance of 

the power transistors, wiring capacitance from their interconnection, and stray 

capacitance associated with L. Co may be dominated by parasitics associated with the 

connection of an off-chip filter inductor, which included bonding pad, bond wire, and 

board interconnect capacitance.  

• Short-Circuit Loss: A short-circuit path can temporarily exist between the input 

rails during the transitions if the dead-time is too small. Hence, to avoid 

potentially large short-circuit losses, it is necessary to provide dead-time in the 

conduction of the MOSFETs to ensure that the two devices never conduct 

simultaneously.  

• Body Diode Reverse Recovery: If the durations of the dead-times are too long, the 

body diode of the NMOS power transistor may be forced to pick up the inductor 

current for a fraction of each cycle. When the PMOS device turned on, it must 

remove the excess minority carrier charge from the body diode, dissipating energy 

bounded by ERR = QRR .Vdd, where QRR is the stored charge in the body diode.  

• Stray Inductive Switching Loss: Energy storage by the stray inductance Ls in the 

loop formed by the input decoupling capacitor Cin and the power transistors 

causes s

2

s fIL
2

1
 dissipation.  

• Quiescent Operating Power: The SDM, PGM and other control circuitry consume 

power. In low-power applications, this control power may contribute substantially 

to the total losses, even at full load. The other source of power dissipation is sub-
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threshold leakage current. It usually is a function of temperature and increases 

dramatically with the increase in temperature.  

The H-bridge schematic with digital driver is shown in Fig. 4.13. The driver 

consists of three stages of incrementally larger device sizes following the well-known 

logarithmic per stage size increase of e [31]. For the proposed design, a slightly large 

scaling factor of 4 is used. 

 

 

Fig. 4.13: H-bridge and driver schematic 

 

Due to possible mismatches in the inverter stages, the common mode level of the signal 

may change. This mismatch could lead to asymmetrical transition in input signals Vi. The 

latch shown in Fig. 4.13, ensures that the change in signal states occur simultaneously. 

Table 4.2 shows the device sizes of the first stage of the input driver.  

 

Table 4.2: Driver size 

NMOS (1x) 12.5 µm/0.25 µm 

PMOS (1x) 5 µm/0.25 µm 

 

H-bridge simulation results for a 5 nF output capacitor at a clock frequency of 5 MHz is 

shown in Fig. 4.14.  
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Fig. 4.14: H-bridge simulation results 

 

 

Sample and Hold Circuitry  

The sample and hold circuit is represented in Fig. 4.15. To minimize signal-

dependent hold step, a CMOS transmission gate switch is used. The size of the p-channel 

transistor is the same as the n-channel transistor, which enables the charge injection due 

to the transistors, to cancel when the transmission gate turns off. This assumption is true 

when VIN is in the middle region between the power supplies and the clock waveforms 

are exactly complementary. However, these conditions are seldom possible to achieve in 

practice. When the finite slopes of the clock waveforms are taken into account, the turn 

off times are signal dependent, which causes the n-channel transistor and p-channel 

transistors to turn off at different times. The circuit also includes an amplifier in unity-

gain configuration at the input to increase the input impedance.  
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Fig. 4.15: Sample & hold schematic  

 

Table 4.3: Device size 

 

Device W/L(µm/µm) 

MN 10/0.25 

MP 25/0.25 

Cs 10 pF 

Cp 10 pF 

 

 

The system requires an amplifier at the input and the output in unity-gain configuration. 

The performance of the sample and hold circuitry is greatly influenced by the accuracy of 

its amplifier and switch. The output voltage accuracy, defined by its transient behavior, is 

governed by the slew rate and unity-gain bandwidth of the amplifier. These two 

specifications are critical to the design of the sample and hold circuitry.  

Fig. 4.16 shows a practical transient behavior for an op-amp in unity-gain 

configuration. The op-amp’s output is arranged to settle to its final value at half (50%) of 

the on-period of the clock, 
2

TS . This time leaves a sufficient margin of time for the 

remaining components in the system to operate properly. The difference between the op-

MN

0 

MP 
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amp’s output at the 
2

TS  and its ideal output value is defined as the op-amp’s error, ε, 

which limits the maximum accuracy that the sample and hold circuit can achieve. 

 

Fig. 4.16: The transient behavior for the op-amp 

 

The amplifier’s slew rate is expressed, assuming the slew rate is linear, as 

                              

s

SRSR
f2

1
k

∆V

2

T
k

∆V
SR

⋅
⋅

=

⋅

= .                                    (4.6) 

where ∆V is the maximum voltage output and kSR is the op-amp’s slewing factor in 

percent of 
2

TS . The value of ∆V can be found by behavioral simulations. 

By using a first-order function to model the amplifier’s transient behavior [21], an 

equation associated with the amplifier’s unity-gain bandwidth and its sampling frequency 

can be obtained as  

                        )
ε

1
ln(

f2π

1.4
)

f2

1
(k)

2

T
(k

us

ST
S

ST ⋅
⋅

=
⋅

×=×                 (4.7) 

where kST is the settling factor of the amplifier in percent of 
2

TS , fu is the amplifier’s 

Unity-Gain Bandwidth (UGB) in hertz, and ε is the integration error. 

The SR of the amplifier is calculated with ∆V=1.4Vref. Assuming kSR is 15% of 
2

TS , 

the slew rate for the amplifier is calculated as  
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The SR for the amplifier is set to 200 (V/µs) to maintain the sample and hold performance 

for higher sampling frequencies. 

Assuming that the settling factor kST is 35% of 
2

TS  and ε equals 10
-5

, the amplifier’s 

UGBW can be calculated, as 

         (MHz)98.34)
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0.352π
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⋅
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−
        (4.9) 

Therefore, the design target of UGBW is set to 200 MHz. 

Fig. 4.17 shows the circuit of a two-stage tranconductance amplifier. The scheme 

uses n-channel transistors at the input. As specified by the name, the circuit is the cascade 

of two stages: the first stage is a differential amplifier with differential to single ended 

transformation; the second stage is a conventional inverter with active load. The circuit 

uses the same reference voltage for the differential amplifier and the second stage. 

Therefore, the bias currents in the two stages can be controlled together. At low 

frequencies, the output stage does not load the output signal of the first stage. Hence, the 

low frequency gain is given by the product of the two gains. Using the small-signal 

analysis, the DC gain of this amplifier is derived as 

                 
ds6ds5

m5

ds3ds1

m1dc2dc1dc
gg

g
)]

gg

1
([gAAA

+
⋅

+
⋅−=⋅= ,                 (4.10) 

where gmi and gdsi are the tranconductance and the output conductance of transistor Mi. In 

realization, the DC gain Adc1 is chosen to be larger than 40 dB while the DC gain Adc2 is 

designed to be at least 10 dB. The overall DC gain Adc of the two-stage amplifier is more 

than 50 dB.  Other key parameters associated with the two-stage amplifier are summarized 

in Table 4.4, with the assumption that the PMOS and NMOS transistors have the same 

threshold voltages and the same overdrive voltages.  
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Fig. 4.17: Two-stage op-amp schematic 

  

For MOSFET, the current flowing through the device that is in saturation is given as 

( )2

thgsd VV
2L

WK'I −= , where Vgs is the gate to source voltage, Vth is the MOSFET 

threshold voltage, K’ is the constant that depends upon process, and W and L are the 

width and length of the transistor, respectively. Using the current expression and device 

parameters tabulated in Table 4.4, we can obtain the device sizes for all the transistors. 

 

Table 4.4: Device parameters 

 

Parameter Equation 

Slew Rate ci/CI  

Unity Gain Bandwidth cm1/Cg  

Maximum Output Swing  DS,satV2VDD ⋅−  

Non-dominant Pole Lm5/Cg≈  

Thermal Noise )1(
8

1

3

1 m

m

m g

g

g

kT
+⋅  

Minimum Power Supply satDS,th VV +  
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The device size of the transistor and the value of the compensation capacitor are listed in 

Table 4.5. Fig. 4.18 and Fig. 4.19 show the transient response and frequency response of 

the amplifier, respectively.  

Table 4.5: Device size 

 

Device W/L(µm/µm) 

M0 5/0.25 

M1, M2 10/0.25 

M3, M4 20/1 

M5 40.72/0.25 

M6 25/0.25 

M7, M8 3/0.25, 1/0.25 

CC  1 pF 

 

 

Fig. 4.18: Op-amp transient response 

 

For large-signal stability analysis, the op-amp is connected in a unity-gain configuration, 

with 1.25 V as analog ground. As evident from Fig. 4.18, a very small overshoot is 

observed, with the rise and fall time of 1 ns. Frequency response simulation results with 
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10 pF as load capacitance represented in Fig. 4.19 gives phase margin of around 54 deg. 

and gain margin of more than 20 dB.  

 

Fig. 4.19: Op-amp frequency response 

 

 

 

Fig. 4.20: Sample & hold circuitry transient response 
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Simulation results of the sample and hold circuitry shown in Fig. 4.15, are shown in Fig. 

4.20. Settling time of less than 50 ns is observed at the output signal VOUT with the 

clock frequency of 3 MHz.  

 

Pulse Group Modulation Circuitry 

The overall architecture of the Pulse Group Modulation (PGM) is represented in 

Fig. 4.21. The SDM serial output signal is converted into a 4-bit parallel data by using a 

serial-to-parallel converter. Bit-formatter circuitry re-arranges this 4-bit data into groups 

of 0s and 1s, as described in chapter 3. Finally, rearranged parallel data is converted into 

a serial data using a parallel-to-serial converter. As evident from Fig. 4.21, the PGM 

circuitry requires an input clock signal clk, a divide-by-4 clock signal clk_4, and a clock 

pulse for writing sampled data clk_ws.  The delay of 4 samples introduced by the PGM is 

essentially due to the serial-to-parallel conversion of the data. The clock signals clk_4 

and clk_ws are generated by using a circuit shown in Fig. 4.22. The circuitry consists of 

two D Flip-flops in a feedback arrangement and an OR gate. 

 

 

Fig. 4.21: Pulse Group Modulation 
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Fig. 4.22: Clock signal generation for serial-to-parallel and parallel-to-serial converter 

 

The simulation results of the clock signals are shown in Fig. 4.23. Table 4.6 represents 

the values of the output data bits for different input data bits and simulation results for 

various inputs are represented in Fig. 4.24. The delay of 4 samples is observed in the 

output with a pulse repetition frequency of the output at 750 kHz and a clock frequency 

of 3 MHz. 

 

Table 4.6: PGM output data stream for various input data stream 

 

Input Data Stream  Output Data Stream 

0000 0000 

0101 0110 

1011 0111 

0001 0010 

1001 0110 

1111 1111 
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Fig. 4.23: Clock signal simulation results 

 

 

Fig. 4.24: PGM output for various inputs 
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Circuit Layout 

Analog circuit layout techniques [21] have been employed for this design to 

minimize the performance differences between schematics and the physical design. 

Concepts such as device matching and noise decoupling have been considered. This 

section introduces some of the major rules associated with circuit layout. 

 

Rules for Matching 

A fundamental idea of device matching in layout is to make everything as similar 

as possible. Accordingly, some rules have been considered in this design and are listed as 

follows:    

1. The devices to be matched should be of the same type, shape, and size. 

2. The devices to be matched should be laid out symmetrically. For example, to 

draw two matched capacitors, the common-centroid structure is used.  

3. The effect of the environment should be carefully considered. For example, 

dummy devices are placed around the devices to be matched to allow them to look more 

identical. In addition, interleave arrangements are usually used to reduce process gradients 

such as poly skew and temperature variation. 

4. The effects of the contacts and connections to the devices should be considered. 

In this design, devices to be matched have the same number of contacts. The conection 

layers for matched devices are drawn with the same shapes. 

 

Rules to Reduce Noise Coupling 

All devices in an IC are fabricated on the same substrate and laid out in a very 

compact way, hence, noise coupling among devices can occur through many paths. Layout 

skills that can reduce noise coupling have been employed in this design. Some important 

considerations [22] are listed as follows:  

1. Use separate power supplies for analog and digital circuits. Generally, the power 

line for digital circuits is noisier than that of analog circuits. The use of a common power 

supply will greatly increase the noise coupled from digital to analog sections and should 

be avoided. In this design, separate power supplies, one for analog and two for digital, 

have been used. 
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2. Reduce the possible signal interference between two cross layers by using 

orthogonal structure. The overlapped area of the two perpendicular layers has the 

minimum size compared to other arrangements. 

3. Make the power lines wide to reduce resistance along the paths. In this design, 

the analog power lines have a width of 5µm, compared to 3µm to 4µm for digital power 

lines.  

4. Draw fully-differential circuits as symmetrically as possible. The connections 

for both top and bottom plates of each capacitor have been carefully considered in this 

design to reduce the interference coupled from the substrate.  

5. Assign bonding pads to prevent interference between analog and digital signals. 

This design has well arranged pads for analog and digital outputs to minimize this effect. 

Analog pads are grouped together; the crossing lines among them have been reduced to 

minimum.   

 

Floor Plan 

The floor plan of this design is shown in Fig. 4.25. The basic principle of this floor 

plan is to separate the digital and analog signals as far as possible. Therefore, the 

intersectional analog lines are collected together in the center of this chip and form the 

analog buses. In this region, there is not any crossover digital signal above them. The 

SDM occupies the bulk of the area.  
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Fig. 4.25: Chip floor plan 
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Top-level layout 

The overall layout of the chip is shown in Fig. 4.26. The layout is done using 

guidelines described in the previous section. The layout size is 1601 µm x 1784 µm = 

2.856 sq mm. 

 

 

Fig. 4.26: Top level chip layout 
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Top-level Circuit Simulation and Verification 

Fig. 4.27 shows the module hierarchy for post-layout simulation of the system. 

The cell-view ClassD_top consists of circuits for SDM, PGM and H-Bridge modules, and 

ClassD_top_feedback has the sample and hold circuitry and a delay line ADC. The 

PAD_FRAME and ClassD_top are instantiated in cell-view ClassD_top_core.  The chip 

has separate analog and digital grounds; hence for simulation and extraction, it is required 

to connect these grounds together. This common ground is accomplished in 

ClassD_top_full_test cell-view.  It is noted, however, that the hierarchical module 

ClassD_top_core submitted to MOSIS for fabrication and the ClassD_top_full_test cell-

view is for post-layout simulation purpose only.  

 

 

 

Fig. 4.27: System-level hierarchy for post-layout simulation 
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The schematic cell-view for top-level simulation is presented in Fig. 4.28. The input 12-

bit digital signal is generated using a 12-bit ADC implemented using verilogA. The 

output pins VOUT_NEG and VOUT_POS are connected to lowpass filters with a single 

pole at 25 KHz. The pins are connected to 15 pF capacitors which account for the 

parasitic probe capacitors. Additional driver circuit is connected to the output pins to 

ensure that there is no signal degradation in driving probe capacitance. The output pins, 

however, are connected to 200 pF capacitors. This value corresponds to the filter 

capacitance at the output.  

 

Fig. 4.28: Top-level simulation schematic 
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The SDM and PGM output post-layout simulation results are depicted in Fig. 4.29. From 

the figure, it follows that the effective PRF of PGM is half of that of SDM.  The transient 

 

Fig. 4.29: PGM and SDM output 

 

 

Fig. 4.30: Transient domain simulations 
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simulation results with 20 kHz input frequency along with differential signal obtained 

by passing the output voltage signals from the H-bridge through first-order lowpass 

filter and the corresponding SDM output are presented in Fig. 4.30. The frequency 

spectrum of the differential output signal is plotted in Fig. 4.31. The switching 

frequency peak is observed at around 800 KHz.  

 

Fig. 4.31: FFT of the differential output signal 

 

This chapter has given an overview of the devices and components used to make up the 

proposed class-D system. While a full analysis of every transistor used is beyond the 

scope of this dissertation, the main purpose has been to introduce the components and 

give mention to the practical issues that arose. The design outlined in this chapter was 

submitted to MOSIS foundry for fabrication in November of 2006. For reference, the 

bonding diagram provided by MOSIS for the submitted device is shown in Fig. 4.26. 

Table 4.27 lists the pins, their corresponding pin numbers, and as a brief description of 

their functionality. 
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Fig. 4.32: MOSIS die to package bonding diagram 
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Table 4.7: Pin description 

 

Pin Number Pin Name Description 

1 DVDD Digital circuitry supply 

2 CLK4 Divide by 4 clk output, generated for PGM 

3 VNEG_DRV N-Channel driver output 

4 VPOS_DRV P-Channel driver output 

5 AGND Analog circuitry gnd 

6 VOUT_P System output  

7 VOUT_N System output 

8 D0 SDM input, bit 0 

9 D1 SDM input, bit 1 

10 AVDD Analog circuitry supply 

11 D2 SDM input, bit 2 

12 D3 SDM input, bit 3 

13 D4 SDM input, bit 4 

14 TEST_CLK Test clk output, generated for ADC 

15 V_FEED Sample & hold output 

16 AGND Analog circuitry gnd 

17 SEL_CLK Select clk output, generated for ADC 

18 D5 SDM input, bit 5 

19 D6 SDM input, bit 6 

20 D7 SDM input, bit 7 

21 DVSS Digital circuitry gnd 

22 D8 SDM input, bit 8 

23 D9 SDM input, bit 9 

24 D10 SDM input, bit 10 

25 DVDD Digital circuitry supply 

26 NC No connection 

27 D11 SDM input, bit 11 

28 ADC<3> ADC output, bit 3 
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Table 4.8: Pin description continued 

 

29 ADC<2> ADC output, bit 2 

30 ADC<1> ADC output, bit 1 

31 ADC<0> ADC output, bit 0 

32 CLK Clk input, sampling frequency of the system 

33 EN Enable signal for SDM and PGM 

34 PGM_OUT PGM output 

35 NC No connection 

36 DGND Digital circuitry gnd 

37 CLK_WS Write clk output, generated by PGM 

38 SD_OUT SDM output 

39 PGM_EN Enable signal for PGM module 

40 MUX_OUT 

Mux output, if PGM_EN = high 

MUX_OUT = PGM_OUT, else 

MUX_OUT = SDM_OUT 

 

The fabricated chip and its micrograph are shown in Fig. 4.33 and Fig. 4.34, respectively. 

 

Fig. 4.33: Fabricated chip 
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Fig. 4.34: Chip micrograph 
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CHAPTER V 

TEST AND MEASUREMENT 

 

To ensure that the integrated circuit design worked as planned, a full and thorough 

verification of the system was done. The functional verification was to be accomplished 

through the use of a specially designed test circuit. This chapter describes the tests that 

were required to fully verify the functionality of the device and the circuit used for 

verification, and provides an analysis of results of the tests performed. 

 

Test Plan 

This section will describe the different system parameters that should be tested for 

this kind of device and the setup required to perform that particular test [31]. The tests 

described here were not all performed on the fabricated device due to the lack of access 

to appropriate equipment and limited test circuit functionality. The individual tests that 

are desirable in characterizing class-D audio devices are summarized below. 

1. THD – One of the most important parameters of an audio system is the Total 

Harmonic Distortion (THD) at the output of the device. The THD is a measurement of 

the amount of distortion at the output as compared to the signal strength. Typically this 

parameter is not directly measured; the measured parameter is the THD plus noise, 

(THD+N). This figure tells not only about the amount of distortion within the system but 

also the amount of noise generated within the various components of the amplifier 

structure. The noise can be from system level considerations like quantization noise down 

to device level considerations like thermal and flicker noise [32]. To test the THD+N, a 

digital signal of 0x000 is put into the system, and the output frequency spectrum is 

measured.  

2. DC Conversion Accuracy – The accuracy of the output as compared to the input is 

measured by sweeping a DC input signal and measuring the averaged DC output at 

specific points. The test setup allows the application of specific DC inputs through 

MSP430 microcontroller corresponding to setting specific input bits. This input allows 

precisely setting the input level to minimize measurement error. By measuring the DC 

output to DC input function, an idea of overall linearity can be obtained. 
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3. Sigma-Delta Conversion Performance – The performance of the 16-bit to 1-bit digital 

SDM can be directly measured due to the availability of the SDM output at a pin of the 

chip. Again, a specific DC input value can be chosen and the output measured using a 

digital oscilloscope. 

4. SNR – Another very important specification in amplifier design is the SNR of the 

system. This parameter describes the amount of signal power as compared to the amount 

of power contained within the noise spectrum through the audio band. SNR is measured 

by again applying a single frequency sinusoidal input and measuring the noise floor with 

respect to the fundamental. This test is typically done for many input amplitudes and 

frequencies to create good test coverage.  

5. Analog-to-Digital Conversion Accuracy – The accuracy of the delay-line ADC must 

be carefully designed in order to characterize the performance of the feedback path and 

hence the noise suppression. The analog and digital output in the feedback path as 

provided by the chip can be examined using different amounts of analog supply to 

determine the Differential Non-Linearity (DNL) of the ADC.  

6. Pulse Group Modulation Performance – To ascertain if PGM is grouping the SDM 

output effectively, the clock frequency is increased by 2X, and 0x000 input DC level is 

put into the system. The PGM output signal is monitored through the digital oscilloscope, 

allowing direct testing of the PGM.  

 

Test Circuit 

In order to quickly and accurately complete tests on the chip a stand-alone test 

setup is created. The setup includes many of the components required to perform the tests 

mentioned above with as little equipment as possible. The idea of the test circuit is to be 

able to check the functionality of the amplifier for a particular load current. Hence, 

computation of the efficiency for different load currents is not the scope of the testing. 

The following sections describe the circuit as well as the fabricated Printed Circuit Board 

(PCB) in greater detail. 
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The schematic of the PCB is shown in Fig. 5.1. To provide measurement flexibility, the 

digital input signal and the enable signals for the chip are provided by Texas Instruments 

(TI) MSP430 microcontroller. The MSP430 is programmed using C language, which is 

burned into the microcontroller using a Flash Emulation Tool (FET) provided by TI. The 

C code for generating enable signals and the sinusoidal test signal for the test chip is 

provided in Appendix A. Different devices employed in the test board are listed in Table 

5.1. The test board consists of numerous test points in order to facilitate debugging of the 

voltage and current signals at various nodes. 

 

 

Fig. 5.1: Test board schematic 
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Table 5.1: Device description 

 

Number Device Description 

1 LP8345 – 3.3V 3.3 V regulator for MSP430 

2 LP8345 – 2.5V 2.5 V regulator for digital supply of the test chip 

3 LP8345 – ADJ  2-2.5 V regulator for analog supply of the test chip 

4 Header Input terminals - Voltage, clk, and digital ground 

5 OPA3333 – 2.5V 2.5 V op-amp for generating analog ground 1.25 V 

6 OPA3333 – 2.5V 

2.5 V op-amp at the output in unity-feedback 

configuration. Noise contributed by the op-amp must 

be subtracted to find the exact test chip’s accuracy 

7, 9 74LVCC3245A 
Level shifters for test signals going from MSP430 to 

test chip 

8 
MSP430F155 

(64 PIN) 

MSP430 microcontroller – Daughter card 430PM64 

is placed on the top of the header provided on the 

test board 

10 Jumper 
Jumper connects analog ground to digital ground. It 

should be very close to the test chip 

11 
40 PIN - ZIF 

Socket 

Test chip sits on the socket. The socket provides 

flexibility in terms of testing various chips 

12 74LVCH162244A 
Buffer driver to drive probe and PCB capacitances in 

excess of 100 pF 

13 Header 
Output terminals – VPOS, VNEG. and analog 

ground 
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Millennium Circuits (www.4pcbs.com) made the layout of the schematic, and it was 

fabricated by Sunstones Circuit (www.sunstone.com). The drill diagram of the board is 

shown in Fig. 5.2. The board size is 5x5 inch
2
. 

 

Fig. 5.2: Drill diagram of the test board 
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The fabricated board with the test chip is shown in Fig. 5.3.  

 

 

Fig. 5.3: Fabricated test board 
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Measurement Results and Discussion 

Full testing of the device is extremely difficult due to the variance of equipment 

used. The initial testing of the devices was carried out at Texas Tech University using 

standard equipment, more detailed set of tests can, however, be done using more 

sophisticated instruments tailored specifically towards audio measurements. Due to 

scheduling constraints and instrumentation requirements, the more advanced 

measurements were not possible, but detail about the performance of the amplifier was 

obtained using conventional instruments. This section discusses the tests that were 

performed and the results that were obtained. In general, the fabricated device worked as 

planned, with all major functionality working at a high level. The output voltage signals 

are probed using Agilent HP 54641D 350 MHz mixed signal oscilloscope, with two 

analog and 16 digital channels. Table 5.2 lists the data lines used to probe different 

voltage signals from the test chip.  

 

Table 5.2: Data lines used for probing output signals 

 

Oscilloscope 

Data Lines 
Signals Probed 

D0 CLK_4 

D1 VNEG_DRV 

D2 VPOS_DRV 

D3 TEST_CLK 

D4 SELECT_CLK 

D5 MUX_OUT (PGM_OUT) 

D6 SD_OUT 

D7 CLK_WS 

Analog Ch1 V_NEG 

Analog Ch2 V_POS 
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Linearity and Functionality  

A simple comparison between the digital input to the device and the mean of the 

differential H-bridge output signal is done at the clock frequency of 2.5 MHz to examine 

the accuracy of the system. Fig. 5.4 shows the output waveforms with the digital input of 

0x000. A 50% duty cycle of the output signal is expected for this input. By visual 

examination of D1 and D2, it is apparent that every logic ‘high’ state is followed by a 

logic ‘low’ state, giving the average value of the output signal of 0. In this case, SDM 

output signal frequency is the same as that of the PGM signal output. CLK_4, CLK_WS, 

TEST_CLK, and SELECT_CLK signals are also shown in Fig. 5.4. It follows from the 

figure that the measurement results are similar to the simulated results.  

 

 

Fig. 5.4: Output signals for 0x000 input 
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Fig. 5.5 shows the output signals for a positive DC input value of 0x400. The pulses of 

VPOS_DRV have more ‘ones’ and less ‘zeros’ in this particular case. This result implies 

that the output voltage signal is also positive. Similarly, the signal waveform for negative 

DC input value of 0xBFF is presented in Fig. 5.6. The output voltage signal, with more 

‘zeros’ than ‘ones’ is also negative.  

 

 

Fig. 5.5: Output signals for 0x400 input 
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Fig. 5.6: Output signals for 0xBFF input 

 

For different input DC values, data is saved, and the mean of the difference of the signals 

VPOS_DRV and VNEG_DRV is taken. The output voltages for different input codes are 

presented in tabular form in Table 5.3. The last value shows that for the input signal of 

1.2207 V, mean of the output signal is 0.7512 V. This result suggests that for that input 

amplitude, the modulator saturates and does not represent the true input value. Hence the 

maximum swing of the amplifier is ±2 V. These points are plotted in Fig. 5.7, and the 

residual at each point is computed.  
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Table 5.3: Input vs. output voltage comparison 

 

Input code 
Corresponding  

Input Voltage (V) 

Mean of differential signal 

VPOS_DRV – VNEG_DRV (V) 

9F4 -0.9448 -2.0538 

BE8 -0.6396 -1.3663 

BFF -0.6256 -1.3487 

DDC -0.3345 -0.7312 

FD0 -0.0293 -0.0762 

000 0 0.02 

1F4 0.3052 0.6475 

3E8 0.6104 1.2662 

400 0.6250 1.325 

5DC 0.9155 1.9125 

7D0 1.2207 0.7512 

 

 

Fig. 5.7: Amplifier’s linearity plot 
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Signal-to-Noise Ratio (SNR)  

To measure the SNR, a 800 Hz sinusoidal input with amplitude of 2 V is generated using 

the MSP430. The input clock frequency is 2.5 MHz. The input signal is represented by 12 

bits; hence the SNR of the input is 72 dB. The output signals of the H-bridge, V_POS and 

V_NEG are passed through the first-order lowpass RC filter with pole frequency of 30 

KHz. The reconstructed output is represented in Fig. 5.8.  

 

 

Fig. 5.8: Output signal 

 

The PSD of the differential sinusoidal signal and the H-bridge logic output for the 12-bit 

input are shown in Fig. 5.9. The noise floor is much more for the sinusoidal output signal, 

accounting for the noisy signal ground of the test board. The SNRs of 50 dB and 60 dB 

are obtained for sinusoidal and logic output voltages, respectively. The numbers are 

significantly smaller as compared to the one computed using behavioral simulations in 

Chapter 3. The reason for that is, in chapter 3, behavioral simulations were carried out 

with 24-bit input, whereas the resolution of the input signal is only 12 bits. Hence, it can 

be concluded that SNR of 70-80 dB can be measured with the 24-bit input signal, less 

noisy signal ground and better test board.   
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Fig. 5.9: PSD of the differential output signal 

 

A snapshot of various digital signals for sinusoidal input is shown in Fig. 5.10. The SDM 

output frequency is 1.25 MHz while the output has a frequency of 830 KHz; hence it 

implies that PGM has decreased the effective switching frequency to half of that of SDM. 

 

 

Fig. 5.10: Output signals for sine input 
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Error Correction 

To test the error correction due to analog voltage ripple, the analog supply voltage is 

reduced from 2.5 V to 2.0 V. A DC 0x00 input voltage is supplied to the chip. Due to 

ADC error compensation, the SDM output and hence the output signal has more ‘ones’ 

than ‘zeros’. The output signals are depicted in Fig. 5.11.   

 

 

Fig. 5.11: Output signal demonstrating feedback correction 
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The PSD of the differential output with sinusoidal input signal frequency of 800 Hz, and 

analog supply voltage 2.0V is shown in Fig. 5.12. The SNR has not declined due to 

reduction in voltage supply. 

 

Fig. 5.12: PSD of the output signal with 2.0V analog supply  

 

ADC Linearity 

To ascertain the feedback path, proper characterization of ADC is required. If analog 

supply voltage decreases, the voltage fed back into the system decreases. This voltage 

goes in the ADC. Hence by varying the analog supply, different values of digital output 

bits can be obtained. As shown in Fig. 5.13, the ADC output bits vary with the change in 

the input voltage. The probe signals D4, D5, D6, and D7 represent the compliment of 

first, second, third and fourth bit of ADC, respectively. Here, D7 and D4 represent the 

MSB and the LSB of the ADC, respectively. With decrease in supply voltage, the ADC 

output increases as expected. Table 5.4 represents the ADC output for different analog 

input supply and corresponding feedback voltage. Using these values, linearity of the 

ADC is computed as represented in Fig. 5.14. 

 



Texas Tech University, Chintan Trehan, May 2007 

 95 

 

Fig. 5.13: ADC output for different analog input supply 

 

 

 

 

 

 

 

 

 

 

 

 

 

II – 2.33V I – 2.5V 

III – 2.15V 
IV – 2.0V 
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Table 5.4: Input voltage vs. ADC output 

 

Analog Input 

Voltage (V) 

Corresponding  

Input Voltage (V) 

Digital Code 

D0’D1’D2’D3’ 

2.608 1.718 1111 

2.58 1.67 1110 

2.55 1.657 1101 

2.5 1.62 1100 

2.42 1.57 1011 

2.36 1.53 1010 

2.31 1.50 1001 

2.243 1.45 1000 

2.19 1.42 0111 

2.11 1.363 0110 

2.04 1.326 0101 

1.963 1.27 0100 

1.89 1.226 0011 

1.803 1.164 0010 

1.67 1.085 0001 

1.63 1.06 0000 

 

 

From Fig. 5.14, it is evident that the ADC is linear only within the voltage range of 1 V to 

1.5 V. This is due to the fact that the delay in the ADC’s delay-cell deceases at a faster 

rate with the increase in the input voltage. This delay in effect causes output bits to 

change at a much faster rate. For applications that necessitate the rail-to-rail linearity, 

delay-line architecture should not be used.  However, even if the ADC is not very linear, 

it is still able to do error correction by feeding the digital codes back into the system.  
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Fig. 5.14: Input voltage vs. output digital code 

 

 

Power Consumption and Efficiency 

The increase in switching frequency of the switches increases the dynamic power 

consumption of the system. The clock frequency of the amplifier is varied, and the 

change in analog supply current is measured. Table 5.5 shows the results, and their 

relation is drawn in Fig. 5.6. The value of effective MOS capacitance CT is given by the 

expression
clksup

T
f ∆V

∆I
C = , where ∆I is the change in supply current with the change in 

clock frequency ∆fclk, and Vsup the supply voltage, is equal to 2.5V. The value of CT is 

found to be around 50 pF. The power efficiency of the amplifier with respect to load 

current for clock frequencies of 2.5 MHz and 5 MHz is plotted in Fig. 5.15. It follows 

that the maximum efficiency of 90% is achieved at 10 mW, with the clock frequency of 

2.5MHz. As expected, the efficiency drops down to 80% by doubling the clock 

frequency. 
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Table 5.5: Clock frequency vs. supply current 

 

Clock Frequency (MHz) Analog Supply Current (mA) 

0.1 4.6 

0.5 4.7 

1.25 4.8 

2.5 4.96 

5 5.4 

7.5 5.7 

10 6 

 

 

 

Fig. 5.14: Current vs. clock frequency plot 
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Fig. 5.15: Amplifier’s efficiency plot 

 

Test Conclusions 

The device seems to perform well through these simple tests; however more 

detailed testing is desired to fully characterize the performance of the device. 
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CHAPTER VII 

CONCLUSIONS AND FUTURE WORK 

 

This dissertation has introduced three different architectures to improve upon the 

conventional class-D architectures. The first two proposed structures improve linearity of 

the conversion stage, and the third approach enhances the output stage of the amplifier. 

The various modules of the proposed systems are introduced at the basic level, and then 

the theory behind the improvements is developed. The architectures are verified using the 

MATLAB/SIMULINK simulation package. A transistor and layout level design is then 

discussed, with simulation results provided through the use of CADENCE with device 

models provided by the MOSIS design foundry. Finally, one of the structures is 

fabricated, tested and analyzed through the use of custom designed test equipment made 

to increase the speed and efficiency of testing.  

The fabricated amplifier described in chapters 2-4 can be further improved, both 

in the theoretical aspects as well as in the implementation. In particular due to discrete 

nature of the feedback loop, the error correction due to delay introduced by the dead-time 

and finite on-off time of the transistors is limited. This can be enhanced by employing 

feedback in the analog domain. However, the analog process design has to be carefully 

done to make the system less noisy. An alternative methodology using a delay-line chain 

to improve the resolution of feedback is discussed in Appendix C. The system itself will 

then correct as much of the resultant error as possible producing a better output than other 

devices could produce. This will make the implementation more attractive, because it 

allows for low cost components to be used. If the distortion due to the output stage is not 

corrected, severe restrictions would have to be placed on the components used in the end 

system to ensure that error levels were within reason, so that no undesirable output 

harmonics would occur. This module is probably one of the more important components 

for wide-spread implementation of these feedback systems and thus should be dealt with 

much greater detail. The fabricated device was tested with available equipment; however 

more detailed tests using sophisticated audio specific testing devices is required to further 

increase the level of understanding of the device and characteristics of the feedback path 

of the system. This testing was not possible due mostly to the fact that the more advanced 



Texas Tech University, Chintan Trehan, May 2007 

 101 

testing equipment requires special input and output connections to allow the more 

advanced testing modes. To fully utilize the equipment an improved test board with 

separate analog and digital ground planes is required to be designed. A digital signal 

processor with the clock frequency in excess of hundreds of MHz can be used to generate 

digital input signal and input clock. The DSP will eliminate the noise and distortion 

introduced in the system due to jitter error. In general, the initial results provided by the 

tests that were performed are extremely good. All of the functionality designed into the 

device was verified to work as designed.  
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APPENDIX A 

MSP430 – CODE 

This appendix includes the C and MATLAB code used for generating sinusoidal 

waveform and the control inputs for testing the chip.  

 

C – Code 

#include <msp430x14x.h> 

 

#define NUM_POINTS 20 

 

// #define NUM_POINTS 40 

 

void wait(unsigned int); 

 

void wait(unsigned int time) 

{ 

 unsigned int counter; 

 for (counter = 0; counter < time; counter++); 

} 

void main(void) 

{ 

 //unsigned int sine_val_P3[] = {0x00, 0xC0, 0x7B, 0x2D, 0xD2, 0x64, 0xE2, 

0x46, 0x90, 0xBD, 0xCC, 0xBD, 0x90, 0x46, 0xE2, 0x64, 0xD2, 0x2D, 0x7B, 0xC0, 

0x00, 0x3F, 0x84, 0xD2, 0x2D, 0x9B, 0x1D, 0xB9, 0x6F, 0x42, 0x33, 0x42, 0x6F, 

0xB9, 0x1D, 0x9B, 0x2D, 0xD2, 0x84, 0x3F}; 

 unsigned int sine_val_P3[] = {0xCC, 0x90, 0xE2, 0xD2, 0x7B, 0x00, 0x84, 

0x2D, 0x1D, 0x6F, 0x33, 0x6F, 0x1D, 0x2D, 0x84, 0x00 , 0x7B, 0xD2, 0xE2, 0x90}; 

  

 //unsigned int sine_val_P4[] = {0x00, 0x00, 0x01, 0x02, 0x02, 0x03, 0x03, 0x04, 

0x04, 0x04, 0x04, 0x04, 0x04, 0x04, 0x03, 0x3, 0x2, 0x02, 0x01, 0x00, 0x00, 0x0F, 
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0x0E, 0x0D, 0x0D, 0x0C, 0x0C, 0x0B, 0x0B, 0x0B, 0x0B, 0x0B, 0x0B, 0x0B, 0x0C, 

0xC, 0x0D, 0x0D, 0x0E, 0x0F}; 

 unsigned int sine_val_P4[] = {0x04, 0x04, 0x03, 0x02, 0x01, 0x00, 0x0E, 0x0D, 

0x0C, 0x0B, 0x0B, 0x0B, 0x0C, 0x0D, 0x0E, 0x00, 0x01, 0x02, 0x03, 0x04}; 

 unsigned long DELAY = 2; 

 unsigned int count; 

 

 WDTCTL = WDTPW + WDTHOLD; 

 P1DIR |= 0xFF; 

 P3DIR |= 0xFF; 

 P4DIR |= 0xFF; 

  

 wait(DELAY); 

 wait(DELAY); 

 wait(DELAY); 

 

 // Enable input signals  

 P1OUT = 0X09; 

   

 

 for (;;) 

 { 

   

   

  for (count = 0; count < NUM_POINTS; count++) 

  { 

   P3OUT = sine_val_P3[count]; 

   P4OUT = sine_val_P4[count]; 

    

   //P3OUT = 0xFF; 

   //P4OUT = 0x0B; 
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   //P3OUT = 0X00; 

   //P4OUT = 0X00; 

    

   //P3OUT = 0XD0; 

   //P4OUT = 0X0F; 

 

   wait(DELAY); 

  } 

   

  /* 

  P3OUT = sine_val_P3[1]; 

  P4OUT = sine_val_P4[1]; 

  */ 

 } 

} 

   

MATLAB Code 

The hexadecimal code for sinusoidal waveform is generated in MATLAB. Fig. A.1 

shows the corresponding output.  

 

1. sine_gen.m 

 

clear all 

  
nFreq = 500; 
fs = 20e3; 
OSR = fs/(2*nFreq); 
vdd = 2.5; 
vdr = 1.5; 
a_gnd = vdd/2; 
% fs = 2*OSR*nFreq; 
tt = fs/(nFreq); 
t = 0:1/fs:tt/fs; 

  
y = vdr/2*sin(2*pi*t*nFreq) + a_gnd; 
out = y; 
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figure, plot(t, y); 
m = length(out) 

  
for n = 1:m  
    bOut(n, :) = gen_two_comp_12(out(n)); 
end 

  

  
bOut = flipdim(bOut, 2); 

  
for count = 1:m, 
    bsOut(count, :) = num2str(bOut(count, :)); 
    dOut(count) = bin2dec(bsOut(count, :)); 
end 
    figure, plot(dOut); 
    dOut = dOut(:); 
len = length(dOut); 

  
hOut = dec2hex(dOut); 

  

  

  
hOut 
 

 

 

2. gen_two_comp_12.m 
 

 
% Generate 2's compliment of a number 

  
function dOut = gen_two_comp_12(u) 

  
% max value  = vdd 
vmax = 2.5; 
vmin = 0; 

  
a_gnd = (vmax + vmin)/2; 
m = 11; 

  
% positive value 
if u >= a_gnd 
    % sgn bit 
    out(m + 1) = 0; 

     
    u_up = u - a_gnd; 
    for n = 1:m 
        if u_up >= a_gnd./(2^n) 
            out(m - n + 1) = 1; 
            u_up = u_up - a_gnd./(2^n); 
        else 
            out(m - n + 1) = 0; 
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        end 
    end 

  
% negative value 
else 
    out(m + 1) = 1; 

     
    % invert input 
    u_inv = a_gnd - u; 
    for n = 1:m 
        if u_inv >= a_gnd/(2^n) 
            out(m - n + 1) = 0; 
            u_inv = u_inv - a_gnd/(2^n); 
        else 
            out(m - n + 1) = 1; 
        end 
    end 

         

     
end 

  
dOut = out; 

 

 

Fig. A.1: Digital code generated using MATLAB 

 

Using the MATLAB code the values obtained are – hOut = [000 17B 2D2 3E2 490 4CC 

490 3E2 2D2 17B 000 E84 D2D C1D B6F B33 B6F C1D D2D E84 FFF] 
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APPENDIX B 

DEVICE SCHEMATICS AND LAYOUTS 

 

This appendix consists of all the schematics and the layouts of the device. 

Digital Circuit Schematics and Layouts 

This section includes the schematics and layouts of the digital circuitry. 

• Inverter 

 

 

Fig. B.1: Inverter 
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• Two input NAND gate 

 

 

 

 

 

Fig. B.2: Two input NAND gate 
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• Two input NOR gate 

 

 

 

 

Fig. B.4: Two input NOR gate 
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• Transmission gate 

 

 

 

 

Fig. B.4: Transmission gate 
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• Two input XOR gate 

 

 

Fig. B.5: Two input XOR gate 
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• Multiplexer 2:1 

 

 

 

Fig. B.6: 2:1 multiplexer 
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• Two input AND gate 

 

 

 

Fig. B.7: Two input AND gate 
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• Four input AND gate 

 

 

 

Fig. B.8: Four input AND gate 
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• D-latch 

 

 

 

Fig. B.9: D-latch 
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• D Flip-flop – Negative edged triggered  

 

 

 
 

Fig. B.10: Negative-edge triggered D Flip-flop 
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• Bit extension – 12-bit to 15-bit 

 

 
Fig. B.11: 12-bit to 15-bit extention 
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• Bit formatter 1 

 

This is one of the hierarchical digital blocks used to implement PGM module.  

  

 

 
Fig. B.12: Bit formatter 1 
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• Bit formatter 2 

 

 

 
Fig. B.13: Bit formatter 2 
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• Three input OR gate 

 

 
 

 
Fig. B.14: Three input OR gate 
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• Bit formatter 

 

This block is used by PGM to rearrange zeros and ones. It uses bit formatter 1 and bit 

formatter 2 described in the previous sections. 

 

 

 
Fig. B.15: Bit formatter 
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• Quantizer 

 

 

 
Fig. B.16: 1-bit quantizer 
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• Clock signal generator module for PGM  

 

 
 

 
Fig. B.17: Clk generation for PGM 
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• Four input NAND gate 

 

 
 

 
Fig. B.18: Four input NAND gate 
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• NAND hierarchal block for 4-bit parallel-to-serial converter 

 

 
 

 
Fig. B.19: NAND gates for parallel-to-serial converter 
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• Parallel-to-serial converter 

 

 
 

 
Fig. B.20: Parallel-to-serial converter 
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• Serial-to-parallel converter 

 

 
 

 
Fig. B.21: Serial-to-parallel converter 
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• PGM 

 

 

 
Fig. B.22: PGM 
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• 1-bit transmission based full adder  

 

 

 
Fig. B.23: 1-bit full adder 
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• 4-bit full adder 

 

 

 
Fig. B.24: 4-bit adder 
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• ¼  multiplier   

 

 

 
Fig. B.25: 1/4 gain using right shift 
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• SDM 

 

 

 

 
Fig. B.26: SDM 
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• 16-to-4 priority encoder 

 

 
Fig. B.27: 16-4 priority encoder 
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• Clk generator module for ADC 

 

 

 
Fig. B.28: Clk generator for ADC 
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• ADC 

 

 

 
Fig. B.29: ADC 

 

 

 



Texas Tech University, Chintan Trehan, May 2007 

 139 

• H-bridge and digital driver 

 

 

 
Fig. B.30: H-bridge 
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Analog Circuit Schematics and Layouts 

This section includes the schematics and layouts of the analog circuitry. 

• Two-stage op-amp  

 

 

 
Fig. B.31: Two-stage op-amp 
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• Sample and hold 

 

 

 
Fig. B.32: Sample and hold circuitry 
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• Class-D amplifier without feedback path 

 

 

 
Fig. B.33: Class-D amplifier without feedback path 
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• Class-D amplifier’s feedback path 

 

 

 
Fig. B.34: Class-D amplifier feedback path 
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• Class-D amplifier core  

 

 

 
Fig. B.35: Class-D amplifier core 
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• IO pad 

 

 
Fig. B.36: IO pad 
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• Pad frame 

 

 

 
Fig. B.37: Pad frame 
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• Class-D amplifier including pads 

 

 
Fig. B.38: Class-D amplifier 
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APPENDIX C 

FUTURE ENHANCEMENTS 

 

 This chapter includes concepts that were developed quite late and were not been 

implemented in the fabricated chip. The design schematic and layout of the proposed 

design was still at the development stage during the time when this report was being 

written.  

The implemented design as mentioned in chapter 3 has certain limitations as far 

as error compensation is concerned. The feedback signal resolution is limited by the 

system clock frequency operating the delay-line ADC, which is only 4 times of that of 

switching frequency. By increasing the operating frequency of the ADC, this problem can 

not solved because at higher frequency the delay-line ADC will introduce more noise and 

distortion in the feedback path. This noise is directly passed through to the output signal 

leading to the reduction of SNR and dynamic range. The second proposed architecture, 

described in chapter 3, uses continuous-time SDM to improve the resolution of the 

feedback signal, but due to the analog nature of the feedback, this system also introduces 

noise and distortion in the feedback path and subsequently at the output signal.  

 

Enhanced Resolution Feedback Architecture 

The proposed architecture, implemented in digital domain with enhanced 

resolution of the feedback signal is presented in Fig. C.1. The detailed diagram is shown 

in Fig. C.2. The signal is converted into 1-bit PDM using fifth-order SDM with an OSR 

of 64. This 1-bit PDM signal is passed through PGM to reduce the effective switching 

frequency of the system. The output stage error correction is achieved by the feedback 

loop, which consists of a novel structure using a comparator and the digital logic module. 

The digital logic selects the output of the delay-chain, and the output of the delay-chain 

drives the output power stage of the amplifier. The detailed descriptions of the working 

of various blocks are given in the rest of the chapter.    
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Fig. C.1: Block diagram of the proposed architecture 

 

 

 

Fig. C.2: The proposed architecture with high resolution feedback path 

  

 

SDM and PGM  

 The SDM and PGM modules have already been discussed in chapter 2. From the 

Fig. C.2, we follow that unlike the implemented structure, the proposed one does not 

include the output stage as the part of the SDM loop. Hence, SDM is much more stable, 

and orders higher than third-order can be used for SDM implementation. For the 

proposed architecture, fifth-order modulator is employed. The PGM module is not in the 

feedback path, the noise introduced by PGM EPGM(z), will therefore, reflect at the output 
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signal. The SDM can be carefully designed in order to ensure that the noise folding back 

in the band of interest due to PGM is small.   

 

Delay Chain 

 In the implemented architecture, the resolution of the feedback signal is limited 

by the clock frequency of the ADC. Thus, to increase the resolution the overall system 

clock must also increase, which in turn increases the power consumption of the device 

and decreases the overall efficiency. A method to increase the effective resolution of the 

system is to insert a device that can subdivide the sampling period into N smaller equally 

sized sections, thus providing an N times resolution increase. This can be accomplished 

without increasing the clock frequency by using delay elements as the input to a 

multiplexer and selecting a delay element based on a previous error-generating stage. The 

error gives a direct representation of how far off the H-bridge output signal is from the 

ideal signal, so that the multiplexer line is selected that most closely brings the output 

signal closer to the ideal signal. Fig. C.3 shows the delay chain comprising of various 

delay elements and the output signals are presented in Fig. C.4. 

 

 

 

Fig. C.3: Delay chain with delay elements 

 

By adjusting delays of the delay elements, the resolution of the signal can be adjusted. 

The number of delay stages will increase with the increase in resolution. With N delay 

elements and the clock frequency of fs, resolution of 
sNf

1 can be obtained. The output 
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signal is selected using the multiplexer as mentioned earlier. The select code N for the 

multiplexer is generated using the ADC.  

 

Fig. C.4: Typical output signals of the delay elements 

 

ADC implementation 

Although any ADC architecture can be employed to generate the select code, in 

the proposed structure, the error signal to digital code conversion is achieved using a 

comparator and the digital logic. As illustrated in chapters 1-3, there are two prime 

sources of noise in a class-D amplifier. The first one is due to power supply ripple, and 

the second one is due to the delay introduced by the output power stage. These two 

sources of noise are compensated by two different loops in the proposed ADC structure, 

each consisting of a comparator. The output signal of the comparators is the difference 

between the ideal signal and the non-ideal signal output. This signal is a reflection of the 

delay error introduced by the output power stage and the ripple noise of the power 

supply. The output of the comparator is either logic ‘high’ or ‘low’ depending upon the 

error signal. If the noise increases, the output of the comparator will be logic low. This 

logic low state will add -1 to the already existing N-bit select code. This addition is 

carried out by using a digital logic module. By decreasing the selection code, the PGM 

output will pass through the one less delay element, resulting in increase in the width of 
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the pulses. Similarly, if the load at the output stage causes the decrease of the time delay, 

+1 is added to the code. This increment is tantamount to decrease in the pulse width of 

the PGM signal. This increment and decrement in the widths of PGM pulses accounts for 

the noise introduced by the output stage. Thus, the control lines of the multiplexer select 

the appropriately delayed signal to correct the pulse edge, which allows fine correction of 

the output signal. Hence, in a single clock cycle, the value of the multiplexer select code 

is changed only by one.  If two consecutive highs and lows are obtained as the 

comparator output, the select code does not change and goes into the lock state. In one 

clock cycle the PGM width is increased only once, therefore, it imposes the limitation to 

the frequency of the ripple that can be compensated. If switching frequency is around fsw, 

the maximum frequency of the noise that can be corrected is fsw/2
N
, where 2

N
 is the total 

number of delay elements constituting the delay chain.  

 

Conclusions 

 Modeling and simulation of this architecture is still under progress at the time this 

report was written. However, due to ease in implementation and its advantages in noise 

and error suppression, this concept is highly intriguing due to the huge gains that seem 

possible. 

 

 

 


