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ABSTRACT 

This thesis describes the process involved in designing the loop filter that is 

required when changing a class-D power output stage from a full-bridge configuration to 

a half-bridge. The loop filter designed is part of an error correction feedback network. 

This thesis covers the basic theoretical derivations for the device, complete circuit design 

and simulation and basic device layout considerations. Ideas for future versions are given 

for reference. 
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CHAPTER 1 

INTRODUCTION 

Today's IC industry is driven almost completely by cost, the lower the cost of a 

product, the better. To this end we need to look for ways to reduce the cost, both in 

production and implementation of our devices to make them more desirable to 

consumers. In the newly expanding class-D audio ampUfication area an attractive idea is 

to reduce the number of output ttansistors needed in the power stage. This is 

advantageous as it greatly reduces the amount of die area needed for a power stage; it 

also reduces the number of user supplied components that are required. This will lower 

the cost of production and of implementation. There are, however drawbacks to 

eliminating half of the output stage. The configuration of the four output ttansistors is 

known as an H-bridge, it is very well-known and tolerant to many process deviations. It 

is able to suppress the errors that arise from transistor mismatch and power supply 

imperfections quite nicely. If we reduce the output stage to two transistors we lose many 

of these features. We become exttemely susceptible to mismatch and to power supply 

errors, this is a serious problem. 

To help correct for the problems that arise when the output stage is altered we can 

implement a simple feedback loop. Using a theoretical model for our system we can 

arrive at a loop filter that will not only compensate for the change of output strucmres, 

but will acmally enhance performance over the standard H-bridge device. The needed 

loop-filter operates in a low-voltage and low-power regime so smaller ttansistors can be 

used. This gives rise to an overall decrease in the needed die area over the conventional 

H-bridge. Thus we have accomplished the goal of producing a lower cost device that wiU 

be less expensive to implement while surpassing the performance of standard output 

stages. These factors result in a very attractive device. 



1.1 PWM Introduction 

We know from standard communication theory about amplitude, frequency and 

phase modulation, but there is another modulation scheme that is becoming more and 

more important in electronics today. This scheme is known as Pulse Width Modulation, 

or PWM. This type of modulation is formed by taking a stream of pulses and varying the 

widttis as a function of the input. This concept is shown in Figure 1.1. 

Vin PWM 
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V2 

Figure 1.1: Basic PWM Concept 

The simplest form of PWM generation involves comparing our input waveform to a 

triangle wave with a frequency of fs and a normaUzed height of ± 1. This procedure is 

illusttated in Figure 1.2. 

Input and 
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Figure 1.2: PWM Generation 



After our PWM signal has been created it can be used as the drive signal for a 

high-power output FET array. We can see that due to the bi-level nature of the signal 

each transistor will be either completely on or completely off There is no in-between 

state, the output can be thought of as being digital; because of this, the power stage will 

have a much higher efficiency than other analog power stages. Concepmally, this makes 

sense because in analog output stages we must supply some sort of biasing scheme for 

the FET devices. This bias current is simply wasted as it does not make it to the load. 

For the PWM output, almost all of the output current goes directly to the load, none is 

wasted for biasing. We also have the advantage of being able to leave the signal in the 

digital domain throughout the output stage. If we were to convert to analog, we would 

inevitably add noise to our signal. This is a fact for any analog circuitty, but digital 

circuitty is much more immune to this problem. After the power stage, the signal is sent 

through a low-pass filter to exttact the audio signal. These two reasons, along with 

several others, are helping the push towards PWM modulation in high performance audio 

amplification. 

1.2 H-Bridge and Half Bridge Introduction 

To help understand the benefits and drawbacks when changing from a full H-

bridge to a half-bridge we can briefly examine these stmcmres. We begin with the full 

H-bridge device. The schematic for this is shown in Figure 1.3. 
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Figure 1.3: H-Bridge Schematic 

Theoretical investigations of this topology tell us that this device is very robust to 

processing effects, and power supply errors. It can be shown that this device has a good 

power supply rejection ratio (PSRR) and a very high tolerance to device mismatch; both 

of these properties are due to the symmetry of the device. Next, we look at the half 

bridge schematic (Figure 1.4). 

PWM+ rt -
PWM- C^ 

Ml 

Figure 1.4: Half Bridge Schematic 



This topology offers none of the features that were in the full H-bridge. The PSRR for 

this device is almost zero; it is also very susceptible to process deviations. A small 

deviation in the channel width from our desired value will cause a non-ideal switching 

point. This in turn will cause a deviation from the ideal PWM waveform which wiU 

result in an incorrect output. 

If this stage suffers from so many drawbacks, why are we trying to create a device 

with this as the power stage? Careful consideration of the two schematics reveals that 

there are approximately half as many devices in the half-bridge as the H-bridge. This 

means half of the output devices (which are extremely large on a die) and half of the gate 

driver circuitty. It also means half of the needed components in the low-pass filter for the 

load because we do not need a low pass filter on both sides of our speaker, just one. If 

we can find some way to decrease the amount of devices required, both on and off the die 

while keeping the error suppression high we can offer a much lower price solution. 

1.3 System Inttoduction 

In order to reduce some of the errors that are inttoduced when we ttansfer to the 

half-bridge we employ a simple feedback scheme. We know from sigma-delta converter 

theory that supplying an integrator before a noise adding element then feeding back the 

inverse of the output allows us to push the added errors high into the frequency band. 

The same principle wiU be utiUzed for our system. We will supply a loop-filter before 

our noisy output stage and then feedback the output of the device to help push our added 

errors higher in frequency, above the audio band. If the errors are pushed above the 

audio band, they will be filtered out by the extemal low-pass filter used to exttact the 

audio signal from our PWM waveform. The basic block diagram for this is given in 

Figure 1.5. 



Figure 1.5: General System Diagram 

Employing this type of feedback causes our system to try and keep the area of our 

output pulses consistent with our input. This means that if our output level is too low due 

to some error, the system will compensate by making the pulse longer than it needs to be. 

This is shown graphically in Figure 1.6. 
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Figure 1.6: Feedback Area Correction 

When the PWM output is filtered, the wider short pulse will be equivalent to the 

narrow taller one due to the integrative properties of the low-pass filter. As long as the 

die area of the half-bridge and the additional loop filter are smaller than that of the H-

bridge and the error is sufficiently suppressed we have succeeded in our goal. We will 

now look at the needed loop-filter in greater detail. 



CHAPTER 2 

SYSTEM THEORY 

Before we begin looking at the actual device design, we will develop some of the 

needed theoretical models for our system. In this chapter, we will cover most of the 

mathematical models used in designing the system, and will provide simulation 

verifications for our theory. Using the tools developed, here we will be able to 

completely define the parameters that we will tty to achieve in our circuit design. 

2.1 System Level Overview 

We begin by looking at our device from a systems level. This allows us to form 

some fundamental theories before we begin examining it from a device level perspective. 

We see that our system can be represented by Figure 2.1. 

Figure 2.1: General System Diagram 

For our analysis, we alter the block diagram to account for a ttansfer function for 

the output ttansistors, we call this ttansfer function N(s). This allows us to model the 

RC-time constants of the output stage as well as the time delay that is associated with the 

required gate drivers for high-power output devices. We can also model the single bit 

quantizer as a simple signal gain followed by an additive noise source. This is a common 

modehng technique and is described thoroughly in many sigma-delta system papers 

[Risbo et al.]; it can be understood concepmally by realizing that the resulting signal is 

scaled to± 1, giving the signal a gain of the inverse of the instantaneous amphtude. The 

error that is introduced by the quantizer as a result of this instantaneous signal gain is 



denoted by Equant- Figure 2.2 shows the resulting block diagram with the above 

substitutions. 
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Figure 2.2: System Diagram Linear Assumptions 

Examining Figure 2.2, we arrive at 

feis)-K„,{s))H{s)K^ -F £ „,{S))N{S) = K„,(s) (2.1) 

Re-arranging terms gives us 

'" ^ '' 1 + /^,H(5)A^(5) ^''""' ^ ^ + KH{s)Nis) ""• ̂ ' • 
(2.2) 

This is a common result in feedback theory, we can thus define a signal transfer function 

(STF) and a noise ttansfer function (NTF) as 

KH{S)N{S) 
STF = ^ ' . ' .. NTF 

N{s) 
l + KH{s)N{sy l + KH{s)N{s) 

(2.3) 

As mentioned above the output stage transfer function, N(s) is representative of a low-

pass filter with an exttemely high pole and a small time delay. Thus N(s) can be defined 

as 

file:///OIlt


e 
N{S) = . (2.4) 

— + 1 
P, 

Where td is the time delay of the output stage and pt is the associated pole due to the finite 

rise time of the output devices. For practical output stages, we see that tj is on the order 

of tens of nano-seconds and pt is extremely high, in the lO's of GHz range. This means 

that for signals with frequencies well below the pole, pt the low-pass filter has little 

effect. We can therefore assume that because our frequencies are relatively low 

compared to this (in the lO's of MHz) we can neglect the low-pass effect of the output 

stage in our simple analysis. We can also expand the exponential using a Taylor series to 

see what effect it has on the signal, this gives us 

^ - ' - ^ = I - r , - 5 + ^ ^ - ^ - i ^ + .... (2.5) 
'' 2 6 

If td is in the nano-second range, then the exponential is approximately 1 for all 

frequencies that are below 10 ,̂ which is in the GHz range. Since we have aheady 

assumed that our signals are sufficientiy low as to neglect the low pass filter, we can also 

neglect the effects of the time delay. This means that, assuming our signals are 

sufficiently below 1 GHz, N(s) is approximately equal to 1. Our signal and noise transfer 

functions now simplify to 

STF= ^ ^ ^ ^ ' \ . NTF = ^—r-,. (2-6) 
l + KH{s) 1 + KMS) 

Now we must know something about our loop filter, H(s) before we can proceed. The 

optimal loop filter that is used is simply a second order integrator in parallel with a low-

pass filter [2]. The block diagram can be seen in Figure 2.3: 



1 
^ —r -Ki 

> s -Hi 1̂ :2; 

Figure 2.3: Loop Filter Structure 

This is expressed mathematically as 

„ . X Kl K. K.ps- +K.S + K.P 
H[s} = —^ + - - - -" 

s- s + 1 
r{s + p) 

(2.7) 

We can now place this function back into the STF and NTF and do some simpUfications 

to find: 

STF = 

NTF = 

K^(K,PS'+K,S + KIP) 

s' + P(K^K, +1>- + K^K^s + K^K.p 

s-{s + p) 

s' + p(KK,+iy+K^K,s + K^K,p' 

(2.8) 

(2.9) 

Before we can go further into the analysis of the above functions, we must find out more 

about Kq. To do this we must take a closer look at the actual time varying waveforms of 

the system. 
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2.2 Non-Linearity 

We know that our system input is a PWM signal; this means that ideally it 

contains only two levels which we define as ± 1. We also assume that if our system is 

working perfectly and there is no additive error from the output stage, our output is 

simply a time delayed version of our input. This time delay arises from the delay of the 

gate drivers as mentioned above. We then see that the waveforms for the input, output 

and the reference that is used as the input to the loop filter looks like Figure 2.4. 

+1 

Vin 0 

-1 

+ 1 T 

Vout 0 
-1 

+2 

Vm-Voiit 0 

tl+ts t2-Hs 

5rts 
^ t s i ( -

Figure 2.4: Input, Output, and Difference Waveforms 

The switching times ti and to are defined by the type of Pulse Width Modulation 

used and the current duty cycle of the input. The U term is the amount of time that the 

system takes to change the output after the input has changed. This term wiU be 

investigated later in this thesis. We now have the input of our loop filter as defined by 

the system diagram (Figure 2.2). We can now look at the waveform that arises during the 

steady state operation of the filter. We see that due to the second-order integrator in 

parallel with the low-pass filter, we get the waveforms shown in Figure 2.5: 

11 
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Figure 2.5: Loop-Filter Signals 

We can examine the time domain responses of the two branches of our loop-filter 

analytically if we restrict ourselves to the steady state case. If we look only at the 

ttansition period, that is the time between the input switching states and the output 

switching states, we get 

h„{t) = hXt)K/-^ + h,{t)K,{l-e-'"). (2.10) 

In this equation, ho(t) represents the time dependant filter output, and hi(t) is the time-

dependant input to the filter. We can now look at a Taylor series expansion of the 

exponential to see that 

K{t)=^{ty 
K,p 

t + 
Kl K^p-

t- + 
K2P .3 KjP 4̂ 

A 
-t - • 

24 
t +... (2.11) 

From this equation we see that if we set ^ , =K-,p' then our second-order term 

disappears. This is extremely advantageous to us as the second-order term is the largest 

12 



of the non-linear conttibutions to the signal. Figure 2.6 shows the effect of these terms to 

the signal. 

Signal with Non-Lineanties 

Pure Linear Signal 

Correct Zero-Crossing 
Zero-Crossing Due to Non-Lineanties 

Figure 2.6: Effect of Filter Non-Linearity on Signal 

The above figure represents only half of the output waveform; the faUing edge 

suffers from the same effects. From this we see that the non-hnearity introduced by the 

loop filter has created a time-error in our signal. This time error causes the quantizer to 

shift levels at an incorrect point. In this manner we introduce error to the duty cycle 

which, after filtering at the output, results in an amphtude error. This is how the 

harmonic distortion is created in our device. To find the actual level of a particular 

harmonic we must begin by finding the time averaged power of the signal during the 

pulse ttansition, this is 

P.Jt) = ^^h'-{t)dt. (2.12) 

To find the power of the harmonics we first reaUze that only the portion of the 

wave that is in transition will contribute to the distortion. Due to the architecture we can 

simply find the power in one transition and double it to find the total power. We define 

the time interval to be t = [0,ts]. We can write the power of each harmonic as: 

— 2 SK;p' P^=-i(^^2Pt)dt = -^tl=-K;p-t (2.13) 

13 



P2=0 (2.14) 

- _ 2 f,{2K,p't 

H 
- ^ * M " O f - „ 6 

- _ 2 ^ [ -2 /^ ,p^ r ^=ftP? 

dt=M2P_t:=^K;pX (2.15) 
/, •36-7 63 ' 

^ ^ ^ _ « A ^ p _ , ^ _ ^ (2.16) 
/ •576-9 ' 648 ^ ' 

Furthermore we can use conventional notation and define the harmonic level as the 

power of the harmonic with reference to the fundamental frequency. The next step is to 

simply divide the harmonic of interest by the fundamental power to get this relationship, 

this gives us: 

H,=^ = \ (2.17) 

if. = 4 = 0 (2.18) 

- -KIPX . 

// = 4 = 63 = - ^ / r f (2.19) 
3 

^ -Klp't] 
_4^648_Ll^_L H^=L^ = -64« = ^ p ' t l (2-20) 

8 
3 

Careful examination of these equations leads us to an important result. After setting Ki 

to cancel out the second-order term, the remaining harmonic levels are only dependent 

upon the pole of the low-pass filter and the switching time of the amplifier. Thus to 

minimize the introduced distortion, we can simply make the pole as low as possible and 

make the inherent time delay of the power stage as smaU as possible. Concepmally, this 

makes sense; if the filter is able to follow the input very closely then the higher order 

14 



terms will be more prevalent. However, if the pole is set very low, then the filter 

response will be very slow and only the Unear term will be able to pass during the smaU 

switching time. 

2.3 Maximum Input Level 

Another important attribute of the system is the maximum signal level that can be 

appUed. This value is sUghtly less than full scale due to our feedback. The reason for 

this is because of the time delay from the switching of the input to the output, it is 

demonsttated in Figure 2.7. 

Figure 2.7: Reference Waveform 

In Figure 2.7, m is the modulation index. It is a function of the input amphtude, given by 

A +1 
m = 

(2.21) 

We see that now we get 

mT^+t^<T^. (2.22) 

Rearranging results in 

15 



" ' ^ 1 - ^ - (2.23) 

We can readily change this into a limit on the input amplitude based on the above 

definition of the modulation index, this gives us 

It 
^ . v ^ l - y ^ - (2.24) 

The maximum input signal is proportional to the time delay of the power stage and the 

sampUng frequency used in the PWM conversion process. If the amplitude goes above 

this value our system begins skipping pulses. 

2.4 Pulse Skipping 

There are certain conditions that cause our system to start missing pulses at the 

output. This means that during a complete sample period our system might remain in a 

single state, even if the input changes state. This is unacceptable as it creates large 

amounts of distortion and can have audible effects at the speaker if left uncorrected. The 

first condition for pulse-skipping is if the input level goes above the maximum level 

defined above. Viewing a SIMULINK simulation of this condition (Figure 2.8) gives us 

a better idea about pulse-skipping. 

16 



Figure 2.8: Pulse Skipping Example 

Here we have an input level of 0.98; this is larger than the theoretical maximum for the 

system we are testing. When the input is at its maximum amphtudes the output begins 

getting smck in certain states. Figure 2.9 is a zoomed in section with the loop filter 

output included for greater clarification. 
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Figure 2.9: Zoomed In Pulse Skipping 
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Here, when the input changes state very rapidly, at the maximum amplitude, the 

system begins to miss ttansitions. This is due to the speed at which the loop filter 

changes states. At higher amplitudes, the input changes states before the loop filter can 

cross the zero axis, when this happens the loop filter begins moving back to its original 

state and the output does not change. Once the amphtude decreases back to an acceptable 

amplitude the system regains the lock that it had and everything returns to normal. 

The second pulse-skipping case is when there is too much error for the system to 

correct. If the error at the output becomes too large the system is not able to compensate, 

but tries. This results in much larger pulse skipping frames than that shown above. In 

Figure 2.10, there is input amphtude of 0.9 and an additive error represented by a sine 

wave at the output stage with amphtude of 0.2. 

Figure 2.10: Pulse Skipping Due to Output Error 

In the system output, the additive error can be seen by the dip in the overall 

waveform. The large pulse skip coincides with the beat frequency of the input and error 

sine waves. Again the system skips pulses until the amphtude comes back to a 

reasonable value, this time however it is a much longer time due to the large deviation of 

the loop-filter output from zero. 
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2.5 Noise Suppression 

We now examine the amplitude of the loop-filter output as well as the switching 

time of the system more carefully. We begin by using the analysis in section 2.2 to see 

that under optimal conditions only the linear term survives after the loop-filter during the 

ttansition region. We can then define a set of waveforms as shown in Figure 2.11. 
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-1 

+1T 

Vout 0 

•1 

+ 2 T 

Vui-Vout 0 

-2-

+A-

Filta Output 0 

-A-

+1 

Quantizei Outi>ut o 

Figure 2.11: Filter Waveforms 

In Figure 2.11, td is defined to be the actual delay of the system; this is usually set 

by the gate-drivers needed to run the high-power output stage. Once the input changes 

levels, the loop filter begins changing with an approximately hnear slope. After the filter 

output has crossed zero, the quantizer changes states; after a time delay of td, this change 

shows up at the output. During this delay, the filter continues its Unear change, thus there 

is always a total switching time of 2td . This means that our loop-filter output maximum 

amphtude is defined as 

This will not always be the case. Section 2.9 describes this in greater detail. 
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lA = lK.p-2t,=>A = K.p-2t,. (2.25) 

This is important from an implementation perspective as the maximum filter output 

cannot be higher than the supply voltage. This also gives us the gain of the quantizer. 

Because the quantizer always has an output of ± 1, depending on the sign of the input, the 

gain of the quantizer is then simply given as 

K„ = . (2.26) 
' 2K,pt, 

This gain can now be inserted directly into the STF, but it cannot be used for the NTF. 

To understand this we must first reahze that the input and the noise coming into the 

quantizer are actually different types of signals. The input information is in the switching 

time, while the information for the error is contained in the ampUmde. We have aheady 

seen how a signal amplitude may be converted to a duty cycle using pulse-width 

modulation, now we simply have an additive error signal with this. Figure 2.12 

demonsttates this concept. 

True Zero-Crossing 

Additive Error 

0 

Zero-Crossing with Error 

Figure 2.12: Zero-Crossing due to Additive Error 

Thus we see that the additive error has shifted the switching time in proportion with its 

amphtude. To find the exact amount of the shift we can look at the change in the 

modulation index. This is best done by examining the first term of the Fourier ttansform 
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of the waveform; this is because the error changes the DC value of the pulse. The 

situation is set up as follows (Figure 2.13). 

No Error With Error 
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Figure 2.13: Setup for Fourier Error-Analysis 

In Figure 2.13, Ts is the sample time, and the various switching times are given. 

The switching time due to the error is simply the original switching time with the 

ampUmde of the error divided by the slope of the signal waveform. After following, the 

analysis in Appendix A we find 

KjP 
(2.27) 

This teUs us that the error gain of the quantizer is proportional to the sample frequency 

and the slope of the pulse ttansition at the output of the loop filter. This can now be used 

in the NTF found earlier. 

2.6 Performance Sununary 

We can now look at our complete STF and NTF terms, they are given by: 

STF = s +ps + p' 
ty+{t^p+i)s'+ps+p' 

(2.28) 
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NTF = 
s'{s + p) 

s'+{^L+Py+4pls + 4fp' (2.29) 

This means that for our noise rejection we have a 40dB per decade increase from DC 

until we get to / = /?, after this we get a 20dB per decade increase until / approaches 

4/j + P then our NTF approaches unity. For the STF, we see that we have a ttansfer 

function that approximates unity until f -—, this is an extremely high frequency, so our 
s 

entire signal is contained within it. 

An important feature of the NTF and the STF is that they do not depend on the 

gains of tiie system. This is due to the scahng by the quantizer. The signal is 

automatically scaled to± 1. This ehminates the relative gains of the system. As long as 

Kl is set to reduce the distortion K2 is scaled. K2, however, is not arbitrary we remember 

tiiat the output amphtude of the loop filter was Unearly proportional to it. This is 

important because if the error gets so large that the loop filter output does not cross zero, 

the system does not switch states. Thus the system skips pulses until the error becomes 

small enough to allow the system to switch again. To prevent this 'pulse skipping' we 

need to make the filter output amphtude large enough to handle the error signals. We can 

now construct a table that hsts the various parameters and how they affect the system. 

Table 2.1: General Parameter Summary 

System Function 

THD 

NTF 

STF 

Filter Output AmpUtude 

Dominant Parameter(s) 

p, ts, Kl 

P, fs 

ts 

K2,p 

Optimization Requirements 

p low, ts low, Ki=K2p' 

p high, fs high 

tslow 

K2 high, p high 
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2.7 Deviations from the Ideal Case 

The above analysis is correct for small signals but neglects some of the effects 

that larger signals produce in the waveform produced by the loop filter. We can see these 

effects if we look into a Fourier analysis of the input to the loop-filter. We first assume 

that the output of the power stage is simply the time delayed input with and additive 

error. We further define a single sample time of our input to be of the following form 

(Figure 2.14). 

+A 

-Ts/2 •a Ts/2 

Figure 2.14: Fourier Setup for a PWM wave 

Following the analysis in Appendix B gives us that: 

I t \ 
u{t) = 2A^ sin| 0)^ -^ COS{Q)J') 

°° 8 [ ^ 

2y 

-Tiz ism 
riTT 

nK 

V 

J,{P„)sin{n(o/)sin\^ 

+ S •/.G»„)[sink,/Osin|^ty:,^j + sinfe.f')sin[^<^^ 

I ; y, (A, (coste,r')sin[«- M -cos te / )s in «;, ^ nTl 

(2.30) 

E{t). 

The first portion of this term is the audio band frequency component. It presents itself 

directiy at the output of loop filter, as it passes through the low-pass filter witii Uttle 

attenuation. The second and far more comphcated part is attenuated by both the low-pass 
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filter and the integrator and therefore is not seen at the output. We can see this by 

looking at the equations for the output of the loop filter. These are given by 

v{t)= K^ j ju{t)dt' + K,(u{t)® pe'"'). (2.31) 

We see that because of this the audio frequencies in the above equation pass through un-

attenuated. First we must determine if just the audio frequencies pass, or if we have other 

frequencies to deal with. 

2.8 Limit on Pole Frequency 

To determine if any of our higher harmonics are noticeable at the output we can 

see if any have a non-negUgible magnitude after the loop-filter. We can find the case that 

most readily causes this. The closest carrier frequency harmonic to DC is the carrier 

frequency itself, in the above equation this corresponds to the n=l case. We then can 

look at the carrier harmonics is the above equation using n=l and simpUfy to see: 

u^{t) = 
- 8 

fT 

^ M ^ 

V 2 y 
inio)/) sm sin 

^Js 

+ 
k=2,even 

^TtA ^ 

V 2 J 
[sm{{(0^ -kco^ y)+sm{{co^ + ko)^ Y) 

(2.32) 

We see that the integrator attenuates all of these frequencies a great deal, but some might 

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 device, and therefore show up at 

the output of our system. The lower sideband in the k summation is what needs to be 

inspected. We know that after the pole frequency the low-pass filter attenuates signals at 

-20dB/decade, we need to find out if any of the harmonics created by the subttaction of 

the system output from the pwm input 'fold down' into this pass band with a high enough 
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magnitude to be detected at the output. First we find the lowest k harmonic that falls into 

the pass-band; this is found by looking at the above equation to get 

f -k • f zz f 
J s min J .\ J a (2.33) 

Here we have that fp is the pole frequency of the low-pass filter, fs is the sample 

frequency and fx is the input frequency. Rearranging gives us 

)^„.„ = 
J s J p 

(2.34) 

This gives us the lowest harmonic that is inside the pass-band; we then take this and 

evaluate the magnitude of this harmonic using 

h =^J 
A:,min A,min 

^ M ^ 

V 2 y 
sin {(0,-k^coJ-^ 

2) 
(2.35) 

If we now evaluate the Bessel function at;r/2 (this is the worst case simation, where the 

input reaches! 1), we get the function shown in Figure 2.15. 

Figure 2.15: Jk(pi/2) versus k 
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If k is greater than 4, the Bessel function is approximately zero. This puts a limit on our 

pole frequency, it now becomes 

A ^ / . i - 4 - / , (2.36) 

Our highest frequency input signal is the top of the audio band (20 kHz) so we alter this 

to get 

f^<f-SOkHz (2.37) 

A maximum pole has now been set based on noise considerations. As long as our pole 

frequency is less than this we can assume that the switching frequency and all the 

harmonics associated with it are suppressed sufficiently by the loop-filter such that we 

can neglect them in our calculations. 

2.9 Non-Ideal Filter Output 

If we now assume that our input signal is sufficiently below the pole frequency so 

that it is not affected by the low-pass filter* then when examining the steady-state output 

of the loop filter we get: 

. f<».^ t. 

- /: J JE{t) dt^-K^ (E{t) ® pe-"') 

) 4K.A, . 
-sin 

TT 
0). COS 0), 

V V 2y (2.38) 

' This is a safe assumption as our input is an audio frequency and our pole will be greater than 50 
kHz. The exact pole frequencies are given in chapter 3. 
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Due to the switching of the output, the new waveform presents itself as a wave that rides 

on top of the main switching signal. The minimum amplitude of the loop-filter output 

pulses is given by 

y..^=2K,pt, (2.39) 

This is also the level at which all of the pulses begin. Because of the time delay within 

the power stage, there is always a delay of exactiy td between the zero crossing and the 

change in outputs. This means that the pulse always begins at the above amphtude, but 

varies shghtly due to the input. Figure 2.16 was generated by examining the output of the 

loop-filter during a simulation in SIMULINK. 
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i 

Figure 2.16: Simulink simulation showing variations pulses 

These pulses are during the maximum deviation from the flat pulse that was used 

in the system analysis, without including noise. The audio band waveform can be seen if 

more pulses are included. This is shown in Figure 2.17. 
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Figure 2.17: Simulink Simulation Showing Audio Band Feedthrough 

Upon careful examination of the waveform, we see that these non-ideahties have 

Uttle effect on our original analysis. The switching time is altered shghtly due to the 

change in initial amplimde at the start of the switching period, but because of the 

averaging over the entire period of the input we see that the errors cancel out sufficiently 

to neglect them in further analysis. This is not the case if we include noise in our models. 

This further analysis with noise is beyond the scope of this thesis and is left for fumre 

work. 

2.10 Verification of Theory 

To help verify the theory that has been developed, we use the SIMULINK 

package within MATLAB. This tool aUows us to easily create a block level diagram of 

our system so that verification can be done rapidly without having to run lengthy 

simulations using CADENCE. The block diagram used for system verification is shown 

in Figure 2.18. 
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Figure 2.18: Simulink Block-Level Diagram 

If we begin at the input we see that it is a single sine wave, this is then fed into a 

simple PWM generator. Comparison of the sine wave to a triangle wave with a period of 

768 kHz creates our input PWM waveform. This waveform is then saved for post

processing after passing through an anti-aUasing filter. We next see that the output is 

subttacted from the input and fed into our low-pass filter. The sub-diagram for this block 

is shown in Figure 2.19. 
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Figure 2.19: Loop-Filter Simuhnk Block Diagram 

The output of this is then fed into a one-bit quantizer. This is next put into a model of our 

output stage. This sub-diagram is seen to be Figure 2.20. 
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Figure 2.20: Output Stage Simuhnk Block Diagram 

The purpose of this stage is simply to provide a time delay and correctly 

implement the three different types of error. We allow a multiplicative modulation error, 

as well as additive random and sine wave errors. This allows us to simulate the main 

error sources that are encountered. The multiplicative error allows us to find the effects 

of power supply ripple, while the additive errors show us the effects of device mismatch, 

thermal noise, etc. This model can be used to verify many of the parameters that we have 

defined in our theory. We can begin by looking at the condition for minimum distortion 

by varying the value of Kl from 50% to 200% of optimal and checking the third 

harmonic level that is created. The system is simulated for 5.33 ms for each Kl value. 

This test is shown in Figure 2.21 . 

. of opt i i i ia l K1 value 

Figure 2.21: Optimal Kl Value Verification 

All SIMULINK tests shown in this chapter are run with a pole at 50 kHz and a K2 value of 1. 
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The third harmonic level is very dependent on the value of Kl. Our theory tells 

us that if our Kl parameter was set correctiy the system would have a constant harmonic 

level, regardless of the input level or frequency. This is very contrary to our intuition 

about power stages; we expect the output to be exttemely dependant on the amphtude 

level. We can mn a test that simulates the system for various input levels and frequencies 

and then plot the third harmonic level to see if a dependency arises. This graph is shown 

in Figure 2.22. 

Figure 2.22: Third Harmonic Level vs Frequency and Input AmpUtude 

With the exception of the large values at the full-scale input amplitudes, the 

surface exhibits no strong dependence on either the amplitude or the frequency. To find 

the level of our THD signal, we can use a single amphmde and frequency, we can look at 

the input and output power spectral densities to see the errors that are caused by the 

system. We mn the system at an input level of 0.8 and a frequency of 10 kHz, the PSD 

of the input and output are shown in Figure 2.23. 
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Figure 2.23: PSD of PWM Input and System Output Using SIMULINK 

We see that the third harmonic is approximately 94dB below the fundamental. Using the 

equations for the harmonic levels from above tells us that we expect a third harmonic of 

H,,,=mog 
10 V 256 

P ^d 

\ 
= -95.3 dB. (2.40) 

This is exttemely close to the simulated value. This gives us some confidence in the 

vaUdity of the theory. We further check this resuh by plotting the third harmonic level as 

a function of the input amphtude. This is shown in Figure 2.24. 
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Figure 2.24: Third Harmonic Level vs. Input AmpUtude Using SIMULINK 

What we see is that the third harmonic level bounces around the ideal level. 

These fluctuations are probably due to small deviations from the ideal theoretical model 

used for the program. 

The next thing we examine is the noise suppression capabihties of our system. 

We do this by supplying a sine wave after the quantizer, as an error. We then measure 

the level of this frequency component at the output to see how much attenuation there is. 

This is done over several frequencies to see if the simulated data matches the NTF 

defined above. We get the results shown in Figure 2.25. 
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Noise Frequency 

Figure 2.25: System Suppression vs. Noise Frequency Using SIMULINK 

We see that the system conforms very nicely at high frequencies but saturates at 

around -70dB for low frequencies. This is most Ukely due to numerical error within 

SIMULINK coupled with small deviations from the ideal theory. Further analysis is 

required to create a more realistic model. 

2.11 Summary 

We have now developed a rather complete theory for the various parameters of 

interest for our system. We then proceeded to use SIMULINK to test the theory that was 

developed, with exttemely positive results. Further work must be done to include error 

into the above analysis. This error degrades the THD level and can have consequences 

for stabiUty; this analysis was not completed in time to be included here. We now take 

the theoretical models and apply them to the schematic design of the required loop filter. 
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CHAPTER 3 

CmCUrr DESIGN 

This chapter describes the design procedure used for each component in the loop-

filter as defined in Chapter 2. We look first at the two integrator stages then move to the 

low-pass filter, examining all needed portions for each stage. We will find needed device 

dimensions based on theoretical models and verify our designs using CADENCE 

simulations. Finally we will look at a complete set of system level simulations to ensure 

that our device will behave properly under non-ideal conditions. 

3.1 System Requirements 

We now look at the circuit design of our system. We begin by examining the 

needed requirements for the various components of our loop filter. By examining our 

system we find that good performance can be achieved by setting the pole of the low-pass 

filter to 100 KHz. This gives us a theoretical noise suppression of 52dB and a THD level 

of -lOOdB. In order to test different system configurations we would also Uke to be able 

to alter the pole and the gains of the various stages. The method used to accomphsh this 

is described below. We are using a 5-Volt process to allow higher voltage swings. 

3.2 Configuration Definition 

We would like to be able to test our system using different pole and gain 

configurations to help determine real-world non-ideahties that we have not included in 

our theory. For example, we would Uke to use different gain combinations of the two 

integrators and the low-pass filter to help get an idea of the intta-stage loading 

dependencies and abiUties of the system to overcome certain inter-stage imperfections. 

The parameters given in Table 3.1 were chosen as the selectable values for each stage to 

try and maximize the range of options: 
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Table 3.1: System Configuration Options 

1^'Integrator Gain 

2"** Integrator Gain 

Low Pass Gain 

Low Pass Pole 

Default 

90dB 

92dB 

12dB 

50kHz 

1" Option 

102dB 

104dB 

OdB 

lOOkHz 

2"̂ * Option 

112dB 

114dB 

-12dB 

200kHz 

We are using FET devices as switchable resistors in order to achieve these various 

parameters. This will be discussed in detail during the individual design sections. 

3.3 Integrator Stages 

We begin our design by looking at the two integrators needed for our loop-filter. 

We see that these devices must have a large DC ampUfication to be able to supply the 

gain that is required to meet the distortion minimization criteria of ^ i = A^j/^' ^s defined 

in section 2.2. We see that because we have a second order integrator we can break this 

gain up into two stages, which helps us ttemendously. We begin by examining the 

design of the operational ampUfier that is required for our integrators. 

3.3.1 Integrator Op-Amp Design 

The requirements for our integrator stages demand that we have a very high-gain, 

low-noise device. Considering our options for device topologies we come to the 

conclusion that the folded-cascode stmcture is the best choice for our op-amp. Figure 3.1 

shows the basic structure of this device. 
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Figure 3.1: General Structure of Folded Cascode Op-Amp 

We choose to use bias voltages supphed externally to ehminate the need for 

current mirrors in each individual op-amp. This ehminates some of the wasted power 

needed to bias the circuit. We begin our design by deciding on a bias current for the 

device. Power consumption is not a major concern but we would like to minimize the 

current to help keep the device dimensions to as low a value as possible. We decide to 

operate the device with a total current of 20/zA. This gives a power dissipation of 

100//W per integrator. This is completely acceptable considering that we are deaUng 

with a high-power output device the use of 400- 500 juW for the loop-filter is neghgible. 

We now decide to break up the individual currents such that the main stage has 1.5 pA 

per side and the input stage has 2.5 pA per side. Now we can derive the needed device 

dimensions for each ttansistor. 

We know from standard FET circuit theory that the current for a device that is in 

saturation is given by 

/»=i4^] 
"̂  2 I L 

{Vos-Vrf (3.1) 
y 
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We define a term VQD as the 'overdrive' voltage of the ttansistor. It is given by 

VOD=VGS-VT- This value will be selected for each ttansistor to help give the device some 

protection from going into the triode region. 

We begin with the transistors Mi and M2, these are given by 

rw^ 2-2.5X10-

vZ-A.2 31xl0-'(0.2)' 
= 4. (3.2) 

We next can easily go around the schematic and find the needed transistor sizes: 

W] 2-7.5x10 -6 

= 4 (3.3) 
v^y3,4 31x10"'(0.35)' 

- = 3.9 (3.4) 

= 7.5 (3.5) 

= 10 (3.6) 

W] 2 7.5x10"^ 

L J 5 , 6 ~ 3 1 X 1 0 - ' ( 0 . 3 5 ) ' 

^W\ 2-7.5x10"^ 

LJ7.8 12.5x10"'(0.4)' 

^W^ 2-10x10-* 

V^A.10 12.5x10-^(0.4)' 

rw^ 2-5x10 -6 

V ^ V i i 31x10"'(0.55)' 
= 1.1 (3.7) 

Before deciding on specific lengths and widths, we must consider what effect 

these properties have on our overall device. We must first look at the gain of our 

ampUfier; we see from [1], p. 303 that it is given by 

Av = ^ . i { [ ^ . 7 ^ . 7 ( ^ . 1 1 ^ 9 ) ] | k / « 5 ^ . 5 ^ . 3 ] } . (3-8) 
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We can further see that, for a given transistor we have 

8„.=K' - ( V c , - V j (3.9) 

1 1 

'^](v.-v.fa "^ 
(3.10) 

In the above equation, /I is the channel-length modulation coefficient. We can show that 

it is proportional to the channel length, this gives us 

^°=; | ;=>'-».v-4- (3-11) 

This means we can increase the resistance of the device by increasing the length. By 

examining the equation shown above for the gain of the device we see that in order to 

increase the gain we must increase the lengths of the transistors as far as is possible. We 

must scale the width in accordance with the length to keep the same W/L ratio, thus the 

widths can quickly become very large. We can take advantage of transistor folding to 

help conttol these widths. We essentiaUy connect several transistors in parallel to get the 

same width as one large transistor. 

We must now reahze that because our device operates as a fully-differential op-

amp we must employ a common mode feedback to ensure that the common-mode level 

of the output is correct. This can be done rather simply for the architecture that we have 

chosen. We must add two ttansistors operating in the deep-triode region connected in 

parallel beneath the tail current source. The gates are connected to the two output nodes, 

thus if the output nodes vary differentially the combined parallel resistance of the two 

FET's remains unchanged, but if a common mode signal is present the total resistance 

changes, which in tum changes the gate voUage of the tail-current source. The complete 
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schematic with the common-mode feedback and a common-mode reference circuit for 

improved feedback operation are shown in Figure 3.2. 

4 ^ 1 Li;L 
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V 

o^ 

^.^J 

r 
Figure 3.2: Folded Cascode Architecture with Common-Mode Feedback 

It can be shown that in order to increase the amount of common mode feedback 

supphed we must make the equivalent resistances of the M12 and M B as large as possible. 

Their resistances are given by 

•̂ ^12.13 ~ • 

K' rw^ (V.-Vr) 
(3.12) 

\^J 

To this end we want to make their lengths relatively large. We also see that M14 should 

have a W/L ratio that is twice that of Mi2,i3 in order to represent the combined resistance 

of both. It should also have the same current through it, so M15 should have the same 

dimensions as Mn. After some design considerations we arrive at the values given in 

Table 3.2. 
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Table 3.2: Integrator Op-Amp Common Mode Sensing Device Lengths 

Device 

Mi2, Mi3 

M i 4 

Width 

\Opm 

20 pni 

Length 

15 jum 

15 pm 

Now that the sizes of all of the ttansistors have been determined we must find the 

required bias voltages. Using the overdrive voltages that were selected for the size 

calculations allows us to find the limits of our bias voltages. We know from basic FET 

equations that V̂^ > V^^ - Vj- for the device to operate in the saturation region. We have 

also defined VQD as Vgs-Vx so this gives us: 

V >V 
^ds — ^ OD 

(3.13) 

The five bias voltages are then given by: 

V„ >Voun+yTN+hRT =0.65 + 0.55 + 0.065 = 1.265 

^2^^003+^77. =0-35+ 0.65 = 1 

^ 3 ^ yoBs + ̂ 77. + ̂ z,53.»̂  = 0-35 + 0.65 + 0.35 = 1.35 

VM ^ y^B - [yooi + ̂ 77. + yos,.,^)=5 - o.4 - 0.62 - 0.4=3.58 

n 5 ^ V , , - ( y , , , + V , , ) = 5-0 .4-0 .62 = 3.98 

(3.14) 

(3.15) 

(3.16) 

(3.17) 

(3.18) 

Now that the hmits of our bias voUages have been found we can use CADENCE 

to find the correct DC bias point of our system. We want the correct common mode 

output if the input is equal to analog ground. After using the DC sweep function in 

CADENCE the needed bias voltages are found, these are given in Table 3.3. 
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Table 3.3: Integrator Op-Amp Required Bias Voltages 

Vb, 

Vl,2 

Vb3 

Vb4 

Vb5 

1.3V 

IV 

1.65V 

3.4V 

3.95V 

We must now look at the stability of our device, to do this we can examine a bode 

plot created using CADENCE. We simulate the device in an open-loop configuration 

with a dummy load of a high resistance in parallel with a small capacitance. In this 

manner we can model ideal second-stage input impedance. Figure 3.3 is the result of an 

AC sweep from IHz to IGHz under afore mentioned conditions. 

90 - dB2g(vr(''/Vo^rn")) 

6 0 

g: phase( 

J 
1 1 1 1 1 1 

• \ 

VF("/Vo_rn")) 
TT 1 1 
1 

lOK 100K 
freq ( Hz ) 

Figure 3.3: Open-Loop Op-Amp Bode Plot 

Examination of the plot shows us that our phase margin is only 6 or 7 degrees. 

This is too low; any process deviations could easily cause the ampUfier to become 

unstable. This can be compensated for by inttoducing a low frequency pole at the output 

so the magnitude goes to unity faster. We apply a 2.5pF capacitor from each output to 
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ground for the needed compensation. The same AC sweep was then performed; the 

results are shown in Figure 3.4. 

d02e(vr(-/VH.m")) 

-2Be 

200 . : phcise(VT-<-'/Vo_m--)) 

Figure 3.4: Open Loop Op-Amp Bode Plot with Frequency Compensation 

The system is now exttemely well behaved. Our phase margin has increased to 

60 degrees, which allows a large margin of error. The consequence is that our device 

now has a much smaller gain bandwidth product; this does not concern us as our device is 

meant to operate as an integrator. As long as we do not tty to operate the integrator at a 

higher level than the maximum gain of the amplifier, it will be fine. 

We can also examine the stabiUty of the common-mode feedback stmcmre. We 

do this by opening the common-mode feedback loop at the device output. We set the 

device inputs to analog ground and supply an AC source to our common mode sensing 

circuit then measure the effect of these sources at the output. The bode-plot is given in 

Figure 3.5. 
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Figure 3.5: Common-Mode Feedback Open-Loop Response 

From this figure we see that our common-mode feedback provides around 40dB 

of gain through 100 Hz and has a phase-margin of 85 degrees. This ttanslates into a good 

low-frequency compensation scheme. We have a large amount of suppression for any 

common mode signals within the audio band and below. 

The final requirement that has to be checked is the noise level of our device. We 

can show that the input-referred noise is given by 

r 
v: = SkT 

2 2 g^g 28 m3 
+ 

2K. 
+ -

2K,g m3 2K,g PSm9 

3g., 3g ; j 3 g ; J {WL\C„J {WL\C„Jgl {WL\C,Jgli 
,(3.19) 

We have that k is Boltzmann's constant and is equal to 1.38 x 10 ^^/ / /iT, T is the 

temperamre given in Kelvin, and KN,P is the fUcker noise coefficient of the N and P type 

FET's respectively. For our process, we have that Ĉ ^ = \.\5fF tpm~, 

K^ = 9.3498467 x 10""* and Kp = 4.39626 x 10"'^. If we assume that we are operating at 

room temperature (25°C) then we get 
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v;=1.262xlO-- + ^ - ^ ^ ^ ^ ' Q " ' \ (3.20) 

To find the amount of input referred noise, we must now integrate over the appropriate 

bandwidth. We choose to integrate from 20Hz to 20 kHz, which is the audio band. The 

resulting noise is 

(50000 1 

V-=1.262x10-'^+6.536x10"''* f — ^ / = 4.52x10"" V". (3.21) 

This is a relatively small noise level; it means there is approximately 672nV of noise at 

the input of the device. Due to the fact that our device input is close to full scale (OV to 

5V) this is considered negligible. 

Before viewing our complete schematic, we must first reaUze that the sizes 

entered into the schematic editor are not the actual size parameters that are used for the 

cncuit analysis. The sizes that we have calculated are the 'drawn-sizes' of the FET's. In 

order for the system to use the lengths and widths that we calculated we must enter sizes 

that are sUghtiy larger to aUow for process effects. Figure 3.6 is the complete schematic 

with all of the appropriate device dimensions, the specific lengths and widths are also 

given in Table 3.4. 
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Figure 3.6: Complete Integrator Op-Amp Schematic 

Table 3.4: Integrator Op-Amp Device Sizes 

Device 

Mi,2 

M3.4 

M5.6 

M7.8 

Mg.io 

M i i , i 5 

M12.13 

M i 4 

Width 

lOjUm 

IS.4 jUm 

106.S jum 

125.6//m 

44fjm 

2jLim 

lOpm 

20 pm 

Length 

2.5 pm 

6pm 

24 pm 

24 pm 

6pm 

3pm 

\5 pm 

\5 pm 

3.3.2 Integrator Design 

Now that we have completed the design of our op-amp we can look at the 

integrator stages. Examining our topology shows us that we must connect the two 

integrators in series, followed by some sort of summation circuitry. Some consideration 
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of this topology reveals that the input impedance from the second integrator deteriorates 

the DC gain of the fist stage. The maximum nominal DC gain was given above as 

^ v | = 8 n , i h nn>'ol{^oih9)]\[8 n,5f'o5ro3]}. (3.22) 

We can show that this is now altered by placing finite impedance in parallel with the 

output stage of our op-amp. After some analysis we see that our new DC gain is given by 

A'|= ^.lfcm7';7(^.l|k9)]|k„,5''.5^.3||^L]}. (3.23) 

RL is the load impedance of the ampUfier, or the input impedance of the next stage. Thus 

we should tty to maximize the impedance of the second stage to allow the DC-gain of the 

first stage to be as high as possible. This aids in the Unearity of the overall system and 

helps keep the phase correct at lower frequencies. The second stage does not suffer from 

this design consideration as it is connected directly to MOSFET gates which have very 

large associated impedances. 

We stated above that we would like om system to be configurable. This allows us 

to test the theory developed for the system by giving us different operating modes. The 

configurable operation is inttoduced into the system by using FET devices in the place of 

resistors. They are forced to operate in the deep-triode region, their gate bias is used as a 

digital switch that allows us to tum the resistors on and off at will. We decide to use a 

standard integrator topology where the input resistors are replaced by FET's. When 

choosing an FET to act as a resistor we must choose one that helps us to minimize the 

distortion that is introduced by the characteristics of the transistor. The general 

characteristics of a FET tell us that the farther into the triode region that we operate the 

more linear the transconductance. To this end we select a 12 Volt NMOS transistor. 

This allows us to push the operating region of the device farther down by using larger 

gate biases. The circuit for this is shown in Figure 3.7. 
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Figure 3.7: General Configurable Integrator Topology 

We see that we now have a set of conttol hues that we can use to select the gain 

for each stage. This allows us to vary the input impedance which directly affects the gain 

of the integrator. Before we find the resistances and the associated lengths we define our 

capacitors based on noise considerations. We follow the analysis in Appendix C to find 

R > 
C 

(3.24) 

Now, assuming that our main noise contributions are thermal, we arrive at 

— 4kT • 2t, • JK^ 
v:=4kTRBW> ' ^ ' BW . 

C 
(3.25) 
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We can now define the minimum capacitor needed to achieve a certain dynamic range. 

^ = 10»og,ofj) (3.26) 

N = lO\og,,(skT-t, • sfK^-Bw)-lOlogJc) (3.27) 

logio(c) = log 10 

-N_\ 

SkT • tj • yfK^ • BW-10''^ 
V 

C = SkTtj-^BW\0 

(3.28) 

(3.29) 

This means that if we assume that the highest K2 value that we have is 5, our delay is 20 

nanoseconds and if we want our noise level to be at -lOOdB we need a capacitor value of 

100 

C>81.38xlO"''-300-20x10"'•V5-(20000-20)-10i<' =132/F. (3.30) 

A capacitor value of lOpF* is chosen for the first integrator stage and one of 5pF 

is chosen for the second stage. The noise generated in the second stage is not as critical 

because it has a first order suppression from the closed loop operation. We have defined 

the required DC gains for the three operating modes of each integrator, using the 

capacitor sizes we can find the associated resistor sizes using Gĵ , = ; these are given 
RC 

for both integrator stages in Table 3.5: 

" The noise analysis was not completed until after the design of the ampUfier was finaUzed. A 
capacitor value of lOpF (5pF for the second stage) was chosen to ensure that noise requirements would be 
met. Future versions of this device should include smaller capacitances on the integrators as a result of this 
analysis. 
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Table 3.5: Needed Integrator Resistor Values 

1" Stage Gain 

90dB 

102dB 

112dB 

Resistance (C=10pF) 

3.16 MS 

794 kQ 

251 kQ 

2"" Stage Gain 

92dB 

104dB 

114dB 

Resistance (C=5pF) 

5.02 MQ 

1.26 MQ 

399 kQ 

To find the exact resistor values needed, we must consider how the device operates. In 

order to use only two conttol lines, we must have one device that is always on and two 

devices that can be mmed on or off This means, if a control hue is turned on the input 

resistance will be a parallel combination of two devices. We now find the associated 

resistances of the two conttoUed devices. We begin with the 'always on' FET it has a 

resistance of 3.16MQ for the first stage and 5.02MQ. for the second. The first option for 

each stage is 794 kQ and 1.26 MQ, respectively. This must be formed using a resistor in 

parallel with the main 'always on' device. So the resistance of these devices must be: 

RsU = 

Psl.l = 

3.16x10^ 794x10^ 

3.16x10^-794x10^ 

5.02x10^-1.26x10^ 

5.02x10^-1.26x10^ 

= 1.06MQ 

= 1.68 M a 

(3.31) 

(3.32) 

The same can be done for the second selectable devices, these are given as: 
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„ 3.16x10'-251x10' ^ 
.̂1,2 = , . . •„ . ._ . . , = 272.6 kO. 

/ ? . , , = 

3 .16x10-251x10 ' 

5.02x10^-399x10' 

5 .02x10-399x10 
- = 433.4 ^Q. 

(3.33) 

(3.34) 

To determine the aspect ratios of the FET's we are using as resistors we must first 

consider the equation for the resistance of the device when operating in the deep-triode 

region, this is given by 

P-ON - • 
1 

^'-k.-^r) 
(3.35) 

We operate the devices with a gate voltage of 6 Volts in order to help keep the 

needed lengths to a minimum; we also use the minimum aUowable gate width for this 

type of device. To find the gate-source voltage we must look at the schematic. We see 

that all of our sources are connected to the operational amplifier inputs; this means they 

are at vutual ground which is 2.5 Volts. This translates to a resistance of 

PQN -
31x10"'-1.2-(6-2.5-0.75) 

= L-9775 £ilim. (3.36) 

This gives us the following values in Table 3.6 and 3.7. 

Table 3.6: Required Device Dimensions for 1st Stage Resistor FET's 

(1^' Integrator) Resistance 

3.16MQ 

1.06MQ 

211.6k£l 

Length (Width = 1.2pm) 

323.3 pm 

108.4//m 

21.9 pm 

51 



Table 3.7: Required Device Dimensions for 2nd Stage Resistor FET's 

(2"" Integrator) Resistance 

5.02 MQ 

1.68 MQ 

433.4/tQ 

Length (Width =\.2pm) 

5\3.6pm 

\ll.9pm 

44.3 pm 

Clearly, some of these device lengths are too large for a single FET, so we 

connect several devices in series to help alleviate the problem. The final addition we 

would Uke to make to our circuit is for experimental purposes. The process that we are 

using has some very nice high capacitive density poly-deep Nwell capacitors, but they are 

very non-Unear using a OV DC bias across them. The alternative is to use a poly-metal 1-

metal2-metal3 stacked capacitor. These are exttemely Unear but have a capacitive 

density that is about 1/6* that of the NweU capacitors. We would Uke to use the higher 

density caps to help conserve die area but we are not sure if the non-hnearity generated 

by these capacitors will be able to be suppressed by the loop filter. To test this we 

include both capacitors on our test chip with a selector control hue to choose between 

them*. We place a small 12 V NMOS device on both sides of the capacitors so that they 

are completely disconnected when de-selected. This prevents the sttay capacitance that 

would be inttoduced through the parasitic coupUng to ground. The complete schematics 

with adjusted transistors sizes are given in Figure 3.8. 

* The results of this experiment may prove moot once the needed capacitors have been appropriately scaled 
due to the error analysis of Appendix C. 
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Figure 3.8: Complete First and Second-Stage Integrator Schematics 

3.3.3 Integrator Results 

Now that the design of the integrators is complete, we can look at the 

performance of the devices. We first examine several AC sweeps with the two stages 

connected in series. In this manner we can see how the actual loading affects the transfer 

functions. Figure 3.9 shows the output of the first integrator with the lowest gain setting 

and the output left unconnected, this is the ideal case as it represents infinite second stage 

input impedance . 

All tests performed are done using the higher Unearity stacked metal capacitors. 
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"/Vo.fii")) 

Figure 3.9: Best Case 1st Integrator Bode Plot 

We can see that this is a very good integrator. The phase is approximately 90 degrees for 

all frequencies between 5 Hz and 30 kHz; this means that all of our audio frequencies 

will be processed correctly. We can also examine the ideal second stage; this is shown in 

Figure 3.10. 
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Figure 3.10: Best Case 2nd Stage Integrator Bode Plot 
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This is almost identical to the first stage output; which should be that case as they 

only differ in gain by 2dB at this setting. The main difference comes when we load the 

stages correctly. If we connect the two stages together and look at the output of the first 

stage, we get the results of Figure 3.11. 
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Figure 3.11: 1st Stage Integrator Bode Plot with Loading Effects 

We can immediately see a difference in the bode plots. Because of the finite gain 

of the second stage input we have greatly Umited the DC gain of our first stage. This 

Umiting inttoduces an error in the magnitude and phase of the output at low frequencies. 

We see that now our integrator only approximates a 90 degree phase from 300 Hz to 30 

kHz. This is still an acceptable error, but it can quickly become worse. If we set both 

stages to the highest gain setting, we get the highest possible error. This is because 

higher gain means lower input impedance due to the reciprocal relationship; this reduces 

the maximum DC gain even further. Because we are ttying to have a high first stage gain 

the system will not approximate an ideal integrator until higher frequencies. The Bode 

plot for this is shown in Figure 3.12. 
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Figure 3.12: Worst Case 1st Stage Bode Plot 

We can see that this is a very unsatisfactory output. The magnitude is Umited to 

6dB through the audio band and the phase never settles to an integrator approximation. 

Fortunately, the system was never meant to mn under these conditions. This is merely 

meant to demonstrate the effects that the loading can have. As stated above the second 

stage does not suffer from the loading effect at low frequencies. The second stage output 

is coimected directly to FET gates which have exttemely high impedance at our 

frequencies of interest. The second-stage output approximates an ideal integrator 

between 30 Hz and 30 kHz for all settings due to the large impedance of the FET gate. 

3.4 Low-Pass Filter Stage 

We next look at the design of our low-pass filter element. The design of this 

portion should be much simpler as the stage should have moderately low gain with a pole 

frequency between 50 kHz and 200 kHz. We again begin with the design of the required 

operational ampUfier. 
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3.4.1 Low-Pass Filter Op-Amp Design 

The op-amp that we designed for our integrators does not work well for our low-

pass filter. A much higher bandwidth but a lower gain than that of the integrator is 

required. We thus decide on the much simpler (and smaller) architecture of the 

differential amplifier. Again, because of the differential operation of the device we must 

include some sort of common-mode compensation within the amplifier. The general 

schematic is shown in Figure 3.13. 
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^T^ ^ 
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I 

Figure 3.13: Differential Op-Amp Architecture 

We can follow a similar methodology to that used for the folded cascode sttucmre 

here. We first decide on a bias current to meet any power consumption requirements. 

We assume a similar power consttaint to that for the integrator op-amp and choose a bias 

tail current of 11 pA. Due to the sttucture of the amplifier, the output swing is not a 

problem as long as we keep the overdrive voUages within a reasonable range. We then 

have: 
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w 2-8.5x10-

LJi._ 31x10"'-(0.5)' 
0 9 

W 2-17x10" 

LJi 12.5 xlO"""-(0.23) 
-=19.8 

W 2-8.5x10"* 

LJ,j 12.5x10"'-(0.5)-
= 5.4 

(3.37) 

(3.38) 

(3.39) 

Using these values allows us to use some of the same bias voltages that are generated for 

the integrator op-amp. We see that, following the same procedure used to define the 

Umits for the bias voltages, and then using CADENCE to fix the DC bias point, we can 

use Vb = 3.95V and Vbss = 1-3V to meet our requirements. Again we must be able to 

achieve our DC gain, but because of the system requirements we only need a maximum 

DC gain of approximately 20 dB. This aUows us to use much smaller FET's at the 

output. We must also now consider the size of the ttansistors used for the common-mode 

feedback. We again use the equations defined above for the previous op-amp. We arrive 

at the results shown in Table 3.8. 

Table 3.8: Common-Mode Correction Circuit Device Lengths 

Device 

M4,M5 

M9 

Width 

5 

10 

Length 

20 

20 

To ensure that our design meets the parameters we defined we must again test it 

using CADENCE. First we need to verify the common-mode feedback sttucture. We 

again open the common-mode feedback loop at the output and perform the same test that 

was performed on our folded cascode device. Figure 3.15 shows the resulting Bode plot. 
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Figure 3.14: Low-Pass Filter Op-Amp Common Mode Feedback 
Open-Loop Response 

If we look at the phase margin of our common-mode feedback system, we see that it is 

unstable. This is of course a problem, so we must add compensation capacitors to fix 

this, a capacitor as small as lOOfF will suffice. After adding these capacitors, we get a 

response of Figure 3.15. 
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Figure 3.15: Low-Pass Filter Op-Amp Common Mode Feedback 
Open-Loop Response with Frequency Compensation 
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The system now has a phase margin of over 60 degrees. This should be adequate to 

ensure the robustness of the design. We also see that we have around 20 decibels of 

feedback; this is enough to create good suppression through 3 MHz, far more than is 

needed. 

The next thing we examine is the open loop Bode plot for the entire structure. 

This is given in Figure 3.16. 
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Figure 3.16: Open Loop Low-Pass Filter Op-Amp Bode Plot 

We first notice that the bandwidth of this device is much larger than that of the folded 

cascode structure. This is due to the simple architecture and the smaller size of the 

ttansistors used. We have around 32dB of DC gain and our first pole is located at 300 

kHz, this is more than sufficient for any of the low-pass stmctures that we intend to use. 

We also see that the phase margin of our new device is close to 85 degrees. This is very 

large and easily ensures stabiUty over process deviations. This is what we expect from 

this type of amplifier. 

The final parameter we must find for this ampUfier is the input-referred noise. 

We know that for a simple differential ampUfier the input-referred noise is given by 
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v: = 8 -̂̂  -I-
2K, 

^ • • 

2Kp g m6 

l3§„, 3g ; J CaAWL\f CoAWLlg;/ 
(3.40) 

Using our process definitions we find that this becomes 

7 = 1 .28X10-+5:H^ 
-13 

(3.41) 

Again we integrate over our audio band to get the total noise 

20000 

Kjomi = 1.28x10"'' +2.07x10"'' | l / / df = 2.19x10"" V' 
20 

(3.42) 

We see again that this is a low noise considering that our input is very large. This is an 

approximate noise voltage of 468nV over the audio band. 

Our completed op-amp schematic is shown in Figure 3.17. 

Figure 3.17: Complete Second Op-Amp Schematic 
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The low-pass filter op-amp has the device sizes of Table 3.9 

Table 3.9: Low-Pass Filter Op-Amp Device Lengths 

Device 

M,,: 

M3,8 

M4.5 

M6.7 

M9 

Width 

1 0 ^ 

49.4 pm 

5pm 

8.5//m 

lOpm 

Length 

lOpm 

2.5 pm 

20 pm 

2pm 

20 pm 

3.4.2 Low-Pass Filter Design 

Using the op-amp designed above as our basis we can now easily design our 

simple low-pass filter. We do, however want to implement the same configurabihty that 

was designed into the integrator stages. To achieve these results and to allow for the 

maximum performance from our device we choose to implement the low-pass filter using 

a variable gain buffer foUowed by a one stage RC filter using MOSFET devices as the 

resistive elements. The resulting structure is shown in Figure 3.18. 
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Figure 3.18: General Configurable Low-Pass Filter 

We again set the capacitor sizes using noise requirements. We showed in Appendix C 

that 

P^^rrr-—2f^-{l-4lj,). 
2Kj 

(3.43) 

For the low-pass filter this means that 

RC C-{l-4K,tJ^{l-4fj,)) C 
(3-44) 

Again we assume that our only significant noise contributions are thermal, this gives us 
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vl^4kTR-BW>^!^^-^^ 
C 

BW (3.45) 

Thus, to achieve a noise level of-lOOdB we need a capacitor value of 

100 

C > 8-5 - 20x 10"^ • 1.38x 10"'' • 300• (20000-20)-10 "> « 661.7 fF (3.46) 

We choose a capacitor value of 10 pF* to meet our noise requirements. Using the pole 

equation for a simple RC low-pass filter, p = l/RC we can define the needed resistances 

for each pole frequency. These are given in Table 3.10. 

Table 3.10: Resistance Values for Pole-Frequency Configuration 

Pole Frequency 

50 kHz 

100 kHz 

200 kHz 

Resistance (C=10 pF) 

318)tQ 

l59kQ. 

19.5 kn 

We must again find the actual required resistances for each device due to the use 

of an FET that is always on and two parallel modifiers. We see that our main device is 

the 384 ̂ Q, this then gives us that the other two devices are: 

318000-159000^3^3^^ 

/?, = 

318000-159000 

318000-79500 

318000-79500 
= 106 itQ 

(3.47) 

(3.48) 

' The preceding noise analysis was not completed until after the design of the loop-filter was 
finaUzed. The capacitor value of 10 pF was chosen to ensure noise requirements would be met. Future 
designs should reduce the size of this capacitor accordingly. 
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Again we use our equation for the on resistance,Ro„=L-9775 aipm. Using this we 

find that the required device lengths are (Table 3.11). 

Table 3.11: Device Dimensions for Pole Frequency Configuration 

Resistance 

318 m 

3\%kQ. 

106 JtQ 

Device Length (Width = 1.2pm) 

32.5 pm 

32.5 pm 

10.8 pm 

Now we must look at our variable gain ampUfier that acts as a buffer. We want 

an input resistance that is small enough to not introduce much noise but large enough to 

not effect the summing point adversely; after some considerations we arrive at lOOitQ. 

The gain of this ampUfier is given by the ratio of the feedback resistor to the input 

resistor; this gives the following resistor values (Table 3.12). 

Table 3.12: Resistance for Low-Pass Gain Configuration 

Gain 

-12dB 

OdB 

12dB 

Feedback Resistance (Rin = 1 0 0 ^ ) 

25.1 itQ 

100 kO. 

398 kO. 

Again we must find the device resistances; the main device has the largest resistance, 

398 kO.. The other two are given by: 

^ 398000 100000 , . - . ^ 
R, = 133 kil 

' 398000-100000 

(3.49) 
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^ ^ 3 9 8 0 0 0 . 2 5 1 0 0 ^ , ^ ^ ^ 

- 398000-25100 
(3.50) 

These values ttanslate into device dimensions of Table 3.13. 

Table 3.13: Device Dimensions for Low-Pass Gain Configuration 

Resistance 

398 ̂ -Q 

133 m 

26.8 m 

Device Length (Width =l.2pm) 

40.1 pm 

13.6//w 

2.1pm 

We again want to be able to test the real effects of the nonUnearity that is inttoduced by 

the DNWELL capacitors, as we did in the two integrator stages. Implementing the same 

selective architecture allows the option of using either the stacked or the poly-deep Nwell 

capacitor. The final schematic is given in Figure 3.19. 
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Figure 3.19: Complete Low-Pass Filter Stage 

3.4.3 Low-Pass Filter Results 

We can now examine the new low-pass filter device using CADENCE as we did 

with the integrators. Considering the loading effects of this device is unnecessary, as it is 

connected directly to MOS gates; this is the same as the second integrator stage. We 

begin by looking at the device in its most common configuration, a gain of OdB and a 

pole at 100 kHz. The Bode plot for this is shown in Figure 3.20. 
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Figure 3.20: Bode Plot for a Low-Pass Filter with OdB Gain and a 

100 kHz Pole 

From this, we see that our system operates ideally until we reach a frequency of 

900 kHz, then it encounters a sttay zero that inttoduces errors. This error is considered 

acceptable because of the high frequency at which it occurs. We would, of course, prefer 

a closer compUance for higher frequencies but we accept this error for our first design. 

We next look at the lowest pole and the lowest gain (Figure 3.20). 
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Figure 3.21: Bode Plot for a Low-Pass Filter with -12dB Gain and a 
50 kHz Pole 

This again suffers from the same error as the previous example*. 

3.5 Summation Node and Comparator Design 

By examining the requirements of the next stage of our ampUfier we notice that 

both the summation of the outputs of the integrators with the low-pass filter and the 

comparator operation can be accompUshed using a single stage. This is exttemely 

advantageous as it lowers the amount of intrinsic delay within our system; we remember 

from section 2.2 on system behavior that the lower the intrinsic delay of the loop the 

better performance we could get from our system. In order to provide a good summing 

node, we first change our signals into currents and then simply connect them together. 

The design used for the integrator op-amp can be modified sUghtly to accomphsh this 

task. The input stage of the ampUfier is used as the voltage to current conversion; we 

must simply add an additional input stage to accommodate the second set of signals. We 

then exploit the high gain of the ampUfier stage by using it in an open-loop configuration. 

* The cause of this problem was not determined due to time Umitations. Future versions of this 
device should include corrections for this problem to improve performance. 
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This signal we apply to a set of inverters to allow for greater rail-to-rail operation. This 

stage has the general form of Figure 3.22. 
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Figure 3.22: General Summation/Comparator Circuit 

Higher power dissipation is allowed in this stage to help increase the slew rate. This 

leads to smaller time delays through the stage. Our total DC current is set to 450 pA with 

225 pA on each side. We use 80% of this for the output stage and the remaining 20% is 

spUt between the two input stages. Again the same bias voltages as that of the integrator 

op-amp are used, in this manner we can avoid creating additional voUages for each stage. 

We now can readily go around our schematic and find our needed aspect ratios for each 

device. 

rw\ 2-22.5x10" 

^W^ 

1.2.16,17 31x10"^ - (0 .2 ) 
- = 36.3 

V L 73,4 

2-180x10"^ 

31x10"'-(0.35)' 
= 94.8 

^W] 2-180x10 

TJse" 31x10"'-(0.35) 
T = 94.8 

(3.51) 

(3.52) 

(3.53) 
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rw\ 
7.8 

2 180x10^ 

12.5x10"'-(0.4)' 

2-225x10"' 

180 

v ^ y 

w 

9.10 12 .5x10" ' - (0 .4 ) 

2-45x10^ 

- = ' > ' > S -> ——-̂  

UAi.15,18 31x10"'-(0.55) 
T = 9.6 

(3.54) 

(3.55) 

(3.56) 

We are forced to use parallel devices to make the widths an acceptable length, because of 

the large device ratios. Again we must find the appropriate lengths for the common-

mode feedback ttansistors, these are shown in Table 3.14. 

Table 3.14: Summation Amplifier Common Mode Feedback 
Transistor Dimensions 

Device 

Mi2.13.19,20 

M i 4 

Width 

20 pm 

40 pm 

Length 

2.5 pm 

2.5 pm 

After the signal has been summed and ampUfied sufficiently we put it into an inverter 

stage to help produce a rail-to-rail output level. The dimensions of these devices are 

chosen to provide a minimum delay. This is accompUshed by making them small to 

reduce their input capacitance. The widths are adjusted to make their ttansition point 2.5 

Volts; this gives us the dimensions of Table 3.15 

Table 3.15: Summation AmpUfier Output Inverter Dimensions 

Device 

N-FET 

P-FET 

Width 

4.8 pm 

8.5 pm 

Length 

2.5 pm 

2pm 
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We now use the same AC analysis to determine the stability of this device, 

looking at output of the analog stage before the inverters to determine our stability. The 

resulting Bode plot is given in Figure 3.23. 

_da20(VF(- /Vn_rT._l"» 

Figure 3.23: Open-Loop Summation Circuit Bode Plot 

From the above figure we see that our system has a gain of approximately 55dB 

through 300 kHz. This is exttemely good for a summation circuit; it means that all audio 

band frequencies have the same gain through the stage. We also can see that the phase 

margin for this stage is approximately 60 degrees. This means our device is very stable 

and very tolerant to process deviations. 

The final parameter of interest is the amount of noise that is generated by this 

stage. We have been finding the input-referred noise for previous portions of our design; 

this is a problem here because there are two inputs. We simply tteat the system as if it 

had only one input and find the associated noise. This is acceptable because the acmal 

input referred noise would be spht between the two inputs, but after the summing point it 

would be the same. We then see that the noise is of the same form as that of the 

integrator op-amp, which is 
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v.- = 8kT 
^ '^ ^ e . '' e , ^ '^K '^K p' ^K p-

• + - ^ ^ ^ + -
\^Sm\ ^ 8ml ^ 8ml ) ^L\CJ ^L\CJgl, ^L\C,Jgl, 

We apply the process specific parameters to find that 

— 1 '>'>3vin"'^ 
1- =1.647x10"'^ ^ L- -3XU)_ 3̂ 5g^ 

/ 

which, when integrated over the audio band becomes 

^ = 1.647x10"'' +1.223x10"'' - £ ^ 1 / / rf/= 8.469x10"'' V ' . (3.59) 

Which ttanslates to an input noise of approximately 920nV, or if we consider that the 

input-referred noise is approximately half for each input stage we get 460nV per stage. 

This noise is a littie more critical to us. At this point, the signal has passed through either 

a second-order integrator or a low-pass filter. In order to minimize the effect of this noise 

we must maximize the signal at this point, which means increasing the gain of the low-

pass filter and the integrator stages equally. This possibiUty has been designed into our 

device as a possible configuration so that we can test this property. 

The final schematic with adjusted dimensions for the process is shown in Figure 

3.24, with device dimensions included for reference. 
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Figure 3.24: Complete Summation/Comparator Circuit 

Table 3.16: Device Dimensions for Summation Comparator Circuit 

Device 

Mi,2,i6,16 

M3,4 

M5.6 

M7,8 

Mg.io 

Mil,15,18 

M12,13,19,20 

Mi4 

M2l,22 

M23,24 

Width 

52.7//m 

150.3 pm 

135.9pm 

221.6pm 

242.4 pm 

40 pm 

20 pm 

40 pm 

4.8 pm 

9.2 pm 

Length 

2.5 pm 

2.5 pm 

2.5 pm 

2pm 

2pm 

2.5 pm 

2.5 pm 

2.5 pm 

2.5 pm 

2 pm 

3.6 Output Latch 

With the summation circuit designed above, we introduce one smaU problem. It 

is no longer assured that our differential signals change state simultaneously. This is a 
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problem because we can no longer guarantee that the common-mode level of our signal is 

correct. This is due to possible mismatches in the inverter stages. We need to inttoduce 

another sttncture to help ensure that the output changes states correctly. For this 

choose a simple latch sttucture, the schematic is shown in Figure 3.25. 
we 

Figure 3.25: Output Locking Schematic 

We again define ttie device sizes to allow for a transition point of 2.5 Volts, with as smaU 

an area as possible to reduce delays. Using CADENCE these sizes are found to be (Table 

3.17). 

Table 3.17: Device Dimensions for Output Latch 

Device Type 

N-MOS 

P-MOS 

Width 

1.2/zm 

2.2 pm 

Length 

2.5 pm 

2pm 

This latch helps ensure a correct common-mode output by forcing the system to change 

the differential signals simultaneously. 

3.7 Loop-Filter Results 

Using all of the blocks defined above we can create our complete loop filter. A 

simple current addition scheme is used to create the summation point at the beginning of 

our filter. This sums the input with the output to create our reference signal. The 12 Volt 
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MOSFET's are again used as resistors because of their high linearity. We find that, if we 

assume our devices are ideal resistors and allow the input to the integrator and low-pass 

filter to have finite impedances we get the schematic shown in Figure 3.26. 

Vi 1' 
R1 

A/\V 

Vi 2 ' 

R2 

AAA-

i—V^A' '-' lnt_op_amp 

VAA LP_op_amp 

Figure 3.26: Input Summation Ideal Schematic 

We know that the input to the two op-amps is a virtual ground node, so the 

devices can be combined. We also assume that the two input impedances (Ri and R2) are 

identical, this gives us (Figure 3.27). 

Vi 1 
Ri 

A /̂  /̂  

- ' \ / \ / \r 

Vi 2 A 

Ri 
-AAA 

V V V 

Vx 
RL 

0 

Figure 3.27: Input Summation Ideal Schematic after SimpUfications 

We then see that the voltage Vx is given by: 

(3.60) 

76 



After simpUfying, we find: 

v.v-(v.+y,) „V^^ =(v.+i/J /?,/?, 

+ /?, R^R.+Rf+R^R, ={yi+y2) 
RL 

2R,+R, 
(3.61) 

If we now assume that, due to the architecture we are using we have thati?^ » /?, we get 

the famiUar result: 

V +V 
V = I - (3.62) 

This means that we must ensure that the impedance we use at the input summation is 

much smaller than the combined input impedances of the first integrator and low-pass 

filter. But we cannot simply make the impedances as low as possible, there is another 

consideration. If we consider non-zero output impedances for our two sources, we get 

the schematic in Figure 3.28. 

V1' 

V2' 

Rsl 

Rs2 

Ri 

'\AA^ 

Vx 

Ri 

RL 

V V V 

Figure 3.28: Input Summation wdth Non-Ideal Sources 

After a similar analysis as that shown above, we arrive at: 
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Vv=V. {R^ + RARi+Rsi+Rr)R, 
•+v . {Rr^RARr^,,+R,)R, 

(/?,. + /?.,)(/?,. + /?, + R^)R^ + R^ + R^^ '- {R,+R^I){R^ + R^^+R[)R^+R^ + R^^ 

(3.63) 

we This reduces to the standard equation only if i?̂ , ̂ ^ « ^, « RL • This means that 

must allow Ri to exist somewhere between these two boundaries for optimal 

performance. This is not an easy task as the input impedance for the first integrator stage 

is a variable; it is defined by the current system configuration. After some considerations 

we decide on a value of 300 m *. Using our equation for converting impedance into a 

device length we find that the devices should be 30.7 pm if the width is 2.5 pm. 

We can now look at an AC sweep of our filter to see if the devices behave 

correctly when all of the components are connected together. We begin by examining the 

ideal case; Figure 3.29 is the Bode plot of the loop filter generated using MATLAB. 
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• i - i " " 

;.;..: 

Figure 3.29: Bode Plot of Ideal Loop-Filter 

' Through simulations in Cadence we find that less error is introduced when the impedance of the 
summation FET's is much larger than the source impedance, even if the impedance is comparable to the 
combined input impedance of the integrator and low-pass filter. 
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The system has a -40dB per decade slope until it reaches the pole frequency of the 

low-pass filter, which is 50 kHz for Figure 3.29; then it has a -20dB per decade slope. 

The phase begins at -180° then changes to - 90° at the pole-frequency. Figure 3.20 

shows the AC response of our circuit. 
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Figure 3.30: Bode-Plot of Real Loop-Filter 

The first thing that we see is that the phase looks nothing Uke the ideal phase, the 

magnimde also seems to differ. We see that the low frequency errors are due to the finite 

DC gain of the integrators, and especially because of the loading effects of the first 

integrator. This causes the initial magnitude to drop at only -20dB per decade instead of -

40dB, it also causes the initial phase to be only - 90°. We then see that the system begins 

to approximate the ideal system at 1 kHz. This is when the first integrator begins to 

behave closer to ideal. Then we have errors again at high frequencies due to extta poles 

and zeros introduces by stray capacitances within our circuit. If we change our model in 

MATLAB to include the finite DC gain, we get a Bode plot that closer resembles that of 

our system. This altered Bode plot is shown in Figure 3.31. 
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Figure 3.31: Ideal Bode Plot with Finite DC Gain in Integrator Stages 

We immediately see that this diagram matches our system output for all 

frequencies below 200 kHz. The errors above this frequency are not as important to us as 

they are far above the audio band. 

3.8 Closed-Loop System Simulation 

To ensure that our design works as expected, we must simulate it in a closed-loop 

configuration. To do this without adding too much processing time to CADENCE, we 

use a simple delay stage as the load for the loop filter. This simulates the delay of the 

power stages that are the acmal load. The output is simply re-connected back to the input 

and our system is simulated accordingly. We begin by looking at a ttansient analysis; 

when our system is operating in a closed loop configuration we expect the output pulse 

ttain to be the time delayed version of the input without error. We can look at the input 

and output after a transient analysis; this is shown in Figure 3.32. 
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Figure 3.32: System Input (bottom) and Output (top) Pulse Trains 

The output is, in fact the time delayed version of the input with few additional 

errors. There is some sort of initial error on the beginning of the conversion from a low 

level to a high level. This is due to the output stage of the comparator; some further 

optimization could be done to help prevent this problem. The next thing we can examine 

is the summation point at the input to the loop filter. This is where the output gets 

subttacted from the input. Ideally, we should have the following waveform. 
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Figure 3.33: Ideal Subtraction Node Output 

We have a series of pulses with a width equal to twice the time delay of our 

system and equal distance from one another (because of a zero DC input). Figure 3.34 

shows the real subttaction node output. 
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Figure 3.34: Real Subtraction Node Output 
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We see that there are several differences in this Figure. We do not have a perfect 

subttaction of our signals. This is due to the errors introduced by the finite output 

impedance of the output of the system and the finite input impedance of the low-pass 

filter and integrator stages. This was discussed in section 3.6. 

Another important signal is the output of the loop filter. Ideally we should have a 

waveform similar to Figure 3.35. 
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Figure 3.35: Ideal Loop Filter Output 

We have very steep slopes with sUght dips at the top and bottom of the pulses. The 

output of our real system is shown in Figure 3.36. 
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Figure 3.36: Real Loop Filter Output 

Our system has a very high frequency ringing that dies out almost immediately; this can 

be seen in more detail if we carefully examine a single pulse. The ideal single pulse and 

real pulse are shown in Figure 3.37. 
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Figure 3.37: Ideal and Real Single Pulse Comparison 
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We see that the slopes of the sides of both pulses are the same, so with the exception of 

the ringing the system behaves similarly to the ideal case. If we search for the cause of 

this ringing we see that the low-pass filter is the source. We can compare the ideal low-

pass output to the real-world to see the differences (Figure 3.38). 
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Figure 3.38: Low-Pass Filter Transient Response Comparison 

Not only is there a ringing in the real output but the slope of the top of the pulses is 

acmally going the wrong way. The reason for this is the non-ideal subttaction. If we re

model our system with a less than unity scaling on the output, we can model this real-

world subttaction. The resulting waveform is shown in Figure 3.39. 
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Figure 3.39: Ideal Low-Pass Transient Response with non-Ideal 
Subtraction Modehng 

This is much closer to the actual waveform. Further work needs to be done to reduce the 

ringing in this stage. Any attempts to add compensation capacitors alter the pole 

frequency, which is unacceptable. 

We can use CADENCE to exttact our closed-loop noise and signal ttansfer 

functions. This is another good test to ensure that our system is behaving correctiy. We 

again compare them to what we expect from our ideal system model. We begin with the 

signal transfer function (Figure 3.40). 
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Figure 3.40: Ideal and Real STF Comparison 
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The real-system drops off from unity at a lower frequency than the ideal. Our 

system has a 3dB point of approximately 40 kHz, this means that all of our audio 

frequencies pass through without attenuation. We also see that the high frequency 

portion is not a simple slope but is affected by the high frequency poles that are added 

because of device properties. We can now look at the NTF which is shown in Figure 

3.41. 
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Figure 3.41: Ideal and Real NFT Comparison 

Here we have that the low-frequency errors are due to the finite DC gain of the integrator 

stages and the high-frequency errors are again due to the device properties at high 

frequencies. We are able to get good suppression for any errors within the audio band. 

The final two tests that we perform are the measurement of the output noise, and the 

closed loop system Unearity. These two tests are both completed using SPECTRE within 

CADENCE. The periodic steady state analysis tool is used to find both of these 

quantities. We first examine the output noise; this is given in Figure 3.42: 
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Figure 3.42: Closed-Loop Output Noise 

The output noise level is approximately 10 pV throughout the audio band. This is a 

tolerable error considering that our output is a full swing pulse waveform. This test was 

done with an input waveform that had a 50% duty cycle. The signal represents a 2.5 Volt 

(analog ground) input. 

The final confirmation we make is the Unearity of the device. We again use the 

periodic steady state analysis, but this time we sweep through several input DC voltages. 

We then look at the DC component of the output and plot it versus the input vohage, if 

the system has a high linearity the Une wiU be exttemely sttaight. The resuh is shown in 

Figure 3.43. 
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Figure 3.43: Vout versus Vin for the Closed Loop System 

This means that the Unearity of the device is exttemely good. This is, in large part 

due to the optimization of the integrator gain. 

3.9 Summary 

We have now fully defined and tested our loop-filter schematic. We have seen 

the advantages of the proposed implementations as well as some of the areas that require 

attention. We have used the theoretical models developed in Chapter 2 as the basis for 

our design; we then tested the vahdity of these models using the CADENCE simulation 

environment. Some ideas for improvements have been presented; these will be 

expounded in Chapter 5. Finally we tested the full schematic in a closed loop real-world 

implementation and saw the results. We will next explore the Layout of the devices. 
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CHAPTER 4 

LAYOUT CONSIDERATIONS 

For this device the TI standard LBC5 triple metal layer process was chosen. This 

process was picked for its ability to incorporate both high power devices and smaller 

analog circuitty onto a single die. This is exactiy what we need, as we would like to 

simply attach our loop filter to an altered power stage to enhance the devices 

performance. We will look at the layout of each major component and address any 

concerns or topics of interest that arise. 

The layouts were completed using the standard CADENCE Virtuoso 

environment. All interconnections were made manually, the automated place and route 

features were not utilized due to lack of famiUarity with the program. 

4.1 Integrators 

We begin our explanation with the integrator op-amp as described in section 

3.3.1. The layout of this device is shown in Figure 4.1. 
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Figure 4.1: Integrator Op-Amp Layout 

We can see that the device is dominated by the compensation capacitors and the 

large p-type output devices; this was done to increase the gain of the device. The total 

area of this device is 0.0308nun^; Some further optimization can be done in the 

placement of devices to help decrease this area. One good idea would be to alter the 

shape of the compensation capacitors to fill some of the voids between devices. This can 

be accompUshed using the arbittary capacitor automated tool within the layout editor. 

For the integrator we need to add the required FET's that act as resistors, as well 

as the feedback capacitors. The capacitor however, is not a sttaightforward addition; the 

stacked metal capacitor that we would Uke to use is not a standard device within the lbc5 

device library. This means that the layout must be created manually for each size 

capacitor that we want. The layout procedure for this is left for section 4.4, now we look 

at the integrator with only the FET resistors and without capacitors. This is shown in 

Figure 4.2 for each stage. 
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Figure 4.2: Layout of Integrator Stages without Feedback Capacitors 

The integrators are still dominated by the compensation capacitors and the output 

stages, even with the addition of the resistor FET devices. Once the capacitors are added 

this is no longer the case, each capacitor is far larger than the above devices . The first 

and second integrators, without capacitors are 0.0414nim and 0.0399mm", respectively. 

Again there is room for improvement for the unused die area; we can spend some time on 

these devices to help reduce their sizes. 

4.2 Low-Pass Filter 

The next component is the low-pass filter stage. We again first look at the layout 

of the op-amp used in our design. This device is described in section 3.4.1, and is shown 

in Figure 4.3. 

• We saw in section 3.2.2 that the feedback capacitors used in our design were much larger than 

required from a noise perspective. 

92 



Figure 4.3: Layout of Low-Pass Filter Op-Amp 

Due to the different structure used in the design of this device we see that the area is only 

0.0045nim^, and is not dominated by any single set of components. The small size of the 

capacitors (C=l 15fF) is the minimum aUowed for the DNWELL-Poly capacitor in this 

process. This means that they are at the minimum allowable dimensions and cannot be 

altered to fit into any void space. Because of this the size of this device is at its minimum 

possible value without completely resttucturing the location of the devices. 

Now we look at the low-pass filter, again the capacitors are left for a later section 

so they can be covered in greater detail. 
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Figure 4.4: Layout of Low-Pass Filter 

The area of the low-pass filter is 0.008mm^; we again see that this can probably be 

lowered with better device placement. This is where the automatic place and route 

features prove most useful. The program should be able to find a more optimal placing 

of the devices to decrease the needed die area. The next version of this device should 

take advantage of this software feature to minimize the required area of component'̂ . For 

this component we see that the FET resistor devices occupy almost as much area as eh 

acmal op-amp. This is due to the small size of the amphfier compare to that of the 

integrator device. 

4.3 Summation/Comparator 

The layout created for the summation/comparator device, as described in section 

3.5 is shown in Figure 4.5: 

' Further die size optimization can be accomphshed by evaluating the trade off between required 
capacitor and resistor sizes with the device parameters (K|, K2, and p). 
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Figure 4.5: Layout of Summation Comparator Device 

Here we see that the largest devices are at the output stage, giving us an area of 

0.014mm'. We should now address the concern of the high switching rate of the output 

invertors. It is imperative to ensure that aU of the metal hues after the output stage of the 

summation ampUfier remain as short as possible. If any of these lines gets too long they 

can act as an antenna, sending and receiving signals to other parts of the device. This is 

not a huge concern because we are dealing with very low-power signals. We only have a 

5 Volt supply and current in the micro-amps, this means that the hues will not ttansmit 

well but they can still receive. When we are able to implement the loop-filter on the 

same die as the power stage, special precautions must be taken to ensure that all of our 

lines do not couple to the output in this manner. This is left for future analysis and 

design. 

Along with the summation and comparator device we can also quickly examine 

the output latch device described in section 3.6. This is given as: 
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Figure 4.6: Layout of Output Latch 

This is a very simple layout and adds virtually no area to the complete device. AU 

devices are placed at a minimum distance from each other for optimal die-area. 

4.4 Stacked Poly-Metal 1-Metal2-Metal3 Capacitors 

The stacked capacitors are implemented exactly as their name indicates. They are 

made from three capacitors in parallel, which in the layout is stacked on top of one 

another with some interconnection in the appropriate places. The basic idea behind this 

is demonsttated below (Figure 4.7). 

Figure 4.7: Stacked Capacitor Plate Connection Configuration 
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We can see that through our plate interconnection we are left with a two-terminal device. 

The poly should be considered the negative plate and tied to ground whenever possible; 

this minimizes the effects of the large parasitic capacitance between it and the substrate. 

To create the layouts for the different sized capacitors we must use the layouts for the 

three appropriate sized individual capacitors then place them on top of each other and 

connect them accordingly. This is how the 5pF capacitor used for the second stage 

integrator was created. The lOpF capacitors used for the first stage integrator and low-

pass filter have one additional consttaint. Due to their large area (at 0.164 fF /pm' a 

lOpF capacitor is approximately 61000//m"), there will be errors induced by process 

deviations. It is possible to minimize these effects by breaking up the capacitor into 

several smaller devices and cross connecting them intelUgently. We decide to use four 

2.5pF devices connected in the following manner: 

V1 O O V2 

Figure 4.8: Cross CoupUng of Stacked Capacitors for Process 
Deviation Error Minimization 

hi Figure 4.8, the p marks the portion of the stacked capacitor that contains die poly level. 

The cross-coupUng removes the abiUty to connect all of these to ground. 
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4.5 Loop-Filter 

By combining all of the previous layouts, including capacitors, and connecting 

Uiem accordingly we can arrive at the complete loop-filter layout. This is shown 

Figure 4.9. 
in 

Figure 4.9: Layout of Loop-Filter 

We see that the layout, with a total area of 0.6mm^ is mostly capacitors. Due to the error 

analysis in Appendix C, we now know that these capacitors can be much smaller than 

what they are here, this will greatly reduce the area required for the device, possibly to as 

low as 0.3mm^ without any other optimizations. The four devices are placed such that 

their interconnect distance is minimized. 
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4.6 ESD Requirements 

Before we can connect our device to the outside worid we must ensure that it is 

protected against any electrical shock that it might encounter. To this end we must 

include several devices for the purpose of protecting the circuitry that we have created. 

There are many of these ESD protection devices included within the lbc5 process; Texas 

Instruments provides a complete documentation package to explain the rules and 

guideUnes for using these standard cells*. After the protection circuitry has been chosen^ 

we can implement the devices underneath our bond-pads. This is a very nice feature of 

our process because it allows us to conserve die area by reusing the space underneath the 

copper pads. Once all of the protection circuitry has been placed and the wiring has been 

completed our layout is complete. We then must use some layout verification program to 

ensure that our extracted netUst matches the schematic that we created. This was done 

using the ASSURA LVS (layout versus schematic) program within the CADENCE 

environment. Om final layout is shown in Figure 4.10. 

'The process guideUnes are for a general CMOS process. The document can be obtained fi-om 

http://wwwl.itg.ti.com/esd_council/ . L • • . t^^n^r. ^^lu f^r-
^ Assistance was obtained from the TI ESD Lab Team m choosing appropnate protection cells for 

this design. 
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Figure 4.10: Complete Loop-Filter Test Die 

4.7 Parasitic Analysis 

To ensure that the operation of our device will be close to what is expected from 

simulations we must check the parasitics that arise from real world layout considerations. 

We again use the ASSURA program within CADENCE, but this time we use the RCX 

(resistance and capacitance exttaction) program to exttact all of the parasitic resistances 

and capacitances from our layout. We can then either create a SPICE netlist with these 

values included, or back-annotate them onto a layout to see where they occur. Another 

nice feamre of this program is that after our parasitics are exttacted we can check specific 

nets within our schematic. For example, we can check the wire that connects the positive 

output of the low-pass filter to the input of the comparator. The output of the program is 

given in Figure 4.11. 
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Figure 4.11: ASSURA Parasitic Probe Example 

Here we see that this particular wire has a parasitic capacitance of 37fF and a 

parasitic resistance of 30.4 Q. These are completely acceptable values as they will cause 

very negUgible differences. The program also shows us what net the parasitics are 

between, usually ground for capacitors and the same net for resistors. Following this 

procedure we can look at all sensitive Unes to ensure that they are within our tolerances. 

We can also generate a Ust of all parasitics within our device and sort them by size to find 

where the main errors will be. Examining the overall list and several of the signal Unes 

which are most susceptible to errors, we find that our layout is acceptable. All parasitics 

are within a tolerable range. To ensure that this is correct further analysis should be 

completed using the SPICE file that was exttacted in the same tests that were described in 

section 3.7 . 

4.8 Summary 

We have now examined the process behind creating and verifying the layout for 

our loop-filter device. The complete die layout has been examined and parasitic 

parameters have been found to ensure the device behavior wiUi real worid effects. There 

' These tests were not completed due to a lack of famiUarity with the simulation tools and the short 
time frame of the project. Future versions of this device should include these tests for a better prediction of 
real-world operation. 
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have been suggestions for future work to decrease the die size along with ideas for 

optimization of various parameters. 
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CHAPTER 5 

CONCLUSION 

We have now seen the theory and design required for the loop-filter that is to be 

used to reduce the errors inttoduced when we change from a full H-bridge output power 

stage to a half-bridge. Simulations have been examined that verify our theoretical models 

and give us confidence in the schematic design used. Our layout has been completed, 

witii a final die area of 0.6nim-. This is slightly larger than the two output FET devices 

that we removed in our conversion which have a combined area of approximately 

0.4mm" . We saw that our area could be reduced to as low a value as 0.3mm~ by 

reducing the main capacitors used. This would be advantageous because our final area 

would be less tiian the two output devices; this excludes the additional area that is added 

due to gate driver circuitry. The result is that our solution will, after some revisions, 

achieve the goal of a smaller die area. According to our simulations it should also be able 

to suppress the additional noise sufficiently; this however is still not proven. A complete 

device needs to be created and tested to verify this. 

There are several places where obvious improvements can be made to our device. 

For a second version of this loop-filter, the following improvements should be included: 

1. The capacitors used in the integrator stages and the low-pass filter should be 

much smaller, according to the analysis in Appendix C. 

2. The impedance used at the initial summation for the loop-filter input should be 

examined. Due to finite input and output impedances of our various stages a non-

ideal subtraction resuhs. Better overall system performance can be achieved by 

re-evaluating various impedances throughout the device. 

3. Further optimizations concerning the RC values for the three stages should be 

made to help reduce the die area 

4. The input impedance of the second integrator should be increased by as much as 

possible to improve the response of the first integrator. 

Based on current TI power stage output devices 
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5. Simulations should be mn using the extracted parasitic values to create a better 

'real-world' model. 

6. The low-pass filter stage should be examined to give a better performance at 

higher frequencies. 

7. More theoretical analysis of the system must be done to get a better understanding 

of the system with added noise. This is a much more detailed analysis but the 

results would create a more robust system. 

It is the opinion of the author that the proposed system with loop filter will be an 

exttemely good replacement to the current H-bridge power output devices. With some 

additional modifications and theoretical analysis, a very robust and extremely attractive 

device can be created at a lower price both for manufacturers and consumers. 
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APPENDIX A 

FOURIER ANALYSIS OF PWM WAVEFORM WIIH ADDHTV^E NOISE 

From Figure 2.13 we find the new switching time due to error is given 

mathematically as 

' • • " ' - - , ' • 
(Al) 

The term b is the slope of the signal waveform. Using the above semp, we see that the 

first Fourier term will be 

1 r. 

s 2 

(A.2) 

We have for the output with error: 

/.W= 
-1 if —^<t<t^^, 

1 if tj,<t<t^^, 

-1 if t^,,<t<'^ 

(A.3) 

This gives us the equation 

«.o = 
2_ 

T 

t{-i)dt+t-{i)dt+h-i)dt = 4 hel hel ^ 

T 2 
(A.4) 

Expanding the tse terms gives us 
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« c 0 = 4 
b. b, 

(A.5) 

In an ideal situation bi = -bi = b, this gives us 

a.. = 4 
t,^-t,, 1 2E 

+ . r. 2 bT, 
(A.6) 

If we now look at the case of zero input we have that?^, = -t^^ = — ,̂ this now gives us 

o, = 4 
Tl sV?}_}_ 2E 

T 2 bT 

8E_ 

bT 
(A.7) 

From our definition of our loop filter above we can see that our slope is dominated by 

2K2P, using this and changing the sample period to the sample frequency gives us that 

«.o = 
K,p 

(A.8) 

We can now divide our DC output by the quantizer input to get the gain 

K„ 
qe 

aeo ^ ^fs 
E K^p 

(A.9) 
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APPENDK B 

FOURIER ANALYSIS OF LOOP-FILTER INPUT 

Figure 2.14 can be expressed mathematicaUy as: 

it) = 

-T 
- A for — - <t<t. 

2 
A for ti<t < f, 

f 
-A for t,<t<-^ 

(B.l) 

We then see that the Fourier coefficients will be given by: 

«o = • l{-A)dt+]{A)dt+]{-A)dt (B.2) 

«o = 
4A 

T 
t^-t,--r 

(B.3) 

a„ = — 
^2«;zrV %,.. (2nm 

f (- A)cos i ^ \dt + f(A)cos ^ dt + J(- A)cos 
2n7tt 

dt (B.4) 

a„ =—[sin{n(JDj,)-sm{ncoji)] (B.5) 

K=Y 
2nm], '\r ,\ •(2nm 2n7U 

dt 

b,, = — [cos(nft)/,) - cos(n6>/2)] 

(B.6) 

(B.7) 
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In the above equations we note that io^ is the sample frequency of the PWM wave 

in radians/second. We now see that after some simplifications our waveform can be 

given by 

.v(0 = ^ 
7t 

°° '^A 
+ XMsin(/ift>,(r2 -t))-sm{no)^{t, -t))]. (B.8) 

This is a very general equation for our waveform. We see that in order to extract any 

information from it we must put it in a more useful form. To do this we look at a specific 

type of PWM, the symmetric PWM. This type is created when the pulses are centered 

about the middle of the sample period. When we define our waveform as this type of 

PWM we get the following modifications: 

^ (B.9) 
t, =^m{t). 

The m(t) portion is the time dependant modulation index of the waveform. The 

modulation index is the percentage of the period in which the pulse is at the positive 

ampUttide. Thus if the waveform is high for half of the time, the modulation index would 

be 0.5. We will also normaUze by setting the amphtude to 1 to help sunpUfy the 

equations. Using the above definitions, we get: 

ao = 2 ( 2 . ( 0 - 1 ) (^-10) 

±.;r.(^n^(A) (B.ll) 

(B.12) 

a„ =—sm{nmn{t)) 
nTt 

b„=0. 

Thus, we now have 
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x{t)^{2m{t)-[) + y]—sin(;T;zm(r))cos(72<y/). (B.13) 

We can look further into the equation if we realize that m(t) will be a sinusoid for our 

particular purposes. This is our audio waveform information that was encoded within the 

PWM wave. We will redefine m(t) to be 

/ s A sin(&>/)-i-l 
(B.14) 

Ax and co^ are the amphtude and frequency of the input to the PWM converter, 

respectively. This gives us 

°° 4 
x{t)= A^ sin(<w^r)+y'—sin nTT 

A^sin(£y/)-l 
cos {ncoj). (B.15) 

This means that our output, given the above assumptions, will be given by 

yit) = x{t-t:)+E{t-t:)=A^sm{(0^{t-t:))+ 

> — s i n n7C-
A^sm{Q}^{t-tl))-l 

cos{n(oXt-t'J)+E{ty 
(B.l 6) 

Here we have defined / ' as the delay of the switching time from the input to the output. 

We can next look at the subttaction point to find the reference signal, which is the loop-

filter input. This is seen to be 

u{t) = x{t)-y{t) (B.ll) 
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u{t) = A^ [sin(£y/)- sin(«, {t -1[ ))]+ 

-f. 4 r . r A^sin(cot)-\ 
> — sin nn-^ ^— -̂-— 
t'lnTtl y 2 
-E{t) 

After much algebra we find: 

cos(«<y/)-sin f A,.sin(a>,(?-0)-l^ nn^ —̂̂!-̂  '—— cos{no}Xt-t',)) 

(B.18) 

u{t) - 2A, sin 
V 2 ; cos ( » / ) 

-Z sin 
^z;r^ 

nn \ 2 J 

f \ 

•^o(^Jsin(7ify^/')sin ^ 

+ Z A(AJsin(^,;?')sin 6 ) - ^ +s in (< r ' ) s i n6 ; , ; ^ 
lt=2,OTcn V V - / \ ^ J J 

+ COS 
^ j ; r ^ 

V 2 J 

(B.19) 

X 7, (A, )fcosfc/)sin[^6;-, ^ j - cos(<,r')sin[^6;:, | j j - E( / ) 

We have made the following simpUfications: 

t =t-t] 

(otk =nO)^±kco^ 

B = " ^ ^ 
' 2 

7, w ?/ie Bessel function 

(B.20) 
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APPENDIX C 

NOISE ANALYSIS OF LOOP-FILTER 

We first will find the maximum RC value that we can have for the first integrator 

stage, if we assume that our output is bounded by ± 1 then our maximum pulse amplittide 

must be contained within this bound. Our maximum clean pulse level is given by the 

summation of the standard pulse with the superimposed audio frequency signal the gets 

passed through (this is described in detail in section 2.8). We see then that our maximum 

signal is given by 

2K,pt,+K,-A„ 
K 

sin CO — 
max _ 

<1. (C.l) 

We have that Amax is the maximum amphtude of the input waveform before conversion 

to a PWM signal and comax is the maximum frequency of that signal. Rearranging the 

equation gives us 

p< 
2K4 I'-d L 

1 - ^ 2 - A « a x sin 
n 

0).^ 
td (C.2) 

The maximum allowable ampUtude was found to be A,^ =\-4tj f^ 

P^ 
2K4, 

2 

n 
4/„ 

v^. 

/ 
sin 

\ 
(^msx — 

(C.3) 

We know that the maximum input frequency is the highest audible frequency which is 20 

kHz, this multipUed with the time delay wiU be much less than one; this means we can 

approximate using sin(.x) ~ x. We then have 
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sis. J J (C.4) 

We then use the optimal distortion result and assume that the gain K, will be distributed 

evenly between the two integrator stages. This gives us 

K, = K.p-

Gsi = yl^i = ̂ jK^p . 

(C.5) 

(C.6) 

Now we apply the above inequality and the same assumptions to find 

G.,<V^' 
'^K t 

2f^-{l-4fj,) (C.l) 

Because of our architecture we find that the gain is determined by the inverse RC 

product. We now see that 

RC> 
2-4Kl-t, 

G^, \-4K,tJ^^{\-4fj,) 
(C.8) 

We can further simpUfy this by seeing that because our time delay wiU be on the order of 

20 nanoseconds and our highest input frequency will be 20 kHz we get 

\-4KjJ^S^-4fj,)«\. (C.9) 

This gives us 
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2t. 
R > 

y[K7 

c 
(CIO) 
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