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ABSTRACT

Digital controllers have become an attractive choice in DC-DC converter as
they have a number of potential advantages which include lower sensitivity to
parameter variations, programmability, improvement in dynamic response by
incorporating advanced control algorithm, auto tuning and communication
capability. Most of the digital controllers are based on conventional architectures
where Analog to Digital Converters (ADC) are used to digitize the converter state
variables. A digital control algorithm estimates the duty cycle, which is given to a
Digital Pulse Width Modulator (DPWM) to generate the Pulse Width Modulated
(PWM) waveform. To achieve better regulation of the output voltage, a high speed
and high resolution ADC is required to sample the output voltage at PWM
switching frequency. Furthermore, the resolution of DPWM should be greater than
that of the ADC to avoid undesirable quantization effects such as limit cycle
oscillation. The design platforms for the digital controller are FPGAs, ASICs and
DSP Processors. But there are practical limitations to the implementation of a power
and area efficient ASIC. Hence, different methods to realize high speed, high
resolution ADC and DPWM have been reported. But all the earlier reported work
has its own drawback. However, no detailed studies are reported that implements a
digital controller with low resolution ADC and DPWM as it may lead to limit cycle
oscillation.

In the thesis, investigation was carried out to reduce the limit cycle
oscillation due to low resolution ADC and DPWM. Thus the thesis primarily
focuses on a reduced state, computationally efficient Kalman filter for reducing the
limit cycle oscillation due to low resolution ADC. The thesis also focuses on a
scheme to use low resolution DPWM with no limit cycle oscillation. Significant
attempts were made to improve the conducted emissions from the converter, apart

from improving the effective resolution.

The contribution of the thesis is summarized as given below.
) A reduced state Kalman filter is proposed to reduce the limit cycle

oscillations caused by low resolution ADCs in digitally controlled DC-

Vi



1)

1)

DC converter. The reduction in state of the converter has facilitated the
minimization of the clock cycle required for computation. This has been
achieved by reducing the vector states of converter to scalar state with
Kalman gain computed offline.

A novel method for the reduction in limit cycle oscillation due to low
resolution DPWM by combining the advantages of sigma delta
modulation scheme and frequency modulation of switching frequency
has been proposed. In this work, the correction of quantization error
due to low resolution DPWM is accomplished by changing the
switching frequency. The error due to the quantization of DPWM is
accumulated for few clock cycles and the switching frequency is
adjusted in the last cycle such that the duty ratio changes by the number
of LSBs corresponding to the quantization error. The quantization error
correction increases the effective resolution of DPWM thereby reducing
the ripple due to limit cycle oscillations. Further, it also reduces the
conducted electromagnetic emissions.

A most appropriate design for the digital controller by using low
resolution ADC (6-bit) and DPWM (7-bit) by combining the reduced
state Kalman filter and quantization error correction has been proposed.
The reduced state Kalman filter gives the optimal output voltage from
the noisy measurement from low resolution ADC and the quantization

error correction increases the effective resolution of DPWM.
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CHAPTER 1

Introduction

A DC-DC converter is a circuit that converts an unregulated DC input to a
regulated DC output at a desired voltage level. They provide a regulated output
voltage that remains stable independent of the variation in the input voltage, load
current, temperature and time. DC-DC converters are employed in a variety of
applications, including power supplies for personal computers, office equipment,
spacecraft power systems, telecommunications equipment and DC motor drives. In
aerospace applications, these are used extensively to power the various Avionics
packages from raw unregulated battery.

This chapter briefly describes the background and motivation of the thesis
and gives an outline of the chapters that follow. The overview of switched mode
DC-DC converters are briefly reviewed in Section 1.1. The operating principle of
buck converter is given in Section 1.2. The standard analog control architecture for
switched mode DC-DC converters is presented in Section 1.3. Benefits of digital
control in switched mode DC-DC converters are discussed in Section 1.3. An

outline of the thesis is given in Section 1.4.
1.1 Overview of switched mode DC- DC converters

There are two types of DC-DC converter namely linear regulators and
switched mode power supplies. The linear regulators operate the power transistors
in the linear mode. The limitations of the linear regulator are that they are not energy
efficient, require bulky heat sink and can only step down the voltage level. In
contrast to linear regulators, switched mode DC-DC converters use power

semiconductor devices in either the on state or the off state and are highly efficient.

A switched mode DC-DC converter consist of two stages namely power
stage and the control stage. The power stage makes the energy conversion while the

control stage controls power switches to obtain the desired regulated output voltage.



The output regulation is achieved by Pulse Width Modulation (PWM), where the
power switch is commuted at a constant frequency but varying duty cycle. Based
on the power stage, switched mode DC-DC converter can be broadly classified into
isolated and non-isolated topology. Four commonly used topologies for non-
isolated switched mode DC-DC converter are expressed in terms of conversion ratio

and are illustrated in Figure 1.1.

For a DC-DC converter, the conversion ratio is defined as the ratio of output

voltage, V,, to input voltage, V;, and is given as

M(D) =% (1.1)

A brief description of the four topologies is presented below:

1) Buck Converter: This topology derives a low voltage from the input DC voltage

and has conversion ratio M(D) = D, where D is the duty ratio.

2) Boost Converter: In this topology the positions of the switch and inductor are
interchanged. This converter produces an output voltage that is greater in magnitude

1

than the input voltage. Its conversion ratio is given by, M(D) = P

3) Buck-Boost Converter: In the buck-boost converter, the switch alternately
connects the inductor across the power input and output voltages. This converter
inverts the polarity of the voltage, and can either increase or decrease the voltage

magnitude. The conversion ratio is given by, M(D) = %.

4) Cuk Converter: The Cuk converter contains inductors in series with the converter
input and output ports. The switch network alternately connects a capacitor to the
input and output inductors. The conversion ratio is identical to that of the buck-
boost converter. Hence, this converter also inverts the voltage polarity and can
either increase or decrease the voltage magnitude. This has lower ripple compared

to buck-boost.
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Figure 1.1: Basic non-isolated converter topologies

In the above topologies, the switch is realized using a power MOSFET or
BJT. However, in most of the practical applications, isolation is required for the
DC-DC converters. The most widely used isolated topologies are the flyback,
forward, push-pull, half-bridge and full-bridge converters. The details of the
isolated topologies are not dealt as the thesis basically uses the buck topology for

the research.

1.2 Operating principle of buck converter

The configuration of buck converter is given in Figure 1.2. V;, is the input
voltage, which can be supplied by batteries, DC bus, or other DC voltage sources.
The switch that is connected between the input source and the inductor L is called
the “main switch” (S1) and is usually implemented with a power MOSFET. The
other switch is connected between the inductor L and the ground terminal. It can be
implemented with either a power MOSFET (synchronous rectifier, S2) or a free-
wheeling diode (asynchronous rectifier). S1 and S2 turn on alternatively within
each switching period T, with a switching frequency, f,, = 1/Ts. The common
node in between the S1, S2 switches and inductor L is called the switching node,

which is denoted as V.
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Figure 1.2: Configuration of buck converter [74]

Basic steady state voltage and current waveforms of a conventional buck
converter under Continuous Conduction Mode (CCM) are as shown in Figure 1.3.
Within each switching period T, the percentage of time when the switch S1 is on,
while S2 is off is denoted as the duty cycle D. On the other hand, the percentage of
time when S1 is off, while S2 is on is generally denoted as D’ or 1 — D. When the
S1 switch is on, the switching node Vy is pulled to V;,. The voltage across the

inductor is Vi, — V,, and the current iy, (t) in the inductor ramps up with a slew rate

of kp, where kp = Vin_Lvout. When S1 is off, the switching node V, is pulled to

ground. The current i;, (t) in the inductor ramps down with a slew rate of kp,, where

—Vout
L

le =

The ripple current of the inductor, Ai;, is defined as the peak to peak

variation of iy (t), which is determined by (1.2)

Vx(1) S1 OFF
Vin S2 ON
1 Y -

IL(?)

Figure 1.3: Steady State waveforms of buck converter in CCM [74]



(Vi _Vout)DTs — (Vi _Vout)D (1-2)

AIL = KDDTS = L Lfs

A good estimate on the ripple current of the inductor is 10 % of the maximum load
current. In order to operate the buck converter in CCM, the value of the inductor
should be equal to or greater than

L = Vout (Vin - Vout) (13)
AiLfsVin

The maximum current through the main switch is given by
Aiy, 1.4
Isw(max) = - l10ad (Max) (14
Under steady state, the value of the inductor current is the same at the beginning
and end of the each switching cycle. This phenomenon is called “inductor voltage
second balance”. Based on this the relationship between the input voltage and

output voltage is given by

KpDTs = Kp/D'Ty (1.5)

(Vi - Vout)DTs _ VoutDITs (1-6)
L L

Vout = VinD (1.7

The output capacitor is selected based on the ripple voltage, AV, and is given by

Aiy, (1.8)

Cout(min) = SFAV
S out

In a DC-DC converter application, it is desired to obtain a constant output voltage
in spite of disturbances in input voltage and load current. A negative feedback for
control is used that automatically adjusts the duty cycle as needed to obtain the
desired output voltage with high accuracy, regardless of variation in input and load.
The traditional approach for controllers of DC-DC converters is based on duty ratio
adjustment and uses analog implementation schemes. A block diagram of a DC-DC
converter with analog feedback system is shown in Figure 1.4. The output voltage
is scaled down with the transfer function, H(s). The scaled down output voltage is

compared with a stable voltage reference, v..¢. The error between the scaled down



output voltage and the reference is given to a compensator and it makes the output
voltage regulated around reference voltage. The output of the compensator is
compared with a ramp to generate the PWM signal that drives the gate of the
MOSFET. Analog control techniques offer robust control, but suffer from serious
limitations such as sensitivity to noise and temperature change. But over the past
number of years, digitally controlled techniques have received increased research
attention. Hence this thesis deals with digitally controlled DC-DC Converter.

Power Swifching converter Load
2 :
dr L LT
i load
.- | ——
Ve (_) y % —
' Y
{ Sensor
P = H(s) gaimn
!
Transistor £ Enor
gate driver 7 signal
Pulse-width| V. ¥
0 4 G

modulator [

Compensaror
Reference
input

Figure 1.4: Block diagram of buck DC- DC converter using analog controller [75]

1.3 Digital controllers for DC- DC converters

Digital control of high frequency DC-DC converter has been shown to
provide many possible benefits, including improved immunity to noise and
parameter variations, reduction in the number of external components, real time
programmability, ability to implement sophisticated control schemes and
integration of advanced features such as adaptive tuning, system diagnosis and
health monitoring. Switching power converters are powerful sources of Electro
Magnetic Interferences (EMI) because of the large di/dt and dv/dt. EMI mitigation

techniques can be easily incorporated in digitally controlled DC-DC converter.



Most of the digital controllers are based on conventional architectures where ADCs
are used to digitize the converter state variables and a digital control algorithm
determines the duty cycle, which drives the DPWM. Figure 1.5 shows the block
diagram of a digitally controlled PWM DC-DC converter. In a digitally controlled
DC-DC converter, the sensed output voltage is digitized using ADC and is then
compared with the reference signal. The error signal, which is the difference
between the output of ADC and the reference signal is given to a digital
compensator. The discrete time compensator computes the digital duty cycle
command and a DPWM outputs the gate drive pulses at the desired switching

frequency based on the digital duty cycle command.

ll| } »| Switched-Mode PWM T"“”(E H Vsens(D)
DC-DC Converter N

0 '
nJ
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| Digital Controller
|
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| — DPWM Digital Compensator
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Figure 1.5: Block diagram of digitally controlled DC-DC converter

Although much research is being carried out in this field, there are many
limitations to the practical implementation of digitally controlled DC-DC converter.
Normally, analog control provides fine resolution of output voltages, which is only
limited by the loop gain and noise levels. However, a digital controller has a finite
set of discrete levels due to the quantization of ADC and the DPWM in the digital
control loop. Thus the quantization of ADC and DPWM is critical to both the static
and dynamic performance of the DC- DC Converter. In order to achieve tight
regulation of the output voltage, a high resolution ADC is required. Also the ADC
should be sampled at the rate equal to the switching frequency. ADCs with low
latency are desirable, since the latency causes a phase shift into the loop that may

degrade the system response.



Moreover, to get finer control of duty cycle, a high resolution, high
frequency DPWM is required. The discrete set of duty ratios and ultimately the
discrete set of achievable output voltages depend on the resolution of DPWM. If
the DPWM resolution is not sufficiently high, an undesirable limit cycle oscillation
can occur. In limit cycle oscillations, the output goes into an oscillation of fixed
amplitude and frequency. Steady state limit cycle may be undesirable if it leads to
a large ripple in output voltage. Furthermore, since the limit cycle amplitude and
frequency are hard to predict, it is difficult to analyze and compensate for the output

noise and the EMI produced by the converter.
1.4 Motivation

Based on the explanation provided in the previous section, it is clear that
digital controller has limitations when compared to analog controller for power
converters. A complete analog system is simpler than implementing high speed,
high resolution ADC and DPWM. Moreover, in digital control, the control
algorithms have to be realized by software in DSP or FPGA/ASIC in fixed point
algorithmic calculation. Thus the ASIC implementations should invariably
integrate fast, high resolution ADC and DPWM apart from the digital control
hardware which results in increase of overall area and power consumption.
Accuracy comparable to analog controllers is achieved only by means of sufficient
bit resolution and/or dedicated signal processing provisions. Hence the design of
ASIC, for digital control, with analog like performances in terms of dynamic

capabilities, area and power consumption is still a challenging issue.

Hence the motivation of this thesis is to simplify the requirements on the
resolution of ADC and DPWM in high frequency digitally controlled DC-DC
converter through suitable signal processing methods without sacrificing output
accuracy. While simplifying the requirements of ADC and DPWM it is very
essential that the performance of the converter should not be affected. It is evident
that low resolution ADC and DPWM will cause limit cycle oscillations. Hence
studies are carried out to reduce the limit cycle oscillation caused by low resolution
ADC, DPWM and to arrive at the most appropriate configuration for high frequency
digitally controlled DC-DC converter.



1.5 Thesis overview

Chapter 2 gives an overview of the research work carried out in the area of
digitally controlled DC-DC converter. The literature survey includes the different

architectures of ADC, DPWM, control schemes and EMI mitigation schemes.

The main goal of this thesis is to explore methods to reduce the limit cycle
oscillation caused by low resolution ADC and DPWM in digitally controlled DC-
DC converter. The research work presented in the thesis consists of three parts. In
the first part, a reduced state Kalman filter is proposed to reduce the limit cycle
oscillations caused by low resolution ADCs in digitally controlled DC-DC
Converter. The reduction in the vector state of the converter to scalar state has
facilitated the minimization of the clock cycle required for computation. Moreover,

the Kalman gain has been computed offline thereby reducing the computation time.

Chapter 3 focuses on the proposed reduced state Kalman filter and how the
vector state of the converter has been reduced to scalar state. The offline
computation of the Kalman gain is also given. The modeling of the converter with
the reduced state Kalman filter, using MATLAB, is also presented. The simulation
results are also presented. The scheme was practically implemented and the design
using DSP processor is also presented. An experimental prototype is built using

surface mount devices and the results are explained.

In the second part of the thesis, a method for the reduction in limit cycle
oscillation due to low resolution DPWM by combining the advantages of sigma
delta modulation scheme and frequency modulation of switching frequency is
carried out. In this work, the correction of quantization error due to low resolution
DPWM is accomplished by changing the switching frequency. The error due to the
quantization of DPWM was accumulated for few clock cycles and the switching
frequency was adjusted in the last cycle such that the duty ratio changes by the
number of LSBs corresponding to the quantization error. The quantization error
correction increases the effective resolution of DPWM thereby reducing the ripple

due to limit cycle oscillation.



Chapter 4 focuses on the proposed scheme that increases the effective
resolution of DPWM thereby reducing the limit cycle oscillation by adjusting the
switching frequency. The modeling of the converter, using MATLAB, and the
simulation results are also presented. Further the design and implementation using

DSP processor is presented.

In the third part of the thesis, both the above mentioned schemes are
combined to achieve better performance with low resolution ADC and DPWM. The
most appropriate configuration of the digitally controlled DC-DC converter with
low resolution ADC and DPWM is presented in chapter 5. The simulation and

experimental results are also presented.

Finally, in Chapter 6, the conclusion and future scope of the research topics

is presented.

10



CHAPTER 2

Literature Survey

This chapter gives a survey of the research work carried out in the area of
digitally controlled DC-DC converter. As mentioned earlier, to achieve tight
regulation and to avoid limit cycle oscillation, a high resolution ADC and DPWM
Is required. As this thesis mainly aims at the elimination of limit cycle oscillation
due to low resolution ADC and DPWM, the analysis so far carried out and the
conditions required to avoid limit cycle is presented in Section 2.1. No significant
attempt was so far made to realize digitally controlled DC-DC converter with low
resolution ADC and DPWM. Meanwhile, in the area of digitally controlled DC-DC
converter extensive research has been carried out on different schemes of high
resolution ADC, control law and high resolution DPWM architectures. The
research so far carried out in digitally controlled DC-DC converter is presented in
the subsequent sections. An overview of the advances in digital control of low to
medium DC-DC switching converters is given in [5]. The already demonstrated and
forthcoming impact of digital control in high frequency power electronics is given
in [6]. The research carried out on different schemes of high resolution ADC and
DPWM architectures and the tradeoffs among resolution, silicon area and power
consumption for these architectures are presented in Section 2.2 and Section 2.3.
Software methods have been reported to increase the resolution of DPWM and it is
also given in Section 2.3. A survey of various control laws reported in literature is
presented in Section 2.4. As the thesis also aims at reducing the conducted
electromagnetic emissions, the research work so far carried out in the area of EMI
mitigation techniques by the modulation of switching frequency is also given in
Section 2.5.

2.1 Limit cycle oscillation

Limit cycles may result from the presence of signal amplitude quantizers
like the ADC and DPWM modules in the feedback loop [3] [4] [70]. Steady state
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limit cycling may be undesirable if it leads to large amplitude (or unpredicted)

output voltage variation. If the resolution of ADC is n,q. and that of DPWM is

Ngpwm, then the quantization step for ADC is given by AVy4. = % and for

DPWM is given by AVgpwm = ZV_m where, V,,, is the voltage range of the ADC

dpwm’
and DPWM. Let us assume that the resolution of DPWM is less than ADC. Then
there is no DPWM level that maps into the ADC bin corresponding to the reference
voltage (this ADC bin will be referred to as the zero error bin). In steady state, the
controller will be attempting to drive to the zero error bin, however due to the lack
of a DPWM level, it will alternate between the DPWM levels around the zero error

bin. This results in the non-equilibrium behavior, such as steady state limit cycling.

voltage Vout

______ 71_____________________1 bit error bin
.

Vref —1— {0 bit ermor bin

1 bit error bin

-2 bit emmor bin

] 1
$ l DAC levels L~ ADC levels el
|

fransient | .

steady state time
Figure 2.1: Qualitative behavior of output voltage (V,,+) for DPWM resolution less than
ADC [3]

Thus the first step towards eliminating limit cycles is to ensure that under all
circumstances there is a DPWM level that maps into the zero error bin. This can be
guaranteed if the resolution of the DPWM is finer than the resolution of the ADC.

A one bit difference in the resolutions, ngpwm=nagc + 1, seems sufficient in most

applications since it provides two DPWM levels per one ADC level.
No Limit Cycle Condition # 1

resolution(DPWM) > resolution(ADC) (2.1)
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In a digitally controlled DC-DC converter, the minimum required resolution of the
ADC to satisfy the specification for the output voltage regulation is given by

Vmaxvout] (22)

Naqc = int [log, VoAV
re out

where, Vi,.x 1S the full range voltage of the ADC assuming unipolar operation in
the range 0 V to V.« Vet IS the reference voltage and V,,; is the output voltage.
AV, is the allowed variation in output voltage. int[ ] indicate that the upper

rounded integer argument of the value is taken.

Even if the above condition is met, limit cycling may still occur if the feed
forward term is not perfect and the control law has no integral term. In this case,
the controller relies on non-zero error signal to drive V. towards the zero error
bin. However, once V. is in the zero error bin, the error signal becomes zero,
and V,,; drops back below the zero error bin. This sequence repeats, resulting in
steady state limit cycling. This problem can be solved by the inclusion of an integral

term in the control law.
No Limit Cycle Condition # 2
0<K;<1 (2.3)

where K; is the integral gain. The two conditions suggested above are not sufficient
for the elimination of steady state limit cycles, since the non-linearity of the
quantizers in the feedback loop may still cause limit cycling for high loop gains.
Non-linear system analysis tools, such as describing functions can be used to
determine the maximum allowable loop gain, which does not induce limit cycles.
The describing function presented in [4] is given in Appendix 1. Normally to

prevent limit cycle oscillation
1+NA)L(jw) =0 (2.4)

where N(A) is the describing function of the quantizer and L(jw) is the loop

transmission from the output of the ADC to the input.
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2.2 Architecture of ADC

Static and dynamic output voltage regulation capabilities of digitally
controlled DC-DC converter depend on the characteristics of the ADC.
Conventional high speed, high resolution ADCs consume power and chip area.
Moreover, they require precision analog components. Further, topologies with low
latency are desirable, since delays in the ADC correspond to phase delay that may

degrade the loop response.

A wide choice of ADC architectures exist that differs in resolution,
bandwidth, accuracy, and power requirements. The major ADC architectures are
flash, successive approximation, and pipelined with multiple flash stages. Both
successive approximation and pipelined ADC will introduce larger latency since
they need several cycles to convert the analog signal. On the other side, the flash
architecture has the advantage of being very fast because the conversion occurs in
a single cycle. Therefore, the flash architecture is preferable for the design of digital
controller. The main disadvantage of the flash structure is that it requires a large

number of comparators (2n-1 comparators for an n bit ADC). The 9-bits full range
ADC will require 511 comparators, which require large core area and power
consumption. Thus a high resolution ADC that covers the full range demands

excessive power and silicon area.

A compromise solution used in [1] [2] [7] [8] [9] is a window based ADC
architecture. It is based on the observation that under normal operation the output
voltage V, of a regulator will not deviate substantially from the reference voltage.
Thus, the output voltage has to be quantized only over the regulation window

around the reference signal, V,r.

A block diagram of a flash implementation of such a “window” ADC is
shown in Figure. 2.2. In this ADC, a number of comparators are connected to V¢
through an offset network with steps AV,.., creating a few quantization bins around
V,.f- Since the output voltage V, is compared against V,..¢, the resulting digital signal
(D) is the difference between the two, which is a digital representation of the error

signal V.. Hence, it has the functionality of both an ADC and an error amplifier.
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Figure 2.2: Flash window type ADC [1]
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A number of variations in the windowed-flash architecture have been
explored. In switching power supply, the sensed analog voltage comes from the
output of a switching power converter. This signal has large switching noise, which
can be a problem for many conventional ADC such as the basic flash configuration.
The switching noise can produce undesirable aliasing effects in the quantization
process. For example, typically the ADC is sampled at the converter switching
frequency, and hence switching frequency noise could be aliased to a DC offset. To
prevent aliasing effects and to provide accurate DC regulation, ADCs which
average the input signal over each sampling period are desirable. The delay line
ADC [2] has the unique advantage that it does not require any precision analog
components, and that it can be implemented using standard logic gates. Figure 2.3
shows the basic delay line ADC configuration implemented in [2]. The delay line
ADC is based on the principle that the propagation delay of a logic gate in a standard
CMOS process increases if the gate supply voltage is reduced. If the analog input

voltage (i.e. the sensed converter output voltage) is lower, the cell delay t4 is longer,
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and the test pulse propagates to fewer taps along the delay line. To the first order,

the propagation delay t4 as a function of the supply voltage Vpp is given by

Vbp (2.5)

tg=K ——m—
47" (Vpp — Vin)?

where Vy, is the MOS device threshold voltage and K is a constant that depends on

device/process parameter and the capacitive loading of the gate.

For a higher sensed voltage, the cell delay is shorter and the test pulse
propagates further along the delay line. To perform a conversion, at the beginning
of a switching cycle, a test pulse is propagated through the delay line. A string of
delay cells forms a delay line supplied from the sensed voltage Vpp = Vgense. After
a fixed conversion time, the taps are sampled by the signal 'Sample’, which is the
clock of the D flip flop. The result at the output of the flip flops (signal q; to qg)
is passed to a digital encoder to produce the digital output signal e. The encoder is
used to produce the output in the desired code. The digital output gives the digital
error between the sensed voltage and the reference. In the delay line ADC design,
the length of the delay line effectively determines the reference value V¢ around
which the ADC conversion characteristic is centered. In practice, because of
process and temperature variations, the reference value obtained by the basic delay
line ADC configuration cannot be precisely controlled. Variations in the effective
V,.r result in variations of the regulated output voltage and the power supply may

fail to meet the specified static and dynamic voltage regulation.

SENSE Analog input V..
delay
restr oY) [ere] BD DD " eell
R R R R
e Y P
rl t2 rS
D Q —HD Q —D Q
— — —
sample
a4 \l Q2] Q';I """ dg

| Encoder I

Digiral outpur e ‘
Figure 2.3: Basic delay line ADC [2]
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An application specific delay line based windowed ADC with
programmable reference, conversion time and accuracy of voltage is introduced in
[7]. This work utilizes sigma delta DAC for the adjustment of reference and the
ADC is fully implemented in a small silicon area. In [8] the non-uniform ADC
quantizer parameters are selected to achieve good step load transient response. The
input bins of the non-uniform ADC quantizer and the output quantization levels are
selected to give improved dynamic performance without affecting the stability

margins.

For very low power applications, the ADC has been implemented with a
single comparator as presented in [9]. Minimally, the ADC conversion can be
accomplished by a comparator, which decides whether the sensed output voltage is
above or below a reference voltage. If the comparator is implemented as a dynamic
comparator, which evaluates only upon command, it will not dissipate any power
outside the brief evaluation period. In this single bit feedback case, a digital word
representing the duty cycle is created by a counter, which counts up when the output
is lower than the reference and counts down when the output is higher than the
reference. This digital counter accomplishes the functionality of an integrator.
There are certain disadvantages of using such a single bit feedback signal. First, the
output will never reach an equilibrium voltage, rather it will approach a limit cycle,
since the output is always measured to be in error (either too high or too low) and
the error signal is not proportional to the magnitude of the error. Second, the
response of the control loop must be slow in order to limit the magnitude of the
steady state limit cycle. Thus this approach has poor transient performance, since
excursions of the output voltage away from the reference voltage cannot be

quantized appropriately.

The above discussion brings to light the fact that most of the previous work
has been done in high resolution ADC or less effective low resolution ADC. The
present work on the other hand focuses on the realization of a low resolution ADC

with performance enhancement using signal processing techniques.
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2.3 Architecture of DPWM

The DPWM module generates the duty cycle corresponding to a digital
value. The design of the DPWM has been the subject of detailed study in the design
of digitally controlled DC-DC converters [10-17] [69]. It has been shown, that in
order to eliminate limit cycle at the output of a DC-DC converter, the resolution of
the DPWM is critical [3], [4]. The resolution of DPWM must be better than the
voltage resolution of the ADC in order for the DPWM to resolve to a voltage
corresponding to zero steady state control error. Many novel schemes are available
in literature to design a high resolution DPWM module for digital controller with
moderate ADC resolution and high switching frequency, such as counter-
comparator [10], delay line [9], hybrid DPWM [2], segmented ring DPWM [13],
digital dither [3] and sigma delta modulator [14-16].

2.3.1 Hardware methods to implement high resolution DPWM

A survey and comparison of different architecture of DPWM in terms of
high frequency capability, complexity, area, power consumption, sensitivity to

process, temperature variations, linearity etc. are given in [5] [10].

2.3.1.1 Counter based DPWM
The simplest method to generate high resolution, high frequency DPWM is by

using a fast clocked counter and a digital comparator [10] [11] as shown in Figure
2.4. This scheme is simple and easy to implement. In this scheme, a modulo N,
(N, = 2N), where N is the resolution of DPWM) counter is used which is clocked
at frequency,f.. A digital comparator outputs the PWM waveform by comparing
the counter output with a latched digital control command,u[k]. A pulse is

generated with duty cycle

u[k] (2.6)

The counter should be clocked at the period equal to the time resolution of the
DPWM. The time resolution, Atppywm = :—; , Where T is the period of the switching

waveform. Hence, to achieve N bit resolution at the switching frequency, fg,,, the
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required clock frequency is 2Nx f,,. For example, an 8 bit resolution at the
switching frequency of 1 MHz would require a clock frequency of 256 MHz. The
system frequency becomes too high to be practical and can result in more difficult
timing constraints. Hence the power consumption is high even though this scheme

takes reasonable small die area.
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Figure 2.4: Counter based DPWM [69]

2.3.1.2 Delay line based DPWM

An architecture that circumvents the high frequency clock problem of the
counter based DPWM is based on the tapped delay line [9]. Figure 2.5 shows delay
line based DPWM. The essential components of a tapped delay line PWM circuit
are the delay line and a multiplexer. 2N delay elements and a 2N: 1 multiplexer
comprise the delay line based DPWM, where N is the DPWM resolution in bits. A
pulse from a reference clock signal (frequency equal to the switching frequency)
starts a cycle, and sets the PWM output to go high after a delay designed to match
the propagation delay experienced through the multiplexer. The reference pulse
propagates down the delay line, and when it reaches the output selected by the

multiplexer, it is used to set the PWM output low. The total delay of the delay line
is adjusted so that the total delay is equal to the reference clock period, Ts = fi

sw

Each cell delay is equal to Atppywy = :—; , Where Atppww IS the time resolution of

DPWM. Since this approach uses the switching frequency clock, the power is
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significantly reduced relative to the fast clocked counter approach. This approach
Is very power efficient, but requires significant implementation area, since the size
of the multiplexer grows exponentially with the number of resolution bits. Also, if
multiple PWM signals are needed, it requires the addition of multiplexers to single
delay line. Another drawback of this scheme is that the cell delay changes with

process and temperature variations.
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Clock u Output

Reset

% 2" to 1 Multiplexer / Flip-Flop
Duty cycle

Digital Input

Figure 2.5: Delay line based DPWM [9]

2.3.1.3 Hybrid DPWM

To overcome the problems of counter based DPWM and delay line DPWM
a hybrid delay line/counter scheme is proposed in [2] [11]. Figure 2.6 shows hybrid
digital PWM with external clock. In this approach, an N-bit resolution is achieved
using a N, bit counter (N. < N), whereas the remaining Ny = N — N, bits of
resolution are obtained from a tapped delay line. The latched control word having
N bits is split into the least significant Ny long U;sg and N, long the most
significant bit, Uygg. The clock frequency of the counter is given by f. =
2Nex £y, and the duty cycle of the output pulse is given by

Urss | Tk (2.7

Ik = (Unss +570)

where T, IS the period of the counter. Hybrid counter with delay line approach

seems to reach a good compromise between area, clock frequency and resolution.
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However, even this approach reaches a practical limit in terms of area and clock
frequency as the underlying resolution is increased. In this scheme, in order to avoid
DPWM non-linearity, care must be taken to ensure that the maximum delay of the
tapped delay line is approximately matched with the delay associated with the

counter's LSB.
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Figure 2.6: Hybrid DPWM with external clock [11]

To address this issue, a hybrid DPWM is proposed in [11], which utilizes a
tapped delay line consisting of adjustable delay cells. The cell delays are
continuously monitored and adjusted by a delay locked loop (DLL), ensuring that
the tapped delay line yields constant delays, regardless of external factors. A new
hybrid DPWM is implemented in [12] wherein the delay locked loop is

implemented taking advantages of FPGA’s advanced characteristics.

2.3.1.4 Ring oscillator MUX implementation of DPWM

In the delay line based DPWM and hybrid digital DPWM scheme presented
above, the clock frequency which is equal to the switching frequency is given
externally. As the total delay varies with temperature and process, the executed duty
cycle is not always the same as the duty cycle command. As an alternative, the delay
line itself is used in the form of ring oscillator which generates the clock at the

switching frequency. In this case the process/temperature variations cause a drift in
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switching frequency rather than the duty cycle. A ring oscillator Multiplexer
(MUX) implementation of a DPWM module presented in [1] and illustrated in
Figure 2.6 has area and power considerations similar to those of the delay line

approach. However, this scheme has the advantage of a symmetric structure.

Diff_Inv Diff_Inv Diff_Inv Diff_Inv

XImp~ X_N-1(m)
e S ST S
X_N(m)
8 bit
—»‘—X\ 256 /4 MUX /
Duty Cycle

A’4
)

Level Converters

‘ 4 Channel PWM turn-off signals
Figure 2.7: A ring oscillator MUX implementation of DPWM [1]

2.3.1.5 Segmented delay line DPWM

Segmented delay line architecture is a fragmented version of the delay line
which, ultimately, will result in a smaller area compared to the delay line based
DPWM [13]. Unlike the delay line architecture, where the DPWM resolution (N)
requires 2N delay elements forming one line and one 2N: 1 multiplexer, the N bits
can be segmented into groups of smaller delay lines (Ngeg) with a smaller
multiplexer for each line instead of one big multiplexer. A 6 bit DPWM (N = 6)
can be segmented to three numbers of two bit delay lines (Nseg= 2), each has 4
delay elements (2Nsee = 22 = 4) and a 4: 1 multiplexer as shown in Figure 2.8. The
4:1 multiplexer is controlled by two bits of d[n]. The delay in each of the four

elements of the i segment is given by
At; = 4At;_; = 2%At, (2.8)

The At; delays are created by replicating the At, delay cells. Thus this architecture
will result in a smaller area compared to the delay line based DPWM that will need
(2N = 26 = 64) delay elements and one 64: 1 multiplexer [13].
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Figure 2.8: Segmented 6 bit DPWM [13]

2.3.2 Software methods to implement high resolution DPWM
Soft method such as dithering and sigma delta modulation scheme increases

the effective resolution of a DPWM module without increasing the hardware

resolution.

2.3.2.1 Dithering

A soft method known as dithering, as shown in Figure 2.9, to increase the
effective resolution of a DPWM module without increasing the hardware resolution
is proposed in [3]. The dither method involves applying a pattern to successive
DPWM signals in order to generate an effectively higher DPWM resolution. Thus,
in this method, the duty cycle is varied between two switching periods so that the
average duty cycle has a value between two adjacent quantized duty cycle levels as
shown in Figure 2.9. Let D, and D, correspond to two quantized duty cycle levels
from the DPWM module such that, D,; = D, + LSB. If D, is put out in three

subsequent switching periods, followed by one period of D,,, then the average
value of the duty cycle will be Dyyerage = Do + iLSB. The averaging action is

implemented by the output filter. If the DPWM is made to alternate between D, and

Do, every next switching period, then the average duty cycle is Dayerage = Do +
%LSB. It has been shown that by using dither pattern spanning 2M switching periods,

the effective DPWM resolution can be improved by M bits.
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Ngpwmeff = Ndpwm T M (2.9)

However, the disadvantages of dithering method are low bandwidth and low

frequency ripple.
LSB

> |
I DoklsB

B j D, + ¥ LSB
EEE 7 D,+ % LSB

Figure 2.9: Scheme of digital dithering [3]

2.3.2.2 Sigma Delta Modulation

It has been demonstrated in [14-16] that high performance DC-DC
conversion, which depends on a high resolution DPWM, can be achieved by a very
simple, low resolution DPWM with multi bit digital sigma delta preprocessing. In
this method, the DPWM duty cycle command is pre-processed by a multi bit digital
sigma delta modulator, as shown in Figure 2.10, so that the DPWM quantization
noise will be shaped in frequency. As a result, the total quantization noise at the
output of the DC-DC converter is reduced, and the effective resolution of the

DPWM in the control loop is increased dramatically.

il o eqln] HE) x[n] drrln] DC};C;EM c(t)

2-A Modulator
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Figure 2.10: Multi bit digital sigma delta modulator [16]

The z transform of dg[n] becomes

H(z) 1 (2.10)

Dir(2) = TH(Z)D(Z) + TH(Z)Etr(Z)

This equation shows that H(z) influences the truncated signal. When H(z) is large
in amplitude, the high resolution input is almost unchanged and the quantization
error is suppressed. Consequently d; r[n] becomes approximately equal to the high
resolution input d[n]. The part of the equation describing the error attenuation is
given by

1 (2.11)

Nrr(z) = [ESTTeS)

where Npr(z) is called the noise shaping transfer function whose order usually

defines the order of the sigma delta modulator.

2.3.2.3 Other Schemes

Three different digital duty cycle modulation schemes are presented that
improves the resolution in [17]. The three schemes are constant on time modulation,
constant off time modulation and a combination of constant frequency and constant
on time modulation. Ten times improvement in resolution is achieved by these
schemes compared to constant frequency modulation. The paper [18] investigates
the application of a mixed signal synchronous / asynchronous digital controller to
DC-DC boost converters. The digital control synchronously generates current and
voltage ramps by using two low resolution digital to analog converters. The turn on
and turn off time of the switch are determined asynchronously by comparing the
converter state variables and the digitally generated current and voltage ramps. The
control features high dynamic performance, frequency modulation during

transients, small quantization effects, and low complexity.

The design and implementation of a digitally controlled DC-DC converter
that provides dynamically adjustable supply voltage for a radio frequency power

amplifier is presented in [19]. In this application, the DC-DC converter has to
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operate over a wide range of output voltages, and over a correspondingly wide range
of output power. In this work a combination of constant frequency continuous
conduction mode and a variable frequency discontinuous conduction mode is used
to achieve very high converter efficiency over a wide range of output power levels.
The variable frequency converter control is accomplished using a current estimator

circuit, which eliminates the need for current sensing.

In general, all the techniques and their combinations reviewed above may
be used in the application of digitally controlled DC-DC converter. Fast counter-
comparator scheme is easy to use and simple to implement. Since it is fully digital
logic circuits, it is very suitable for implementation in microprocessors, DSPs or
FPGAs. However, when high resolution and high switching frequency is a must,
extremely high clock frequency and power consumption will be disadvantageous.
Both tapped delay line and ring oscillator MUX are implemented by analog method,
so it is only suitable for mixed mode analog and digital implementation. The ring
oscillator MUX scheme is well suitable for these applications with a multi-phase
structure because of its symmetric structure. Soft methods like dithering and sigma
delta modulation also can be utilized with the above mentioned hardware
architecture to improve the resolution of DPWM and to save digital core area of the
chip. As the demand for the implementation of high frequency digitally controlled
DC-DC converter increases, research in fine resolution DPWM strategies will
continue to be topics of great relevance. The uniqueness of this study is to improve
the resolution of DPWM by soft method with significant reduction in conducted

emissions.

2.4. Digital control algorithm

Substantial research work has been reported on advanced control algorithms
that improve the performance of digitally controlled DC- DC converters. Basically,
they fall into two classes: linear control method and non-linear control method.
Linear digital control methods are translated directly from the techniques, which
are widely used in analog control circuits, and provide comparable performance.

To achieve faster transient response, other non-linear control techniques, such as
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predictive control, sliding mode control, adaptive control and hysteretic control
have been implemented. This section will briefly review these aspects.

2.4.1 Proportional integral derivative controller

The dominant approach to the modeling and controller design of switched
mode DC-DC converters is the method of state space averaging and the design of
a control loop comprises of a Proportional Integral Derivative (PID) type controller
and a PWM unit. Two main strategies have been used in order to design the output
voltage control loop, namely, analog to digital redesign or direct digital design. In
the first case the control loop is first designed in the s-domain using traditional
techniques, and subsequently a digital controller is obtained using some of the s-
domain to z-domain transformation methods. In the direct digital design, the
discrete controller is directly designed in the z-plane by using a discrete small signal

model of the converter.

In [20], an exact small signal discrete time model is proposed for digitally
controlled DC-DC converter. The model, which is based on discrete time modeling
and the standard Z transform, takes into account the modulator effects and the
delays in the control loop. A direct digital design method is used to derive the
transfer function in the z-domain, which can be formatted to a difference equation
for implementation. A PID controller calculates a new value of duty cycle, dc[n],
that controls the DPWM, according to

dc[n] = dc[n — 1] + ae[n] + be[n — 1] + ce[n — 2] (2.12)

where e[n],e[n — 1], e[n — 2] are the consecutive samples of the error signal. In
[21] a new exact small signal domain model is derived that gives rise to the
development of a uniformly sampled PWM equivalent of the converter. In [22] a
time domain design method for the digital controller of PWM DC-DC converters
was developed. In [23], based on the above reported work, a digital controller is
implemented for multiple output buck converter using 16-bit microcontroller. A
modular design of embedded feedback controllers using Field Programmable Gate
Array (FPGA) technology is studied in [24]. In this work, a novel distributed

arithmetic based PID controller algorithm is proposed and integrated into a digital
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feedback control system that has demonstrated 80% savings in hardware utilization
and 40% savings in power consumption compared to the multiplier based scheme.
The complete design and implementation of a digital controller for a high frequency
switching power supply is given in [25]. The controller design is based on direct
digital design approach and standard root locus techniques. Guidelines for the
minimum required resolution of fixed point computational unit are also derived. A
similar approach is followed in this thesis for the design of the compensator. The
correlation between the discrete coefficients of (2.12) in discrete-time and the
equivalent continuous-time compensation has been done using the pole-zero
matching technique [19]. Analyzing the digital PID compensator using an

equivalent continuous time model equation (2.12) can be rewritten as

dc[n] = dc[n—1] + K (e[n] — 2rcos (anf_z) e[n— 1] + r?e[n — 2] )

sw

(2.13)

where

—nf, ) (2.14)

' exp (QZfSW

Q, and £, are the characteristic of the zeros. fg,, is the switching frequency.

With advances in digital control for high frequency switched mode converters, new
possibilities arise to consider practical realizations of more advanced control
approaches. The advanced control algorithm so far carried out in the area of
digitally controlled DC-DC converter is presented in the subsequent section.

2.4.2 Improved transient response

For a DC-DC converter there exists a best possible dynamic
response/optimality condition to a load current transient of any magnitude. Under
this optimality condition, the shortest recovery time and the smallest
overshoot/undershoot during the transient are achieved simultaneously. A digital
control algorithm capable of separately specifying the desired output voltage and

transient response for a synchronous buck converter operating in voltage mode was
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developed in [26]. In this work, the duty cycle is controlled by comparing an
artificial saw tooth wave against a reference voltage, V,..¢. In this work an algorithm
is used that superimposes a small control signal onto the voltage reference at each
switching cycle to cancel out the perturbations. For the nominal reference voltage,

V.ef, the nominal duty cycle is given by

Vref (215)

Vo

D=

where V;, is the amplitude of the sawtooth waveform. The control variable, vy, is

composed of the steady state term V,..¢ and a perturbation ¥,..s. Every switching
cycle, the ADC samples the inductor current and the output voltage and computes
the value of v,¢. By this method the desired output voltage and the type of transient
response that the regulator would exhibit can be precisely specified. A zero steady
state error in the output voltage can be obtained with the aid of additional dynamics
to allow the controller to track a load change and update the reference to a new load
state. The specifications of the control algorithm are achieved by pole placement

using complete state feedback.

It is demonstrated in [28], [29], that by implementing two separate control
strategies for steady state and transient conditions, the overall dynamic performance
of the converter can be improved. In [28], two separate sets of linear PID
compensators are implemented digitally to provide larger bandwidth during
transient conditions. While transient response is improved in [28], the controller is
still subject to the limitations of slow compensator networks. In [29], a method
combining linear voltage mode control and non-linear hysteretic control is
introduced. While this method does improve dynamic response, the controller tends
to “over compensate” for load current variations, causing the output voltage to over

shoot after it recovers from a voltage drop, thereby resulting in large settling times.

In [30], a new optimal control algorithm to improve the dynamic
performance of DC-DC converters is proposed. Using the principle of capacitor
charge balance, the minimum number of switching cycles and their respective duty
cycles are predicted in order to minimize the output voltage overshoot/undershoot
and to drive the output voltage back to its nominal value in the shortest possible

29



time during load transient conditions. By utilizing the proposed algorithm, the
output capacitor size can be significantly reduced while still meeting the voltage

tolerance requirements.

In [31], a voltage mode digital controller for low power high frequency
Switched Mode Power Supplies (SMPS) that has fast transient response,
approaching physical limitations of a given power stage, is proposed. In steady
state, the controller operates as a conventional pulse width modulation regulator
and during transients it utilizes a novel fast voltage recovery mechanism, based on
real time processing of the output voltage in digital domain. This continuous time
digital signal processing mechanism is implemented with a very simple processor
consisting of a set of asynchronous comparators, delay cells, and combinatorial
logic. To eliminate the need for current measurement and calculate the optimal
switching sequence of the power stage transistors, the processor performs a
capacitor charge balance algorithm, which is based on the detection of the output
voltage peak/valley point. An approach to near time optimal control for
synchronous buck DC-DC converters is proposed in [32]. In this work the proposed
proximate time optimal digital controller is a combination of a linear PID
compensator close to a reference point, and a linear or nonlinear switching surface
controller away from the reference, together with smooth transitions between the
two. A hybrid capacitor current estimator enables switching surface evaluation and
eliminates the need for current sensing. A similar hybrid digital adaptive control for
fast step load transient responses in synchronous buck DC-DC converters is
presented in [33]. The proposed controller results in near time optimal step load
transient responses even when the output voltage is sampled using a relatively low
resolution, narrow range window ADC. The controller is a combination of a
standard constant frequency PWM control in the vicinity of steady state operating
point and a bank of switching surface controllers away from the reference. Here,
the switching surface slope is adaptively selected by a supervisor based on an
inductor current estimate. Furthermore, the controller is capable of taking into
account a maximum inductor current limitation. In those applications where a high
current slew rate at low output voltage is required, a combined linear-non-linear

control is proposed in [34]. This significantly reduces the output recovery time in
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comparison with a conventional linear control. In [35] the stability of the linear-
non-linear control under fixed load condition and under four load current steps are
presented. A nonlinear digital control of a boost converter based on a sliding
discrete-time approximation to achieve fast response is presented in [36]. This
controller is based on an inner nonlinear current control loop and an outer discrete
P1 voltage control loop. The inner loop is designed following a discrete time sliding

mode concept.

In order to overcome the bandwidth limitation caused by additional phase
delay, an adaptive third order digital controller has been introduced in [37].
However, in this method, both ADC and digital controller should be clocked at

double the switching frequency.

The inherently nonlinear characteristics of DC-DC converters have also
drawn greater attention. In particular, research has been directed at applying non-
linear control principles to the regulation and dynamic control of converter output
voltage. It is known that non-linear control is capable of improving the dynamic
response of a converter since it is able to quickly react to transient conditions. A
general purpose controller for DC-DC converters based on the fuzzy logic is
presented in [38]. As compared to standard controllers, it provides improved
performances in terms of overshoot limitation and sensitivity to parameter
variations. This is possible since fuzzy logic control rules can be assigned separately
for the various regions of operation, resulting in effective small signal and large
signal operation. In [39] the implementation of a fuzzy controller for DC-DC
converter using an inexpensive 8-bit microcontroller is presented. In [40], digital
controller is presented that behave as a linear controller for conditions when the
output voltage error is small and a non-linear controller when the output voltage
error is large. This is accomplished in [40] by use of a PI like fuzzy logic controller
and non-uniform fuzzy sets. The controller mimics a PI controller during steady
state conditions; however, when either the output voltage error or derivative of the

output voltage is relatively high, the duty cycle varies at a faster non-linear rate.
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2.4.3 System identification/Integration of frequency response
measurements

System identification is the most attractive control methods of digitally controlled
DC- DC converter. In these methods system parameters are extracted from
information available in feedback loop and, accordingly, the control law is adjusted
to improve the system robustness, dynamic response, and regulation. In general,
system identification is divided into parametric and non-parametric methods. In
parametric methods, a system model is assumed, and the identification amounts to
an estimation of the model parameters. In non-parametric methods, no assumption
is made about the system model, and the identification is used to directly compute
the system frequency responses. Nonparametric methods include: correlation
analysis, transient-response analysis, and frequency response (Fourier or spectrum
analysis). In [41], a modified cross correlation approach for system identification
together with experimental results from an FPGA based digital controller
realization is presented. Modified cross correlation is achieved by first injecting
multi period pseudo random binary signals (PRBS), meaning that a single period
PRBS is repeated identically a finite number of times, then averaging the cross
correlation of the input and the output over several PRBS periods. This approach
rejects noise sources and results in accurate system identification. During the
perturbation process, to obtain accurate information, the system should operate in
steady state. As a result, these approaches are best suited for one-time frequency
response measurement. The hardware is still fairly complex for the use in very low

power applications.

Let y(n) be the sampled output signal, u(k)be the input digital control signal, h(k)

be the discrete time system impulse response, v(n) be the noise, then

- (2.16)
y(m) = > h(Du(n = k) + v(n)
k=1

If the input control signal is considered to be white noise, then the cross-

correlation between the input and output sampled signals, give the discrete time
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system impulse response. The cross correlation of the input control signal u(k)and
the output y(n) is given by
= (2.17)
Ryy(m) = )" u()y(n +m)

n=1

i (2.18)
Ruy(m) = )" (MR yy(m = 1) + Ry (m)

where R,,(m) is the auto-correlation of the input signal. If the input signal is

selected to be white noise, then
Ryu(m) = 8(m) , Ryy(m) =0 (2.19)
Under this condition, equation (2.24) reduces to
Ryy(m) = h(m) (2.20)

In [42] [73], the feasibility of incorporating fully automated frequency
response measurement capabilities in digital controllers for PWM DC-DC
converters at low additional cost has been done. This work presents a practical,
hardware efficient implementation of correlation based system identification for
PWM DC-DC power converters, adapting methods from the audio engineering field
to reduce the effects of ADC quantization to obtain an accurate and smooth system
frequency response. The approach is completely automated online and can be
applied to a wide range of PWM DC-DC converter architectures with no changes
to the identification algorithm. An FPGA based digital network analyzer for
digitally controlled SMPS, has been implemented in [43]. Similar to standard
network analyzers, the digital network analyzer can be used to validate converter
models and the system design. The digital network analyzer can be built into the
digital controller, resulting in an accurate measurement of the actual delays and
non-idealities in the sampling and digital hardware.

2.4.4 Auto tuning

Approaches to monitoring and/or tuning of controller parameters in

response to the actual system dynamics is presented in [44]- [50],[77].
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2.4.4.1 Auto tuning based on relay feedback

In [44],[77] the relay feedback based tuning technique identifies the key ,
properties of the process by inducing amplitude controlled limit cycle oscillations
and measuring the corresponding oscillating frequencies. The tuning operates in
closed loop configuration with a relay block inserted in the feedback loop. A relay
is an instantaneous non-linear system implementing the function, e, = f.(e),

defined as

_ _(+A, e>0 (2.21)
er - fr(e) - {_Arl e S 0
with A, > 0 defined as the relay amplitude. When inserted into an existing feedback
loop the strong non-linearity of the relay triggers a limit cycle oscillation whose
frequency and amplitude carry information related to the plant which can be used
in tuning purposes. The frequency at which such limit cycle oscillation, f,.,

sustains itself fulfill the requirements that
< Ge(fose) + < Ty(fosc) +< F(fose) = —m (2.22)

where G.(z) represents the compensator transfer function, T,(z) represents the
uncompensated small signal transfer function of the converter and F(z) is the
transfer function of the filter superimposed between the compensator and the power

converter.

In the case of relay, using the describing function method the amplitude balance
equation is given by
4A, (2.23)

TufoscFrosc = 1
Magsc

where a . represents the amplitude of oscillation at the error signal, Ty, and
Frosc are amplitude of F(z) and T,(z) at f,s.. In this work the compensator is

implemented in the programmable cascade form

(2.24)

i

G.(z) = - (1—k; +kiz7H)(1 =k, + kpz™1)

1
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The tuning approach is a three step procedure. The first zero of the compensator is
placed at the resonant frequency of the converter LC filter. The limit oscillation
frequency, f,sc, IS very close to the resonant frequency and can be used to identify
the converter resonant frequency. The oscillator frequency, f,s..Is measured

digitally. Then the value of k, is computed as given below.

1 foy (2.25)

k, =
1 21 fygc

where fg,, is the switching frequency. The PID integral gain K;is tuned for the
desired cross over frequency. The amplitude of the oscillation, a,g., IS measured

and K; is tuned as per the equation given below

Ko 4ArFfosc K; (2.26)

Maopsc

2.4.4.2 Injection based auto tuning

A practical injection based method for continuous monitoring of the
crossover frequency and phase margin is proposed in [45]. The proposed approach
is derived from Middlebrook’s loop gain measurement technique [46], adapted to a
digital controller implementation. A digital square wave signal,upe[K], is injected
into the feedback loop, superimposed to the PID output, u, [k]. The overall control

command that modulates the converter is therefore
uy[k] = uy[k] + Upert [K] (2.27)

Simultaneously, signal uy[k]and uy[k] before and after the injection point is
measured. The system loop gain is found by evaluating the magnitude and phase
relationship between uy[k]and uy[k] at the injection signal frequency. The
compensator gain is adjusted until the correct amplitude and phase relationships are
established between the AC components of u,[k] and uy[k]. The required is

adjusted while monitoring loop signals to obtain the system crossover frequency
and phase margin online, i.e., during normal closed loop SMPS operation. If the

system loop gain is T(z), the tuning target can be expressed as
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T(e/®cTs) = —elom (2.28)

where w, is the predefined bandwidth and ¢, is the phase margin. The proposed
approach does not require open loop or steady-state SMPS operation and is capable

of convergence in the presence of load transients or other disturbances.

In [47], a closed-loop self-tuning technique for digitally controlled DC-DC
switched mode power supplies (SMPS) based on PID regulators, which derives
from the more general model reference auto tuning techniques is presented. After
briefly discussing an open loop, model reference based tuning technique, a closed
loop solution is presented in which a perturbation frequency generated digitally is
injected into the control loop and superimposed to the duty cycle command. The
tuning is performed elaborating the signals right before and right after the injection
point, and adjusting the PID parameters until predefined bandwidth and phase
margin targets are obtained. The proposed approach allows for a robust and
repeatable tuning, mainly because of the high resolution and dynamics available at
the signal injection point. Moreover, the tuning is performed maintaining the closed
loop configuration, thus ensuring voltage regulation even during the PID

adjustment, this being a fundamental constraint for most electronic equipment.

2.4.4.3 Programmable PID structure

A hardware description language coded auto tuning algorithm for digital
PID controlled DC-DC power converters based on online frequency response
measurement is presented in [48] [73]. The algorithm determines the PID controller
parameters required to maximize the closed loop bandwidth of the feedback control
system while maintaining user specified stability margins and integral based no
limit cycling criteria, as well as ensuring single crossover frequency operation and

sufficiently high loop gain magnitude at low frequencies.

Online adaptive tuning technique for digitally controlled SMPS have been
presented in [49]. The approach is based on continuous monitoring of the system
crossover frequency and phase margin, followed by a Multi Input—-Multi Output
(MIMO) control loop that continuously and concurrently tunes the compensator

parameters to meet crossover frequency and phase margin targets. Continuous
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stability margin monitoring is achieved by injecting a small digital square wave
signal between the digital compensator and the DPWM. The MIMO loop adaptively
adjusts the compensator parameters to minimize the error between the desired and
measured crossover frequency and phase margin. An approach to adaptive tuning
of voltage mode digital controllers for SMPS in the presence of large signal changes
from discontinuous conduction mode (DCM) to continuous conduction mode
(CCM) and vice versa is presented in [50]. The approach is capable of maintaining
a high performance control loop without the stability issues related to DCM to CCM
mode transitions. The adaptive tuner, modeled as a MIMO controller, is designed
to continuously adjust the parameters of a PID compensator such that crossover
frequency and phase margin measured by the digital controller match desired
values. A simplified design procedure for the adaptive tuning system is proposed
that reduces the small signal MIMO design into two independent single input, single

output control loops.

2.5 Reduction in conducted emission by the modulation

of switching frequency

In this work, reduction in conducted EMI is also aimed at. Hence this section
gives the EMI mitigation techniques so far implemented in the area of digitally

controlled DC-DC converter.

Switching power converters have been reported to generate common mode
and differential mode conducted noise in addition to radiated noise. DC-DC power
converters are powerful sources of electromagnetic interferences because of the
large di/dt and dv/dt. As a result, EMI becomes an inevitable concern in the design
of high frequency converters. The classical way of EMI suppression is
accomplished by the isolation of noise coupling path, suppression of noise source,

filters and shielding.

Alternative, EMI mitigation techniques that eliminate the need for EMI
filters by spreading the switching converters noise over a frequency range has been
extensively investigated in [51] — [58]. By using these techniques, the noise

generated by the SMPS can be spread across a frequency band. As a result, the
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average spectral power density of the broadband noise can thus be drastically
reduced. Thus the conducted emissions of a switching power circuit can be reduced
by the modulation of the PWM switching frequency. The modulating parameters
must be properly chosen to have effective EM1 reduction without causing
significant side effects, such as audible noise due to frequency variation and poor
converter output voltage regulation. Frequency modulation (FM) and random
switching methods have been used for reducing conducted EMI in power
converters. The effectiveness of frequency modulation in reducing the fundamental
harmonic is presented in [51]. By modulating the switching frequency, side bands
are created and the emission spectrum is broadened. The power is distributed
around many side band frequencies. The general analytical expression for

frequency modulation or phase modulation is given by

Af 2.29
F(t) = A. cos |2mf.t + f—sin(anmt) (2.29)

m

where A. and f is the amplitude and frequency of the carrier signal, f,, is the
frequency of the modulating signal. Let B (B = fA—f) be the modulation index, then

the energy of the fundamental component is spread into a band B given by
B =2f,(1+B) (2.30)

Frequency modulation using three periodic patterns- sinusoidal, exponential and
triangular, for the modulating function are presented in [52]. In the buck converter
an EMI reduction of 10 dB approximately has been obtained in the full frequency
range of conducted EMI for all the three periodic patterns. But, the best
performance is given by the triangular profile and the worst, by the exponential
profile. This in accordance with the attenuation theoretically computed. In [53], the
theoretical power spectrum for standard constant frequency pulse width modulation

scheme and the FM scheme has been derived.

For a typical PWM signal, G(t), with duty cycle D and switching period T, G(t)

may be mathematically expressed by Fourier series [53]
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G(t) = z Cnefn

n=-—oo

(2.31)

where C,, and 6,, are the magnitude and phase of the n™" harmonic. C,, is given by

+Ts/2 _
C,=— G(t)ej2mft g¢
Ts )12

For periodic frequency modulation of switching frequency, G(t) can be

given by

G(t) = Z C, /"2 fswt{cos[np sin(2mf,t)] + j sin[np sin(2nf,t)]}
n=—oo
By using Jacobi equation, the cosine and sine terms can be expressed as

cos[nf sin(2nf,t)] = Jo,(np) + Z 2]k (nB) cos(2mkf,t)

k=even

sin[np sin(27f,, )] = z 2J(nB) sin(21kf, t)
k=0dd

where J,.(.) is the kK™ order Bessel function given by

@)“[1 mp? | (B ]

]k(“3)=<2 K U&+D! o 20k+2)

The magnitude of G(t) at frequency f, G(f, ), can be shown to be
G(f, B) = Zg):—oo Cn{]o(nB)S(f - nfsw) + Zl?:l]k(nﬁ)(s(f_ nfs -
kfm) + (=1 8(f — nfsy, + kfyy) }

The power spectrum Sg (f, B) in the positive range is given by

SG(fJ B) = legozl Cn{]o(nB) [S(f_ rlfsw) + Zl?:l]k(nB)S(f_ nfg,, —

Kfn) + (—1)K8 (£ — nfyy, + k)] | £ 0

(2.32)

(2.33)

(2.34)

(2.35)

(2.36)

(2.37)

(2.38)

Thus S (f, B) contains infinite discrete harmonics and is dependent on 8 and f,,,.

For the standard PWM scheme, B = 0 and only J,(0) exists. Then S (f, B) becomes
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i (2.39)
S(6,8) =2 ) |Cal?8(F — nfy)
n=1

In [53], the spectral characteristics of Random Carrier Frequency
modulation (RCFM) is also presented. The analysis provides a theoretical platform
for studying the characteristics of this random switching scheme. The RCFM
scheme has been compared with the standard constant frequency pulse width
modulation scheme and the FM scheme. Comparisons of their spectral performance
show that the RCFM scheme has better conducted EMI suppression than the FM

and standard PWM schemes.

For the RCFM, switching period Ty is dithered in random manner and the duty ratio

D is kept constant. Instead of using power spectrum, PSD is

(2.40)

E[G(f)ejz"”k]E[G*(f)]}

1
SG(f, ER) = E— E[lG(f)l]z + 2 Re { 1— E[ejZTEka]

[Tkl

where G*(f) is the complex conjugate of G(f) and Ty is the instantaneous switching
period. The probability density function of Ty, P(Ty), is of uniform distribution with
the expected value of T, E(Ty).

It is defined as

(2.41)

P(Ty) = RE(TY

where R is the level of random ness.

In [54], also, a detailed analysis and the spectral characteristics of a Random
Carrier Frequency (RCF) technique for suppressing conducted EMI in an offline
SMPS is presented. The effect of the level of randomness on the degree of spectrum

spreading are also studied.

A spread spectrum technique and system for reducing average EMI in low
power digitally controlled DC-DC SMPS are introduced in [55]. The technique
utilizes very simple hardware, where the switching frequency of a SMPS is
dynamically varied over a controlled range. This is achieved by changing the supply

voltage of a ring oscillator based digital pulse-width modulator in a pseudo random
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fashion, through 128 discrete steps. A reduction of 23 dB in the conducted EMI
with an efficiency degradation of less than 0.1% was obtained, compared to fixed

frequency operation.

Meanwhile, an analysis and experimental results of the Random Pulse
Width Modulation (RPWM) and Random Pulse Position Modulation (RPPM)
methods for DC-DC converters have been presented in [56]. In this the
characteristics and performance of power converters under two randomized
modulations are evaluated. The theoretical relationships of discrete harmonics,
continuous noise and output voltage ripple of the RPWM and RPPM schemes are
established and compared with those of a standard deterministic PWM scheme in a
buck converter. The performance of the RPPM method is found to be closer to the
standard PWM method than that of the RPWM method. For DC-DC power
conversion, the RPPM method offers much better output voltage performance than
the RPWM method.

An evaluation of the spectral characteristics of switching converters with a
Chaotic Carrier Frequency Modulation Scheme (CCFMS) has also been reported in
[57]. The property of frequency spreading in CCFMS is studied by using statistical
analysis method. The CCFMS is found to exhibit similar behaviors as the RCFM
in the high frequency range, but CCFMS introduces lower level of low frequency
harmonics at the output than that of the RCFM.

The effects of the switching frequency modulation on the output voltage
was studied and reported in [58]. The output voltage ripple for continuous mode

can be ideally calculated as follows:

A 2 fre\2 (2.42)
Vo _TT (1_D)(LC)
2 fow

(0]

where fjc = ﬁ is the corner frequency of the output low-pass filter consisting

of an inductor L and a capacitor C, and fj,, is the switching frequency. Since v,, D,
and f; ¢ are constant parameters, output voltage ripple Av, only depends on fg,,. If
fsw 1S constant (as in the non-modulation case), output voltage ripple remains

constant; however, if fg,, is frequency modulated, then Av, oscillates as a function
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of f,,,. Direct transformation of fixed frequency into modulated frequency designs

must be carefully analyzed, mainly if output voltage ripple is a restrain.

A novel control technique called Bi-Frequency Pulse Train (BF-PT) control
is proposed in [59] to improve light-load efficiency and EMI emission. In BF-PT
control, the output voltage of switching DC-DC converter is sampled at the
beginning of each switching cycle and compared with a reference voltage to
determine whether a high or low frequency control pulse should be selected as the
control pulse. The BF-PT control realizes output voltage regulation by employing
high and low frequency control pulses instead of adjusting the duty ratio of the
control pulse cycle by cycle. In this work, the two types of control pulses with
different switching frequencies spread the emission spectrum over discrete
frequencies resulting in lower EMI. Low frequency control pulses at lighter load
improve the light load power conversion efficiency. A similar Peak Current Mode
Bi-Frequency control (PCM-BF) for switching DC-DC converters operating in the
discontinuous conduction mode is proposed in [60]. In the PCM-BF control scheme
there are two control loop, the voltage and current loop. The voltage loop is used to
determine whether high or low frequency control pulse should be generated as
control pulse, and the current loop is used to determine the ON time of the control
pulse during the switching cycle. A practical optimization of EMI reduction is also
done in [61] by mathematically modelling the EMI receiver rather than the
theoretical power spectrum density and then optimizing the EMI for a well-defined
value of the modulation index. A reconfigurable periodic Bi-Frequency DPWM
(BF-DPWM) with custom harmonic reduction is presented in [62]. The proposed
BF-DPWM would achieve considerable harmonic reduction and improved DPWM

resolution with an insignificant ripple impact.

The use of digital controllers in DC-DC converters will become essential
not only to meet the core powering requirements but also to significantly improve
system diagnostics with system level power management. These digital control
systems present few disadvantages in comparison with analog ones. The finite word
length of digital controller, limit cycle oscillation due to the quantization of the

ADCs & DPWMs and the computational delays in the control loop are some of the
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disadvantages. The research works [1-49] aims at the optimization of the design of
high frequency ADC, high frequency DPWM and control law. Whereas the present
work deals with the realization of a high frequency digitally controlled DC-DC
converter that requires low resolution ADC and DPWM without sacrificing the

performance of the converter.
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CHAPTER 3

Reduction of limit cycle oscillation due to low resolution
ADC using reduced state Kalman filter

This chapter presents a method to reduce the limit cycle caused by low

resolution ADC in digitally controlled DC-DC converter. In this chapter a reduced

state Kalman filter is proposed to get the optimum estimate of the output voltage

from the noisy measurement provided by the low resolution ADC. The reduced

state Kalman filter, with offline computation of the coefficients reduces the

computational complexity of the Kalman filter and makes it suitable for the real

time application of estimating the output voltage from a noisy measurement. The

contributions of the research work are summarized as follows:

The reduced state Kalman filter is proposed to reduce the limit cycle
oscillations caused by low resolution ADCs in digitally controlled DC-
DC Converter.

The reduction in state of the converter has facilitated the minimization
of the clock cycle required for computation. This has been achieved by
reducing the vector states of converter to scalar state and by computing
the Kalman gain offline.

The reduced state Kalman filter is simulated with 6-bit ADC in
MATLAB environment and validated with different resolutions (5-bit,
6-bit, 7-bit and 8-bit) using prototype model, which is implemented
using 16 bit DSP processor. The results show that the proposed scheme
reduces limit cycle oscillation significantly and is computationally very

efficient.

An ideal quantizer can be considered as a linear system with unity gain. As

explained in Chapter 2, the quantization effect has been investigated using

describing function approach in [4]. As explained in Appendix 1, the method

represents the effective gain as a function of the amplitude of sinusoidal input signal
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and DC offset bias. The amplitude and offset dependent gain of a quantizer can be

significantly greater than unity as the offset approaches g/2, where q is the

v, 1S the full voltage range of the ADC and ngq. IS

quantization level (q = 2:{%
the resolution of the ADC) [4]. For high resolution ADC, zero offset describing
function is normally used. However, for low resolution ADC, the amplitude and
offset dependent “gain” can be very high, which results in limit cycle oscillation
even if the resolution of DPWM is high. This occurs in particular cases where the
reference voltage of the converter is such that the output voltage does not result in
zero error voltage due to the quantization effect of low resolution ADC. Similarly,
the usage of high resolution ADC and low resolution DPWM can result in limit
cycle oscillation [4]. However, no detailed studies are reported to express the

elimination of limit cycle oscillation associated with low resolution ADC.

Meanwhile, the Kalman filters are effectively used to estimate the signal
embedded in noise, where the signal is characterized by a dynamical or state model
[63]. If the signal and noise are jointly Gaussian, then the Kalman filter is an
optimal Minimum Mean Square Error (MMSE) estimator, and if not, it is the
optimal linear MMSE estimator. Generally, the Kalman filter uses the dynamical
model of the system and the measurements to form an optimal estimate of the state
of the system. The Kalman filter model assumes that the state of the system to be

estimated, can be represented by the state space model given by
Xk = AXk_1 + Buk + Wk (31)

X IS the state vector, A is the state transition matrix, B is the control input matrix,
uy, is the vector containing control inputs, wy is the vector containing the process

noise.

And that the measurements of the system can also be modelled as per the equation
given by

Yk = CXk + Vk (32)

where yy is the vector of measurements, C is the transformation matrix that maps

the state vector parameters into the measurement domain, vy is the vector of
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measurement noise. Then the Kalman filter will provide an optimum estimate of
the state of the system, X, recursively over time by using the incoming

measurement on y; and the mathematical model process given by (3.1).

For high frequency switching converters, the implementation of Kalman
filter to estimate the states of the converter is computationally complex and any
delay would affect the phase margin of the converter. Thereby the performance of
the converter will be affected. An optimal design of a Kalman filter has earlier been
attempted with respect to its finite word length characteristics taking into account
the round off noise due to state quantization [64]. But, no significant attempts were
made to implement the Kalman filter with minimum clock cycle. Similarly, a state
observer based sensor less control using Lyapunov method for boost converter is
presented in [65]. The proposed controller was designed based on Lyapunov
stability theorem which allows accurate output voltage tracking and stability by
considering the large signal model and non-linearity of a boost converter operating
only up to switching frequency of 50 kHz.

Thus a computationally efficient optimal implementation of Kalman filter
for a high frequency digitally controlled DC-DC Converter is a major challenge. In
this chapter a computationally efficient reduced state Kalman filter is proposed to
reduce the limit cycle oscillations caused by low resolution ADCs in digitally
controlled DC-DC Converter.

The chapter is organized as follows. In Section 3.1, the digitally controlled
DC- DC converter using the proposed scheme is described. The modeling of the
buck converter is given in Section 3.2. The reduced state Kalman filter used in the
proposed scheme is presented in Section 3.3. In Section 3.4, simulation results are
provided. In Section 3.5, the experimental results with detailed discussion are given.

Section 3.6 presents the concluding remarks.
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3.1 System description

Figure 3.1 shows the block diagram of a digitally controlled PWM DC-DC
buck converter using the proposed scalar state scalar observation Kalman filter. In
the feedback, the output voltage of the converter is scaled down, sampled and
digitized using ADC which is a low resolution one. In general, the error is computed
by taking the difference between the output of ADC and reference voltage (Vref).
Limit cycle oscillation may occur if the reference voltage is such that the quantized

output voltage does not result in zero error voltage [4].

To avoid the limit cycle oscillation, the output of the ADC is fed to a reduced
state Kalman filter, when the output is within a predefined limit (+5 % of the rated
value). The window for the output voltage is fixed based on the expected limit cycle
amplitude at the output voltage. This ensures that the startup and dynamic
performance of the converter are not affected by the introduction of the Kalman
filter. The optimum estimate of the present value of output voltage is derived by
adding the previous optimum estimate of the output voltage to the change in output
voltage estimated by the reduced state Kalman filter. To get the optimum estimate
of the change in output voltage, the difference between the present and previous
sample of the output of ADC is given as the measured input to the Kalman filter
and the small signal model of the converter is used to predict the change in the
capacitor voltage. The Kalman filter gives the optimum estimate of the change in
capacitor voltage, based on the predicted value given by the small signal model and
the measured value. The optimal estimate of the change in capacitor voltage can be
considered to be the same as that of the change in output voltage as the ESR of the
output capacitor is low. The Kalman filter uses the weighted average method to
give the optimal estimate of the change in capacitor voltage. The measurement on
the change in output voltage will be noisy due to the low resolution of ADC. If the
variance of measurement noise is more, the predicted value is given more weightage
and vice versa. The estimated change in output voltage is added with the previous

estimated value of the output voltage to get the present value of the output voltage.
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The difference between this and the reference voltage is the error. The error thus
computed is fed to a discrete time compensator. The discrete time compensator
computes the digital duty cycle command based on one and two sample old duty
commands, the present error, previous one and two samples old errors. This duty
cycle command drives the digital pulse width modulator. A digital pulse width
modulator outputs the gate drive pulses at the desired switching frequency based on

the digital duty cycle command.

111 Rc
C)V yag §R \/
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'ULU‘ N\
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Kalman
pPwWM [€| PID Filter
Controller

Figure 3.1: Block diagram representation of the proposed architecture

3.2 Modeling of buck converter

In this section, the small signal model of the DC-DC converter is quantitatively
described. The two state variables, the change in inductor current (i, (t)) and
capacitor voltage (V.(t)) are chosen. The state space model of the DC-DC converter

is given by [20]:
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dir (1)

L 07| ar |_[Re+ R//R)) —R/(R+R)I[L®], Do

0 C] aVe® _[ E/(R+RC§ —1/(R+R2)”\7C(t)] []Vin(t)+
dt

[‘(’)g] a (3.3)

where, Vi, (t) is the change in input voltage, d is the change in duty cycle, D is the
steady state Duty ratio, R is the Equivalent Series Resistance (ESR) of the output
capacitor C, Ry is the series resistance of the output inductor L and R is the load
resistance, R//R¢ is the equivalent parallel resistance of R and R¢.The change in

output voltage derived from the small signal model is as follows:
Vo(® = (R//RAIL() + (R/(R +Re)) Ve(t) (3.4)

The equation (3.1) and (3.2) can be rewritten as

[dlL(t)
— IL(t) Vin(t)

|dV (t) V(t) HB][ d ] (3.5)
% = [0l o

V()

The equivalent discrete state equation of the converter model is obtained using zero

order hold method.

T 3.7
Ad = eAT; Bd = J eAtdtB ; Cd = C ( )
0

The discrete time small signal model of the converter is derived using MATLAB.

The general form of the discrete time small signal model of the converter is given

by

SRR [ N IO N

In (3.8), the values of a;, (i = 1to 6) are functions of plant parameters. The

variables i, (n) and v.(n) are the present value of the change in inductor current
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and change in capacitor voltage respectively, d(n — 1)and v;,(n — 1) are the

previous value of the change in duty ratio and input voltage respectively.

The equivalent discrete time output equation of the converter can be written as
Vo(n) = cv.(n) + c'ip,(n) (3.9)

where, c = R/(R+ R¢) and ¢’ = R//R¢

A necessary condition for the Kalman filter to work correctly is that the
system for which the states are to be estimated, should be observable. The system
is observable if and only if the observability matrix has rank equal to n where n is
the order of the system (the number of state variables). The rank sufficiency of the
Observability Grammian for the system represented by (3.8) and (3.9) justifies the

use of Kalman filter for this application.

Equation (3.9) can be further modified by adding the measurement noise v(n),

which is given below:
Vo(n) = cve(n) + c'ip,(n) + v(n) (3.10)

The measurement on the change in output voltage is noisy due to the quantization

effect of ADC. The quantization noise of ADC can be considered as the

measurement noise v(n), and has uniform probability distribution between — q?l and

+ qfwhere q, is the quantization level of the ADC. The quantization noise has zero

2

mean and variance, o2, given by %.

3.3 Reduced state Kalman filter

In this section, to estimate the change in capacitor voltage v.(n), from the
noisy measurement for the change in output voltage {v,(0),v,(1),...v,(n)}, the
reduced state Kalman filter is proposed. The Kalman filter provides an optimal
estimate of v.(n) of the converter by using the measurement of v,(n) and the
prediction of v.(n) is given by the small signal model. The vector state has been

reduced to the scalar state equation by considering only the change in capacitor
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voltage v.(n). Based on (3.3), the prediction on the change in capacitor voltage
using the small signal model requires the previous value of the change in inductor
current and change in capacitor voltage.

In the proposed state reduction, the change in inductor current is modeled
along with the process noise. The process noise w(n) is introduced due to the
quantizer, ADC and DPWM. The derivation of the process noise is dealt in
Appendix 2. Therefore, the state equation of the change in capacitor voltage given

in (3.3) can be considered to be a first order auto regression model and is given by
ve(n) =a,v.(n—1) + w'(n) (3.11)
where,
w'(n) = azip(n —1) + w(n) (3.12)
Based on (3.8), the noise contributed by i;,(n — 1) can be expressed as given below:

iL(n —1) = ai (n — 2) + azazi (n — 3) + azazasip(n — 2)+.. +asvg(n —

1) +agd(n—1) (3.13)

Since w'(n) is the sum of w(n) and noise contributed by i, (n — 1) which
in turn is due to the sum of previous inductor current samples as given in equation
(3.13), it is possible to assume that the noise in equation (3.12) is white Guassian
noise, as per Central Limit theorem, with mean of the noise given by E(w’(n)) =
asi,(n — 1) and the variance of w’(n) is given by the variance of the process noise
o.2. Similarly the scalar observation equation for the Kalman filter can be obtained
by considering only the change in capacitor voltage and by modeling the change in

inductor current along with noise. Hence, (3.10) can be modified as given below:
vo(n) = cv.(n) + v'(n) (3.14)

where,v’ (n) is white Gaussian noise with variance equal to o,2. The mean of the

noise is given by

E(v’(n)) =c'if(n—1) (3.15)
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The Kalman filter is a recursive filter and let 7,((n — 1) /(n — 1)) denote the best
estimate of v.(n — 1) obtained from the Kalman filter up to (n — 1) observations.
The estimate of v.(n) predicted by the small signal model obtained from (3.11)

and (3.12) is given below:

Ue(n/(n = 1)) = a,7c((n = 1)/(n = 1)) +azi (n - 1) (3.16)

For ‘n’ given observations (n is an integer number) of v, (i){fori = 1,2 ....n}, the
best estimate of v.(n) is obtained using Kalman filter, which can be expressed as

given below:
Uc(n/n) = 7c(n/(n— 1)) +k(@m)(vo(n) —c'ip(n — 1) — c¥(n/(n - 1)))
(3.17)
where k(n) is the Kalman gain, ¥;(n/n) denote the best linear estimate of v.(n)
The Kalman gain k(n) is computed as follows

P(n/(n — 1))c (3.18)

k(n) = 2P((n— 1)/(n— 1)) + 0,2

where, P(n/(n — 1)) is the minimum prediction mean square error for (n — 1)

observations and it is given by
P(n/(n—1)) = a,?P((n—1)/(n — 1)) + 0,2 (3.19)
The minimum mean square error estimation for n observations is given by

P(n/n) = ((1 = k()c)P(n/(n - 1)) (3.20)
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Figure 3.2: Block diagram of the scalar state scalar observation Kalman filter

If the system is modeled with two state variables, the computational effort
associated with matrix inversion is O(n®), and matrix multiplication is 0(n?),
where n is the number of states of the system [63]. Due to the implementation of
the reduced state Kalman filter and offline computation of Kalman gain, three
algebraic equations given in (3.3), (3.16) and (3.17) are only required for estimating
the optimum value of capacitor voltage. These algebraic equations require simple
additions and multiplications for the implementation. Therefore, the
implementation of the Kalman filter does not introduce more phase delay as the
execution of these three equations takes minimum clock cycle, and will not affect
the phase margin of the converter.

3.4. Simulation result

A mathematical model of the digitally controlled buck converter is used to
compute the Kalman gain. The converter parameters used for the modeling are L =
100 pH, C=22 yF, R¢ =0.1Q, R=25Q, R, = 0.025Q, Vin = 12 to 18 V and
Vout =5V. In this model sampling period is chosen as same as switching

frequency ( Ts = 2.5 usec).
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3.4.1 Closed loop model

The discrete time transfer function G,y (z) of the overall open loop system

is derived by adopting the modeling approach presented in [20] and [23]. The

overall open loop system

Gor(z) comprises of the power stage, Zero order hold,

ADC gain, feedback factor, DPWM gain and the total computational delay in the

control loop. The Simulink model of the buck converter with Kalman filter is given

in Figure 3.3.
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Figure 3.3a: Simulink model of the DC-DC converter with Kalman filter
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Figure 3.3b: Simulink model of the DPWM
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Figure 3.3c: Simulink model of the ADC

For the buck converter the small signal output voltage to the PWM duty

ratio (control to output transfer function), %, is expressed as G, (s) and is given by

G(s) = Vin(sRcC+1) (3.21)
P>/ — 21, cRL*Re (RCC(R+RL)I L IRC)IR+RL
S RL IS RL IRLI T RL

The ADC is modeled with the gain, sample and hold and conversion time. The gain
of the ADC is given by

20ade — 1 (3.22)
kadC = 3.3

where n_gq. is the resolution of the ADC. The operating voltage range of the ADC
isfrom0to3.3V.

The zero order hold is given by
1—e5Ts 3.23
SH(s) = —— (8:29)

where T is the sampling period.

The delay block in Figure 3.3 models the total delay in the loop. The total time
delay (td) is the time between the ADC sampling instant and the subsequent PWM
duty ratio update. The delay includes ADC conversion time and the computation

delay. It is expressed as

Gdly(s) = esHd (3.24)

56



The gain of the DPWM block is given by

1 (3.25)
kdpwm = 20dpwm — 1

where ngpwmis the resolution of the DPWM.

The transfer function of overall open loop system including the power stage,
feedback gain, FB, gain of ADC, Sample & hold and gain of DPWM and the

computation delay can be expressed as
GoL(s) = Gp(s) Gdly(s) kaqc kKgpwm SH FB (3.26)

The continuous time model given in equation (3.26) is converted to discrete time
model with sample time Ty by using MATLAB. The sampling period is same as
that of the switching frequency. The discretization method uses the zero order hold

on the inputs. The discrete time open loop transfer function is given by

0.006426z + 0.003682 (3.27)
z2 —1.953z + 0.9555

GoL(z) =

The computational delay is chosen as 0.5 Ts.

1.7309(z—0.974)(z—0.9463)
(z—1)(z—0.7521)

A suitable controller G.(z) = is designed to compensate the

system Gy, (z) in such a way that the gain rolls off at a slope of —20dB/decade at
0 dB. The bandwidth of system is selected as 5 kHz to ensure no limit cycle
oscillation with a phase margin of greater than 45 degrees. The open loop bode

response of the converter with controller up to the Nyquist frequency of 200 kHz

(fSTW, where fg,, is the switching frequency) is given in Figure 3.4 and it is observed
that the compensator design is meeting with a bandwidth of about 5 kHz and a phase
margin of greater than 45 degrees. The above designed controller works very well
with a Kalman filter in the loop, as it introduces only very less computational delay
in the control loop. Since the Kalman filter is implemented using three algebraic
equations, the computational delay is significantly low and will not affect the
stability of the loop. Moreover, the assumption of additional 0.5 Tg for the total
delay in the loop while designing the controller, accounts for the execution time of

the Kalman filter.
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Bode Diagram
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Figure 3.4: Bode response of the plant with controller

3.4.2 Computation of Kalman gain

Based on the converter parameter, (3.8) can be rewritten and is as follows:

=107 S T e
[0.68349] dn—1) (3.28)

The Kalman gain is computed offline using the MATLAB model which uses
equation (3.18), (3.19) and (3.20). The design guideline for the computation of
Kalman gain is given in Appendix 2. The measurement error is due to the
quantization of ADC and its variance for 6 bit ADC is 2.255 * 10~*. To compute
the process noise error variance, [66], [67] and [68], the two noise sources due to
the quantization of ADC and DPWM are injected into the feedback system at the

corresponding point and its effect on the output voltage is obtained. The noise

injected by ADC has a mean square noise of qal—dzcz and the noise injected by DPWM

ddpwm

2
has a mean square noise of - The impulse response from the point of
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injection of each noise to the output is computed. Also the sum of squares of the
impulses of the impulse response from the quantizer to system output is determined.
The variance of the quantization noise at the system output due to the ADC

2
quantizer is qal% multiplied by the sum of the squares of the impulses of the impulse

response from the quantization point to system output [64]. Similarly, the variance
of the quantization noise at the system output due to DPWM is calculated. The sum
of the individual variance of ADC and DPWM is the variance of the total
quantization noise at the system output. Thus, the process noise variance computed
by taking the quantization effect of 6 bit ADC and 11 bit DPWM for a reference
voltage of 1.6405V is 1.855 * 1073, Using these two parameters, the Kalman gain
computed is 0.9271, for the input voltage of 18 V. Under conditions where process
noise variance and measurement noise variance are constant, both the estimation
error variance P(n) and the Kalman gain k(n) will stabilize quickly and then remain
constant as shown in Figure 3.5. Hence the Kalman gain k(n) can be computed

offline facilitating the computationally efficient realization of the Kalman filter.

It may be noted that the Kalman gain remains the same even if the input
voltage changes from 12 V to 18 V as the state vector for the converter is invariant.
However, the gain can vary as the load changes from minimum to maximum load
condition. To assess the effect of the state reduction on the Kalman gain, the
Kalman gain is computed by using the vector state model of the converter. The
Kalman gain computed is [—0.0009 0.9272].This shows that the Kalman gain is

very close to the previously computed value of 0.9271.
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3.4.3 Results
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Figure 3.5: Mean square error and Kalman gain for 6-bit ADC and Vref: 1.6405 V
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The simulated output voltage response obtained from the model with Kalman and

without Kalman filter for a 6-bit ADC is shown in Figure 3.6. The results show that

the proposed scheme brings considerable reduction in the limit cycle oscillation

(around 100 mV) at the output of the converter. In practice, the limit cycle

oscillations will be more as the modeling has not considered the round off errors

and finite word length of fixed point DSP processors.
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Figure 3.6: Output voltage response with and without Kalman (X axis: 6.125x107 to
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3.5 Experimental results

The prototype model of the digitally controlled buck converter is
implemented to verify the effectiveness of the proposed reduced state Kalman filter.
The converter is realized with the following specifications: i) Input voltage range
12-18 V ii) Output voltage 5 V iii) Minimum and maximum load current of 200
mA and 2 A iv) Line regulation, load regulation and ripple is set as 1 %, 1 % and

50 mV respectively v) Switching frequency of the converter 400 kHz.

The circuit diagram of the hardware is shown in Figure 3.7. The circuit is realized
using surface mount devices in a PCB card dimension of 8x4 cm. Fast switching
MOSFET (IRFN240) has been used as the switching element, U1, in the power
stage and the buck converter comprises of output inductor, L1, 100 uH, SMP 5022
of M/S Gowanda and the output capacitor, C2, is 22 pF with ESR of 100 mQ,
CWRO09KC226JDC type. These values are designed based on the equations (1.5)
and (1.6). A bank of capacitors is also provided at the output. The bank of capacitors
comprises of C3- 0.1 pF, C4- 0.01 puF and C5-1000 pF. C3 is of CDR 33 type,
whereas C4 and C5 are of CDR32 type. The controller, U4, is implemented using
16-bit digital signal controller, dsPIC33FJ16GS502 of Microchip Technology Inc.
A Power on Reset (POR) is provided during initial power on. The POR circuit
comprises of capacitor C18, 10 uF in parallel with C17, 0.01 pF, CDR 33 type. The
charging path is through R10, 10 kQ resistor so as to provide a POR time of 8 5msec.
The diode D3, IN5811USJANTX, is provided for the discharge path of C18. The
3.3V supply for dsPIC is derived using LT1963, U2, a fast transient response LDO
regulator. In order to reduce the thermal dissipation in LT1963, a simple emitter
follower series pass regulator comprising of Q1, Z1 (IN748JTX), R6 (1K) and R7
(100 Q parallel 100 ), is used to derive 6.5 V from the input voltage. This is further
dropped to 4.89 V by using the parallel resistors R8 and R9 (47 Q parallel 47 Q)
before giving it to the input of LT 1963. The PWM output from the dsPIC is given
to IR2110, U3. IR2110 is a high voltage, high speed power MOSFET driver with
independent high and low side referenced output channels. Gate drive supply
voltage can range from 10 to 20 V. Hence the supply for this IC is derived directly

from the input voltage.
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Figure 3.7: Circuit diagram of the implemented hardware

The dsPIC33FJ16GS502 is a 28 pin device with QFN-S package. This chip
is of CMOS Flash technology with operating speed of 40MIPS. It has program
memory of 16 kbytes, RAM of 2 kbytes, three 16 bit Timers, ADC with 10bit
resolution with up to two Successive Approximation Register converters (4 Msps)
and up to six Sample and Hold circuits and four PWM outputs with 1.04 ns
resolution. It has a Code efficient (C and Assembly) architecture with two 40 bit
wide accumulators, Single cycle (MAC/MPY) with dual data fetch, Single cycle
mixed-sign MUL plus hardware divide and 32 bit multiply support. For clock
management, it has internal oscillator, Programmable Phase Locked Loop (PLL)
and oscillator clock sources. It has Fail Safe Clock Monitor, Independent Watchdog
Timer, Fast Wake-up and Start up features. The communication interfaces include
UART module, 4 wire SP1 module and 1°C module. The general block diagram of

the peripheral and core module of the processor is given in Figure 3.8.
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Figure 3.8: Block diagram of the core and the processor modules
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The oscillator source used at the device power on reset event is selected
using the configuration bit settings. The oscillator configuration bit settings are
located in the configuration registers in the program memory. In this work, the
internal fast RC oscillator is used with PLL so that the dsPIC operates at full speed.
The fast RC oscillator runs at a nominal speed of 7.37 MHz. The internal RC
oscillator is given to a PLL as shown in Figure 3.9. The output of the primary
oscillator is divided by a pre scale factor of two. Thus the input of the Voltage
Controlled Oscillator (VCO) is 3.685 MHz. The input of the VCO is multiplied by
a factor M so that the processor operates at the maximum clock speed. In this
design, M is selected as 41 so that F,, is 158.455 MHz. The VCO output is further
divided by two so that the device operating frequency is 79.225 MHz. The oscillator
frequency (F ) is divided by two to get the operating frequency, Fcy or instruction

execution speed.

0.8-8MHz Fyvco
100-200MHz
Source(Crystal, _
External clock or PLLPRE > X > Vvco > PLLPOST Fosc
Internal RC) y )
v
PLLDIV N2
N1

Divide by

Divide by 248

2-33

Figure 3.9: Oscillator portion of the dsPIC

An auxiliary clock generation is used for PWM and ADC that is unrelated to the
system clock. An auxiliary PLL is used to obtain the auxiliary clock, which is
having a fixed multiplication factor of 16. Thus the auxiliary clock frequency is
117.92 MHz. Standard edge aligned PWM is chosen for generating the PWM. To
create the edge aligned PWM, a timer or counter circuit counts upward from zero

to a specified maximum value, called the ‘period’. Another register contains the
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duty cycle value, which is constantly compared with the timer (period) value. When
the timer or counter value is less than or equal to the duty cycle value, the PWM
output signal is asserted. When the timer value exceeds the duty cycle value, the
PWM signal is de-asserted. When the timer is greater than or equal to the period
value, the timer resets itself, and the process repeats. Figure 3.10 shows the standard
edge aligned PWM.

Duty Cycle Match  Timer Resets

Period . _ _ _ _ _¥Y__ Y __ _ _ _ _ ___ ;
P Period o Value

-
! Period i New Duty Cycle
e e

Figure 3.10: Standard edge aligned PWM

The PWM period value defines the switching frequency of the PWM pulses. The
PWM period value is controlled by the Phase Shift registers, PHASEx and the
PHASEX has to be loaded as per the equation given in the data sheet of dsPIC.

Since the objective is to reduce the resolution of ADC and to achieve better
limit cycle specification, the ADC is configured for 6-bit resolution and DPWM is
configured for 11 bits. The ADC has analog input range of 0 to 3.3 V and the
conversion time is approximately 600ns. The ADC samples the scaled down output
voltage at the center of the switching period so as to avoid sampling at the switching
spikes of output voltage. If the output voltage is within the range of 4.5 V and 5.5
V, ADC output is fed to Kalman filter else it is fed to the digital controller directly.

The coefficients of the controller are first converted to a suitable fixed point format
(Q format) in order to get the best accuracy out of this 16-bit processor. Since the
largest value of integer portion of coefficients is 1.732, a maximum of four bits will
be sufficient to represent the signed integer. So pre-computed PID co-efficient, the
parameters of the small signal model and Kalman gain are stored in Q12 format of
fixed point representation. The reference voltage is given in Q14 format. The output

of the ADC is converted to Q14 format and the format used for representing the
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error signal is Q14. The two sample old and one sample old error signal is also
stored in Q14 format. In the PID controller the multiplication of a Q14 format
number by a Q12 number results in a Q26 format number and it is stored in a 32-
bit register. Since the higher 16 bits of the result is extracted, and it is left shifted
by four to give the result of multiplication in Q14 format. The result, i.e., the output
signal of PID controller after the execution of above algebraic equation is stored in
Q15 format. As far as memory is concerned, the data memory requirements for
storing the constants are very much dependent on the order of the compensator and
the data word length used. Here the data word length used to represent the constants
and variables are 16 bit. Hence the total data memory required to store the
coefficients of the PID controller and the other converter related constants are 24
bytes (12 x 16 bits). The total program memory used for the implementation of the
above algorithm in dsPIC33FJ16GS502 is around 854 bytes. The Kalman filter is
implemented with 35 instruction cycles based on the proposed state reduction with
offline computation of Kalman gain. Coding was done in assembly language. The
prototype model of the system with proposed reduced Kalman filter is shown in

Figure 3.11 and the flowchart of the program is given in Figure 3.12.

Figure 3.11: Prototype set up of the proposed scheme
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Figure 3.12: Flowchart of the controller implementation in dsPIC

67



The programming of dsPIC33FJ16GS502 is done by using the pins PGED1:
Data input/output pin for programming, PGEC1: Clock input for programming,
MCLR: Master Clear (Reset) input, VDD: Positive Supply and VSS: Ground. These
pins are made available at pads. During programming, these pins are connected to

programmer (ICD3) and program is loaded using MPLAB IDE software.

Figure 3.13a shows the output of the converter with 6-bit ADC without
Kalman filter scheme. The reference voltage is fixed at 1.65 V so that the output
voltage exactly coincides with quantization level and thereby resulting in no limit
cycle oscillations. The ripple is within specification (around 20 mV at 400 kHz) and

respective FFT of the output voltage is shown in Figure 3.13b.

I P Pos: 44000 us

CH .. i : . . 3 a ._J.ili : - L.
Figure 3.13 a

Bl T ® swp Pos: 20.00kHE

H3 10.0d8 S5.00kHz <100k5./5)
Figure 3.13b

Figure 3.13: Converter output (AC coupling mode of oscilloscope) (3.13a) and FFT of
the output (3.13b) with 6 bit ADC & without Kalman (Vref: 1.65 V)
(Fig: 3.13b x axis: Frequency (kHz) , x axis scale : 5 kHz and y axis:
Amplitude in dB, y axis scale: 10 dB)
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To study the effect of the reference voltage of the converter, small change
in magnitude is introduced (1.6405 V), which is shown in Figure 3.14a. From the
figure it is observed that the limit cycle oscillation has increased to 600 mV with
frequency of around 4.16 kHz. The large amplitude of limit cycle oscillation is due
to the fact that the reference voltage is such that the output of the converter does not
fall within the quantization levels of ADC. The increase in amplitude of the limit
cycle is confirmed by taking the FFT of the limit cycle at the converter output which

indicates the component near 4.16 kHz as shown in Figure 3.14b.

S 1| Lo 0D

CHi Sobmves — M2s0ms  CHY A
Figure 3.14a

Tek ... -E.tqﬁ;. e P05 1380KHE

He

CH1 10.0dB  5.00kHz C1OOKS/e»
Figure 3.14b

Figure 3.14: Converter output (AC coupling mode of oscilloscope) (3.14a) and FFT of
the output (3.14b) with 6 bit ADC & without Kalman filter (Vref: 1.6405V)
(Fig: 3.14 b x axis: Frequency (kHz), x axis scale: 5 kHz and y axis:
Amplitude in dB, y axis scale:10 dB)
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Further the output of the ADC is processed using a Kalman filter. Here, the
Kalman gain is set as 0.92, which is computed offline. It can be seen from Figure
3.15a that the limit cycle voltage is less than 50 mV (around 20 mV) with frequency
of 400 kHz. Figure 3.15b shows the FFT of the output voltage with considerable
reduction in limit cycle (30 dB). The experiment is repeated by varying the line
voltage from 12 to 18V with the load variation of 200 mA to 2 A and it is observed
that the line regulation and load regulation is well within the specification of 1 %.
Thermal test is also carried out to confirm that the offline computed Kalman gain

works for the operating temperature range of 8°C to 70°C satisfactorily.
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Figure 3.15b

Figure 3.15: Converter output (AC coupling mode of oscilloscope)(3.15a) and FFT of the
converter output (3.15b) with 6 bit ADC & with Kalman filter
(Vref:1.6405V)
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The experiment is repeated (without Kalman filter) for reference voltage of
1.625V and limit cycle oscillation of amplitude 340 mV at 3.486 kHz is observed
which is shown in Figure 3. 16a.The output of the converter (with Kalman gain of
0.875) with significant reduction in limit cycle amplitude is shown in Figure 3.16b.
The ripple frequency is at 400 kHz and amplitude is 20 mV.
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Figure 3.16b

Figure 3.16: Converter output (AC coupling mode of oscilloscope) with 6 bit ADC
without Kalman (3.16a) and with Kalman filter (3.16b) (Vref: 1.625 V)
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The limit cycle oscillation, at the output of the converter, without Kalman
filter in the case of 5-bit ADC with reference voltage of 1.596 V is shown in Figure
3.17a. The limit cycle oscillation is of 800 mV at around 4 kHz. Figure 3.17b shows
that limit cycle oscillation has been significantly reduced with Kalman filter having

the filter gain of 0.83. The ripple frequency is at 400 kHz and amplitude is 20 mV.
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Figure 3.17a

Figure 3.17b

Figure 3.17: Converter output (AC coupling mode of oscilloscope) with 5 bit ADC
without Kalman (3.17 a) and with Kalman filter (3.17 b) (Vref: 1.596 V)
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The experiment is repeated again by changing the ADC resolution from 8
bit to 4 bit for the reference voltage of 1.596 V. The Kalman gain used for the
experiment is summarized in Table 3.1 and it is found that the Kalman gain in each
case is different as the measurement noise error variance and process noise error
variance are different. The amplitude of the limit cycle oscillation at the output of
the converter without Kalman filter and with Kalman filter is also tabulated in Table
3.1. Itis found that in all these cases the limit cycle oscillation has been significantly
reduced. The proposed scheme is found to be effective up to 4-bit resolution of
ADC.

Table 3.1. Kalman gain and limit cycle oscillation for different resolutions of ADC

Vrer:1.596 V
Resolution | Kalman Limit cycle oscillation Limit cycle reduction
of ADC gain without Kalman filter with reduced Kalman
filter
8 0.95 | 200 mV at 4.23 kHz
7 0.9648 | 300 mV at 3.788 kHz <50mV
400kHz (switching
6 0.8125 | 880 mV at 4.2 kHz frequency)
5 0.83 | 800 mV at 4 kHz
4 0.8125 | 60 mV at 3.788 kHz

The transient response of the converter is taken to study the effect of
introduction of Kalman filter on the stability margins. It is found that there is no
considerable variation in the transient response which confirms that the stability
margins are not affected by introduction of Kalman filter. Figure 3.18a and Figure
3.18b shows the transient response of the converter, without Kalman and with
Kalman filter respectively when the load changes from 50 to 100 % of the maximum
load. The output of the converter (5 V) is captured in the AC coupling mode of the
oscilloscope. From Figure 3.18a and Figure 3.18b, it is noted that the overshoot is
less than 17%, which indicates that the phase margin is more than 45°. It is found

that the proposed scheme of state reduction and offline computation of Kalman gain
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has effectively reduced the computational time and has not introduced any phase
lag.
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Figure 3.18: Transient response of the converter (AC coupling mode of oscilloscope)
for 6 bit ADC without Kalman (3.18a) and with Kalman filter (3.19b) (Vref: 1.67 V)

The CS01 test of MIL STD 461C was conducted on the package to check
whether the introduction of Kalman filter in the loop has affected the audio
susceptibility. The CS01 test measures the conducted susceptibility in the frequency
range of 30 Hz — 50 kHz on the input power lines. The injected amplitude of the
audio frequency is nearly 1.5 Vrms for input voltage of 15 V (10 % of input voltage)
for frequencies below 1.5 kHz and the amplitude decreases linearly to 0.5 Vrms at
50 kHz. The audio signal is superimposed on the DC input voltage as shown in the

test set up of Figure 3.19.
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The CSO01 test indicates that up to 1.5 kHz the converter with Kalman filter has
given a lesser attenuation. As the injected audio signal at the output of the converter
comes within the band 4.5 V to 5.5 V, the audio frequency will be processed by the
Kalman filter. Above 1.5 kHz the output filter attenuates the output signal before
giving it to the Kalman filter. So in the band 1.5 kHz - 50 kHz the performance was
similar to the one without Kalman filter. The audio rejection up to 1.5 kHz can be

taken care by using input voltage feed forward techniques. The CSO1 test results

Figure 3.19: CSO01 test of MIL STD 461C

are shown in Figure 3.20.
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Figure 3.20: CSO01 test results
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3.6 Conclusion

A reduced state Kalman filter to reduce the limit cycle caused by low
resolution ADC in a digitally controlled DC-DC Converter is presented. The limit
cycle amplitude reduction is achieved by a reduced state Kalman filter and it was
implemented with reduced hardware without affecting the stability margins. The
simulation and experimental results show that the proposed scheme had reduced the
limit cycle oscillation completely for different resolutions of ADC in a more
computationally efficient approach. It was also proved experimentally that the
Kalman gain computed offline was effective for all input voltage and load

variations.

76



CHAPTER 4

Reduction in limit cycle oscillation due to low
resolution DPWM by switching frequency adjustment

A high resolution DPWM is required for the practical implementation of
digitally controlled DC-DC converter. A high resolution DPWM is required to
achieve tight output regulation and to avoid undesirable quantization effects such
as limit cycle oscillation. This work aims at the usage of low resolution DPWM in
digitally controlled DC-DC converter without limit cycle oscillation. The two
software methods to improve the effective resolution of DPWM are dithering [3]
and sigma delta modulation scheme [14-16]. The details of both the schemes are
presented in Chapter 2. In sigma delta modulation scheme as explained earlier the
quantization error due to low resolution DPWM is accumulated and when it is equal
to one LSB, the duty cycle is adjusted by changing the ON time. The duty ratio thus
varied over several switching cycles will have an average value due to the output
filter of the converter. This averaging effect increases the effective resolution of the
DPWM. But no significant attempts were made to improve the conducted emissions
from the converter, apart from improving the effective resolution. In this work,
efforts are made to improve the conducted emission also. Conventional PWM
converters exhibit high conducted emissions at the fundamental switching
frequency and its harmonics. It is well known that conducted emission noise of the
converter can be improved by the modulation of the switching frequency. The
general tendency of the Frequency Modulation (FM) [51] is to lower the harmonic
peaks even though it results in more sidebands spaced by the modulating frequency.
Moreover, it is proved that by introducing randomness in switching frequency
generation [53], the harmonic power can significantly come down compared to FM

and conventional PWM.

This chapter presents a method for the reduction in limit cycle oscillation
due to low resolution DPWM by combining the advantages of sigma delta
modulation scheme and frequency modulation of switching frequency. In this work,

the correction of quantization error due to low resolution DPWM is accomplished
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by changing the switching frequency. The error due to the quantization of DPWM
was accumulated for few clock cycles and the switching frequency was adjusted in
the last cycle such that the duty ratio changes by the number of LSBs corresponding
to the quantization error. The quantization error correction increases the effective
resolution of DPWM thereby reducing the ripple due to limit cycle oscillations.
Further, it also reduces the conducted electromagnetic emissions.

This chapter is organized as follows. The block diagram of a digitally
controlled DC-DC buck converter with quantization error correction is described in
Section 4.1. The simulation results for a buck converter are given in Section 4.2.
The experimental results obtained with a prototype utilizing the quantization error
correction are given in Section 4.3. The comparison of the proposed scheme with
the existing modulation schemes are also given in Section 4.3. Section 4.4 gives the

conclusion.

4.1 Proposed digitally controlled DC-DC converter
with quantization error correction

A digitally controlled buck converter with quantization error correction is
shown in Figure 4.1. In a conventional digitally controlled DC-DC converter, the
output voltage is scaled down, sampled and digitized using ADC. The error is
computed by taking the difference between the output of ADC and reference
voltage. The error thus computed is fed to a discrete time compensator which
computes the digital duty cycle command, d(n). The pre quantized duty cycle d(n)
is given to the DPWM that outputs the gate drive pulses at the desired switching
frequency based on the digital duty cycle command. Due to the quantization effect
of DPWM the duty cycle, d(n) is further quantized to give d,(n). In the proposed
scheme the effective resolution of the DPWM is improved by quantization error
correction which is highlighted by the dotted portion in the figure. The error due to
the quantization of DPWM is accumulated for consecutive n cycles, and the
switching frequency is adjusted in the n™ cycle such that the duty ratio changes by

the number of LSBs corresponding to the accumulated error.
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Figure 4.1: Proposed digitally controlled DC-DC converter with quantization error
correction

The quantization effect due to the limited resolution of DPWM can be modeled as
a noise q(m) added to the non-quantized value d(m) to produce the quantized

result, d; (m).
d;(m) = d(m) + q(m) (4.1)

In any conventional digitally controlled DC-DC converter, due to the averaging
effect of the LC filter at the output of the converter, the average duty cycle is given

by

4 - Zm=1di(m) (4.2)
avg — n

Under steady state d, (1) = d;(2) = d;(n) and equation (4.2) becomes
davg =d.(1) (4.3)

In the proposed scheme, the difference between the input of DPWM and the output

is accumulated for n clock cycles. The accumulated error is given by
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— (4.4)
Bere(n) = ) (d(m) — d1.(m)

And in the n™® cycle, the duty cycle is corrected corresponding to the accumulated
error. The duty cycle in the n™ cycle due to quantization error correction is given
by

dinew(n) =d;(n) + 8err(n) (4.5)

where d;(n) is the duty cycle in the nt™" cycle without any quantization error

correction.

Thus with quantization error correction, the average duty cycle averaged up to n

cycles can be written as

4. = (EmIi~di(m))) + di(n) + 8err(n) (4.6)
avg — n

Under steady state, equation (4.6) becomes

Cnxdy (1) 4 Serr(n) @.7)

avg

n

Therefore, the average value of the duty cycle becomes

uvg = (1) + 2 “9)

Thus from equation (4.8) it is clear that the effective resolution of the DPWM can
be improved by quantization error correction. Let us assume that the quantization

error changes by one LSB in n cycles then the average duty cycle is

LSB 4.9
davg =d, (1) + T (4.9)

In this case, as given in [3], the effective resolution has increased by M bits where
2M = n. An increase in the effective resolution of the DPWM brings significant

reduction in ripple caused by limit cycle oscillation.
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In the proposed scheme, the switching frequency of the converter is changed in the
n™® cycle to correct the quantization error. Let fs,, be the switching frequency of the

DC-DC converter. Then the switching frequency in the n cycle is given by

ton (new) * fg,, (4.10)
ton(old)

f(new) =

ton(old) corresponds to the on time for the duty ratio d;new(n) for the switching
frequency fsw. The t,,(new) corresponds to the on time for the duty ratio
d;new(n) for the switching frequency f(new). The scheme brings reduction in
conducted emission levels as the switching frequency is changed in every n cycle.
Again let us assume that the quantization error changes by one LSB in the n®™ cycle.
If the converter is operating at a duty cycle d, (n) of 30 % at the switching frequency
of 400 kHz then the switching frequency changes to 405.2 kHz in the n'" cycle to
correct the quantization error. Thus the peak power of the conducted emission level
at the fundamental frequency fsw will be reduced as the switching frequency is
changed in the n™ cycle. Also, the switching frequency harmonics will be reduced.
Since the implementation is done in the digital domain the following equations were

implemented in the controller for error correction.

The duty ratio is given by
daigital = tondigital/ Tdigital (4.11)

tondigital IS the digital word equivalent of the on time of the PWM signal. Tg;gitar IS
the digital word equivalent of the period of the PWM signal. To compute the
switching frequency at the n®™® cycle, as the implementation is in the digital domain,
the count value is computed based on how many LSBs the accumulated error value

will correspond to in the n'™ cycle and is given by

861‘1‘ (n) (412)
LSB

count = Floorl

The duty ratio in the n™ cycle that correct the quantization error is given by

tondigital + count

dgigital(n) = (4.13)

Taigital
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In this scheme as in sigma delta modulation scheme the on time is not adjusted to
change the duty ratio. Instead of that the switching frequency is adjusted based on

the equation given below.

tondigital + count _ tondigital (4 14)

Tcligital - Tldigital
T1gigital IS the period corresponding to the new switching frequency. Since the

accumulated error, 8., (n) will not be an integer multiple of LSB, in the subsequent
cycle, the difference between the accumulated value of error and the count value

times the LSB is given to the accumulator as the residual value. That is

Oresidual (N) = Jerr(n) — count x LSB (4.15)

A brief description of sigma delta modulation and the relationship between the
proposed method and sigma delta modulation is presented in Appendix 3. The
number of clock cycles, n, for which the quantization error is accumulated is
decided by the corner frequency of the output filter. Averaging for n clock cycles
will result in an additional ac ripple with frequency of f,,/n [3]. It is desirable
that the output filter should provide sufficient attenuation at fg,, /n. In the present
design, the corner frequency of the output filter is 5 kHz. If averaging is done for
three clock cycles, an additional content at 133 kHz will be superimposed on the ac
ripple if the switching frequency is 400 kHz. In this case, the output filter will
provide an attenuation of more than 80 dB. Experimentally it is verified that the
scheme gives significant results if averaging is done for three cycles. A ripple
rejection of 17 dB could be achieved by accumulating the error for consecutive
three cycles and adjusting the error in the third cycle. The implementation of
equation (4.12) to equation (4.15) in the digital domain is shown in Figure 4.1. Here,
even though the effective improvement in resolution is less compared to that of

sigma delta modulation, it reduces the conducted emission levels considerably.

4.2 Simulation results

The Simulink model of the digitally controlled buck DC DC converter used

for simulation is shown in Figure 4.2.
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Figure 4.2: Simulink model of the digitally controlled DC-DC Converter with
quantization error correction

The main subsystems of the Simulink model are the ‘buck converter’ that
models the power stage of the buck topology, ‘number of clock cycle’ that counts
the PWM clock cycle, ‘count’ that computes the count value based on equation
(4.12), * New period’ that computes the new period based on equation (4.14) and
the ‘Counter Based DPWM’.

The buck converter parameters are L = 100uH, C = 22pF,
Output voltage Vout = 5V, Input voltage Vin = 12 — 18V,
Switching frequency fsw = 400 kHZ, ESR of capacitor Rc = 0.1 Q,

load resistanc R = 2.5 Q, series resistance of inductor RL = 0.025 Q.

The DPWM is initially configured for 8 bits and the ADC is configured for
10-bit resolution. The sampling period is equal to the period of switching
frequency, Ts = 2.5 us. The discrete-time transfer function Gor(z) of the overall
open loop system, which takes into account the power stage, zero order hold, the
feedback gain comprising of ADC gain, feedback factor and DPWM gain, the total
computational delay in the control loop, that follows from the modeling approach
described in [20] [22] [23], can be expressed as
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6o ) — 0.02309z — 0.006403 (4.16)
oLt = 2 19522 + 0.9543

In this model the computational delay is taken as 0.5 Ts.

A suitable controller G¢(z) is designed as given in [23] to compensate the
above system Gov(z) in such a way that gain rolls off at a slope of —20 dB/decade

at 0 dB and provides sufficient margin so as to ensure stability. The discrete PID

controller is designed and is given by

G U 22.6(z—0.966)(z — 0.991) (4.17)
c() " E z(z—1)

where U is the control output and E is the error voltage. The compensator provides
a phase margin more than 45°and bandwidth of 25 kHz. The simulated open loop

response of the converter with controller is given in Figure 4.3.
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Figure 4.3: Open loop response of the converter (converter and compensator)

The limit cycle oscillation without the Quantization Error Correction (QEC)
is shown in Figure.4.4. Here the ripple is 30 mV and the ripple frequency is 5 kHz
which clearly indicates limit cycle oscillation due to low resolution DPWM.
Figure 4.5 shows that the ripple at the output of the converter with quantization
error correction. Quantization error correction as proposed in this work has reduced
the limit cycle oscillation. The proposed scheme has brought a significant reduction
in ripple amplitude. The ripple is 20 mV and the frequency is the switching
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frequency which indicates the reduction of limit cycle oscillation. To obtain the
conducted emissions from the converter, the spectrum of the input ripple current
was taken. Simulation results of the conducted emissions from the input line,
without and with quantization error correction are shown in Figures 4.6 and Figure
4.7 respectively. A reduction of 25 dB in the conducted emission level of the

fundamental switching frequency components is clearly seen.

5.08

Amplitude

. " -3
Time x 10
Figure 4.4: Simulation results showing the ripple at the output of the converter without
QEC
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Figure 4.5: Simulation results showing the ripple at the output of the converter with QEC
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Figure 4.6: Simulation results showing emission level without QEC
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Figure 4.7: Simulation results showing emission level with QEC

4.3 Experimental results

The prototype model of the digitally controlled buck converter was
implemented using dsPIC33FJ16GS502, a 16-bit digital signal controller, from
Microchip Technology Inc. The DPWM was configured for 8 bit and the ADC was
configured for 10-bit resolution with analog input range of 0 to 3.3V. The output
filter circuit was the same as that used in the simulations. Pre calculated PID
coefficients were stored in Q12 format of fixed point representation. The switching
frequency and sampling rate were fixed as 400 kHz. The output of the converter
without quantization error correction is illustrated in Figure 4.8. The ripple voltage
was found to be around 290 mV with ripple frequency of 5 kHz which indicates

limit cycle oscillation. The ripple is more compared to the simulation results. In the

86



simulation, the round off errors, finite word length of the DSP processor, scaling of
the inputs, outputs and PID coefficients due to the limited dynamic range of the
fixed point implementation, has not been modeled. Detailed mathematical analysis
on the truncation error due to the usage of fixed point processor has been presented
[64]. It has been proved that the truncation errors greatly affect the DC gain and the
effect for Q12 format of fixed point representation of PID coefficients has also been
presented [64]. Figure 4.9 shows the output of the converter with quantization error
correction by using the proposed scheme. The proposed scheme reduces the ripple
from 290 mV to 40 mV.

Tels I ik Stop K Pos: —1 13!]_1.!5

CHE 50, I:Irn'-.-'Eh.-.l M 1DDJ.I5 CHZ2 & -

Figure 4.8: Ripple at the output of converter (without QEC) Y axis scale : 50 mV, X axis
scale : 100 psec
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Figure 4.9: Ripple at the output of converter (with QEC) Y axis scale:20 mV, X axis
scale:100 psec
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The proposed scheme brings reduction only in the ripple due to limit cycle
oscillation which is caused by low resolution DPWM. Hence the amplitude of the
spike in both the plots show around 100 mV and only the low frequency

components amplitude has come down.

The transient response of the converter is taken to study the effect of
introduction of QEC on the stability margins. It is found that there is no
considerable variation in the transient response which confirms that the stability
margins are not affected by introduction of QEC. Figure 3.18a and Figure 3.18b
shows the transient response of the converter, without QEC and with QEC
respectively when the load changes from 50 to 100 % of the maximum load. The
output of the converter (5 V) is captured in the AC coupling mode of the
oscilloscope. From Figure 4.10a and Figure 4.10b, it is noted that the overshoot is

less than 17%, which indicates that the phase margin is more than 45°.
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Figure 4.10a
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Figure 4.10: Transient response of the converter (AC coupling mode of  oscilloscope)
without QEC (4.10a) and with QEC (4.10 b)

To study the effect of the change in switching frequency, the spectrum of
the input current was measured using the test set up of the conducted emission test,
CEO3 of MIL STD 461C. The CEO03 test of MIL STD 461C is given in Appendix
4. The input current was measured using the current probe of M/S Ailtech NM
17/27, Model No 91650-1B and the EMI Receiver used was of M/S Rohde and
Schwarz make, ESU 20 Hz - 26.5 GHz. A linear scan of 15 kHz - 50 MHz was
used with sweep time of 1second and IF bandwidth of 1 kHz for getting fine
resolution. Figure 4.11 shows the conducted emission for the converter without
QEC. Figure 4.12 shows the conducted emission for the converter with the
proposed QEC scheme. The plots clearly indicate that there is a reduction in the
peaks across the entire frequency span of measurement. The emission level at 400
kHz is 65 dBUA without quantization error correction. Significant reduction in the
fundamental component from 65 dBpA to 40 dBPA could be achieved by changing

the switching frequency for quantization error correction.
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Figure 4.11: Conducted emission level without QEC (CEO03 test of MIL STD 461C)
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Figure 4.12: CEO3 plot with QEC

90



Thus quantization error correction by changing the switching frequency
brings a reduction of 17 dB in the output noise due to the limit cycle oscillation and
a reduction of 25 dB in the fundamental component of the switching frequency in

the conducted emission levels.

Comparison of the different modulation schemes with the proposed scheme is given
in Table 4.1. The frequency modulation, random carrier frequency technique and
spread spectrum techniques are some of the different modulation schemes solely
aimed at reducing the conducted emission levels. The sigma delta modulation
method is a method used to improve the effective resolution of the DPWM. This
scheme has the same conducted emission level as that of the standard PWM scheme.
The proposed scheme combines the advantages of both the sigma delta Modulation

Scheme and random carrier frequency technique.

Table 4.1: Comparison of different modulation schemes

Modulation Reduction in conducted Reduction in limit cycle
Scheme emission compared to standard | oscillation
PWM scheme
Frequency 10 dB reduction in the whole No
Modulation [52] | band of conducted EMI
Spread spectrum | 23.4 dB reduction in the No
technique [54] conducted EMI peak
(fundamental)
Sigma delta Same as Standard PWM scheme | Reduction of limit cycle
modulation oscillation
[14][15]
Proposed 25 dB reduction in the 17 dB reduction in ripple
scheme conducted EMI peak
(fundamental)

4.4 Conclusion

This chapter introduces a scheme that combines the advantages of frequency
modulation of switching frequency and the sigma delta modulation scheme used to
improve the effective resolution of DPWM. In the proposed scheme the switching
frequency is adjusted in the n™ cycle such that the duty ratio changes by the number

of LSBs corresponding to the quantization error accumulated up to the n™ cycle.
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The change of switching frequency in the n™ cycle, for quantization error
correction, brings reduction in the ripple due to limit cycle oscillations and in
conducted emissions levels. Reduction in ripple of around 17 dB and reduction in
conducted emission level of 25 dB has been achieved. This scheme has significant
advantage over sigma delta DPWMs as the conducted emission levels have also
been drastically reduced in addition to the improvement in the effective resolution.
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CHAPTER 5

A proposed configuration for a high frequency
digitally controlled DC-DC converter with low
resolution ADC and DPWM

This chapter focuses on arriving at a most appropriate configuration for a high
frequency controlled DC-DC converter with respect to the resolution of ADC and
DPWM. In this chapter the advantages of the schemes mentioned in Chapters 3 &
4 are combined. The reduced state Kalman filter for giving the optimum estimate
of the output voltage based on the noisy measurement from low resolution ADC
and the quantization error correction due to low resolution DPWM by switching
frequency adjustment are combined. Thus by using these two schemes, a low
resolution ADC with 6-bit resolution and 7-bit DPWM has been used in a digitally
controlled DC-DC converter without any limit cycle oscillation and performance
degradation. The simulation results for various resolutions of ADC and DPWM
have been presented and a most appropriate configuration is arrived at. The

experimental results are also presented.

The chapter is organized as follows. In Section 5.1, the digitally controlled
DC-DC converter using the proposed scheme is described. In Section 5.2 simulation
results are provided. In Section 5.3 the experimental results with detailed discussion
are provided. The conclusion is given in Section 5.4.

5.1 System description

Figure 5.1 shows the block diagram of a digitally controlled PWM DC-DC
buck converter that combines the advantages of the reduced state Kalman filter and
the quantization error correction. The resolution of ADC and DPWM are varied and
utilizing the advantages of reduced state Kalman filter and the quantization error

correction, an attempt to arrive at the most appropriate configuration is made.
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Figure 5.1a: Block diagram of the configuration of digitally controlled DC- DC
converter combining reduced state Kalman filter and QEC
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5.2 Simulation results

The parameters of the converter and the PID compensator are the same as
in chapter 3. The Simulink model used for the simulation combines the model
presented in chapter 3 and chapter 4. As mentioned in chapter 3, for low resolution
ADC, limit cycle oscillation may occur if the reference voltage does not coincide
with zero error bin. Hence all the simulations were carried out with the same
reference voltage and the configuration that resulted in limit cycle oscillation was
studied to find the effect of the combined scheme. Different resolutions of ADC
and DPWM were used for the simulations. Four different cases were simulated. In
Case I, low resolution ADC and DPWM without Kalman filter and QEC was
simulated. In Case Il, Kalman filter was alone simulated and in case I11, QEC alone
was simulated. In case 1V, both Kalman and QEC was applied to low resolution
ADC and DPWM. The Kalman filter reduces but does not completely eliminate the
limit cycle oscillation due to low resolution ADC and DPWM. Similarly,
quantization error correction alone will reduce the limit cycle oscillation to a great
extent but this also cannot completely eliminate the limit cycle oscillation. Whereas
Kalman filter and quantization error correction (QEC) together can completely
reduce limit cycle oscillation. Even with low resolution ADC and DPWM, limit
cycle oscillation has been reduced by combining the schemes.

The simulation was first carried out for 10-bit ADC and 11-bit DPWM to
evaluate the PID coefficients of the converter. The output voltage is 4.93V with
load regulation of 0.3 % and line regulation of 0.01 %. The ripple is less than 20
mV at 400 kHz. The simulation was carried out for 6-bit ADC and 7-bit DPWM for
a high frequency digitally controlled DC- DC converter. The input voltage is set at
18 V and the load current is at 500 mA. The reference voltage is kept at 1.596 V for
all the simulations given below. The simulation results shown in Figure 5.2 gives
the output from the converter for the four different cases. 1) Without any Kalman
filter and QEC 2) Kalman filter alone 3) QEC alone and 4) Reduced state Kalman
filter and QEC. Without the Kalman filter and QEC, the ripple voltage is 60 mV at
around 2.5 kHz. The output voltage is 4.9 V. With Kalman filter alone, the ripple
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has come down to 10 mV at 45 kHz. The output voltage is 4.975 V. With QEC
alone, ripple is 6 mV at 45 kHz with output voltage at 4.875 V. For the case with
Kalman filter and QEC, the ripple voltage is 4mV at 400 kHz. The output voltage
is at 4.875 V. In the figure the black plot is not clearly visible as it is embedded
within the pink plot. This clearly indicates that by combining both the schemes limit

cycle oscillation has been reduced drastically.
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Figure 5.2: Output of converter, 6-bit ADC and 7-bit DPWM, Input voltage 18 V and
load current of 500 mA.

To find out the load regulation, the load current is changed to 2 A.
Figure 5.3 gives the plot for the four different cases for input voltage of 18 V and
load current of 2 A. Without the Kalman filter and QEC, the ripple voltage is 14mV
at around 10 kHz. The output voltage is 4.94 V. With Kalman filter alone, the ripple
is 10 mV at 45 kHz. The output voltage is 4.876 V. With QEC alone, ripple is 4 mV
at 45 kHz with output voltage at 4.874 V. For the case with Kalman filter and QEC,
the ripple voltage is 2 mV at 400 kHz. The output voltage is at 4.871 V. The load
regulation is 0.1 %. By combining the scheme, the limit cycle oscillation could be
drastically reduced without affecting the load regulation. The output set value has
changed but the change in set value can be corrected by adjusting the reference
voltage. Figure 5.4 shows the expanded view of the output voltage for the combined

scheme and it clearly shows that the limit cycle has been drastically reduced.
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Figure 5.3: Output of converter, 6-bit ADC and 7-bit DPWM, Input voltage 18 V and
load current of 2A
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Figure 5.4: Output of converter, 6-bit ADC and 7-bit DPWM, Input voltage 18 V and
load current of 2 A with Kalman & QEC (expanded view)

To compute the line regulation, the input voltage is changed to 12 V with
the load current at 2.5 A and the output plot is given in Figure 5.5. Without the
Kalman filter and QEC, the ripple voltage is 60 mV at around 2.5 kHz. The output
voltage is 4.9 V. With Kalman filter alone, the ripple has come down to 10mV at
45 kHz. The output voltage is 4.9475 V. With QEC alone, ripple is 6 mV at 45 kHz
with output voltage at 4.875 V. For the case with Kalman filter and QEC, the ripple
voltage is 4 mV at 400 kHz. The output voltage is at 4.83 V. By combining the
scheme, the limit cycle oscillation could be drastically reduced with line regulation
of 0.85 %.
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Figure 5.5: Output of converter, 6-bit ADC and 7-bit DPWM, Input voltage 12 V and
load current of 2 A

The simulation was repeated for 5-bit ADC and 6-bit DPWM. The result for the
input voltage of 12 V and load condition of 500 mA is shown Figure 5.6. The plot
shows that with Kalman filter and QEC, the limit cycle oscillation has been reduced

significantly.
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Figure 5.6: Output of converter, 5-bit ADC and 6-bit DPWM, Input voltage 12 V and
load current of 500 mA

The simulation was repeated for 8-bit ADC and 9-bit DPWM and the results
are shown in Figure 5.7. The amplitude of the limit oscillation was very less (less
than 10mV) for this reference voltage and this has been significantly reduced by
using Kalman filter and QEC. As given in Appendix 1, the gain of the DPWM and
ADC depends on the amplitude of the input signal and the offset of the input signal.

For some operating points, ie for some V,.¢, a low resolution DPWM can result in
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operation without limit cycle oscillation [76]. It happens when one of the coarse
quantization steps causes the output voltage to fit inside the zero-error bin. In the
simulations, the reference voltage is 1.596V. For a 5-bit ADC, the quantization
level will result in 1.59677V whereas for 6-bit ADC, the quantization level is 1.571
V or 1.623V. Hence more limit cycle oscillations are seen for 6-bit compared to 5-

bit. If the reference voltage is changed, then it can be the other way.
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Figure 5.7: Output of converter, 8-bit ADC and 9-bit DPWM, Input voltage 18 V and
load current of 2A

The simulation was repeated for 9-bit ADC and 10-bit DPWM. In Figure 5.7, it is
clear that the limit cycle oscillation for QEC is more than the case with no
correction. When low resolution ADC is used, it is necessary that Kalman filter
should be used, in addition to QEC, to reduce the limit cycle oscillation. It is clear
from these simulations that only the combined scheme with Kalman filter and

quantization error correction reduces limit cycle oscillation significantly.

5.3 Experimental results

The experimental set up was the same as mentioned in Chapter 3. The ADC
is configured for 6-bit and the DPWM for 7-bit. In the first case, error correction
was not incorporated. The input voltage is 18 V and the load current is 500 mA.
The output voltage acquired using an AC coupled oscilloscope is shown in the
Figure 5.8a. The limit cycle oscillation is 192 mV at frequency of 3.57 kHz. The
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load is changed to 2 A and the plot is shown in Figure 5.8b. The amplitude of limit
cycle oscillation is 154 mV at 2.809 kHz. The input voltage is changed to 12 V and
the output is given in Figure 5.8c. The amplitude of limit cycle oscillation is 120

mV at 1.894 kHz.
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Figure 5.8a: Output of the converter with no error correction (pink trace), Input voltage of
18V and load condition of 500mA. The load current is shown by blue trace
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Figure 5.8b: Output of the converter with no error correction (pink trace), Input voltage
of 18V and load condition of 2A. The load current is shown by blue trace
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Figure 5.8¢c: Output of the converter with no error correction (pink trace), Input voltage
of 12V and load condition of 2A. The load current is shown by blue trace.

In the second case, only Kalman

filter was introduced to give the optimum

estimate from the noisy measurement from ADC. The firmware was identical to

chapter 3 with only the resolution of DPWM changed to 7-bit. The input voltage is

18V and the load current is 500 mA.

The limit cycle oscillation is 43 mV at

frequency of 31.25 kHz and the plot is given in Figure 5.9a. The load is changed to

2 A and the plot is shown in Figure 5.9b.

The amplitude of limit cycle oscillation is

55 mV at 31.25 kHz. The input voltage is changed to 12 V and the load condition

Is set at 2 A and the output is given in Figure 5.9c. The amplitude of limit cycle

oscillation is 50 mV at 29.76 kHz. It is

evident from the plots that for a digitally

controlled DC-DC converter with low resolution ADC (6-bit) and DPWM (7-bit),

the Kalman filter has reduced the limit cycle oscillation.
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Figure 5.9a: Output of the converter with Kalman Filter (purple trace), Input voltage of
18 V and load condition of 500 mA. Load current is shown by blue trace.
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Figure 5.9b: Output of the converter with Kalman Filter (purple trace), Input voltage of
18 V and load condition of 2 A. The load current is shown by blue trace.
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Figure 5.9c: Output of the converter with Kalman Filter (purple trace), Input voltage of
12 V and load condition of 2A. The load current is shown by blue trace.

In the third case, only QEC was introduced to correct the quantization error of

DPWM. The input voltage is 18 V and the load current is 500 mA. The limit cycle

oscillation is 65 mV at frequency of 3 kHz and the plot is given in Figure 5.10a.

The load is changed to 2 A and the plot is shown in Figure 5.10b. The amplitude of

limit cycle oscillation is 66 mV at 4.125 kHz. The input voltage is changed to 12 VV

and the load condition is set at 2 A and the amplitude of limit cycle oscillation is

50 mV at 2.9 kHz. It is evident from the plots that for a digitally controlled DC-DC
converter with low resolution ADC (6-bit) and DPWM (7-bit), the QEC has reduced

the limit cycle oscillation.
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Figure 5.10a: Output of the converter with QEC. Input voltage of 18 V and load condition

of 500 mA
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Figure 5.10b: Output of the converter with QEC. Input voltage of 18 V and load condition
of 2A

In the fourth case, both QEC and Kalman filter was introduced to correct
the quantization error due to ADC and DPWM. The test was repeated for input
voltage of 18 V and the load current is 500 mA. The load was then changed to 2 A
and then the input voltage was changed to 12 V. In all the three cases, the output
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ripple was 20 mV at 400 kHz as shown in Figure 5.11. The line regulation is
0.82 % and load regulation is 0.345 %.
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Figure 5.11: Output of the converter with Kalman filter and QEC

The test was repeated for 5-bit ADC and 6-bit DPWM. The switching waveform
was jittery. Thus it is seen that up to 6-bit ADC and 7-bit DPWM the test has given
satisfactory performance. In the simulation the truncation error due to the fixed
point processor has not been accounted and hence there is a difference with the
practical results.

5.4 Conclusion

A most appropriate configuration for a digitally controlled DC-DC
converter with reduced hardware has been arrived at by combining the advantages
of the Kalman filter and QEC. With 6-bit ADC and 7-bit DPWM, the converter
meets all specifications without any limit cycle oscillation. A reduced state Kalman
filter gives the optimum estimate of the change in output voltage from the noisy
measurement from the ADC and the quantization error due to DPWM is corrected

by adjusting the switching frequency.
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CHAPTER 6

Conclusions and Future Scope

6.1 Conclusion

For the practical implementation of digitally controlled DC-DC converter,
a high resolution ADC and high resolution DPWM are required to achieve tight
regulation and to avoid undesirable quantization effects such as limit cycle
oscillation. The thesis investigated a method to reduce the limit cycle oscillation
due to low resolution ADC in digitally controlled DC-DC converter. A novel
method to reduce the limit cycle oscillation using reduced state Kalman filter was
proposed. The reduced state Kalman filter gives the optimal estimate based on the
noisy measurement from ADC and the prediction using small signal model of the
converter. Due to state reduction a computational efficient implementation with
reduced clock cycle has been possible. The offline computation of the Kalman gain
has also facilitated the reduction in clock cycle. The simulation and experimental
results show that the proposed scheme had reduced the limit cycle oscillation
completely for different resolutions of ADC in a more computationally efficient
approach. It was also proved experimentally that the Kalman gain computed offline
was effective for all input voltage and load variations. Using the proposed scheme,
a coarse ADC can be used in a digitally controlled DC-DC converter without

affecting the performance.

A high resolution DPWM, with resolution more than of ADC is required
to avoid limit cycle oscillation [3] [4]. Software methods such as dithering and
sigma delta modulation scheme have been used to improve the effective resolution
of DPWM. This work aims at the usage of a low resolution DPWM without
affecting the performance and at the same time significantly reducing limit cycle
oscillation. The software method reported in [3] increases the effective resolution
of the DPWM but does not improve the conducted emissions from the converter. In
this work efforts are made to improve the conducted emission also. Conventional

PWM converters exhibit high conducted emissions at the fundamental switching
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frequency and its harmonics. Conducted emission noise of the converter can be
mitigated by the modulation of the switching frequency. By the frequency
modulation of switching frequency, the harmonic peaks are lowered even though it
results in more sidebands spaced by the modulating frequency. By further
introducing randomness in switching frequency generation, the harmonic power

can significantly come down compared to FM and conventional PWM.

The thesis has further investigated a new scheme that combines the
advantages of frequency modulation of switching frequency and the sigma delta
modulation scheme used to improve the effective resolution of DPWM. In the
proposed scheme the switching frequency is adjusted in the n™ cycle such that the
duty ratio changes by the number of LSBs corresponding to the quantization error
accumulated up to the n™ cycle. The change of switching frequency in the n™ cycle,
for quantization error correction, brings reduction in the ripple due to limit cycle
oscillations and in conducted emissions levels. Reduction by 17 dB in the ripple
and reduction by 25 dB in the conducted emission level has been achieved. This
scheme has significant advantage over sigma delta DPWMs as the conducted
emission levels have also been drastically reduced in addition to the improvement

in the effective resolution.

The thesis proposes a configuration for the digital controller with low
resolution ADC and DPWM by combining the advantages of both the schemes. The
reduced state Kalman filter gives the optimum estimate of the output voltage from
the noisy measurement from low resolution ADC and the QEC by frequency
adjustment improves the effective resolution of DPWM. A 6-bit ADC with 7-bit
DPWM was simulated for various input and output voltages. The comparison
between different schemes was simulated. The different schemes are 1) with no
correction for limit cycle oscillation 2) with reduced state Kalman 3) with
quantization error correction 4) Quantization error correction for low resolution
DPWM and reduced Kalman filter. A 6-bit ADC and 7-bit DPWM gives very good
performance with both the schemes combined together. Line regulation of 0.85 %,
load regulation of 0.1 % with ripple of around 20 mV at the switching frequency

has been achieved. The limit cycle oscillation has been drastically reduced by
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combining the above schemes. Thus by combining two schemes, a low resolution
ADC with 6-bit resolution and 7- bit DPWM has been used in a digitally controlled
DC-DC converter without any limit cycle oscillations and performance
degradation. This is the most appropriate configuration keeping in view of the

requirement of reducing the output ripple in practical situations.

6.2 Future scope

The present study has been considered for a buck topology. All the above
mentioned schemes can be implemented in boost, buck boost, forward, flyback and
push pull topology also. The scheme of improving the limit cycle oscillation due to
low resolution DPWM can be further improved by considering Numerically
Controller Oscillator (NCO) based DPWM instead of counter based DPWM. NCO

based DPWM gives better results as it has linear control over switching frequency.

By combining the reduced state Kalman filter and the quantization error
correction, an area efficient ASIC with the optimal configuration can be
implemented. As the resolution of the DPWM is improved by the correction of
quantization error, the implementation of 7-bit DPWM for a DC-DC converter with
switching frequency 400 kHz requires only clock frequency of 51.2 MHz. Also, as
the clock frequency has been reduced the high frequency interferences will be
drastically reduced. The chip area will also come down due to the realization of
6-bit ADC.
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APPENDIX 1

Describing function

In order to analyze the non-linearity due to the quantization effect of ADC and
DPWM the describing function method has been selected [4]. Basically, the
describing function method can be treated as a linear function for the analysis and
it provides an approximation to the behavior of the non-linear system. The
describing function, which is a linear function depend on the amplitude and the
frequency of the input signal. Successful applications of the describing function

method rely on the assumption that the input x to the nonlinearity is sinusoidal i.e.
X = asinwt (A1.1)

With such an input, the output of the non-linear element will be in general be non-
sinusoidal periodic function which may be expressed in terms of Fourier series as

given below

y = Ay + A;sinwt + B;sinwt + A,sin2wt + B,sin2wt + -+ (A1.2)
Assumptions
1. Non linearity N does not generate sub harmonics

2. Nonlinearity is symmetrical, so the average value of y is zero so the output can

be written as
y = A;sinwt + Bysinwt + A,sin2wt + B,sin2wt + -+ (AL.3)
3. All the harmonics are filtered out as the system has low pass characteristics
y = A;sinwt + B;sinwt (A1.4)
y = Y;sin(wt + ¢) (A1.5)

Where the coefficients A; and B, of the Fourier series are
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A= %foznysinwt dwt (AL1.6)

B, = %fozn ycoswt dwt (AL7)

The sinusoidal input describing function, denoted N(A), is by definition:

N(A) = phasor representation of output component at frequencyw (A1.8)

phasor representation of input component at frequencyw

Thus the describing function N(A) = (%)ei‘b (AL1.9)

Al.1 Describing function of a quantizer

The idealized characteristics of a non-linearity due to quantization effect and its
response to sinusoidal input are shown in Figure A1.1[4]. Consider a quantizer
having the characteristic, y = Q(x). The describing function of a quantizer, when
the DC offset is € = 0, i.e., the DC value of the input sinusoidal signal matches the

midpoint of a quantization bin is shown in Figure Al.1
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Figure A1.1: Describing function of a quantizer when the DC offset is € = 0, i.e., the DC
value of the input sinusoidal signal matches the midpoint of a quantization bin. [4]
Figure Al.1 shows the textbook result for the describing function of a quantizer.

Notice that the maximum effective gain of % = 1.27 is obtained for a = iz, and

that approaches 1 fora >> q.
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The describing function of a quantizer depends not only on the amplitude of the
assumed sinusoidal input signal, but also on the input signal DC offset with respect

to the mid-point of a quantization bin [4]. Assuming that
X = € + asinwt (A1.9)

The amplitude and offset dependent “gain” of a quantizer can be significantly

greater than one as the offset € approaches %- In the worst case, e = q/2, the input

sinusoidal signal is centered at the transition point of the quantizer. Figure Al1.2

shows an example of the input and output

1.5

Qutput after quantization

Y - - =~ o= et Sona e sa e \‘

Input: %(t) =05+ Q.1sin(t)

(9] R SR — sselenccencccncnansnne

-0.5

0} 2 4 6 8 10

Figure A1.2: Small amplitude sinusoidal signal becomes square wave signal with much
bigger amplitude when the DC offset € of the input sinusoidal signal matches the
transition point (0.5q) between two quantization bins [4]

The describing function of the input sinusoidal signal with dc offset is shown in
Figure AL1.3. The input signal with small amplitude can produce an output greater
than one and if the offset € is equal to q/2 then the effective gain can be infinitely
large. In the case with low resolution ADC where the reference voltage is selected
in such a way that it does not coincide with the zero error bin, the offset will also

result.
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(0] 1 2 a’/q
Figure A1.3: Describing function of a quantizer for several different values of the offset

Al.2 Relationship between limit cycle oscillation and
load resistance

The relationship between limit cycle oscillation and load resistance is given
in [76]. The amplitude (Arc) and frequency (f;¢) of the limit cycle oscillation can

be found from the following equation.
—1 = 1< 180" = Nppwm(Arc, €)Gya(jorc)Kapc Jwrc)Kpip (jore)  (AL.10)

where Nppwm (AL, €) describes the gain of the DPWM, Gyq(jwyc) is control-to-
output transfer function of the switching converter, Kpip(jwyc) is the transfer
function of the compensator and Kpc(jwyc) is input-to-output transfer function of
the ADC. Also, to simplify the analysis we assume that the frequency of LCO is
much smaller than the switching frequency and that, at f; ¢, the delays of ADC and
DPWM have negligible effects.

Nppwm (AL, €) , the gain of the DPWM, depends not only on the amplitude of the
input signal but also on the offset of the input signal. Let us assume that the offset
is zero. Then the gain of the DPWM can be given by

49dpwm (A1.11)
T[ALC

Nppwm(ALc) =

The control to output transfer function for a buck converter is given by [76]
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(A1.12)

Gya(s) = Vin—————
Tt e tor
where qgpwm IS the gquantization step of DPWM (qapwm = anﬁ), V,, is the

voltage range of the DPWM, w, = 1/VLC, Q = R\E. The output capacitance,

inductance and load resistance are indicated by C, L and R. Vj, is the input voltage.
To simplify the analysis, without losing the generality, let us assume that Kpc and
Kpip is one. Ideally the frequency of the limit cycle oscillation will correspond to
the output filter corner frequency w, at which the phase shift of the loop gain is
180°. In practice, this frequency is a little bit lower due to the phase shifts
introduced by the delays of ADC and DPWM

The peak to peak amplitude of the limit cycle oscillation is

_ 494pwm G R (A1.13)

PP °wyL

A

where G, = Vi,. For very light loads a high value of Q factor could result in

excessive limit cycle oscillations.

125



126



APPENDIX 2

Design guideline for the computation of Kalman gain

The steps involved in the computation of Kalman filter is given below

1. Compute the measurement noise variance (o,2) as given below

A (A2.1)

Jadc = 2Nadc

0.2 = (ladc2 (A2-2)
v 12

2. Compute the process noise variance (o,,2) as given in section A 2.1
3. Compute the minimum prediction mean square error for (n — 1) observations,

P(n/(n — 1)) as given below
P(n/(n—1)) = a,?P((n—1)/(n — 1)) + 0,2 (A2.3)
4. Compute the Kalman gain k(n) as given below

P(n/(n—1))c (A2.4)

k(n) = 2P((n— 1)/(n— 1)) + 0,2

5. Compute the minimum mean square error estimation for n observations, P(n/

n) as given below
P(n/n) = (1 —k(n)c)P(n/(n — 1)) (A2.5)

c and a, are explained in chapter 3.

As measurement noise variance changes with the resolution of ADC and process
noise variance changes with the resolution of ADC and DPWM, the Kalman gain
varies with the resolution of ADC and DPWM.

A2.1 Computation of Process noise variance (a,,%)

Quantization noise at the plant output comes from both quantizers, Q1 and
Q2. To compute the process noise error variance [64], the two noise sources due to
the quantization of ADC and DPWM are injected into the feedback system at the

corresponding point and its effect on the output voltage is obtained as shown in
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2
Figure A2.1. The noise injected by ADC (n1) has a mean square value of qal% and

2
the noise injected by DPWM (n2) has a mean square value of %"%. A 6-bit ADC
would have 26 quantum steps covering its input range. If the input range of ADC is
from zero to 3.3V, then each quantum step is 0.05151(q 4. = 2—63 ). The quantization

noise due to this is equal to 2.255* 10~*. Similarly a 11-bit DPWM has a
quantization noise of 7.96 * 107® (qqpwm = 1/1023).

The corresponding noise sources, n1 and n2 , are injected into the feedback

system as shown in Figure A2.1 and propagate at the system output.

Vier  n1 n2

Kadc| - SH —*GC(Z)%(é—kdpwm4Gp(zz

FB

v

N

Figure A2.1: System model used for the calculation of process noise

Noise n2 is uncorrelated with noise n1. Since n1 and n2 are uncorrelated with each
other, their respective responses at the system output will also be uncorrelated with
each other. Hence the mean square of the output quantization noise will be the sum
of the mean squares of the noises due to n1 and n2. The two noise components can

be calculated separately and then combined.

The transfer function from the point of injection of noise n2 to the system

output is given by

Gp (2) Kdpwm (A2.6)
1+Gp (z) Kapwm SH Kaqc FB G.(2)

Gpn2(2) =
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The impulse response is obtained using MATLAB by taking the inverse z
transform. The sum of the squares of the impulses of the impulse response from n2
to the system output has been calculated as 8.1186. Accordingly mean square of the
2
output noise due to Q2 is equal to 8.1186 = qdp%. Similarly, the transfer function
from the point of injection of noise nl to the system output is computed.
Gp (z) kdpwm SH kagc Gc(2) (A2.7)

1+ Gp(z))kgpwm SH Kagc FB * G¢(2)

Gpn1(2) =

The sum of the squares of the impulses of this impulse response was calculated to

dadc®
12

which is equal to 1.855 * 1073, The mean of the noise due to Q1 and Q2=8.226
2.255 % 107* + 8.1186 x 7.96 x 1078,

be 8.226. Therefore the mean square of the output noise due to Q1 is 8.226

If the non-linearity of ADC and DPWM should be considered then the gain
of ADC and DPWM should be multiplied by the corresponding N(A). As explained
earlier the value of N(A) for ADC depends on V,.s. Hence Kalman gain varies with
Vref-
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APPENDIX 3

Comparison of Sigma Delta Modulation &
Quantization error correction scheme of chapter 4

Both the schemes, the proposed scheme and the sigma delta
modulation scheme, increases the effective resolution of the DPWM. In both the
schemes, the duty cycle command is pre-processed so that the DPWM quantization
noise will be shaped in frequency. The noise at lower frequency is reduced in
exchange for more noise at higher frequencies. As a result, the total quantization
noise at the output of the DC-DC converter is reduced and the effective resolution
of the DPWM in the control loop is increased dramatically. Both the schemes do
not affect the stability of the closed loop, because its signal transfer function is unity
magnitude and delay free and the closed loop pole is not affected. Both the schemes

are explained below.

A3.1 Sigma Delta Modulation

Let d(n) be the duty ratio from the PID controller. q(n) is the quantization noise of
DPWM and d, (n) is the quantized duty cycle. Figure A3.1 shows the sigma delta

modulation scheme.

q(n)

d(n) Ve

di(n)

DELAY

Figure A3.1: Sigma Delta Modulation Scheme
d(n) +d(n—1) —d;(n—1) + q(n) = d;(n) (A3.1)

d(z) +d(z)z ! —d;(2)z t + q(z) = d;(2) (A3.2)
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q(z) (A3.3)
1+42z1

d;(z) =d(z) +

A3.2 Quantization Error Correction in the nt" cycle by
changing the switching frequency
For the quantization error correction scheme mentioned in chapter 4, as shown in

Figure 4.1, the quantization error is accumulated and is corrected in the n® cycle. In the n'"

cycle, the duty ratio is given by

n-1 (A3.4)
A + ) (dm) - d;(m) + q() = dy(w
m=0
Due to the averaging of the output LC filter, the effective duty ratio is
d(1) +d(2) + -+ d(n) + er}l‘:lo(d(m) —d; (m)) + nq(n)
n
A1)+ dy )+ + dy () (A3.5)
B n
where d(0) =0and d,(0) =0
d(1) + (d(0) —d;(0)) + -+ d(n)n+ (d(n—1) —d;(n—1)) +nq(n) (A3.6)
_ di (1) +dy(2)+ -+ dy(n)
N n
From the equation (A3.6) it is clear that
dm) + (dn—1) —d;(n—1)) + q(n) = dy(n) (A3.7)
q(z) (A3.8)

d,(z) =d(z) +

1+2z1

A3.3 Calculation of “n”

In [3], dithering technique has been used to improve the effective resolution of the
DPWM and the mathematical derivation for how many bits of dither can be used in
a certain system has been presented. As mentioned in chapter 4, the quantization
error is corrected in the n™ cycle, by changing the switching frequency. Due to this,

a new frequency component is generated [3] such that
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f, = fsw (A3.9)

n

The value of n is to be selected in such a way that the contribution of this content
in the ripple is very low. This depends on the amplitude of the new frequency
content at the output of the converter. Since the correction is made in the n™® cycle,
the switching between the two adjacent quantized duty cycle can be modeled as a

square wave with worst case peak-to-peak amplitude of nAVy,ym,

where, AVgpwm = —m_ v IS the voltage range of the DPWM. It is sufficient

2Mdpwm
to consider the fundamental component of this square wave due to averaging effect

of the output LC filter and has an amplitude given by [3]

A, _s_nvm (A3.10)

~n ,Mdpwm

Let H(f,,) be the attenuation at the output LC filter at frequency, f,,. Then the peak

to peak output voltage ripple can then be bounded approximately as

v = H(f)Ap—p (A3.11)
The LC filter has cut off frequency given at f, = #ﬁ . After this frequency the

filter rolls off at -40 dB/decade. The ESR of the output capacitor causes a zero at
1

the frequency, f, = -——. The filter characteristics rolls off at -20dB/decade. Thus,
fy\2 (A3.12)
for f,<f< f, H()~ <?>
At f =T
n
(A3.13)
fo 2 3 4 Vm
< (52) 7 e
2
And for f, <f, < f, H(f) ~ (1{_0) f? (A3.14)
2 L4 Vn (A3.15)

Vp < ——n?— —
fowf, - 20dpwm
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APPENDIX 4
Conducted emission test CEQ3 of MIL STD 461C

A4.1. Purpose

The purpose of the test is to measure conducted emission on DC power input
leads of test samples which connect externally or interface with other

equipment that are not part of the test sample

A4.2. Specification limit

CEO3 specification limit is shown in Figure A4.1. Both narrowband and
broadband conducted emissions in the frequency range 15 kHz to 50 MHz

must not exceed the limits shown in Figure A4.1.

Level [dEpAa]

100

™.
a0

[
-\H‘\-\K
L]
= \h\\\\
=)
40 Hx‘.
-
[~1-1
20
0 .
15k, 30k, Sok. 7ok 100k 200k, 300k S00k 1M 2M 0 3M 4 BM 10m 20m 30r S0M

Frequency [Hz]

Figure A4.1: MIL-STD —461C Limit for conducted emission CEO3 narrow band

A4.3. Test procedure

Test setup is shown in Figure A4.2. The EMI emission measurement system
is located in the antechamber. Test sample is kept on the test stand in the anechoic
chamber. The test sample is powered. The current probe, singer Model 91550-1B,

that covers the frequency range of 15 kHz to 50 MHz is clamped on to the positive
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or return DC line close to the feed through capacitor. The output of the current probe
Is connected to the EMI emission measurement system and the output of the EMI
test measurement system is given to plotter. Appropriate plots covering the
frequency range are taken. As the specification limits are also plotted on the same
plot, the emission level can be easily compared with those specification limits. The
specification limit settings on the emission measurement system may be chosen
as per the system operational manual. The equipment used are 1) EMI Test Receiver
R & S ESU 20 Hz to 26.5 GHz. 2) Current probe singer model 91550-1B (NM
17/27)

AC @1 ar DC AC D2
Fower mains l

Enclosure wall

Isolation
Transformer
10 pF feed through)
|::| |::| Capacitors

¥
RF Current 4 P
Test Probe e EMI Emission

leads o » High pass N heasurement

1

k.

Filter System

(For broadband 20khe test

- On AC power mains only}

h J

Test Sample
Graphic Printer

Shielded Enclosure Shielded Anteroom Area
Test Area

Figure A4.2: Test set up foe CEO3 power lead measurements
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