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ABSTRACT

Interfacing and operating AC power electronic systems requires rapid and
accurate estimation of the phase angle of the power source, and specifically of the
positive sequence of the three-phase utility grid voltage. This is needed to ensure
reliable operation of the power control devices and of the resulting power flow.
However, the quality of this information is undermined by various distortions and
unbalanced conditions of the three-phase grid voltage. Phase estimation and
power control can both be performed in real time by a DSP, but a DSP typically
has limited computational resources, especially in regards to speed and memory,
which motivates the search for computationally efficient algorithms to accomplish
these tasks. In contrast to conventional PLL technigues, recent approaches have
used adaptive amplitude estimation to enhance the acquisition of the phase

information, resulting in faster response and improved performance.

This thesis presents a novel technique to estimate the phase of the positive
sequence of a three-phase voltage in the presence of frequency variations and
unbalanced conditions, referred to as hybrid negative sequence adaptive
synchronous amplitude estimation with PLL, or H-NSASAE-PLL. The key
feature consists of a feedback structure which embeds a positive sequence PLL
and an adaptive synchronous negative sequence estimator to enhance the
performance of the PLL. The resulting benefits include faster estimation of the
phase of the positive sequence under unbalanced conditions with zero steady state
error, simplified tuning of PLL parameters to address a wide range of application
requirements, robust performance with respect to distortions and PLL parameters,
a structure of minimal dynamical order (fifth) to estimate the main signal
parameters of interest, simplified discretization, and reduced computational costs,

making the proposed technique suitable for real time execution on a DSP.

The H-NSASAE-PLL is developed in the Matlab/Simulink environment, and a
specialized test signal generator is developed to evaluate it’s performance. The
overall system is executed, and experimental results are produced, in real time, on
a dSPACE DS1104 controller board.
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1. INTRODUCTION

Interfacing and operating AC power electronic systems requires rapid and
accurate estimation of the phase angle of the power source, and specifically of the
positive sequence of the three-phase utility grid voltage. This is needed to ensure
reliable operation of the power control devices and of the resulting power flow.
For a three-phase AC power source, this phase angle is often estimated with a
conventional two-phase PLL (after first converting the three-phase signal vector
to a two-phase equivalent using a Clarke transformation). However, various
distortions and unbalanced conditions of the line voltage adversely influence the
quality of the PLL phase estimate, which motivates ongoing research to minimize

the impact of such distortions.

In the last decade or so, so-called adaptive techniques have been proposed to
improve the quality of frequency and phase estimation. These novel techniques
can be generally characterized by some algorithm which explicitly generates an
estimate of the fundamental component of interest in the distorted input signal.
Using this estimate, an error is calculated, which is then used to adaptively drive
the algorithm to minimize the error. In the specific reference case of an un-
distorted sinusoidal input, this error signal can be driven to exactly zero, and quite

fast, nominally in under two to three cycles.

This thesis proposes to further extend these adaptive techniques to enhance
the performance under unbalanced conditions. A novel PLL algorithm is
presented, referred to as a hybrid PLL with negative sequence adaptive
synchronous amplitude estimation (H-NSASAE-PLL), which offers a number of
important benefits. To put the proposed algorithm in perspective, this chapter
presents a brief overview of some representative applications, the fundamental
objective of phase estimation, common sources of distortion, existing alternative
approaches to this estimation task, and how this background leads to current and
to the proposed adaptive techniques to achieve this objective. The chapter



concludes with an overview of the key features of the proposed H-NSASAE-PLL,

it’s principal benefits, and of the main contributions of this thesis.

1.1 THE BASIC TASK OF PHASE ESTIMATION

The need for phase estimation and synchronization using PLL techniques
arises in a very wide range of applications in power electronics, including:

a) triac and thyristor based power converters [1];

b) real time signal analysis, including harmonic detection, reactive power
estimation, zero crossing detection, and for power systems protection, [2];

c) power conditioning, reactive power compensation, power factor
correction, PWM voltage converters, [3];

d) active power filtering and harmonic distortion compensation in small
rating stand-alone power grids, such as on ships and oil rigs, [4];

e) fault detection and phase tracking through voltage sags and unbalances
due to line faults, [5];

f) voltage sag characterization, [6-8];

g) distributed power generation, including wind generation and photovoltaic

power generation systems, [9-10].

The basic objective of phase estimation may be described as in Fig. 1.1. A
sinusoidal voltage at a fundamental frequency, e.g. 60 Hz, may be distorted by
various phenomena, and it is required to estimate the phase angle of the
fundamental sinusoidal component. Thus, the required signal processing may be
represented by the functional block diagram in Fig. 1.2. Active power is
delivered from the AC source to the load by the fundamental sinusoidal
component, and it therefore defines the reference frame, in the form of the

estimated phase angle output (t), for all pertinent information and timing of

switching control devices. The internal structure of the estimation process

depends on various factors, requirements, and constraints. The voltage frequency



may be very stable, thus allowing a slower estimation process, while achieving
greater estimation accuracy. If the frequency is anticipated to vary considerably,
then a faster response may be required, thus making the estimation more
susceptible to various noise and distortion components. In power electronic
applications, phase estimation must be accomplished in real time, which further
limits the amount of computational effort available, and the resulting quality of

the estimated phase signal.

u] 0.005 0.0 0.015 0.0z 0.025 0.03 0.035
g T T T T T T
(B)Estirhated angle of fundamental 8(1) :

2_ ............ NP FRRTY RETTRRRE AT ............ i

n] 1 1 1 1
u] 0.005 0.01 0.015 0.0z 0.025 0.03 0.035

Figure 1.1 — (A) Distorted sinusoid and (B) estimated phase angle

AC power voltage signal Phase 0(t)
Vi(t) = V sin(ot) + distortion  *—>{ Etimation > 'l/], ,
4

Fig. 1.2 — Phase estimation process

1.1.1 Signal Distortions and Filtering

The phase estimation process is typically challenged by various distortions,
including:
a) switching transients due to switching power electronic devices, which may

result in deep, narrow notches in the signal, [1, 2];



b) harmonics in the line voltage, due to non-sinusoidal currents resulting from
non-linear loads, such as rectifiers, which cause distorted voltage drops
across the line impedance, [3];

c) phase jumps, due to loads being connected or dis-connected to or from, the
line;

d) frequency fluctuations, especially with isolated power grids, [4];

e) voltage sags, for the same reason as in (c), [5-9];

f) unbalanced condition of the three-phase grid voltage, due to unbalanced

loads or fault conditions, [7-8].

Thus, the essential challenge of phase estimation is to produce an estimate of
the phase of the fundamental sinusoidal component of the distorted input signal,
as fast as possible, while simultaneously minimizing the estimate error. This is
not unlike the general filtering problem, and is likewise faced with the same trade-
off between speed of response vs. attenuation of distortion and estimation
accuracy [10]. In general, the solution to attenuating the impact of various
distortions involves some sort of filtering, which may take one or more various
forms, depending on the specific kind of distortion being addressed, such as:

a) low-pass filtering (LPF): to attenuate all signal components above some
cut-off frequency, chosen according to the required speed of response, [9];

b)  band-pass filtering (BPF): also referred to as Space Vector Filtering (SVF)
[9, 10] to select one particular component of interest, e.g. the fundamental,
while retaining it’s phase, and attenuating all other components;

c) all-pass filtering (APF): to provide specific phase shifting at a specified
frequency; e.g. quadrature signals can be shifted by +/-90° to subsequently
extract balanced positive and negative sequence signals, [10-13];

d) notch filtering: to reject a component at a specific frequency, such as a
double-frequency component from a multiplier-type phase detector, [14];

e) comb filtering: to reject all harmonic components, up to half the sampling

frequency;



f)

adaptive FIR filtering: which adjusts the filter coefficients to make it’s

frequency-selective response track the fundamental frequency, [15-16].

Any type of filtering in general results in slowing down the transient dynamic

response, but with the desired benefit that the filter is designed for, of reduced

error in steady state operation in response to the distortion being targeted by the

chosen filter.

1.1.2 Performance Evaluation of the Phase Estimation Process

To assess the quality of the phase estimation process, standard tests to evaluate

it’s performance include [2, 9, 17, 19-23]:

a)

b)

d)

subjecting it to a sinusoidal signal with a phase step, e.g. 25°, and measuring
the resulting phase error and transient behaviour;

changing the signal frequency in a step fashion, such as from 60 to 65 Hz,
and measuring the estimated frequency response, phase deviation, and
overall transient dynamic behaviour;

changing the signal amplitude, e.g. by +0.5 pu, and measuring the impact on
the estimated frequency, phase, and amplitude estimates, as required;

adding some harmonic distortion, such as 20% of the fifth for three-phase
test, and measuring the impact on the estimated frequency and phase, and on
the estimated positive and negative sequence components and amplitudes;
the fifth harmonic is chosen for three-phase evaluation, for being the most
significant, and therefore the most indicative;

introducing unbalance in the three-phase signal, and measuring the
estimated frequency and phase deviations, and the estimated negative

sequence component and amplitude.



1.2 CLASSIFICATION OF PHASE ESTIMATION AND PLL ALGORITHMS

To put the proposed algorithm in perspective, a brief overview is presented of
various phase estimation techniques in current usage. These may be categorized
according to various factors, including:

a) computational requirements,

b) real time or non-real time implementation,

c) sampling rate control,

d) adaptivity to variations in the signal fundamental frequency.
The last factor serves to distinguish a phase estimation technique as either open-
loop or closed-loop [10], according to whether it attempts to adaptively estimate
the signal phase by negative feedback, and is thus able to track the signal
frequency. A new category of phase estimation algorithms is introduced, referred
to as adaptive, which extracts more information from the input signal, and thus
further improves the overall performance over the open-loop and closed loop
categories.

1.2.1 Open Loop Phase Estimation

Open loop phase estimation is characterized by the absence of any feedback

corrective mechanism in the estimation process, as exemplified in Fig. 1.3.
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Fig. 1.3 — Open loop phase estimation

The three-phase abc vector signal is transformed into a quadrature or two-phase
af signal, and then an elementary arc-tangent calculation is performed to produce

the phase angle estimate of the vector signal. The principal objection to this



approach is that any noise or distortion in the input signal seriously degrades the
estimated output angle signal, as demonstrated in Fig. 1.4, traces (A) and (B).
Most notably, near the zero angle, the estimate is extremely sensitive to noisy
zero crossings of the B signal, which significantly reduces the value of the
estimated phase signal. Another important objection is the implication in the
noisy angle signal, that the phase may at times reverse direction, which is

inconsistent with the reality of the voltage source, regardless of the level of noise.
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Fig. 1.4 — Open loop phase estimation; (A) Noisy quadrature af3 signals
(B) Phase estimate of noisy afp signals (C) Filtered asps signals (D) Phase

estimate from a3+ signals

An obvious solution to this problem is to filter the signal, as suggested in Fig.
1.5, which results in signals in Fig. 1.4, traces (C) and (D). The filter bandwidth
can be reduced, although this also slows down the filter response. However, the
same objections arise as before, even if to a lower degree, due to the random

character of the noise.
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Fig. 1.5 — Open loop phase estimation with pre-filtering

Signal filtering can be easily extended to estimate the phase angle of a single-
phase signal, as in Fig. 1.6, where a band-pass filter can be used to generate in-
phase and quadrature, signals, suitably filtered to attenuate the noise and
distortion components, [24-27]. However, for such a filter with a nominal fixed
center frequency, the output responses will vary in phase as the input signal
frequency varies, and result in a faulty phase estimate signal.

Vin(t) I(t .
Vo—s O, 0(t)
Filter atan [ 5

o), 1N

Fig. 1.6 — Phase estimation for a single-phase signal

1.2.2 Zero Crossing Detection Based Phase Estimation

The zero-crossing detection method can be represented as in Fig. 1.7. The
phase angle is represented by a discrete value from a counter, which is clocked by
a high frequency digital signal. The input signal v|n(t) is applied to a comparator,
which produces a two-state signal, according to the polarity of vi(t), and this
signal is subsequently used to reset the counter and count N at every positive-
going zero crossing of v\(t). The estimated phase can be expressed in terms of

the count N as: é(t)zKNxN, where the constant Ky depends on the clock

frequency and fundamental frequency of viy(t). Although this method is
relatively simple, there are a few problems, including [1, 15-16, 28-29]:



a) noise in the input signal will affect the timing of the zero crossing and the
reset time of the counter, thus corrupting the resulting phase estimate;

b) the phase estimate relies on the constancy of the input signal frequency,
and does not accommodate any variation in this frequency;

c) the information about the input signal phase is really only available at it’s
zero crossings, thus at most twice per cycle, which makes it impossible for

this scheme to respond to any sudden phase jumps within a cycle [9-10].

T N OO=KxN
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Fig. 1.7 — Zero-crossing detection method of phase estimation

1.2.3 DFT, Least Squares, and Kalman Filtering

The discrete Fourier transform (DFT), it’s fast Fourier transform (FFT)
variation, the least squares estimation method, and Kalman filtering approaches
are significantly more computationally demanding, [10], and not realistically well
suited for real time implementation on digital signal processors typically designed
for real time power control, such as Texas Instruments’ TMS320 family of DSP’s,
which must typically perform other control oriented computations, all at
significantly high sampling rates, such as 10 KHz or higher. The DFT is further
restricted by the requirement of an integer number of samples per fundamental
period of the input signal, and thus assumes a constant input signal frequency,
[31-33]. Although the sampling rate could be varied to satisfy this requirement,
[32-33], this practice is not so common, as it also affects other computations that
are typically performed by a DSP and which assume a constant sampling rate.
The DFT also requires a significant amount of memory to hold the input signal

samples, namely N samples per cycle, which depends on the sampling rate.



Although this is not at all un-realistic, it does contribute to the overall
computational cost. For these principal reasons of computational cost and real
time implementation on representative power control-oriented DSP’s, these

methods are not considered for the purpose of real time phase estimation.

1.2.4 Closed Loop Phase Estimation

In contrast to open-loop phase estimation, the closed-loop approach is
structured such as to able to accommodate variations in input signal frequency by
explicitly estimating it’s phase. A generic block diagram of a closed loop phase

estimation process is represented in Fig. 1.8.
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Fig. 1.8 — Closed loop phase estimation

This approach is characterized by the generation of a sinusoidal function, y(t),
based on the estimated phase angle 6(t), and the comparison of this signal with
the input signal vn(t), by some means, which produces a phase error signal gy(t).
This then results in a corrective action on the phase estimate to make it’s
frequency track the input signal frequency [2, 10, 35-38]. The input signal could
be single-phase or multi-phase, and depending on the phase comparison technique
used, &o(t) could also contain additional harmonic components, due to distorted
and unbalanced input signal conditions. Some means of eliminating or
attenuating some, or all, of these harmonic components may become necessary, as

exemplified in the decoupled double synchronous reference frame PLL [22-23].

1.2.5 Adaptive Phase Estimation Techniques
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An important question to consider in the overall estimation process concerns what
information is available in the input signal, or can be also estimated, in order to
improve the overall phase estimation process. Thus, in contrast to the open-loop
and closed-loop techniques of phase estimation, which effectively address only
the phase and frequency of the input signal, adaptive techniques further consider
the amplitude of the input component of interest. Thus, adaptive techniques are
characterized by an explicit generation of an estimate of the fundamental
component of interest in the distorted input signal, as indicated in Fig. 1.9.

u) = u®+d@) AN
’ U

~

Estimator
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oy >
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An >

Fig. 1.9 — General adaptive phase estimation

The input signal u(t) is defined in terms of a fundamental un-distorted component
Uo(t), and a component of noise and distortion d(t):
u(t) = ue(t) + d(t) Uo(t) = Vcos(mt)

and the overall objective is to estimate the component uq(t), which is
accomplished by indirectly estimating the phase of the input fundamental
component. The estimated signal is then subtracted from the input signal to
produce an estimate error g(t). This error signal subsequently drives the algorithm
to minimize this error. In the specific reference case of an un-distorted signal u(t)
= Ug(t) = Vcos(wt), this error signal can be driven to exactly zero in steady state
operation, and relatively fast, on the order of a few cycles, and even under two
cycles, depending on overall design criteria and signal conditions. Such an
adaptive approach necessarily entails estimating the fundamental component
amplitude, which provides the additional information about the input, with which

to effectively speed up the overall estimation process. Although Fig. 1.9 suggests
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an estimator for a single-phase input signal, the approach can be extended for a
two- or three-phase input signal, such that the signal u(t) can in general be

considered a vector signal u(t).

1.3 PROPOSED H-NSASAE-PLL TECHNIQUE

In view of current techniques of estimating the phase angle of the positive
sequence of an unbalanced grid voltage, a novel technique is proposed, referred to
as hybrid PLL with negative sequence adaptive synchronous amplitude estimation
(H-NSASAE-PLL), with the following features:

a) a negative feedback structure with two embedded estimating filters, one
each to estimate the positive and negative sequence components of an
unbalanced quadrature signal;

b) the overall operation can be described in terms of the well-known internal
model principle (IMP);

c) the positive sequence estimator consists of a conventional two-phase PLL,
with additional synchronous estimation of the positive sequence amplitude;

d) the negative sequence estimator uses the estimated, unit amplitude and
balanced, quadrature signals from the above PLL, to synchronously estimate

the negative sequence component of an unbalanced quadrature signal.

This novel structure results in the following important benefits:

a) the negative sequence estimator serves to cancel the negative sequence
component in an unbalanced two-phase input signal, resulting in faster and
more accurate estimation of the positive sequence, with zero steady state
error with respect to an unbalanced input;

b) minimal dynamical order required to estimate all the fundamental quantities,
namely the positive sequence fundamental frequency, phase, and amplitude,

and of the negative sequence quadrature components;

12



d)

f)

the estimation processes, implemented in synchronous reference frame for
both positive and negative sequence components, can be easily discretized
using lowest order Euler integrators, with one integrator for each estimated
quantity;

such simplified discretization, in addition to the minimal dynamical order
for estimation, reduces overall computational demands, and thus makes it
well suited for real time execution on a typical DSP with limited
computational resources;

the proposed structure simplifies tuning the operating parameters according
to the requirements for any given application;

the overall performance is robust with respect to operating parameters and
distorted and unbalanced signal conditions.

1.4 CONTRIBUTIONS OF THE THESIS

In addition to the H-NSASAE-PLL, a few additional novel estimation techniques

are presented, which serve to establish a necessary frame of reference for the
proposed H-NSASAE-PLL:

a)

b)

Positive-negative sequence filter (PNSF)

This establishes a fundamental underlying principle of operation of, and a
mathematical foundation for, the H-NSASAE-PLL, whereby a positive and
negative sequence estimators can be combined within a common feedback
structure, according to the internal model principle. The mathematical
foundation for the PNSF is established in terms of transfer functions in the
familiar s-domain.

PLL-based positive sequence filter (PSF-PLL)

This consists of a conventional positive sequence filter (PSF), implemented
in synchronous reference frame, and centered on a conventional two-phase
PLL. The result is a frequency-adaptive PSF with minimal dynamical order.

This also establishes a useful mathematical basis for taking a simple PSF,
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normally described in the Laplace s-domain, in stationary (or fixed)
reference frame (FRF), and implementing it in synchronous reference frame
(SRF). The very significant benefit is the ability to realize the equivalent
functionality at lowest computational cost, in real time, on a typical DSP,
with robust performance.
c) Hybrid PLL with negative sequence filter (H-NSF-PLL)

This consists of a PSF-PLL and an additional resonator, in SRF, to estimate
the negative sequence, and effectively implements a frequency-adaptive
PNSF. If implemented with a higher order differential equation solver, such
as during the simulation phase of development, this clearly validates the
principle of operation. However, this is computationally more demanding,
and possibly not realizable for real time execution on a DSP, and thus
motivates the H-NSASAE-PLL, which implements the negative sequence

estimation in SRF.

Finally, a comprehensive test signal generator is also developed for evaluating the
performances of the proposed H-NSASAE-PLL and other technigques, which
allows for convenient analysis and comparison. The test program, consisting of
the signal synthesizer and the PLL’s under evaluation, executed in real time, is
presented in chapter 4. The results, all observed in real time, and presented in
chapter 5, show the superior performance of the proposed H-NSASAE-PLL. The
overall test program in developed using the Matlab/Simulink platform, and
executed in real time on the dSPACE DS1104 control board.
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2. FREQUENCY AND PHASE ESTIMATION TECHNIQUES

This chapter presents underlying principles pertinent to conventional and adaptive
methods of synchronization in current usage, as discussed in recent literature.
These principles lead to the novel approaches described in chapter 3, and
specifically to the proposed H-NSASAE-PLL technique to address unbalanced
signal conditions. Table 2.1 outlines the subjects addressed in this chapter, with

each one contributing a specific feature in the final H-NSASAE-PLL technique.

Table 2.1 — Underlying principles

Subject Key features
1. | conventional single- » fundamental core to many PLL’s
phase PLL » establishes small signal model and stability

» suffers from double-frequency ripple

2. | Park transformation » converts two-phase signal between fixed

(stationary) and synchronous reference frames

3. | conventional two-phase | » uses Park transformation to eliminate double-

PLL frequency ripple with balanced input
» establishes small signal model and stability
4. | quadrature signal > to generate nt/2-shifted sinusoidal signals,
generation suitable for Park transformation
5. | adaptive notch filter » frequency estimation and tracking

6. | Clarke transformation » To convert from three-phase to two-phase

signal representation

7. | positive and negative » useful de-composition of unbalanced three-

sequences phase and two-phase signals

8. | internal model principle | > zero steady state error when estimating a

specific signal

9. | adaptive synchronous » useful for robust discretized implementation of
amplitude estimation H-NSASAE-PLL technique
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Table 2.1 — Underlying principles, continued

10. | EPLL » Single-phase Magnitude/Enhanced PLL, based
on single-phase PLL and ASAE
» establishes stability and fast convergence of

adaptive phase and amplitude estimation

11. | ASAE and IMP » equivalence of ASAE to band-pass filter (BPF)
equivalence » dynamic properties of BPF applicable to ASAE

2.1 CONVENTIONAL SINGLE-PHASE PLL OPERATION

A generic structure of a PLL is introduced, and then the specific case of the
conventional single-phase PLL is discussed, which serves as a starting point for
subsequent enhancements reflected in current adaptive frequency and phase
estimation techniques. The conventional linearized model is presented, it’s
idealized dynamic characteristics, and it’s behaviour is emphasized with regards
to the inevitable double frequency ripple. The latter defines the perspective for
the quadrature-phase conventional PLL and it’s improved performance over the

single-phase PLL.

2.1.1 PLL Block Diagram and Fundamental Theory

In the overall perspective of estimating the phase of a periodic signal, the problem
can be described as depicted in Fig. 2.1

Filt Other > ||
0;(t) /PD\ | = Ve(t) 0,(t) signal | !
. K G(s) VCO timing | !
+ \j | 2 '
, gene- | !
- e M' ration [ J-l—

Fig. 2.1 — Basic PLL structure

Fig. 2.1 emphasizes the following principal signals and required functional blocks
[10, 22-25]:
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b)

d)

the main signal of interest consists of the phase 6;(t), which is somehow
represented by the actual, nominally periodic, input signal, such as a

sinusoid, as encountered in electrical power systems.

in contrast to the actual input signal, which is nominally sinusoidal, the
phase signal of interest is a periodic ramp, as represented by 60,(t), which
will have to be synthesized on the basis of the input signal, by the VCO.
The term “VCO” stands for “Voltage Controlled Oscillator”, which refers
to electric circuit realizations of this functionality, whereby the signal
frequency can be controlled by an input control voltage V((t); in the
simplest case, the frequency is determined by a linear relationship:
f=Kox V. eg. K;inHz/\Volt
In a digital realization, such as with a DSP, it would be more
appropriately called “Controlled Frequency Oscillator”, or Numerically
Controlled Oscillator (NCO), but it is common in the literature to refer to
it as VCO. The generated ramp signal 6,(t) would be physically
represented, such as in a DSP, by a numerical count, produced by a digital
counter, and thus representing the phase angle from 0 to 2n, and
subsequently used to produce triggering pulse signals to power control
devices.
Functionally, the estimated phase signal 0,(t) is compared to the input
signal phase 0;(t), by the phase detector, PD, which produces a measure of
the phase discrepancy 0¢(t) = 0i(t) — 0,(t). There are various possible
phase detection mechanisms, with different characteristics, but which can
be usefully represented by a gain Kp, valid for some range, e.g. for | 6. | <
30°, or more, depending on the technique used. Often, for “small” 0, a
linearized characterization of Kp usually serves well for initial analysis
and design, subject to further tuning to ensure robust operation in the face
of actual operational circumstances.
Depending on the phase detection mechanism used, the PD output signal
may be corrupted by various kinds of noise, either due to distortion of the

input sinusoid, as is very common in power electronics applications, or
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inevitably resulting from the intrinsic properties of the PD itself. This
typically requires some low-pass filtering to attenuate the impact of this
noise, and thus ensure an acceptable level of quality of the output phase

estimate.

2.1.2 Conventional Single-Phase PLL

Referring to Fig. 2.1, the phase detection mechanism used depends primarily on
the form and characteristics of the available input signal and of the desired output
signal, [23-25]. For a nominally sinusoidal input signal u(t) = A cos(ot),
corrupted by noise and harmonic distortion, a common and simple approach to
measuring phase discrepancy between the incoming signal and the VCO
synthesized signal, is to produce a fixed amplitude sinusoid Q(t) = sin(wt-9),
nominally lagging u(t) by 90° plus a discrepancy ¢(t), and to multiply it by u(t), as
in Fig. 2.2.

I(t) = cos(mt-)

PD Filter P-1
u(t) = A cos(ot) p(t) Ve(t) 0,(t)
FGs) > C6) %C%'M'
1 Q(t) = sin(ot-¢)

Fig. 2.2 — Conventional single-phase PLL

This results in:
p(t) = A cos(wt) x sin(B,(t)) , 0o(t) = ot-@
= A/2 x (sin(2ot-) — sin(e))
= A/2 x (=sin(e) + sin(2mt-¢)) (2.1)
The above signal consists of two components:
a) (@) = A2 x sin() : a useful measure of the phase discrepancy o;
b) A/2 x sin(2wt-o) : an oscillation at twice the incoming signal frequency.
The objective of the feedback loop is thus to correct the estimated angle 0,(t) such

as to drive the discrepancy ¢(t) to zero. To achieve this objective, 0,(t) must
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therefore be continually adjusted, according to the error signal &(t), by applying a
suitable corrective control signal v.(t) to the VCO. Because this error signal is
effectively corrupted by the double frequency component, some filtering is
required, represented by F(s). Furthermore, to ensure zero steady state average
error g(t) with slowly varying frequency of the input signal, a proportional-plus-
integral (P-1) controller is commonly used, represented by C(s) in Fig. 2.2.
Because C(s) incorporates an integrating operation, which has an intrinsically
low-pass frequency response characteristic, and will thus attenuate the effect of

this oscillation, a given application may not necessarily require an additional F(s).

2.1.3 PLL Closed Loop Transfer Function

Based on the previous qualitative description of the PLL operation, a more exact
mathematical description of it’s dynamic behaviour is now derived, which will
serve as a useful frame of reference for subsequent variations and enhancements.
It should be noted that the phase detector output, &(¢p) = A/2 x sin(¢p), is a non-
linear function of the phase discrepancy ¢ = 0; — 6,; however, for an initial
assessment of the overall behaviour, and as is typically justified for relatively
small ¢, such as |p| < 30° the approximation is made that sin(¢) ~ ¢, which
significantly simplifies the subsequent analysis. Thus, referring to Fig. 2.1 and
2.2, the principal signals and operations may be summarized as follows:
a) u(t) : actual input signal, nominally sinusoidal
b) 6i(t) : phase of input signal
C) 6o(t) : output phase signal
d) I(t) : cos(6,(t))
e) Q(t) : sin(6o(t))
f) e(t) = A2 x sin(0i(t) — 0o(t)) = A/2 x sin(p(t)) =~ A2 x ¢(t)
Thus, the phase detector can be characterized by a gain of A/2.
g) F(s) : in the simplest case, it can be set to a constant, e.g. F(s) = 2, to
simplify subsequent derivations;
h) C(s) = K, + Ki/s : a standard P-1 controller
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i) VCO: 05(t) = | mo(t) dt = 27f Ko x V(1) dt, K, in Hz/input unit
Thus, the Laplace s-domain transfer function for the VCO can be

O,(s)  2mK,
V. (S) s

characterized as:

With reference to an input signal at constant frequency ®, the dynamic
performance of the overall negative feedback loop is typically characterized in
terms of the phase deviation at the output, Af,, in response to phase deviations at
the input, A6;, such as occurs with phase jumps due to sudden load changes. Thus,
the overall transfer function from A;(t) to A,(t) can be expressed as:

A®;(s) 1+Ax2x(K +Kist2nKo
2 s S

| 2mAK % Ks+K,
 §2+21AK X K,s+K;

_ 2rAK K s+ 21AK K|
% +21AK K 5 +21AK K,

(2.2)

This second order transfer function can be related to the standard form, in terms

of the natural un-damped frequency w, and the damping factor (:

__Zogtol _ %0,
s* + 20w, s+’ 52+2§% +1

K
0, = [2TAK K, f=r /2’“}?{0 (2.4)

As should be expected, the DC gain, at s = 0, is unity, meaning that for slow

(2.3)

variations in the input signal frequency and phase, the output phase exactly tracks
the input phase. The dynamic performance can also be seen to depend on the
input signal amplitude, and it is possible to estimate this amplitude in order to
introduce a normalizing division operation into the feedback loop to reduce the

PLL operation sensitivity to the signal amplitude [39-42].
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2.1.4 Frequency Normalized P-1 Control

The transfer function previously obtained reveals an inter-dependence between
design parameters K, and K;, such that, for example, if it is desired to increase the
closed loop bandwidth to increase the speed of response, by increasing K;, then it
is also necessary to adjust K, accordingly, to maintain the same damping factor.
In order to separate these two factors, in terms of their influence on the closed
loop dynamics, and thus make their adjustments more convenient, the following
approach is adopted:
a) the VCO constant is fixed to K, = 1 Hz per input unit, or 1 Hz/iu = 2=n
rad/sec./iu
b) the P-1 controller structure is slightly modified, resulting in the overall
closed loop structure in Fig. 2.3, where f, is a constant parameter, and sets
the nominal operating frequency, and is normally set equal to the nominal

anticipated input signal frequency, in Hz;

VCO
o) PO | 22 (1)
° ’E, | S

Fig. 2.3 — PLL with modified P-I controller

c) the P-I controller provides two outputs:
a. fosc: constitutes the actuating, or control, signal to the VCO;

b, f: provides a filtered version of ., a smoother estimate of the
input signal frequency, and is not subject to the higher frequency
components in the fos; signal due to the proportional action in C(s).

This results in the following transfer function from 6; to 6,, with ®, = 27tf,:

Ksog 1
AO() . s x Kgs+Ksog S _ K Kgmes +Kgmg 25)
AB(s) 14 Kso K s+ Keog o1 sP K Kemps + Kioj
S
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In terms of the standard form, w, and { are then simply determined by:

on = Ko, and  C=K,/2 (2.6)
The “speed” parameter Ks and the damping parameter K, can be seen to
independently determine the closed loop bandwidth, which is closely related to wp,
and the damping factor (, respectively, which will significantly simplify their
adjustments according to specific application requirements. Thus:

a) K, will be typically set to approximately 1.7, corresponding to a damping
factor { = 0.85, for a damped and nominally optimal frequency step
response, with no observable overshoot, as will be demonstrated later;

b) K can initially be set to a value in the vicinity of 1, corresponding to a
closed loop bandwidth approximately equal to ®,. However, depending
on noise and distortion, it can be comfortably reduced to 0.1 or less, which
will reduce the closed loop bandwidth and slow down the response time,
while maintaining a constantly damped response.

This re-structuring and resulting independence between Ks and K, will also help

make more meaningful comparisons between various PLL algorithms.

2.1.5 Frequency Step Response

A common characterization of PLL operation is in terms of it’s response to
changes in input signal frequency, [2, 9, 17, 19-23], and it’s ability to track such
variations, as specifically evaluated with step frequency changes. Referring to the
P-1 controller in Fig. 2.3, and the estimated frequency output f , and considering

that the input signal phase 0;(t) is related to it’s frequency as: 6i(t) = fcoi(t)dt, the

transfer function from input frequency f;, to f , both in Hz, can be determined to
be:

M) _ Kio} _ o 27)
Afi(s) s*+K Kqoos+Kiog s*+K o s+ '

which also shows a unity gain at low frequency; that is, for slow changes in input

signal frequency, the PLL can accurately track such variations, and can thus
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produce an accurate estimate f. Sucha frequency step response is demonstrated
inFig. 2.4
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Fig. 2.4 — Conventional single-phase PLL performance

Fig. 2.4 reveals several important points:

a)

b)

the top trace displays a unit amplitude input signal, with a 30° angle step at t
= 0.05 sec., and a 20 Hz frequency step at t = 0.1 sec.;

the middle trace displays the phase angle at the source and estimated by the
PLL, as well as their difference, which is seen to converge to zero after both
step changes; a value of K = 0.2 is used;

the bottom trace displays the estimated frequency f , for Ks 0.2 and 0.5;

a very salient feature of the bottom trace is the double-frequency ripple in

the f signal, which is lower with a lower value of Kg;

if not for the ripple, the average response dynamics reflects the idealized,
linearized, characterization of the transfer function in (2.7), whereas the
presence of ripple reflects the actual fact of the non-ideal phase detecting

multiplier operation. More importantly, for lower values of K and
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consequently slower transient response, the average response validates the
idealization of the phase detecting multiplier as linearly measuring the phase
discrepancy, and presents a useful frame of reference for further analysis
and investigation into improving the performance.
Point (d) reflects the familiar fact of feedback control systems, that to reduce the
sensitivity to various disturbances, such as double-frequency ripple, requires that
the overall closed-loop bandwidth be reduced, such as by lowering the gain K,
thus also reducing the system’s speed of response, a typical design trade-off

between these two important factors of response speed and disturbance rejection.

2.2 PARK TRANSFORMATION

The double-frequency ripple has motivated much research to eliminate, or at least
attenuate, it’s impact on the PLL performance, [44-50]. The Park transformation
is essentially an extension of the single-multiplier phase detector, and is
commonly used for multi-phase sinusoidal signals; for example, for two- and
three-phase signals, as encountered in power systems. For two-phase signals,
given two-dimensional (vector) signals vi(t) and v,(t), with phase angles 6(t) and

¢(t), respectively:

3 cos(0(t)) ) _ oo o
v,(0) = vl(sin 0 (t))] = V™ =V, (cos(0(t) + jsin(O(1) (280)
V0=V, [C(-JS(@(O)) = Vel =V, (cos(p() + jsin(e(®))  (2.8b)
sing )

the Park transformation simply consists of a product of two complex numbers

(with reference to time variable t omitted, for simplicity):

. ‘ cos(0
v, xV, = Ve’ x Ve’ =V,| ] ©) xV, C?S(Q))
sin(0) sin(@)

VNS (cos(0)cos(¢) - sin(0)sin(¢))
- V1 2 +j (Cos(e)sin(Q)) =+ sin(e)COS((/’))

=Vy+ v,
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In view of occasional discrepancies in the literature with regards to the Park
transformation’s output d and q signals, the above definition is adopted here; d is
a measure of the product of sinusoidal components nominally directly in-phase,
whereas q is a measure of the angular discrepancy of signals, via the product of
signals in quadrature (e.g. cos(0) x sin(p)). Expressed in vector-matrix form:

[Vd j Vv, ( cos(0)cos(¢) - sin(0)sin(¢) J

v, 8 cos(0)sin(¢e) +sin(0)cos(¢)

~ v, x (COS((p) -sin(go)j oV {cos(e)j

sin(p) cos(p) sin(0)
=V, xR(p)x v,

(2.9)

(2.9) emphasizes that an incoming signal v, is operated on with a gain of V;, and
rotated by an angle ¢. If, as is usually the case when nominally synchronized
with a PLL, v; and v, are at nearly the same frequency o, but with v, lagging
incoming signal v; with a phase difference & = 0-¢, then multiplying v; by the
complex conjugate of v, results in:

[Vd j — VXV = VLV, X [ cos(wt-8)  sin(owt -J) ] 5 (cos((ut)j

v, -sin(ot-38) cos(wt -9d) sin(mt)

Y x[ cos(mt)cos(mt - §) +sin(wt)sin(ot - ) J
' -cos(wt)sin(wt - 8) + sin(wt)cos(wt - d)

=V, X [ZT;((:)) J (2.10)

=V, xR(-ot +3)x Vv,
Thus, when nominally synchronized, and with v; of unit magnitude, the Park
transformation produces a signal vq(t) which is at a frequency near 0 Hz, and
which is a measure of the phase discrepancy o. Again, when nearly phase
synchronized, i.e. with small & ~ 0, then sin(d) ~ d is a useful linearization. The
Park transformation also produces the signal vg4(t) = V2cos(d), which is likewise at
a frequency near 0 Hz, and when nearly phase synchronized, 6 ~ 0, then cos(d) ~
1, and vy4(t) is a useful measure of the input signal amplitude. Thus, for purposes
of phase detection in a PLL, the defining feature of the Park transformation is that
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the availability of 2-dimensional quadrature signals, in both the input and the
tracking generated signals, makes possible the perfect cancellation of any double-
frequency ripple, which potentially allows the complete elimination of any low-
pass filtering, except for any possible distortion components resulting from

distortion of the input signals, resulting in potentially much faster response.

2.3 CONVENTIONAL TWO-PHASE PLL OPERATION

Considering phase synchronization only, the Park transformation’s q output
consists of a simple extension to the single-multiplier phase detector, with a
second multiplier to cancel out the double-frequency ripple from the first

multiplier, which leads to the conventional two-phase PLL, as in Fig. 2.5.

o(t) = A cos(ot) Q(t) = sin(wt-3)

A

fOSC

s >l

VCO

B(t) = A sin(mt) I(t) = cos(wt-0)

Fig. 2.5 — Conventional two-phase PLL

This results in the same relationships for the input to output phase and frequency

transfer functions in (2.5) and (2.7), respectively.

A®0 (S) _ Kp |‘(SO‘)OS + Kgo‘)(z) — ZC;Q)nS + O‘)i (2 5)
AO,(s) s +KpKSo)os+K§coé s?+28w, s+ o '

2 K2m?2 2
Af(s) _ s®o - @, 2.7)

Af(s) s +K Keogs+Kiol  s*+Kos+0?
The Park transformation’s d output provides a measure of the input signal’s
amplitude, and can be used to normalize the g signal, such as to maintain the PLL

transient dynamics overshoot independent of the signal amplitude, as suggested in
Fig. 2.6, [40-45].
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Fig. 2.6 — Amplitude normalized conventional two-phase PLL

The improvement in performance and potentially faster response of the
conventional two-phase PLL is demonstrated in Fig. 2.7.

2 —
INPUT AND 2-PHASE PLL ESTIMATE. Ks=1
1
0 -
1
[ r r [ r r [
SOURCE AND PLL ESTIMATED PHASES, AND DIFFERENCE. Ks= 1
400
300 -
200 |-
100
0 k
100 - PHASE STER = 30° . : ' ' '
PLL ESTIMATED FREQUENCY. Ks=0.2, 1
130
A PR
120 \ c //,__—
110 A
Ks=0.2
100
% S PHASE STEP = 30° Ks=1
0.04 0.06 0.08 0.1 0.12 0.14 0.16 0.18

Time, Sec.

Fig. 2.7 — Conventional two-phase PLL performance

Fig. 2.7 emphasizes the following:
a) the top trace shows the input o signal, with a 30° phase step at t = 0.05 and
a 20 Hz frequency step at t = 0.1 sec., respectively, and the PLL’s I output
signals, with Ks = 1;
b) the middle trace shows the input signal phase angle, and the PLL’s
estimated phase output signal, and their difference, also with Ks = 1;
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c) the bottom trace shows the PLL frequency estimate output, with Ks = 0.2
and 1, and, most importantly, reveals a complete absence of double-
frequency ripple; this makes possible to tune the gain Ks for mush faster
response;

d) as well, K; can be adjusted over a considerably wider range, while
maintaining the same relative transient response, i.e. with respect to
overshoot in the frequency estimate step response, making it possible to
easily tune the PLL’s bandwidth and sensitivity to noise and distortion,

according to specific application requirements.

24 QUADRATURE SIGNAL GENERATION

Given a single-phase input signal, if the benefit of the Park transformation is to be
exploited to eliminate the double-frequency ripple, then a quadrature version of
the input signal must be somehow synthesized. A number of techniques have
been proposed, including:

a) a quarter-cycle delay line, consisting of N/4 memory storage elements, to
delay a signal by a quarter-cycle, such as in the delayed signal cancellation
(DSC) technique [35, 45], where N is an integer number of samples per
cycle of the input signal. Although very simple to implement and with
guaranteed stability, this approach assumes that the sampling frequency fs =
Nxf, exactly, to obtain the desired 90° phase shift from a N/4 delay.
Depending on how much the signal frequency may vary and on acceptable
error, it may be required to frequency lock fs to Nxf,, which presents an
additional challenge to the overall synchronization task.  Another
disadvantage of this approach is that, because of the constant amplitude all-
pass frequency response characteristic of a delay line, all distortion
components are passed through un-attenuated.

b) a first or second order all-pass phase-shifting filter, [10-13], of the form:
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d)

f)

—— 2 : produces a unity gain, 90° phase shift at ®,

1-s/o
a. Hy,(9)=
AP-l( ) 1+S/(,l)o

2 _ +m?
52 260, (D”Z =1/-2atan 25
s°+20w, s+ o, o,

o o,

b. Hgp,(S) =

The desired phase shift and specified frequency are thus adjustable
with { and o,
The all-pass filter likewise does not attenuate any distortion component, and
requires adaptivity to track variations in input signal frequency to maintain
the desired 90° phase shift over the anticipated range of frequencies.

a second order low-pass filter, [24-26]:

2
260, = 1,90 at 5= jo,
$°+ 2w s+ o’

n

Hpe (S) =

This also may require real time tunability to maintain the desired 90° phase
shift as the signal frequency varies.
a Hilbert transform FIR filter, to produce an approximate 90° phase shift
over some specified range of frequencies around the nominal input signal
frequency w,, [46]. Because this produces a constant phase shift over some
frequency range, this does not require any frequency adaptivity. However,
this also has a constant amplitude frequency response, which therefore also
does not provide any attenuation of distortion components.
so-called Adaptive Signal Cancellation, [52], which adaptively estimates the
amplitudes of the quadrature components of the signal, and then performs an
elementary complex rotation by n/2, similar to the Park transformation.
a second order sinusoidal resonator-based band-pass/low-pass filter, also
referred to as sinusoidal integrator, [53-56], or second order generalized
integrator (SOGI), [24-26]. This approach is adopted for several reasons:

a. it provides both an in-phase band-pass and a quadrature-phase low-

pass filtered output signals, both with unity gain at ®,:

29



2o, s

Hgpe (S) =
eer (5) 2 2o s+

=1/0 at s=jo,

2
n

2
52+22CC(D“+ > =1£-90" at s= jo,
®,S T o,

Hipe(8) =

useful filtering operation is intrinsic to the operation, and thus serves
to attenuate distortion components;

the filter bandwidth and rate of attenuation of distortion components
can easily be adjusted with the damping factor ;

it can be operated at fixed sampling frequency, and it’s center
frequency can easily be adjusted for the purpose of tracking input
signal variations, making it very suitable to implement a so-called
(frequency) adaptive notch filter (ANF);

the simultaneous availability of equal amplitude, in-phase and
quadrature-phase, filtered, outputs, can serve to individually filter and
phase-shift o and P signals, and subsequently extract positive and
negative sequence components of an unbalanced input vector signal,
for all it’s benefits, it is the most computationally economical structure,
in terms of overall number of memory storage elements and arithmetic
operations required, making it well suited for real time implementation
on DSP or FPGA,;

this structure can be conveniently realized in a synchronous reference
frame, again making it very well suited for discrete implementation on
a DSP or FPGA, and results also in improved performance at higher

center frequencies and narrower bandwidths, as will be discussed later.

2.5 ADAPTIVE NOTCH FILTER FOR FREQUENCY TRACKING

Frequency variations of the input signal make it necessary to provide for

frequency adaptivity of filtering units, such as the resonator-based quadrature

signal generator introduced in the previous section. This section describes the

operation of this device, from the perspective of augmenting it with a simple
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frequency-tracking mechanism, together commonly referred to as an adaptive
notch filter (ANF), [56-64] (due to the notch filtering at the core of the frequency-
tracking functionality), or also frequency-locked loop (FLL), [24]. Such a device
has been proposed for phase estimation and synchronization purposes, [2], as well
as for extracting positive and negative sequences of an unbalanced signal, [62-65],
for a few significant reasons:

a) the basic ANF structure is a third order, non-linear, dynamical system,
consisting of a second order resonator, and a simple integrating mechanism.
However, based on averaging principles, [56-57, 64, 67-69], it’s overall
operation, for the intended purposes of frequency tracking, can be reduced
to a first order system, conveniently simplifying it’s analysis and design;

b) owing to the above, it can easily serve as a front end pre-filter followed by a
simple two-phase PLL, while the overall dynamics can be treated as just a
first order sub-system followed by a second order PLL sub-system, with no
further dynamic interaction between them, and thus again simplifying the
overall analysis and design;

c) the afore-mentioned frequency-tracking mechanism in the ANF (a simple
integrator) can easily be replaced by a two-phase PLL, [70], to provide
simultaneous frequency-tracking and phase estimation, although this does
then become a fourth order, non-linear, dynamical system, requiring more

careful analysis and design.

2.5.1 The Second Order Quadrature Signal Generator

At the core of the frequency-adaptive notch filter is a two-integrator resonator,
also referred to as a generalized integrator, [53-55], or second order generalized
integrator (SOGI), [24-26, 71], shown in Fig. 2.8. With zero input and non-zero
initial conditions, this produces a constant amplitude oscillation at frequency wo.
With a sinusoidal input v(t) at the same frequency w,, the outputs x(t) and y(t)
consist of sinusoids, 90° apart, with linearly increasing amplitude, reflecting the
integrating behaviour from which it gets it’s name; for example, with v(t) =

cos(mot):
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X(t) = @o/2 x coS(mot) x t + @o/2 x SiN(wot)
The constant amplitude component will later be seen to vanish, once this structure
is embedded in a feedback loop, such that only the first component above will be

relevant.

v(t) ()

g

y(t)

Fig. 2.8 — Second order generalized integrator

The transfer function from input v(t) to output x(t) can be expressed as in (2.8).

X)) w/s o8
V() 1+0l/s*  s*+a?

T (8) = (2.8)

The above resonator can be embedded within a feedback loop, as in Fig. 2.9,
which results in three useful functions at the indicated outputs:

a) |: band-pass filtered, in-phase with input, and with unity gain at m,:

I(s Ko,s 2w, s
Tlu(s): () -2 > 2 T 2 Z; > 2 (2-9)
Us) s"+Kosto, s°+2lo.sto);
b) Q: low-pass filtered, in quadrature and with unity gain at w,;
2 2
T,©=0 o Ko, o, (2.10)
u@s) s +Kosto, s°+2osto;
c) e notch-filtered, zero output response at mo:
2 + 2 2 + 2
T,(6) = E(s) _ S T, = S T, - (2.11-a)
U@s) s +Kosto, s°+2losto;
2 2 _
Ty (6= jox jo,) 2= 2 = (202 0XO, 1)
12000, J2Co;
Lo-0) 2 Ao (2.11-b)

o, K o,
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Fig. 2.9 — SOGI-based band-pass/low-pass filter

The above transfer functions are exemplified in Fig. 2.10, with K = 0.5, at a center
frequency of 60 Hz. The BPF and LPF responses can be seen to intersect at o,
with unity gain.

AV
0_6// W
iy
VAN

——

RH
0 50 100 150 200
Freauencv. Hz
Fig. 2.10 — SOGI-based BPF, LPF, and notch filter frequency responses

NOTCH

e

0

2.5.2 Frequency-Adaptive Notch Filter

Close examination of the low-pass and notch filter transfer functions (2.10) and
(2.11-a) reveals a very useful fact. The relationship between the two respective
output signals is that they are either in phase for o < w,, or exactly 180° out of
phase for ® > w,. Indeed, the ratio of their transfer functions is purely real:
_ St _0,-0° _(0,-0)(0,+o0)

K’ K] Ko’

(0] (0]

) T,
Teo (s=jo)=—="
QU
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2(0,-0) _0,-0 _ Ao,
Ko o, Co,

0

(2.12)

TEQ((D rO,) =

Thus, Tegg gives a useful indication of the direction of ® relative to w,, and
suggests that we can form a correlation product Qxe = Q(jo) x &(jw), [66], which
then consists of a sinusoid squared with an average non-zero value A% x Tou(jo) x
Teu(jw)/2, where A is the input signal amplitude, and this average signal is either
positive or negative according to whether ® is less than, or greater than, w,. This
product can then be used as an error signal to adjust the filter center frequency to
converge toward the input signal frequency. Such an adaptive mechanism can
easily be realized with an integrator, [24, 58], as in Fig. 2.11, whose output

consists of an integration of this error signal:
Ad() =K, [Qt)x a(t)dt (2.13)

The parameter K, can be adjusted to set the rate of convergence of this frequency

adaptation process, and speed of response to changes in input signal frequency.

|
Y. sSlu 1 —
K ——>| K €
0)0= >< > (")0 —I >Q
N\
-1
e[ le®<
N QXS ®
Ka >

Fig. 2.11 — SOGI-based frequency-adaptive notch filter

Fig. 2.12 and 2.13 demonstrate two examples in response to an input signal
frequency step from 100 to 110 Hz, one with slow convergence, with K = 0.5 and
Ka = 0.05, and one with fast convergence, with K = 1.5 and Ka = 0.5. The case
of slow convergence serves to clearly show the averaging principle in operation,
as well as to reveal the approximate character of this averaging mechanism, made

evident in the ripple in the estimated frequency signal.
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Figure 2.12 — ANF frequency step response, slow convergence
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Figure 2.13 — ANF frequency step response, fast convergence

35



The case of faster convergence shows that during the transient response, the
product signal Qe does very slightly change polarity, and there is significant
ripple in the estimated frequency signal, but on average Qg is clearly of consistent
polarity, and therefore useful for the intended purpose of frequency adaptivity.
As a consequence, this averaging mechanism can be seen to simplify the overall
dynamics, such that for lower values of Ka, and for a signal frequency close to the
filter center frequency, the system can be usefully described by a first order
system, as represented in Fig. 2.14, with a time constant set by the adaptation gain
Ka.

KA (1)0/2K

e TS

N\

Fig. 2.14 — First order equivalent of adaptive notch filter

2.6 THREE-PHASE SIGNALS AND CLARKE TRANSFORMATION

Whereas power is most economically delivered over a three-wire system, by three
sinusoidal voltages spaced 120° apart, the signal processing involved in many
applications can be achieved more efficiently after first transforming the three-
phase signal vector, say Vanc(t), using a Clarke transformation, into a two-phase
vector Vep(t) in the so-called off fixed (also referred to as stationary) reference

frame (FRF), where the components v,(t) and vp(t) are orthogonal to each other:

(®)
[ Va (t) _2(1 cos(y) cos(2y) Va B
Vop = {VB (I)J - 5[0 sin(y) -sin(2y)jx Vp® | v=2m3 (214)
ve(®)

VaB (t):= TClark *Vabe (t)

Thus, with vgp(t) defined as:
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va (1) cos(omt)
vabc(t): vb(t) =V| cos(ot -27/3) (2.15)
v (t) cos(wt -47/3)

with peak magnitude V, the Clarke transformation produces:
Va (D) cos(wt)
vV ()= =V 2.16
ap® [vﬁ(t)J [sin(wt)j (2.18)
It is noteworthy that the Clarke transformation, as described above, aims to
produce signals vep(t) with v, (t) = va(t), i.e. aligned with v,(t), and with the same
magnitude V as vanc(t). Thus, the required transformation is not unique, and
depending on other factors, for example trying to reduce the number of sensors at
the three-phase system, the Clarke transformation could be alternately
accomplished. For example, for a three-wire system, v,(t) + vp(t) + v¢(t) = 0, such

that only two signals suffice to obtain the v,g(t) signals, such as b and c, as

follows:
Ve®) (-1 - b ®
VaB(t) (v (t)J (]/J‘ 1/\/—] (Vc(t)j (2.17)

2.7 POSITIVE AND NEGATIVE SEQUENCES, AND DE-COMPOSITION

With reference to the Park transformation, the phase discrepancy between two
quadrature signals, measured by the g output, is free of any 20 component, but
only when the 2w components of the two products cancel out exactly. This exact
cancellation, however, depends on both components of the input quadrature
signals to have the same magnitude and to be exactly 90° apart, i.e. that they be
balanced. However, since the input quadrature signal is obtained from the three-
phase signal via a Clarke transformation, this two-phase balance depends on the
three-phase balance of vy, Various line and load conditions can adversely affect
this three-phase balance, and it is then necessary to characterize such three-phase
unbalanced conditions to properly compensate for them.
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2.7.1 Three-Phase Symmetrical Components

Three-phase voltage (or current) signals, although nominally balanced, can suffer
unbalanced conditions, due to asymmetrical loading or line faults, resulting in
sub-optimal overall operation and power losses. To deal with such conditions, it
is useful to represent a three-phase signal in terms of three symmetrical, or
balanced, components, also referred to as positive, negative, and zero sequences,
as in (2.18). Superscripts p, n, and z denote positive, negative, and zero,
respectively, and the corresponding symmetrical components are defined as in
(2.19).

v, (1) 1 1 1
v, () [ =] e [VE() +| e [VI(1) +| 1| Vi)
v_(t) L gi27h3 1
AU
Vabc (t) = Vb (t) = ngc (t)+V2bc (t)+vgbc(t)
Ve (1)
vi®) [va®) (vi®
=| VE() [+] vp(®) [+] Vi (D) (2.18)
ve®) (ve®) (ve®

1 1 1) (V@)
=| e "R 1 ix| VvI(b) (2.19)
e+j27r/3 e-j27r/3 1 VZ (t)
Thus, each symmetrical three-phase component is referred to the phase a signal:
Ve (1) VPcos(wt)
Vi (t) [=| V"cos(ot-¢") (2.20)
Vi () V*cos(ot - 9*)
In other words:
a) in the positive sequence vector, phases b and ¢ lag behind phase a by 120°

and 240°, respectively;
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b) in the negative sequence vector, phases b and ¢ lag behind phase a by 240°
and 120°, respectively;
c) in the zero sequence vector, all three phases have the same sinusoidal
voltage.
The zero sequence component, being common to all three phases, is then the
instantaneous average of the three, and requires a common voltage reference point,
or return path for the common current, and therefore requires a fourth neutral wire
to exist. As a consequence, in the case of a three-wire system, the zero sequence
cannot exist, and there are therefore only two independent voltages to speak of;
for example, vap(t) and vcp(t), both referred to phase b. Figures 2.15 and 2.16
depict, for example, phasor diagrams for a balanced and an unbalanced conditions.
In both cases, v, can be seen to be aligned with v,. In Fig. 2.16, the negative

sequence V' can be of any arbitrary phase relative to the positive sequence VPap..

\
c

vV
B

Fig. 2.15 - Three-phase and 2-phase phasors, balanced
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Fig. 2.16 - Three -phase and 2-phase phasors, unbalanced

2.7.2 Positive And Negative Sequence Extraction

The optimal condition for power delivery in a three-wire system consists of
balanced three-phase voltage and current, characterized by a symmetrical positive
sequence, which defines the reference for power transfer. Thus, when the three-
phase voltage is unbalanced, any corrective action, such as by an active power
filter, must be referred to, i.e. synchronized to, the positive sequence voltage.
Therefore, given an actually measured three-phase voltage vac(t), it becomes
necessary to estimate from it the positive sequence component, which
subsequently defines the proper reference for all voltage, current, and phase
information signals. One approach consists of instantaneous symmetrical
component calculation, [21, 72], which requires phase shifting operations on each
of the three individual phase signals to extract the positive, and possibly also the

negative, sequence voltage vectors, depending on the application.
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An alternative approach, not too different from the above in regards to some of
the underlying operations, but which also serves the additional purpose of phase
estimation and synchronization, is to transform the three-phase voltage Vapc(t) into
the af3 reference frame, using a Clark transformation. For an unbalanced
condition, this results in a two-phase voltage vector v,g(t), which can similarly be
expressed in terms of two components, with positive and negative sequences,
respectively. These can also be more conveniently expressed by two vectors

rotating in opposite directions:

V(1) = VEB (1) + VEB (t) = VPl +\/rgiore

:[vsa)Hvz(t)]
Vi) (v

P [cos(wt)] Ry cos(mt + (p)]

sin(wt) -sin(ot + @)
= VP [[Cés(wt)j +u" C(?S(mt o) D (2.21)
sin(mt) -sin(wt + @)

(2.21) emphasizes a few useful aspects:
a) the nominal voltage in terms of the positive sequence peak voltage V°,
b) the relative degree of unbalance, u", which is a complex value,

c) the phase relationships between the o and B components for the positive

and negative sequence, namely: v lags v/ by 90° whereas v; leads v,
by 90°
The last point is significant, as it defines a useful perspective for the subsequent
signal processing required to estimate, or extract, the positive and negative
sequence signals from the unbalanced signal v,g(t). Consider, for example, the
unbalanced phasor diagram in Fig. 2.17:
a) unbalanced three-phase phasors v,, vy, and v

b) two-phase v, and vg, obtained via a Clark transformation; note that v, = v,

41



c) there is a useful symmetry in the effect of v) on v?, as opposed to the

effect of vg on vg.

Fig 2.17 — Three-phase unbalanced phasors

The above observations suggest the following operations to separately extract the
positive and negative sequence components from the measured signal vep(t):
a) perform a phase shift operation of -90° and +90° on signals v, and vg, to
produce signals —jv, and +jvg respectively;
b) the desired positive sequence component V" is then mid-way between v,
and +jvp, and likewise v is mid-way between vy and —jv,
These operations are usefully expressed as follows:

Vi =V, TtV /2

_ (2.22-a)
v[‘;: Vg -V, /2
Vo= V.-V, /2 (2.22:5)
vg = VB+jVu /2
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or, in matrix form:

Vi) 1(1 ) (V.
vh __(-j 1] v
— p VU‘
=T X(V J (2.23)

Similarly, the negative sequence components can be calculated with:

Vo l_1(1 ) (V.
Vi __(J 1] Vs
—_ n Vu
=T X[V j (2.24)

It is noteworthy to observe the effect of each of the above operations on the
measured signal v,g with regards to the components of opposite sequence. For
example, keeping in mind the quadrature relationships between the a and 3
components of each of the positive and negative sequences, expressed by the +j

and —j factors, respectively:

()30 )
3 iJ

1
24 1)
1
2

N |

[

Thus, the TP operation on v, effectively cancels the negative sequence

component out of the desired positive sequence result, and likewise T" cancels the
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positive sequence component out of the desired negative sequence result. These
operations can be depicted as in Fig. 2.18, where PSC designates positive
sequence calculation, and NSC and PSNC would likewise designate negative, and
positive-negative, sequence calculation, respectively, combining T® and T", to

produce four components, two positive and two negative sequence components.

1
v, Clarke QSG : psC: T : p
>, « u 1 NV, X v,
Vb : - :
—> b B j 1 ! vP
v 1 N : B
Tl o S -
u 1
|

Fig. 2.18 — Positive Sequence Calculation

The blocks designated QSG refer to quadrature signal generation, for producing -
90° phase shifted signals, at outputs labeled “-j”, from their respective inputs u.
There are various techniques to perform this phase shifting operation, as discussed

earlier in section 2.4.

2.8 INTERNAL MODEL PRINCIPLE

A very wide range of filtering techniques and design methodologies can be said to
generally aim at extracting information from a physical signal. For example, a
television receiver extracts, in several stages, the video signal for a selected
channel, for presentation on a screen. In power electronics and control
applications, the aim is to produce a usable and reliable output phase information
signal, such as for the purpose of accurate timing of power control switching
devices, on the basis of the physically available signal, which may be a distorted
version of the information-bearing signal of interest. Thus, generally intrinsic to

many filters is the aspect of eliminating, or attenuating, the impact of unwanted
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components in a given physical signal, such as adjacent radio channels, distortion,
and noise. An alternate approach to this process is to estimate the signal of
interest in the presence of all additional unwanted components. The output result
of this estimation process is then an approximation of the signal of interest, and
the quality of this estimate depends on various design parameters of the filtering

process.

A relevant implication of this estimation process is that the resulting filtered
signal is effectively generated by a sub-component within the filtering mechanism,
which itself is equivalent to the source which produces the signal of interest, to
which distortion is subsequently added by intermediate physical phenomena.
Thus, the filtering algorithm aims to minimize the error between the original
signal of interest and the generated estimate, and effectively embeds an equivalent
model of the signal source. This constitutes the so-called internal model principle
[73], which is used in the proposed PLL techniques, and which is presented in this
section, as follows:

a) the IMP is introduced for a simple first order low-pass filter, to establish
the underlying mechanism to be exploited;

b) the principle is further demonstrated for single-phase sinusoidal signals, in
the form of a band-pass filter, previously introduced, and as a basis for
two-phase signal estimation;

c) the above sinusoidal estimator is extended to process a quadrature input
vector signal, in the form of a positive sequence filter (PSF), to filter

quadrature signals in the aff reference frame.

2.8.1 First Order Low-Pass Filter

In the process of estimating a signal of interest, such as with a filter, the resulting
signal estimate is expected, at least in the absence of any added distortion, to
converge exactly to the signal of interest being estimated. For example, the

estimation of a temperature transducer signal, consisting of a slowly varying
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voltage, filtered by a simple first order low-pass filter, may be characterized by

the following differential equation:
T Vo (t) + vo(t) = vs(t) (2.25)
Such a filter can be depicted by the block diagram in Fig. 2.19.

Trans- VS(t) / \ Err I VO(t)
ducer NI

1/z

Fig. 2.19 — First order low-pass filter

The signal vy(t) is assumed to vary slowly, relative to the filter response time,
such that, for the present purposes, it can be considered to be constant. Then,
according to (2.25), it is expected that v,(t) will converge to vs(t), and therefore
that the error signal will converge to zero. For constant input vs(t) = Vs, and
initial condition v,(0) = V!

Vo(t) = Voo + (Vs — Voo)(1 — ™)

Err(t) = (Vs— Voo) €

as also exemplified in Fig. 2.20.

Inputt

, Autput

0 1 2 3 4 5 6 7 8 9 10

First order LPF - Error

0 1 2 3 4 5 6 7 8 9 10
Time. Sec.

Fig. 2.20 — First order LPF step response
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For the purpose of establishing the salient features of the internal model principle,
it is necessary to distinguish two aspects in the above scenario. Whereas the
actual signal may be produced by a physical device, the transducer, it’s equivalent
model within the filter, which progressively drives the error to zero, as claimed by
the IMP, is characterized by dynamic properties, described by a differential
equation in the time domain, or by an equivalent transfer function in terms of the
Laplace s variable. In the s domain, the transfer function description for the LPF
error signal is:
Err

Te(8) = —() y
S

In the Laplace s domain, a constant signal in the time domain has a zero

(2.26)

frequency, that is, s = 0. It is thus already apparent in the above that the filter
steady state error response at zero frequency will be zero, due to the infinite value

of the denominator. Indeed, the error response to a constant input vs(t) = A, is:

A
Err(s) = V,(S)x T (S) = — / (2.27)

s ir % R

The above expresses that the input constant signal Vs(s) = A/s, in the numerator,

is matched by a corresponding integration 1/s in the denominator, and the time
constant t determines the filter’s rate of convergence, or bandwidth. The steady
state error response to such a constant input can be determined using Laplace’s

final value theorem:

Err(t > «) = limsx / =limsx
( )= 1+ ys 50 rS+1 (2.28)

=0
as expected. Thus, from the perspective of driving the filtering estimation error to
zero, the practical significance of the above discussion is that the equivalent
dynamic model of the transducer with constant output voltage is an integrator, as
suggested in Fig. 2.21, which is characterized by it’s step response to the

elementary Dirac impulse function &(t).
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Fig. 2.21 — Equivalent model of signal source

One final and most important point in the above examination, and which will
serve subsequent motives, is that at the characteristic frequency of the signal
source, namely zero, the corresponding integration block in the filtering operation
has a gain of infinity, which is the principal mechanism which results in the zero
steady state error, that is, at that same characteristic frequency. This zero steady
state error can be seen to be achieved by the fact that any non-zero error signal is
continuously integrated, until the output reaches the input, that is, until the error

reaches zero.

2.8.2 Second-Order Generalized Integrator And Band-Pass Filter

In view of the proposed PLL technique to be presented later on, the internal
model principle is now demonstrated for the case of a sinusoidal signal. To
estimate a single-phase sinusoidal signal, such as in the presence of distortion, a
band-pass filter structure can be used. To set the framework for subsequent
developments, this structure will be reviewed from the perspective of the internal
model principle. The core of such a band-pass filter consists of a second order
generalized integrator (an un-damped resonator), with center frequency w,
matching the frequency of the input sinusoidal signal of interest v(t), as
previously shown in Fig. 2.8. The transfer function from V to X is:
O,/S @S
1+a? /s s +a?

Twv (s) = é(s) = (2.29)

which is characterized by an infinite gain at it’s center frequency w,, that is:

lim s*> +®’ -0

S jay,
such that [Txv(joo)] — . The response to an impulse input v(t) = 5(t), which

establishes an initial condition x(0) = ®,, IS:
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X = [ o,Vodt= [ os0d=o, (2.30)

such that x(t) is simply an un-damped oscillation:
X(t) = @0 COS(mot) := hy(t)
where hy(t) designates the impulse response at x(t). For a sinusoidal input v(t) =

cos(mot), the response is the convolution of v(t) and hy(t), which, in Laplace terms,

is:
S .S
X(S) =V(s)xH, (s) = X —20
)= VO = 5 s
coos2 (2.31)
) s+’ i

In the time domain, y(t) is then the inverse Laplace transform of the above:
y(t) = % sin(w,t) + o, tcos(m,t) (2.32)

which consists of two components:

a) o, x t x cos(mot), increasing linearly with time, and which exhibits the
integrating behaviour of interest, in response to a sinusoidal input at the
same frequency;

b) sin(wet), with constant amplitude; once embedded in a negative feedback
filter structure, such as a band-pass filter, this component simply vanishes.

Just as with the first order low-pass filter discussed earlier, it can be seen how the
resonator structure has the same denominator in the Laplace transform description
as the sinusoidal input signal, just as the resonator impulse response has the same
time domain description as the input signal, which results in the response growing
toward infinity. This infinite gain at w,, embedded in a band-pass filter, results in

a unity gain tracking performance at w,.
The band-pass filter structure of Fig. 2.9 produces outputs characterized by

transfer functions (2.9-2.11), with the following significant features of immediate

interest:
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a) Ty describes a band-pass filter (BPF), with peak unit magnitude and zero
phase shift response at it’s center frequency w,; thus, at m,, the estimation
error is 0, as also confirmed by Tgy, presented below;

b) Toqu describes a low-pass filter (LPF), with low-frequency gain K, and unit
magnitude response with 90° lagging phase relationship relative to output I,

at ,. That is, Tou(s = joo) = @o/s = wolj o = 1/j = -j = 2

Fig. 2.22 shows the band-pass and notch filter responses for K = 0.2, 0.5, and 0.8,

which determines the filter bandwidth.

\\‘\

R\ 1)V

NV
Y NN
/L AN

=08~
N S
0.1 W *:?0‘2“'““—
00 50 100 150 200 250

Frequency, Hz
Fig. 2.22 — BPF and notch filter magnitude responses, K=0.2, 0.5, 0.8

The time domain response of the filter to a sinusoidal step input at frequency ®, is
exemplified in Fig. 2.23, and shows how the filter estimate error eventually settles

to zero. The top two traces are for K = 0.3, whereas the bottom trace shows only
the filter state vector magnitude, defined as || X||= /X7 +x2 , for different values

of K; higher values of K result in faster response, i.e. faster estimation

convergence.
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Fig. 2.23 — Filter response to sinusoidal step input
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2.8.3 Positive Sequence Filter

The single-input second order generalized integrator can be extended with a
second input for the purpose of estimating a two-input quadrature signal, in the

form of a positive sequence generalized integrator (PSGI), shown in Fig. 2.24.

U X

Fig. 2.24 — Positive sequence generalized integrator

With two inputs and two outputs, the PSGI can be described by the following
transfer functions:

_X(6) . o,/s  _ ogs
T - - 0 - 0 )
xu (8) US) 1+ w5’ S+l (2.33-3)
= —Y(S) = X—(DO = ('Og -
Tyw() = 0 (s) s Sral (2.33-h)
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TYV(S)_%_ XU_SZ+0)§
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s s’
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+o

0

2
0

(2.33-C)

(2.33-d)

Furthermore, since the PSGI operation is intended specifically to operate on a

(complex) balanced two-input quadrature signal, to evaluate it’s performance in

response to a positive and negative sequences, the two input signals must be

considered together, which is more conveniently addressed if the above transfer

functions are expressed in matrix form:

X)) _ (T ()
(Y(s)J‘ T ()

= ®o X 3
s+ (o

0

Thus, with a positive input sequence of unit magnitude:

To©®), (U6
T (V(s)}

0, ) (U6
" Mo

u(t) = cos(wot) = re(e™")

v(t) = sin(oet) = re(-je’™")

such that, with s = jwo:

X(o,) =re| - %o
Y(jo,) s+

0]

207
=re| >
s? + 2

X

_j X ejmot
1

1

g

jwo -0, 1 oot
X X x @)%
®, jo‘)o 'j
X J -1 X
1]

:|X ejmot ]

Two important observations in the above are that:

(2.34)

(2.35)

a) the denominator s*+®’ has an infinite value for an input signal

frequency wo, which corresponds to the integrating behaviour of the filter

in response to an input sequence at m,, just as with a single-phase input;

b) the factor H expresses the quadrature phase relationship of the outputs

1

relative to each other and with respect to the respective input signals.
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However, with a negative input sequence:
u(t) = cos(mot) = re(e’")

v(t) = —sin(wet) = re(je")

[X- )j ( x[. }x{ }x jOt]

2 0 _
e(@—mMQJ (239

Thus, this PSGI has the very important and defining characteristic of a zero

response to a negative input sequence, and an infinite response to a positive input
sequence. Note that although the same denominator s>+’ also has an infinite

value at ., the internal structure of the filter effectively cancels this infinite
factor, as expressed in (2.36), and therefore does not result in an infinite response,

which will in fact be seen to vanish in the proposed overall operation.

Just as with the single-phase band-pass filter discussed previously, the PSGI can
be embedded in a similar negative feedback structure, as shown in Fig. 2.25,

éﬁ

\ %
X
V¢

\/_<

. PSGI

N &y

Fig. 2.25 — Positive-Negative Sequence Filter

with the following state variable description:

IR S R G
X, (t) 1 -KJ{x,(t) 0 1)lv(t)

which results in the following transfer function matrix:
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[s/KmOH -1/K }
T.,(08) T, (s 1/K s/Ko, +1
TPSF(S):|: XU() XV( )j|: 2 i - / ('020 5 (238)
T,u(8) T, () s’ +2Ko s+ 1+K* ]
For a positive input sequence at s = jo,, the above results in:
{ jjK+1 UK
) /K J/K+1 1
T (jo,) =K’ x . 2.39
PSF(J 0) o] -0)§+J2K(D§+ 1+K2 ()\)i 'J ( )
{j/K+1 UK }
= K’ X VK JK+1 X 1
° K?w?(2/K +1) |
1+j2/K
| 1+2/K 1
C1+j2lK A

In other words, the internal resonator produces outputs x(t) and y(t) exactly

matching inputs u(t) and v(t), respectively, resulting in zero error signals gy(t) and

ev(t), leaving the resonator effectively un-coupled form the inputs. On the other

hand, a negative input sequence at the same frequency w, produces a response:
j/K+1 -I/K

[ K j/K+1 }

2 2 1
Kw; x ]
-2 +2Ko? + 1+K* o | ]

1
{J _1/-tan"(4/K?) {1} (2.40)

C1+j2/K T sk L

1
which consists of a negative sequence, {} phase shifted by an angle of
J

-tan™(4/K?), with a non-zero magnitude of ]/«/1+4/K2 . In other words, the

above positive sequence filter only attenuates, and does not completely eliminate
any negative sequence at the output. Furthermore, greater attenuation requires a
smaller value of K, which also slows down the filter response time. This

incomplete elimination of the opposite sequence by the filter is in fact the
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motivation for part of the proposed structure, referred to as Positive-Negative

Sequence Filter (PNSF), presented in chapter 3.

2.9 ADAPTIVE SYNCHRONOUS AMPLITUDE ESTIMATION

A sinusoidal signal is defined by three parameters, namely, amplitude, phase, and
frequency. If better knowledge of one parameter can assist in the estimation of
another, then there is an incentive to estimate all parameters together, resulting in
potentially faster estimation of all. Thus, in contrast to more conventional single-
phase PLL synchronization techniques, where only the phase is estimated, and
implicitly also it’s frequency, a relatively novel introduction in the last few years
has been to also incorporate an estimation of the signal’s amplitude [74-78],
resulting primarily in (a) the elimination of any steady state double frequency
error, (b) the potential elimination of any low-pass filtering to attenuate this error
signal, and (c) faster overall response.

This section presents:

a) the basic mechanism of adaptive synchronous amplitude estimation
(ASAE), for estimating the amplitude of a sinusoidal signal with known
frequency and phase;

b) a simple extension of the ASAE to estimate the amplitude of a sinusoidal
signal with known frequency and unknown phase, also referred to, in
some applications, as adaptive feed-forward cancellation (AFC), [75-76].

These features will provide the necessary basis for further subsequent

enhancements for two-phase and unbalanced signals.

2.9.1 Single-Phase ASAE with Known Phase

The objective of estimating the amplitude of a sinusoidal signal is not unlike the
principle of synchronous rectification in power electronic systems, or of

amplitude de-modulation for an amplitude-modulated radio carrier signal [36].
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However, in the case of these two familiar applications, the rectification process is

followed by a low-pass filtering operation aiming to attenuate the ripple due to the

sinusoidal or periodic “carrier” signal, which normally implies a long time

constant, relative to the carrier period, and consequently slow dynamic response,

which is precisely the basis for the desired attenuation. In the case of phase

estimation and synchronization, however, a faster response is desired, on the order

of one to two sinusoidal cycles, thus requiring a shorter time constant in the

filtering process. With this objective in mind, the so-called adaptive synchronous

amplitude estimation (ASAE) algorithm proceeds as follows:

a)

b)

d)

produce an estimate A(t) of the signal amplitude of interest at the output

of an integrator; this amplitude will be subsequently adjusted, by applying
a suitable error signal to the integrator input, progressively correcting this
estimate until, ideally, the estimate error converges to zero;
assume that the input signal phase is known; this phase information can be
established with any suitable PLL, and this assumption will be validated
by the subsequent development. Thus, if the input signal is: u(t) = A
cos(mt), then we have access to a locally generated and synchronized, unit
magnitude, reference signal: r(t) = cos(wt);
produce an estimate Q(t) of the input signal, based on the amplitude
estimate and the reference signal:
y(t) = ((t) = A(t) x cos(wt)
compare this estimate with the input u(t), and produce an estimate error:
g(t) =u(t) - G(t) = A cos(ot) - A(t) x cos(mt)
= (A-A(t)) x cos(wt)
synchronously de-modulate this signal, by multiplying it with the
reference signal, resulting in:
£(t) x cos(mt) = (A - A(t)) x cos(ot) x cos(mt)
= (A - A(t)) x cos? (ot)
= (A-A(t))x % 1+cos(2wt)
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f) The term (I1+cos(2mwt)) is of positive polarity, such that the above error

signal has a polarity consistent with that of the estimate error, and can thus
be used to correct the amplitude estimate A(t), as suggested in Fig. 2.26.

User designed gain Kpa allows to adjust the rate of convergence of the

estimation process.

ut)=A cos(oat)\r\g P Ka ® y(t) =a(t)
hd ,\J rd I 7 & _‘H )
r(t) = cos(wt) > At)

Fig 2.26 — Adaptive Synchronous Amplitude Estimation

The most important feature of the above mechanism is that as the amplitude
estimate A(t) converges toward the actual input signal amplitude A, the error is

driven exactly toward zero, resulting in zero ripple in the error and output signals,
and therefore, the estimation adaptation gain Ka can be selected arbitrarily high,
resulting in much faster response time than with a conventional low-pass filtering
operation. This process can be described by the following non-linear dynamic

system:
A=K, x cos(t)x (u(t) - At) xcos(wt))
=K, x cos(mt)x (A cos(wt)) - A(t) x cos(wt))
=K, xcos?(ot)x A-A(t)
. (2.41)
~K, /2% A-AQ)

which can be represented by the simplified first order system in Fig. 2.27.

A(t) E/\B_ @T f /;(t)

Ka/l2

Fig 2.27 — ASAE first order simplified model
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The approach implied in the preceding analysis is clearly based on the idea of
averaging the cosz(mt) function, as was also used earlier in the analysis of the
adaptive notch filter, and is a common tool for analyzing non-linear dynamical
systems, as may be justified, [66-69]. Thus, the approximation indicated above
really applies only for smaller values of Ka, resulting in slower convergence, and
serves more to get a better sense of the estimation operation. However, being a

first order system, and since the derivative of the estimated amplitude can be seen
to be always in the same direction as the amplitude estimate error A-A(t), as

assured by the non-negative factor cos’(ot), it can be seen that the algorithm will
always converge. As a result, the factor Ka can be made arbitrarily high, or small,
depending on specific application requirements. Fig. 2.28 shows, for example, (a)

in the top trace, the amplitude estimation process for K = 0.1, 0.2, and 1, and (b)

amplitude estimation correction signal cos?(wt)x A-A(t) , with K = 0.1, in the

lower trace.

1.5
Amplitude estimation with K =/0.1, 0.2, 1 i
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Fig 2.28 — ASAE process and convergence
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2.9.2 Single-Phase ASAE with Unknown Phase

The previous ASAE algorithm, which assumed a priori knowledge of the input
signal phase, can be easily extended to the case where only the frequency is
known, but not the phase, as shown in Fig. 2.29. The input signal must now be

represented in terms of two quadrature components:

u(t) = A cos(ot-¢)
= A cos(mt) + As sin(ot)
= A cos(p) cos(wt) + A sin(e) sin(mt) (2.42)
zoft) FA®_ o velt)
: C = cos(mt)
u(t) = A cos(ot-¢) ~ () ¢ AN y()
L/ €/
- S = sin(mt)
es(t) 7 As() é

Fig. 2.29 — Single-phase ASAE, for unknown phase

Similarly to the previous development, this estimation algorithm can be described
in terms of two separate amplitude estimation processes, one for amplitude A; and
another for amplitude A, which fundamentally depend on the orthogonality of the
cos and sin trigonometric functions. The amplitude estimation process can thus
be described by the following non-linear dynamic equations:

y(t) =y (1) +ys(t)

. A ) (2.43)
= A (t) cos(mt) + A, (t) sin(wt)

Ac(®) = K, (u(®) - y(1) x cos(at)

A.cos(at) + Asin(wt)
=K, . . ) x C0S(wt)
— A (t) cos(mt) + Ag(t) sin(wt)

=K, A.-A_(t) cos(wt)+ Ag-A(t) sin(wt) xcos(omt)
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=K, A -A.(t) cos’(wt)+K, A -Ag(t) sin(wt)cos(at)

~K, A.-A.(t) cos?(wt)
Likewise:

Ay(®) = K, (u(t) - y(®) xsin(et)

=K, A.-A_(t) sin(ot)cos(ot) +K, A -Ag(t) sin?(ot)

~K, As-A(t) sin?(ot)
As indicated, the above approximations are validated for smaller values of Ka, in
which case, the factor cos(wt)xsin(wt) contributes only to a small ripple, and is
effectively averaged out, and the two estimation processes can be seen to be very
conveniently represented by two independent first order dynamic processes, as

exemplified in Fig. 2.30, for Ko = 0.2. The top trace also shows the transient

amplitude estimation error, as the amplitude dips after phase changes in the signal.

INPUT PHASE STEPPED SIGNAL, OUTPUT, and AMPLITUDE. Ka = 0.2

0.2 0.25 0.3 0.35 0.4 0.45 0.5
ERROR. Ka = 0.2

1 T T T T 7

-1F r r r r r
0.2 0.25 0.3 0.35 0.4 0.45 0.5

ESTIMATED COSINE COMPONENT, AMPLITUDE, and CORRECTION

Time, Sec.
Fig. 2.30 — ASAE estimation of quadrature components, Ka =0.2
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With a higher value of Ka = 1, the process is also observed to converge more
rapidly, as shown in Fig. 2.31. Strictly speaking, due to the non-linear character
of this dynamic system, a more exacting stability analysis would be required for
faster rates of convergence with higher values of Ka, such as with Lyapunov

techniques.

INPUT PHASE STEPPED SIGNAL, OUTPUT, and AMPLITUDE. Ka =1

1

0

-1 r r t r

0.2 0.25 0.3 0.35 0.4 0.45 0.5

ERROR. Ka =1

1 - r r r U f

o iy ,

1k r r r r r i

0.2 0.25 0.3 0.35 0.4 0.45 0.5
ESTIMATED COSINE COMPONENT, AMPLITUDE, and CORRECTION

1 . |5 |5 |5
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1k r r r r r ]

0.2 0.25 0.3 0.35 0.4 0.45 0.5
ESTIMATED SINE COMPONENT, AMPLITUDE, and CORRECTION
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Time, Sec.

Fig 2.31 — ASAE estimation of quadrature components. Ka=1
However, this particular algorithm, with it’s internal products by sinusoidal
signals, can be conveniently analyzed using Laplace transforms, and shown to be

equivalent in behaviour, from an input-output point of view, to a simple LTI

band-pass filter, as will be discussed later.

2.10 SINGLE-PHASE MAGNITUDE/ENHANCED PLL

The ASAE algorithm for known phase, discussed in section 2.9.1, can be

described as in Fig. 2.32, where the synchronous signal r(t) is estimated
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independently by a single-phase PLL. However, using a conventional single-
phase PLL requires that it’s bandwidth be reduced, due to the filtering necessary
to attenuate the impact of the phase detector output ripple, which inevitably
results in slower response.

u(t) = A cos(ot-¢) y(t) = a(t)
. u(t) yt) —>
PLL |—>{ r(t) A — A
<. +—>| K, ASAE

Fig. 2.32 — ASAE with single-phase PLL

A significant, yet simple, innovation was contributed in recent years to enhance
the performance of the conventional single-phase PLL, referred to as a
Magnitude/PLL, [79-80], or also Enhanced PLL (EPLL), [2, 81], shown in Fig.
2.33.

Fig. 2.33 — Magnitude/Enhanced PLL

The enhancement consists essentially in driving the PLL not from the input signal
u(t) itself, as indicated in Fig. 2.32 and by the dashed line in Fig. 2.33, but from
the error signal in the ASAE process. Although the PLL operation depends on an
error signal €, which itself depends on proper synchronization expected from the
PLL via signal I(t), the overall dynamical system can be designed to converge

towards a stable operation, as exemplified in Fig. 2.34, and discussed further
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below. A detailed analysis of the internal dynamics and stability of the EPLL is
discussed in [82]. A very useful conclusion of this analysis is that the linearized
model reveals two un-coupled dynamic sub-systems, related to the ASAE process
and to the PLL, respectively. For the sake of more meaningful analysis and
comparison in the present discussion, the P-1 controller internal structure used
here is the same as adopted earlier, as in Fig. 2.3.

PLL INPUT, OUTPUT, ERROR, and ESTIMATED AMPLITUDE Ka =1
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Fig. 2.34 — M/EPLL operation

Fig. 2.34 shows an example of the M/EPLL operation, and emphasizes a few
significant features:

a) the test signal consists of an un-distorted sinusoid, with (a) a 30° phase
step at t = 0.045 sec., (b) a +20 Hz frequency jump at t = 0.08 sec., () a
+50% amplitude jump at t = 0.12 sec., and (d) a -20 Hz frequency jump at
t=0.16 sec.;

b) the PLL parameters are chosen to be: K, =1, K;=0.8, and K, = 2, for a
relatively fast response, on the order of one cycle of the input signal at the
nominal frequency, here 100 Hz; the error signal can be seen to settle in

under one cycle, and so does the estimated amplitude settle about as fast;
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c) most importantly, the steady state error can be seen to settle to zero, and
there is therefore no ripple signal inside the PLL closed loop;

d) this ripple-free performance is also seen in the estimated frequency signal,
in the middle trace, which settles to a constant value;

e) the estimated amplitude suffers a modest transient following a jump in
phase and frequency; this is inevitable, since the same error signal is used
to correct both the PLL frequency and phase, as well as the amplitude
estimation;

f)  the bottom trace displays the source signal phase and the PLL estimated
phase, and their difference, and it also can be seen to settle in under one
cycle;

g) although not shown, the gains can be also adjusted for slower response,
resulting in narrower bandwidth and more robust performance in the face

of noise and distortion.

This M/EPLL integrates well the salient features of the adaptive synchronous
amplitude estimation and conventional PLL mechanisms, and can be seen to be
capable of fast convergence, yet without any steady state ripple. A final,
noteworthy observation is that the one estimate error signal € is used for both
amplitude and frequency/phase correction, by effectively correlating it, that is,
multiplying it, with | and Q signals, respectively. This mechanism will prove

useful when extended in the proposed techniques in chapter 3.

2.11 EQUIVALENCE OF ASAE TO LTI IMP

Although the ASAE algorithm is characterized by non-linear dynamical equations,
and is therefore not easily mathematically tractable, for the particular case where
input and intermediate signals are multiplied by sinusoidal signals, the Laplace
transform’s frequency shifting property can be used to express the input-output
relationship in terms of linear time-invariant dynamics. This will greatly simplify

subsequent mathematical manipulations, since more traditional and well
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established tools can then be applied to obtain required results. Furthermore, for
lower values of Ka, which result in slower convergence and equivalently
narrower bandwidth, the ASAE algorithm can be usefully approximated by two
independent first order dynamic systems, in contrast to a single second order
resonator. From the perspective of discrete implementation, such as on a DSP,
this can prove very beneficial, as the ASAE algorithm can be seen to perform
significantly better than a discrete implementation of a continuous time resonator,
especially for lower values of Ka, i.e. for narrower filter bandwidths, as would be
required for greater attenuation of distortion components. Thus, this section
serves to establish the equivalence between the ASAE algorithm and a LTI band-

pass filter.

2.11.1 Laplace Transform Approach

To establish the overall input-output relationship of the ASAE algorithm for
unknown phase of an input signal at ®,, it iS necessary to first determine the
intermediate relationship from e(t) to y(t) of the forward block, shown in fig 2.35.
The overall relationship from e(t) to y(t) can then be determined by considering
time domain signals and operations, and their equivalents in the Laplace

transform domain, as shown on the next page.

e A O yelt)
~(X)—1/] %

o C = cos(ot) (0

&

— Qv D—
S = sin(mt) E

es) T A é
%® |~[_| ys(t)

Fig 2.35 — ASAE forward block
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Equivalence between time domain and Laplace s domain operations of ASAE:

TIME DOMAIN
e(t) x e
ec(t) = e(t) x cos(mt)

= e(t) (€' +e7°Y/2
es(t) = e(t) x sin(wt)

= e(t) (e -e1*Y/2j
Ad(t) = Jecydt

As(t) = Jes(t)dt

Ye(t) = Ac(t) x cos(wt)
= A(t) (€ +e1™)/2

Ys(t) = Ag(t) x sin(mt)

= Ag(t) (€-e7)12j

LAPLACE S DOMAIN
E(s-jo)

_E(s-jo) +Es+jo)
2

Ec(9)

E(s-jo)-E(s+ jo)

Es(s) = %

_Eg(s) _ E(s- jo) +E(s+ jo)
B 2s

_ Es(s) _ E(s- jo)-E(s + jo)
S 2Js

Ac(s)

As(S)

_Ac(s-jo) T A (st jo)

2
_ 1| E(s-2jo) T E(s) | E(s)+E(s+2j0)
2| 2(s-jw) 2(s+ jm)

Y ()

_E(S) (s+jo)+(s- jo)
T A(s- jo)(s+ jo)

. E(s-z_jm) | E(s+2jo)

4(s-jo) 4G+ jo)

_ sE(s) +E(S-2j0))+E(s+2jc0)
T2+ 0% As-jo)  4(s+ )

A5~ ) - Ag(s+jo)
2]

_i{E(s-ij)—E(s) _E(s)—E(s+2joa)}

Ys(s) =

C2iL 2j6s-jo) 2j(s + joo)
_ E(s-2jw)-E(s)  E(s)-E(s+2j)

45 (s- jo) 4 (s + jo)
_E(s)-E(s-2jo) E(s+2jw)-E(s)
C A(s-jo) 4(s+ jo)

66



y(t) = ye(t) + ys(t) S

_E(s) (s+jo)t(s-jo) E(s-2jw) E(s+2jm)
O A(s- jo)(s T jo) 4(s-jo)  4(s+jo)
__SE(s) E(s-2jw) E(st+2jw)
S22+ 0%)  4A(s-jo)  4(s+jo)

Y(s) = Yo () + Y () = <E(9)

(s +0%)

This last expression reveals precisely the operation of a sinusoidal, or second

order generalized, integrator (SOGI), described earlier, on the input signal e(t).

With the equivalence established, this mechanism can subsequently be used, as is

suitable, instead of an actual resonator, to achieve the same functionality, with the

following benefits:

a)

b)

improved numerical performance when discretized for digital
implementation on a DSP, especially for narrower bandwidths and greater
attenuation of distortion harmonic components;

the availability of the amplitudes of each of the quadrature components,
making possible to determine the phase angle of the input signal relative to
the reference cos and sin signals;

the above feature thus makes it possible to naturally incorporate this
mechanism into a frequency-adaptive phase-locked feedback loop, with
easily adjustable bandwidth. As well, a second such device, synchronized
to the first one, can be used to detect the negative sequence component of
an unbalanced input signal, it’s phase and amplitude, and therefore to

detect the type of fault that caused the unbalanced condition.

2.11.2 Impulse Response Approach

In order to subsequently extend this principle of equivalence to a positive

sequence filter with two inputs and two outputs, it is useful to examine the

internal operation of the above mechanism in response to an impulse input e(t) =

d(t-t,) applied at an arbitrary time t,. The internal signals then evolve as follows:
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e (t) =e(t) xcos(wt) and: e (t) =e(t)xsin(wt)

=93(t-t,)xcos(wt) =93(t-t,)xsin(wt)
A, (t) =Step(t-t,)xcos(wt,) A, (t) =Step(t-t ) xsin(owt,)
:=C, xStep(t-t,) =S, xStep(t-t,)

and:
y(t) =A.(t)xcos(ot) + A (t) X sin(wt)
= C,xcos(wt) +S, xsin(wt,) *xStep(t-t,)
=,/C2 +S? xcos(wt - tan™(S, /C,)) x Step(t - t,)
= cos(wt - tan " (cos(wt, ) /sin(ot, )) x Step(t - t,)
= cos(wt - tan ™ (tan(wt, )) x Step(t - t, )
= cos(ot - wt, ) x Step(t-t,)
=cos(m(t-t,))xStep(t-t,)
Thus, as expected, the output response is time shift-invariant, identical, to that of

the un-damped resonator.

2.11.3 Equivalence of Time-Varying ASAE to LTV IMP

Whereas the previous section applied the internal model principle to demonstrate
the equivalence of the ASAE algorithm to a linear time-invariant band-pass filter,
this same principle has more recently been also extended to demonstrate a similar
equivalence for linear time variant estimator, more appropriately described in
terms of state variables, [83]. This will prove more appropriate for the purpose of

frequency-adaptive ASAE-based PLL, as proposed in the next chapter.

2.12 DECOUPLED DOUBLE SYNCHRONOUS REFERENCE FRAME PLL

With respect to the H-NSASAE-PLL proposed in chapter 3, which directly
estimates the positive and negative sequence components, the DDSRF-PLL, [22-
23], is noteworthy in that it performs a similar operation, but indirectly through
additional transformations and low-pass filters, at greater computational cost. It’s
mechanism is also fundamentally different from the adaptive techniques adopted
for the proposed H-NSASAE-PLL. Further details are addressed in [22, 23].
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3. PROPOSED PHASE ESTIMATION TECHNIQUES

Based on underlying principles discussed previously, three novel positive

sequence phase estimation PLL techniques are presented in this chapter, based on

the novel IMP-based positive-negative sequence filter, which is presented first.

Additional minor variations on existing techniques are also presented to help

clarify the development of the proposed PLL techniques. These are all outlined in

the table below, with the novel techniques identified by an asterisk.

Table 3.1 — Development of novel estimation techniques

Subject

Key features

1. | * IMP-based positive-

negative sequence filter

» zero steady state error with unbalanced two-
phase sinusoidal signal

» minimal filter dynamical order

2. | Discretization of ASAE

» robust operation of discrete realization of BPF

3. | ASAE-based QSG

» minor addition to above for quadrature output

4. | Quadrature signal
ASAE, known phase

» extension of ASAE for balanced quadrature
signal with known phase

5. | ASAE-based PSF

» further extension with unknown phase

6. | * ASAE-based PNSF

» extension of above for unbalanced signal

7. | *PLL-based positive

sequence filter

» extension of ASAE-based PSF with a PLL, for
frequency-adaptive positive sequence filter

» user-adjustable bandwidth

8. | * Hybrid PLL-NSF

» frequency-adaptive PNSF, embedding PLL /
ASAE-based PSF with resonator-based NSF

» validates proposed frequency-adaptive PNSF

» minimal order of overall PLL-based PNSF

9. | *Hybrid PLL with
negative sequence
adaptive synchronous

amplitude estimation

» frequency-adaptive PNSF, embedding PLL /
ASAE-based PSF with ASAE-based NSF

» most robust operation of discretized version of
Hybrid PLL-NSF
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The first eight serve mainly to establish operating principles necessary for the last
one, which uniquely exhibits all the benefits most suitable for real time execution
on a DSP. The other structures, which have not been encountered in the literature
as such, serve as useful intermediate stages to help clarify the overall
development toward the H-NSASAE-PLL, at which point all it’s key features and
benefits will be most evident. Altogether, the PLL phase estimation techniques
can be classified in three categories, according to which parameters of a
sinusoidal or quadrature signal are to be estimated:

a) amplitude of sinusoidal input with known frequency and phase,

b) estimating amplitude and phase, given known frequency,

c) estimating frequency, phase, and amplitude of a sinusoid.

3.1 IMP-BASED POSITIVE-NEGATIVE SEQUENCE FILTER

As discussed in the previous chapter, a quadrature signal with positive sequence
can be estimated using the internal model principle, with a two-input two-output
positive sequence filter (PSF), with two feedback signals, one each for the a and 3
components of the two-input signal. An unbalanced two-phase signal was also
shown to be usefully represented as a sum of two balanced signals of opposite
sequence. It is thus proposed to apply the IMP to combine a PSF and a negative
sequence filter (NSF), in parallel, to separately estimate the positive and negative
sequence components of an unbalanced two-phase aff signal, resulting in a
positive-negative sequence filter (PNSF). The resulting balanced positive
sequence can then be further de-modulated by a conventional two-phase PLL.
Alternately, this structure also allows to actually replace the PSF component with

a PLL-based PSF, resulting in a minimal order, frequency-adaptive, PNSF.

3.1.1 Proposed IMP-Based PNSF

As discussed earlier, based on a two-phase positive sequence generalized
integrator (PSGI) as a building block, the internal model principle has been
applied to create a two-input positive sequence filter, shown in Fig. 3.1.
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Fig. 3.1 — Positive sequence filter (PSF)

To apply the internal model principle to the case of an unbalanced two-phase aff
signal, it is useful to represent such a signal in terms of it’s positive and negative

sequence components:

VaB (t) = VZB (t) + V(:B (t) = Vpejml + Vne—j ot+¢

_ (vi(t)Hv;(t)] 3.1
vi(® ) \vp(®

_\p cos(mt) Ry cos(ot + o) (32)

B -Sin(oat)) | sin(ot + ) '

as depicted in Fig. 3.2. Thus, to estimate the positive and negative sequence
components from the physical signals v,(t) and vg(t), it is proposed to extend the
previous two-phase positive sequence filter by adding a negative sequence
generalized integrator (NSGI) within the same feedback loop, in parallel with the
positive sequence generalized integrator (PSGI), both driven by the same error
signals. The PSGI’s and NSGI’s respective a and [ outputs are to be summed
together, to produce the respective estimated o and B signals, which can then be
subtracted from the corresponding physical o and  input signals, to produce the
error signals to be applied to the two filters, as shown in Fig. 3.3. This parallel
combination of the o and  output signals thus mirrors the structure of the source
of the unbalanced af} signal. Fig. 3.3 further emphasizes the option to separately
select the K factors for each of the positive and negative sequence filtering

components.
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Fig. 3.3 — Positive-Negative sequence filter (PNSF)

A useful mathematical model of the PNSF can be derived from a state space

description, as detailed in Fig. 3.4.

72



N
<

p

V(X

p

Vi

n

V(l

n

Vi

N

Fig. 3.4 — State space description of the PNSF

In order to simplify subsequent design and to separate bandwidth design from the

nominal operating frequency m,, this factor w, is applied to each integrator. The

PNSF can then be described in standard state space form as follows:
X(t) = Ax(t) + Bu(t)

y(®) = Cx(®) + Du(y) (33)
() (v
1O= uz(t)j_(vﬁ(t)] (34)
V.00 x®7 [%0
0| o] | %o
O y0 |7 o [T wo 9
v, () x| 90
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K, -1 Ky, O Ky, O
1 K 0 K 0 K
A=, & a B= o, P (3.6)
Ky, O -K, 1 K
0 -K, -1 -K, 0 K,
1 000
0100
C= 3.7)
0 010
0 001
D=0

3.1.2 Eigenvalue Characterization of PNSF

Based on the state space model of the proposed PNSF, the eigenvalues, or poles,
of the transfer functions from v, and vg to each of the four outputs, are determined
by (3.8). For positive values of K, and K, the poles can be seen to be stable, as
also confirmed in Fig. 3.5. For values of K, and K, ranging from 0.1 to 2,
normalized to ®, = 1, these poles follow the loci shown, where the circles identify
those locations where K, = K. Arrows across lines indicate how the loci change
as K increases, whereas arrows along lines indicate how K, increases for any
given K, value. The corresponding time domain response and magnitude transfer

functions are discussed next.

Ky + Ko \/KAp+KAn “4+ixd +K, -K,

=
P, 0 > >
2 .
KAp+KAn \/KAp+KAn -4+1x4 +KAp'KAn
p2:(l)0 - +
2 2
(3.8)
Kpy +Kny \/KAp+KAn 4+ixd K, +K,
:(D - -
Ps o > >
2 .
Koy + Ko \/KAp+KAn -4+ixd K, +K,
Pa = @) -7 2
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Fig. 3.5 — PNSF pole loci vs. K, and K,

3.1.3 PNSF Time Domain Response to Sequence Flip

The sequence selective LTI performance of the PNSF can be readily observed by
first applying a balanced input signal with positive sequence, and then switching
to a negative sequence, as suggested in Fig. 3.6, where u(t-t,) indicates a step

function at time t = t.

cos(mt)
1-2u(t-ty)
wlhy
sin(mt)
)é > V[; (t)

Fig. 3.6 — Change of sequence of balanced aof3 signal

Such a signal can be described by:
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w:(cf’s(“”} fort<t,
sin(wt) (3.9)
_(cost@n) oo, '
-sin(wt) -

An example response of a PNSF to such a signal, with Ka, = Kan 0.5 is presented

in Fig.
a)
b)
c)

d)

3.7, which shows:

an af3 input signal with positive sequence, up to t = 0.03;

an af3 input signal with negative sequence, after t = 0.03;

the response of just a positive sequence filter (PSF), with K= 0.5, in the
top trace, which shows a full response to the positive sequence input, but
only partial attenuation of the response to a negative sequence;

the positive sequence output of the PNSF, in the middle trace, and
magnitude of the PSGI state vector, showing zero steady state response to
the negative sequence, after t = 0.03;

the negative sequence output of the PNSF, in the bottom trace, and
magnitude of the PSGI state vector, showing zero steady state response to

the positive sequence, up to t = 0.03.

PSF RESPONSE TO INPUT SEQUENCE FLIP. K=1
1 (A) Inputs PSF respponse

VWA AN
. N\

0 0.005 0.01 0015 002 0.025 0.03  0.035 0.04  0.045 0.05
PNSF POSITIVE SEQUENCE OUTPUT RESPONSE. Kp =05

1 iB) B Magnitude
AN AN S
° \ / Ao T
V
B

0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04 0.045 0.05

PNSF NEGATIVE SEQUENCE OUTPUT RESPONSE. Kn =05
1 (C) agnitud

e
el
0 \<ﬁ

/’ )

o
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Fig. 3.7 — PNSF time domain response to sequence flip
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Thus, the two internal PSGI and NSGI can be seen to correctly and fully reject
input signals of opposite sequence, respectively. This will also be evident in the

frequency domain magnitude response, discussed in the next section.

INPUT SEQUENCE: POSITIVE-NEGATIVE-POSITIVE
T T

AARNAANNAANAAN;

r r

o

0 0.05 0.1 0.15
POSITIVE SEQUENCE FILTER OUTPUT. Kp =02

r r

r r
0 0.05 0.1 0.15

Time, Sec.
Fig. 3.8 — PNSF response to sequence flip, with different K, and Kan

Fig. 3.8 presents again the time domain response of a PNSF to an input sequence
flip, with different values for the positive and negative sequence filters:
a) the input signal with alternating sequences in the top trace;
b) the positive filter output response in the middle trace, and also the filter
state vector magnitude as a useful indicator of response time. With K, =
0.2, the positive sequence filter has a slower response, and
correspondingly narrower bandwidth, as would be desirable for greater
distortion attenuation before applying the output signal to a PLL.
c) the negative filter response in the bottom trace, also accompanied by the
filter state vector magnitude, also for a useful indication of response time.

With K, = 1, the negative sequence filter has a faster response, allowing
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for faster detection of a negative sequence component, as might result
from an unbalanced condition, such as due to a line fault.
In conclusion, the proposed PNSF clearly shows how the PSF and NSF sub-
filters each completely reject an input signal of the opposite sequence, and the

ability for independent user-selected bandwidth and time domain response.

3.1.4 PNSF Magnitude Frequency Response

In the frequency domain, the positive and negative sequences are effectively
distinguished by their frequencies, being positive and negative, identified by s =
jo and s = -jo, respectively. Fig. 3.9 shows the frequency responses for the
positive and negative sequence filter outputs, with different values of K, (or Kap)
and K, (or Kap). It can be observed that the two internal filter bandwidths can be
separately selected, although there is some slight interaction between the two
filters, as is evident by the presence of several overlapping but slightly different
positive sequence filter responses for a single value of Kap.
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Fig. 3.9 — PNSF magnitude frequency responses



3.2 DISCRETIZATION OF ASAE

As indicated earlier, as the ASAE algorithm simultaneously estimates the
amplitudes of the two quadrature components of a sinusoidal input signal, it can
be seen to effectively operate as two independent, un-coupled, first order dynamic
processes. As will be explained in this section, this proves to be very beneficial
from the perspective of discrete implementation on a DSP in real time, especially
for narrower bandwidths, as required for greater distortion attenuation, and
therefore a very desirable aspect of the overall PLL implementation. To establish
this benefit, this section first discusses the idealized band-pass filter for filtering
and estimating a distorted sinusoid, and presents it’s major drawback when
discretized for digital implementation, which will serve to more clearly reveal the
benefits of the ASAE algorithm.

3.2.1 Discretization of Continuous Time Resonator

Given the basic two-integrator resonator at the core of the continuous time model
for the band-pass filter, it’s simplest and computationally most economical
discretization consists of simply replacing each integrator with a first order Euler

type discrete approximation:

Y(nTe) = y(n-HT) + [

n-

o VOt = Y(1-DT) + V(- DT T, (3.10)
y((n+1)Ts) » y(nTg) + v(nT) x T
The second expression indicates that the current value of the input signal v(nTs)
will serve to compute the next value of the output y((n+1)Ts), which is a more
realistic realization of the discrete implementation. This discretized version of the
above integrator can be represented as in Fig. 3.10, where Z denotes the Z
transform of the single-sample delay operator, and the discretized version of the
two-integrator resonator becomes as shown in Fig. 3.11. Fig. 3.11 also
emphasizes the separation of the sampling time Ts and the nominal operating

frequency ®,, which serves to set the “time scale” for each integrator, and

subsequently of any dynamic system, as a whole.

79



}/((n"'l)Ts -
v(t) v V('E) /T 1 y(nTy)
J > N

—> /

Ts

Fig. 3.10 — Euler discretization of integrator
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Fig. 3.11 — Discretized resonator

In state variable form, the system of Fig. 3.11 can be expressed as:

X, (n+1) _ 1 -0, Tg ) %,(n) o, T
(xz<n+1>j‘(mon I ](XZ@H 0 JV(”) G4

with characteristic equation:

1 -0 T, Z-1 oT
det| ZI- °°% 1| =det oS
0, Tg 1 -0, Ty Z-1

= Z1°+ 0T, °

=7°-2Z+ 1+ o'T? (3.12)

and eigenvalues:

Zio=1%jweTs
The eigenvalues for this discrete system can be seen to have a magnitude greater
than one, such that this simplest discretization of a resonator is intrinsically
unstable. Thus, it requires a minimum, frequency dependent, positive factor K to

ensure stability, such as shown in the discretized band-pass filter, in Fig. 3.12.
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Fig. 3.12 — Discretized band-pass filter
The above can be described by the following state space realization:
X,(n+1) _ 1-Ko Ty -0, T5 \( X,(n) N Ko, T o) (3.13)
X,(n+1) o, T 1 X, (n) 0
with the following eigenvalues:
1-Ko, T, -o,T 2_
z,, =eig] ets Pols|_fq KT 0, TNK -4 (3.14)
’ o, T 1 2 2
with magnitude:
1Z,,| =1- Ko, Ty + 03 TZ (3.15)

Thus, to ensure stability, this requires a minimum value of:
K> w,Ts
which prevents the possibility of arbitrarily small filter bandwidths, as would be

required for higher rate of harmonic attenuation.

3.2.2 Discretization of the ASAE Algorithm

In contrast to the discretized resonator, as indicated earlier, for the discretized
version of the ASAE algorithm, implemented as shown in Fig. 3.13, it can
usefully be treated and analyzed as two independent first order dynamic systems,
one for each of the quadrature components of a sinusoidal signal at o, as in Fig.

3.14. Thus, for example, the dynamic system for the estimation of the amplitude
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AC of the cosine component of u(nTs), represented by state x;(n), can be

described by (3.16).
(O
/AR z1
N A
c
UNTe) ;. costnonTy g
HE . N
- sin(nw, Ts)
(O

y(nTs)

N

K|
(DN S[7T 15
M N

/
Fig. 3.13 — Discretized ASAE
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N i

(O
u(nTs) _ @ - cos(nm, Ts) é( y(nTs)
o

N

.
N

Ka sin(nw, Ts)

T ML é
N N Xy ys(nTs)

Fig. 3.14 — Two independent first-order processes of discretized ASAE

X, (n+1) =x,(n) + K, 0,T; x cos(nm,Tg) x u(n)-x,(n)xcos(nw,T)
=x,(N)x 1-K,0,T; xcos’ (no,T;) 3.16)
+ K 0, T x cos(nw, Ty) x u(n)
The stability of the dynamic system, with u(nTs) = 0, can be characterized by the
feedback factor r, from x(n) to x(n+1), which would normally be referred to as the
eigenvalue in the case of a constant value, and which is seen to be:

r=1— KawoTsxC0os*(NwoTs) (3.17)
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For a discrete system, r can be positive or negative, but it’s magnitude must be

less than 1, in which case, the sequence x(n), with zero input, would progressively

converge to zero.

3.2.3

Comparison of Discretized BPF and ASAE Algorithms

To appreciate the benefit of the ASAE algorithm over the BPF, it is necessary to

emphasize some of the more pertinent aspects and constraints that arise in a

typical realization:

a)

b)

greater savings in development time of the various algorithms can be
achieved with graphical design tools, such as The Mathworks’ Simulink,
which makes possible block diagram design, for rapid development and
simulation of solutions to be explored, and which motivates the usage of
such tools.

initial exploration and validation of any proposed algorithm typically
entails simulation with the highest order differential equation solver, such
as Simulink’s ode-5, which can produce near idealized results, and which
can serve to initially validate a proposed principle under study. For
example, a two-integrator resonator, resonating at a frequency of 100 Hz,
with initial state (X, X2) = (1, 0), simulated with a step time of 100 pSec.
over an interval of 10 sec., can be seen to maintain a constant amplitude to
the end of this simulation interval. In contrast, as discussed earlier, using
ode-1 solver, which uses a simple Euler first order discrete integrator to
discretize the continuous time integrator in the original model, is
intrinsically unstable and therefore fundamentally mis-represents the
theoretically expected results in continuous time.  However, the
computational demands of the ode-5 solver are significantly greater than
for the ode-1 solver, and this therefore motivates the usage of a suitable
alternative equivalent model.

an actual discrete implementation in real time is inherently constrained by
the computational resources of the target processor, and efficiency of the

chosen compiler. For Simulink models, The Mathworks provides the Real

83



Time Workshop (RTW) tool to compile the models into standard C code,
which is subsequently further compiled for the target platform, such as
dSPACE’s DS1104, adopted for this PLL project. Therefore, if possible,
it is desirable to implement the algorithm with the simplest ode solver, and
the ode-1 solver serves as a useful criterion by which to assess the overall
value of the proposed solution and real time implementation.

The proposed ASAE algorithm is compared with a band-pass filter, by simulation

with Simulink, first with ode-5 solver to establish idealized performance for

reference, and then with the ode-1 solver; this is further validated with

experimental results. An example is presented in Fig. 3.15.

REFERENCE BPF and ASAE with ODE-5. AMPLITUDE and PHASE JUMPS
T

5 C.T. BPF and ASAE MAGNITU§ES ;KPI-ASEJU P
0 TAARARA Vﬂmn ARAA "MU\ A
AU A
2 ; — —— — ;
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 o.F5

IDEAL BPF vs ASAE and BPF with ODE-1

3 AAAANNVY
DISCRETIZED BPF MAGNITUDE /,-4"‘ V \\_\\
2 M Q py
1= \
DISCRETIZED ASAE MAGNITUDE
0
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
IDEAL BPF vs ASAE with ODE-1 and ASAE-DT
3
DISCRETE ASAE MAGNITUDE
2 y
1
0
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5

Time. Sec.
Fig. 3.15 — BPF and ASAE performances, idealized vs. discretized

The two algorithms, tuned to a center frequency w, = 100 Hz, using K = 0.2, are
subjected to an amplitude and phase step modulated sinusoid at 100 Hz:

a) simulation with ode-5 serves to establish idealized continuous time
performance for reference to compare with, and shows the consistency of
performance between the two, as expected from their equivalency;

b) the top trace shows the filtered output and it’s amplitude, which will better

serve to subsequently compare the performances of the two algorithms;
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c) simulation with ode-1 clearly shows the consistency of the ASAE
algorithm with idealized results obtained with ode-5;

d) simulation with ode-1 also clearly shows how the resonator-based BPF
performs significantly differently, resulting in a larger amplitude, as
expected, since it’s un-damped eigenvalues are unstable. In effect, the
discretized BPF performance deviates too much from the idealized case to
be acceptable.

e) the bottom trace shows the performance of the idealized BPF and of a
discrete ASAE algorithm, as opposed to using continuous time integrators
which are discretized by Simulink. The discrete ASAE can be seen to
produce an identical result to the idealized BPF, making it clearly best
suited for real time implementation.

Fig. 3.16 shows the response of the discrete ASAE algorithm to a step in
amplitude of the input signal, and compares it to the idealized BPF, for different
values of K, from 0.1 to 0.9. Again, the ASAE can be seen to perform as well as
the idealized BPF.

2.5
BPF WITH ODE-5. K= 0.1, 0.3, 0.5, 0.7, 0.9
15 ‘_’_/_/—’
1
0.5
0.18 0.2 0.22 0.24 0.26 0.28 0.3
2.5
ASAE WITH ODE-1. K= 0.1, 0.3, 0.5, 0.7, 0.9
2 //'/—"_:_ _’_L_,—-———
1
0.5
0.18 0.2 0.22 0.24 0.26 0.28 0.3
Time, Sec.

Fig. 3.16 — Idealized BPF and discrete ASAE with ode-1, with various K
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3.2.4 Discrete Integration by Bilinear Transformation

Whereas the Euler discretization treats the integrated variable as constant over a
sampling interval, a trapezoidal approximation, [84], produces a better
approximation of the integration. However, coupling two such integrators, as in
Fig. 3.11, results in a mutual computational dependence at any instant n. Such a
mutual dependence is referred to, for example, as an algebraic loop in a
Matlab/Simulink model, which typically requires some re-structuring of the
model, such as by introducing a memory delay stage in the loop. However, such

an addition is precisely to be avoided, in order to keep a minimal dynamical order.

In conclusion, the proposed discrete ASAE algorithm shows a performance far
superior to the discretized BPF, and specifically with the least computationally
intensive implementation of the integrator operations, making it very attractive for

real time implementation on a DSP.

3.3 ASAE-BASED QUADRATURE SIGNAL GENERATOR

Building on the ASAE algorithm, this section presents an extension to generate a

quadrature output signal, referred to as ASAE-QG, shown in Fig. 3.17.

ec(t) [ Aclt) ye® TN Y®
ae el % N

C = cos(mt) \L

S = sin(ot)

Es(t) |I_| é
8 L aqh) ys(t)

Fig. 3.17 — ASAE-based quadrature signal generator
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Yq(t)

A
NP

86



Thus, given the earlier output signal from the resonator equivalent system:

y(t) = Ac(t) x cos(mot) + As(t) x sin(wot)

a quadrature version can be produced according to:
Ya(t) = Ac(t) x sin(wot) — As(t) x cos(wot)

Following a similar development as presented earlier, and building on it, the

transfer function from E(s) to Y(s) can be shown to be the same as for a LTI

resonator:

IN TIME DOMAIN
Aq(t) = Jes)dt

At) = [es(tdt

T1(t) = A(t) x cos(wt)
= A(t) (€672

To(t) = Ac(t) x sin(ot)
- Ac(t) (ejwt_e—jmt)/zj

IN LAPLACE S DOMAIN
_Ec(s) _ E(s-jo)+E(s+jw)
23
_ Es(s) _ E(s- j0)-E(s + jo)
S 2js

Ac(s)

As(S)

Aq(s- jo)+ Ag(s + jo)
2

_1[E(-2j0)-E(s) | E()-E(s+2j)

2] 2j(s-jo) 2j(s+ jo)

T.(8)=

_E@©) G-jo)-(sFjo) | E(s-2jo) B(s+2jw)

4(s-jo)stjo)  4j(s-jo)  4j(sTjo)

_ -2JoE(s) N E(s-2jo) E(s+2jw)
Aj(S*+ %) 4is-jm) 4Gt jo)

_ -0E(s) +E(s-2j(;))_E(s+2jco)
28 +0’)  4j(s-jo)  4i(st jo)

_AL(5-jo)-A(s+jw)

= 2

1| E(s-2jo)+E(s) E(s)+E(s+2jm)
‘2_1{ 2s-j0)  2stjo) }

T,(s)

_ E(s-2jw) +E(s) E(s) +E(s +2jw)
4j(s- jo) 4j(s +jo)
_ ES)  E@) +E(s-2jm)_E(s+2jm)
4j(s-jo) 4i(st+jo) 4j(s-jo) 4j(stjo)
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_E@E) +jo)-(-jo) | E(s-2jo) BE(s+2jw)

4i(s-jo)s+jo)  4i(s-jo)  4i(s+jo)
_ oE(s) N E(s-2jo) E(s+2jo)
S 2(s*+07)  4iGs-jo)  4i(s+jo)
Ya(t) = To(t) — Ta(t) ®

Y(s) =T,(s)-Ty(s) = mx E(s)

In conclusion, this extension to the ASAE-based band-pass filter can be used,
equivalently to the band-pass filter, to generate quadrature signals for subsequent

processing by a conventional 2-phase PLL.

3.4 QUADRATURE SIGNAL ASAE WITH KNOWN PHASE

The present section proposes an extension to the first ASAE algorithm for a
single-phase input signal with known phase, to estimate the amplitude of a

balanced quadrature signal with known phase, described by:
0= o A o)
Thus, the proposed ASAE algorithm aims to generate an estimate of the above, by
indirectly estimating the common amplitude of the two quadrature components:
o8-
and then feed back these estimates for comparison with the actual input signals, to
produce the estimate error signals €, and &g, as shown in Fig. 3.18. The resulting
dynamic system is thus of first order, since it entails only one dynamic variable,
and can be described as in (3.18), where p4(t) and pg(t) are the intermediate
products indicated in Fig. 3.18. Each of these products can be seen to behave in a

manner very similar to the ASAE process with known phase, as described in
(3.19).
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Fig. 3.18 — Quadrature Adaptive Synchronous Amplitude Estimation

A®) =K, x0x (p, 1)+, (1) (3.18)
p,(t) = Acos(wt)- A(t)x cos(wt) xcos(wt)
A (3.19)
= A-A(t) xcos?(wt)
Similarly:

Py (1) = A-A() xsin’(ot)

The overall dynamic process for the estimation of the common amplitude can thus

be described by the first order dynamic system in (3.20), as shown in Fig. 3.19.

Al =K, ox A-A{) x cos?(ot) +sin?(ot)

A (3.20)
= K,ox A-A(t)
At) A(t)
%9—9( % R ) B
KA(,!)

Fig. 3.19 — First order dynamic equivalent of Quadrature ASAE
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In contrast to the single-phase ASAE with known phase, this quadrature ASAE
process, or QASAE, with effectively twice the signal energy, has half the
estimation time constant, and is also free of any ripple, due to the

complementarity of the sin’(ot) and cos’(ot) components.

3.5 ASAE-BASED POSITIVE SEQUENCE FILTER

Based on the variations of the ASAE algorithm developed thus far, the principle
can be further extended to a quadrature signal of unknown phase, as shown in Fig.
3.20, which also emphasizes a distinction between an inner ASAE-based positive
sequence generalized integrator (PSGI) equivalent, and an outer feedback loop,
which will serve a further subsequent development. This structure, referred to as
ASAE-PSF, is thus equivalent to a resonator-based positive sequence filter.

Extending the previous equations, this ASAE-PSF is governed by the following

equations for the estimated amplitude state variables A, and AQ:
0, @) = A (t)xcos(ot) + A, (t) xsin(et) (3.21a)
U, (0) = A, (t) xsin(wt) - A () X cos(ct) (3.21b)

A,(t): K ox cos(ot)x v, (t)-V,(t) +sin(wt)x v, (t)-V,(t) (3.21¢c)

AQ(t): K o sin(ot)x v, (t)-V, () —cos(ot)x v, (t)-V,(t) (3.21d)

This dynamic system is essentially the same as before, but also reflects the fact
that there is now effectively twice the energy about the same phase information,
available from two quadrature components, of equal magnitude, but 90° apart.
The I and Q subscripts serve to generalize from the previous C and S subscripts.
In contrast to the single-phase ASAE, which estimates the cos and sin
components of input sinusoid, which are nominally in-phase and in quadrature
with the input signal, Fig. 3.21 emphasizes that the ASAE-PSF estimates the
corresponding in-phase (1) and quadrature (Q) components of each component of

the input quadrature signal V.
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Fig. 3.20 — ASAE-based Positive Sequence Filter

Fig. 3.21 also reveals the underlying mechanism expressed in (3.21):
a) (3.21c and d) express how the estimates are defined from the amplitude
estimates of the in-phase and quadrature components
b) (3.21a and b) express how the amplitude estimates are adjusted by
correlating, i.e. multiplying, the estimate errors &, and g3 by the cos and
sin components, and adding appropriately.
The response of the ASAE-PSF to a quadrature input signal with various phase
and amplitude steps is exemplified in Fig. 3.22, which shows:
a) phase steps from an initial value of +n/3 to -n/3, and by +n/2 at t = 0.05
and 0.15 sec., respectively, and an amplitude step of +100% at t = 0.1 sec.;
b) the top trace shows just the a component of the input and output response
signals, and the internal state vector magnitude, which displays a transient

droop at phase jumps;
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Fig. 3.21 — ASAE-PSF phasor diagram

c) the bottom trace shows the quadrature components of the output o signal

and their respective magnitudes.
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Fig. 3.22 — ASAE-PSF response to amplitude and phase steps; K =0.2

The exponential responses of the quadrature components’ magnitudes, free of any

ripple, and without any transient oscillations, reveal a robust performance of the
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ASAE-based positive sequence filter. A comparison of this device’s a and 3
output signals, as well as the state vector magnitude with those of a resonator
based PSF, with first order Euler discretized integrators, can be shown to exhibit
the same inadequacies as discussed earlier, and again confirms the merits of the
ASAE-based realization of the PSF function.

3.6 ASAE-BASED POSITIVE-NEGATIVE SEQUENCE FILTER

Having established the equivalence of the ASAE algorithm for single-phase and
quadrature-phase signals to the resonator based BPF and PSF, respectively, two
ASAE-based generalized integrators, a ASAE-PSGI and a ASAE-NSGI can be
combined within a negative feedback structure in a manner similar to Fig. 3.3, to
handle positive and negative sequences, respectively, to implement a ASAE-
PNSF, as in Fig. 3.23. Referring to Fig. 3.20 and equations 3.21, the dynamics of
the ASAE-PNSF can similarly be described in terms of four dynamic state
variables for the magnitudes of the in-phase and quadrature components for both

A

the positive and negative sequences, Ay AQP, Am, and AQn. The a and 3 signal

estimates, and estimate errors can be expressed as:

b (0= Vs 09, (0) = (8““)] : [V“ O “)J (3:222)

g0 ) | v,()-9,(t)

oo (Ve . (Y, ) +V,, (O

VuB (t) - [\75 (t)J - Vqu (t) + VaBn (t) - [vﬁp (t) + \A/Bn (t)j (322b)

o ()= f/ap(t)J_ A, (t)xcos(ot) + A, (t) xsin(et)

W ) ) A, () xsin(ot) - Ay, (t) x cos(et)
_(cos(wt)  sin(wt) A,p(t) (3.220)
[ sin(wt)  -cos(wt) AQp(t) '

o [(Va®)_(cos() sin(ot) ) A ()

Vo 0) = V5 (1) j_{-sin(oat) COS(mt)jLAQn (t)] (3224
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Fig. 3.23 — ASAE-based positive-negative sequence filter

The resulting state derivative equations are:

A.p (1) = Koo, X &, XCOS(t) + £, Xsin(wt) (3.22¢)
Ay, 1) = Ko, % &, xsin(ot) - &, xcos(eot) (3.22f)
A () = Ky, % €, xCos(0t) - &, xsin(ot) (3.22g)
AQH (t) = Koo, % &, xsin(at) +&; X cos(et) (3.22f)

The performance of the ASAE-PNSF is exemplified in Fig. 3.24:

a)

b)

d)

the top trace displays a two-phase signal, initially balanced, up to t = 0.05,
and subsequently unbalanced by a negative sequence component with a
magnitude of 0.5, and with phase jumps of -n/3 and +n/2 at t = 0.08 and t
= 0.11 sec., respectively; the positive sequence amplitude steps up by 50%
att=0.15;

the ASAE-PNSF is operated with Kap = 0.2 and K, = 1,

the second trace (B) displays the positive sequence output and magnitude;
a slow response can is observed, due to a low Ka, value;

the third trace (C) displays the negative sequence (3 component at the
source and output, and magnitude; the source and output signals are

barely distinguishable, due to the low K, value and fast response;
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f)

the negative sequence output magnitude shows a response time of
approximately ¥4 cycle, after the negative sequence appears at t = 0.05;
slight transients can be observed after phase stepsatt=0.08 and t = 0.11,
an oscillatory transient is observed also when the positive sequence
component amplitude jumps, at t = 0.15 Sec., which reflects the internal
coupling between the two sub-filters, as well as the wider bandwidth of
the negative sequence sub-filter;

the bottom trace (D) displays the quadrature components of just the o
component of the negative sequence output, and their respective

magnitudes.

The ASAE-PNSF can be seen to clearly extract the positive and negative

sequence components of an unbalanced two-phase input, and to allow useful and

independent adjustment of the respective detection response times.
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Fig 3.24 — ASAE-PNSF response to negative sequence input
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3.7 QASAE-BASED POSITIVE SEQUENCE FILTER PLL

Whereas the ASAE-based filters discussed so far assumed a known and fixed
input signal frequency, the present and subsequent PLL systems aim to further
track an input signal’s varying frequency. For this purpose, they include a phase
detection mechanism, based on the commonly used Park transformation, to
measure phase discrepancy between the input sinusoidal signal and the generated
cos and sin signals, and control the tracking frequency accordingly, for the proper
operation of the PNSF and ASAE sub-components. Thus, building on the
QASAE from Fig. 3.18, the PLL-based frequency-tracking positive sequence
filter is proposed, shown in Fig. 3.25, and is referred to as PSF-PLL.

Ms .
@ '%
| I = cos(6(1))

A

ém —

Fig. 3.25 — PLL-based frequency-tracking positive sequence filter

The PSF-PLL operates as follows:

a) phase detection is implemented by multipliers M; and M, and summer S;,
which generates the Park transformation’s q(t) output signal, based on the
input error signals g, and eg and generated | and Q signals;

b)  this q(t) signal is applied to a regular PI controller, which produces (i) a
frequency estimate signal w, to control the signal generator frequency, and
(i) a low-pass filtered frequency estimate @, which is simply taken from

the PI controller’s integrator output, and is thus a smoother and better
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quality estimate of the signal frequency, with higher frequency
components attenuated relative to the m, signal;

multipliers M3 and M, and summer S; produce the Park transformation’s
d(t) output signal. It is important to note, however, that due to the
negative feedback of the estimated o and f signals, under sinusoidal and
balanced conditions, the steady state error vector (g4(t), sB(t))T converges
to zero, which will also drive d(t) to zero, in contrast to the operation of
the conventional two-phase PLL. Thus, in the PSF-PLL, as d(t) converges

to zero, the estimated amplitude A(t) output converges to the actual

positive sequence amplitude.

From the perspective of implementation, multipliers M; to My, together with

summers S; and S, in fact constitute a Park transformation, such that the PSGI

equivalent can be seen in terms of the familiar conventional two-phase PLL, as
suggested in Fig. 3.26, referred to as a PSGI-PLL. Such a standard PLL building

block is commonly available in programming libraries, typically optimized for

real time execution, which makes it convenient for implementing this PSF-PLL.
The performance of the PSF-PLL is exemplified in Fig. 3.27 and 3.28. Fig. 3.27

displays:

a)

b)

in the top trace, the a component of the input signal, and the PSF-PLL
output o component, with Ko = 0.1 for a slow response, equivalent to a
narrow bandwidth for greater attenuation of distortion;

in the middle trace, the source and PSF-PLL phase signals, and their
difference, all normalized to an amplitude of 1, with K = 1 for a fast
response to phase and frequency changes;

in the bottom trace, the PSF-PLL estimated frequency output, with K, =
1.7 for minimal overshoot; the response is also compared to a standard 2-
phase PLL, and a slight transient can be observed in response to an input
amplitude step of 50%.
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Fig. 3.26 - PSGI-PLL based on conventional two-phase PLL

Fig. 3.28 displays the PSF-PLL response to frequency steps with different values
of K, from 0.1 to 1, with K;, fixed at 1.7 for the same overshoot requirement.
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Fig. 3.27 — PSF-PLL response to phase, frequency, and amplitude steps
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Fig. 3.28 — PSF-PLL response to frequency steps, with Ks=0.1,0.3, 1

Although not emphasized in the above two figures, the PSF-PLL design can be
observed to exhibit conveniently independent adjustments of the different
parameters:

a) Ka sets the rate of amplitude estimation, equivalently to a band-pass filter’s
bandwidth;

b) Kp sets the damping factor and overshoot of the phase/frequency feedback
loop, and can be set once, according to allowable transient dynamic
performance, such as keeping frequency estimate overshoot to under 5%;

c) Ks sets the rate of frequency estimation of the PLL, and thus the frequency
tracking bandwidth and sensitivity to noise and distortion in the input signal.

3.8 HYBRID NSF-PLL

Whereas the PSF-PLL previously discussed can track frequency variations of a
positive sequence signal, it implements only a positive sequence filter, and can

thus only attenuate, and not completely cancel, any negative sequence component
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of an unbalanced signal, as discussed earlier. To address this shortcoming, the
PNSF principle, proposed in Fig. 3.3, can be modified by replacing the fixed
frequency PSGI with the PSGI-PLL, as in Fig. 3.29. The proposed structure thus
consists of two sub-components: (i) one, the PSGI-PLL operating in synchronous
reference frame (SRF), and (ii) the other, the NSGI, operating in stationary, or
fixed, reference frame (FRF), resulting in a hybrid combination, referred to hybrid
NSGI-PLL, or H-NSGI-PLL. Fig. 3.29 emphasizes:

a) the PSGI-PLL, within a negative feedback structure, produces an estimate
of an unbalanced input signal’s positive sequence component, and thus, by
itself, constitutes a frequency-tracking PSF, or PSF-PLL;

b) the NSGI serves to estimate the negative sequence of an unbalanced input
signal, and by the negative feedback, it aims to cancel this negative
sequence component from the input to the above PSF-PLL;

c) the estimated frequency is used to tune the NSGI, enabling it to ensure
optimal estimation of the negative sequence component, in the face of
frequency variations;

d) independent adjustments of the rates of estimations for the positive and

negative sequence, via Ky, and Ky, respectively.

Va(t) 9(_ \A/a(t) /\/
C N
£,(t) Vo
Kar 3 > 0y
ﬁs . S| PSGI-PLL > A
pe > N AP
N 7
> \AIBP
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Fig. 3.29 — Hybrid NSGI with PSF-PLL
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3.8.1 Phase and Frequency Step Response

Fig. 3.30 demonstrates the performance of the H-NSGI-PLL to a phase step of
n/12 at t = 0.05, and a 20 Hz step in input signal frequency at t = 0.1, with K¢ =
0.2,0.5, and 1, while Ky = 1.7, Kap = 0.2, and Ka, = 1; ode-5 is used; thus:
a) the top trace compares the frequency tracking response of the proposed H-
NSF-PLL and of a conventional 2-phase PLL, for a balanced input signal.
The performance is seen to be very robust over a wide range of Ks values.
b) the middle trace displays the phase of the source signal and as estimated
by the H-NSF-PLL. With K = 1, the H-NSF-PLL is seen to catch up to
the source phase within one cycle, and over 4 cycles with the slower value
of Kq =
c) the bottom trace displays the negatve sequence filter f output and state
vector magnitude. The transient response is directly dependent on the
time it takes for the PLL to catch up in phase to the input signal.
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Fig. 3.30 — H-NSGI-PLL response to phase and frequency variations
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3.8.2 H-NSF-PLL Response To Unbalanced Input

Fig. 3.31 demonstrates the performance of the H-NSGI-PLL to an unbalanced
input condition, characterized by 0.5 pu of negative sequence, starting at t = 0.15,
with Ks =1, K, = 1.7, Kap = 0.2, and Ka, = 1; ode-5 is again used.
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Fig. 3.31 — H-NSF-PLL response to unbalanced input

Fig. 3.31 presents:

a) in the top trace, the positive sequence o output component of the H-NSF-
PLL shows a constant amplitude, with a barely noticeable transient after
the step in negative sequence.

b) the second trace compares the estimated frequency output of the H-NSF-
PLL and of a conventional PLL; after a brief transient, the H-NSF-PLL
frequency estimate settles, while the conventional PLL produces a steady
state ripple, as it has no built-in mechanism to compensate for the

unbalanced input.
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c) the third trace shows the phase angles at the sources and estimated by the
H-NSF-PLL, and compares the phase difference for the H-NSF-PLL and a
conventional PLL; again, the conventional PLL shows a steady state
ripple, whereas the H-NSF-PLL quickly settles to a zero steady state error.

d) the forth trace shows the rapid response of the negative sequence output of
the H-NSF-PLL, settling within a half-cycle.

3.8.3 H-NSF-PLL Response To Input Amplitude Step

Fig. 3.32 demonstrates the performance of the H-NSGI-PLL to a +50% step in
amplitude of the input signal, starting at t = 0.15, with Ks =1, K, = 1.7, Kan = 1,
and Kap = 0.2, 0.5, and 1, again, ode-5 is used.
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Fig. 3.32 — H-NSF-PLL response to amplitude step

Fig. 3.32 shows:

a) the top trace shows the positive sequence o output and amplitude;

103



b) the second and third traces show the estimated frequency and phase
outputs; the settling time is dependent on the time constant for the
amplitude estimation, and is shorter with higher values of Kap;

c) the bottom trace shows how the negative sequence output undergoes a

transient response to the positive sequence filter operation.

3.9 HYBRID NSASAE-PLL

As indicated in the previous case of the H-NSF-PLL, the idealized performance
was demonstrated using ode-5, to ensure optimal discretization of the resonator-
based NSGI for the purpose of verifying the proper operation of the H-NSF-PLL.
However, although this can be implemented in real time, ode-5 discretization
would require significantly higher computational resources, namely time. Thus, it
is proposed to replace the resonator-based NSGI by a ASAE-based equivalent,
discussed earlier, which makes possible to implement it with the simplest, and
computationally most effective, first order discretization. This results in the
structure in Fig. 3.33, referred to as a hybrid negative sequence ASAE with PLL,
or H-NSASAE-PLL.
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Fig. 3.33 — Hybrid NS-ASAE with PSF-PLL
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The principal and only distinction from the previous H-NSF-PLL is that instead of
feeding the estimated frequency from the PLL to the negative sequence estimator,
the unit magnitude quadrature signals are communicated to it. The performance
of the H-NSASAE-PLL is exemplified in Fig. 3.34 to 3.36, which show
essentially the same performance as for the H-NSF-PLL.:

a) Fig. 3.34 shows the response to phase and frequency steps with K; = 0.2, 0.5,
and 1.0. The estimated frequency shows a robust response over a wide
range of K allowing convenient adjustment according to application
requirements;

b) Fig. 3.35 shows the response to unbalanced input: the positive sequence and
estimated phase angle output shows almost no reaction, and the negative
sequence is detected in under a half-cycle;

c) Fig. 3.36 shows the response to a +50% step in input amplitude, and the

angle estimate remains within 5° with the fastest setting of K, = 1.
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Fig. 3.34 — H-NSASAE-PLL response to phase and frequency variations
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Fig. 3.35 — H-NSASAE-PLL response to unbalanced input
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Fig. 3.36 — H-NSASAE-PLL response to amplitude variations

106



As indicated earlier, due to the intrinsic coupling between the positive and
negative sequence filters within the same loop, the negative and positive sequence
outputs are not entirely independent, and the severity of the negative sequence
output transient is seen to last longer and with greater intensity with a lower PLL

frequency tracking bandwidth, attributed to lower K.

3.10 CHAPTER SUMMARY

This chapter presented a number of novel techniques for filtering and extracting
positive and negative sequence signals from a quadrature input signal, on the
basis of the internal model principle and adaptive synchronous amplitude
estimation. The IMP served as a basis for a parallel combination of two
generalized (resonating) integrators, one each for extracting the positive and
negative sequences. The ASAE served to synchronously estimate the amplitudes
of the in-phase and quadrature components of the positive and negative sequence
components of an unbalanced, quadrature, signal. Finally, these two principles
were combined with a conventional two-phase PLL, within a phase and
frequency-tracking negative feedback loop, to estimate the phase of the positive
sequence component of an unbalanced two-phase signal. The primary benefit of
the ASAE mechanism is that it can be implemented with a first order Euler
discretization, resulting in lower computational burden, thus making it more
attractive for real time applications, while performing as well as it’s

computationally more intensive resonator-based filter equivalent.
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4. DEVELOPMENT AND EXPERIMENTAL SETUP

This chapter discusses the software and hardware platform which serve for the
experimental setup for evaluating and comparing the performance of various PLL
techniques. The overall development and evaluation framework can be described
in terms of 4 principal components:

a) the Matlab/Simulink graphical design platform, by The Mathworks, in

which two main sub-systems are developed:

I. the various PLL algorithms of interest to evaluate,

ii. test signal and pattern generation and output to DAC (digital to analog
converters) for observation and measurement on an oscilloscope, as
well as output to disk file for subsequent analysis and plotting;

b) the dSPACE DS1104 R&D Controller board, on which the Simulink test

signal generator and PLL algorithms are executed in real time;

c) the dSPACE ControlDesk platform, with which a control panel can be

designed to interface and interact with the above program in real time.

Specifically, this chapter presents the following:

a) a brief overview of the DS1104 R&D Controller Board, and the primary

features of specific interest for studying the proposed PLL techniques;

b) the Simulink test program, PLL_tests.mdl, which has been developed for

evaluating the proposed PLL techniques;

c) the dSPACE ControlDesk program for operating the DS1104, and more

specifically, the user operated experiment, PLL_tests x2.cdx, which

presents a convenient control panel for the user to interact with the above

PLL test program, as it executes in real time.

It is noteworthy that, although much of the programming for both the test
signal generation and the PLL algorithms could be written in such a widely used
language as C, it is much more time consuming than with a graphical design tool
such as Simulink, and especially costly at the development stage. The graphical
design approach allows a much higher degree of flexibility and time-efficiency to
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explore, refine, and compare system variations. Once an algorithm has been
evaluated and ascertained for robust performance, it can subsequently be re-
written in C, or even in assembly language, with a much clearer focus, higher
productivity, and with far fewer errors, saving much troubleshooting and
debugging time. The graphical approach also makes for much clearer self-

documentation and maintainability, further lowering overall development costs.

4.1 THE DSPACE DS1104 R&D CONTROLLER BOARD

The dSPACE DS1104 R&D Controller board, which serves to execute the
compiled Simulink model program, is shown in Fig. 4.1. It consists of a PCI card,
installed in a PC as a peripheral device, and provides an I/0O connector through
which to carry analog and digital signals to and from external devices. The board
contains one main floating point CPU, and a separate DSP for additional DSP-

specific computational power and peripherals.
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Figure 4.1 — DS1104 R&D Controller board

The DS1104 1/0O connector interfaces to a CP1104 connector panel, shown in Fig.
4.2, which provides separate connections for signals including:

a) 8analog input and 8 analog output signals
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b) 20 digital I/O signals
c) 3 PWM channels
d) timer inputs and outputs

e) RS-232 asynchronous serial communication

ceRAARARERLERRASS

Fig. 4.2 — dSPACE CP1104 connector panel

The DS1104 functionality is represented by the block diagram in Fig. 4.3
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Figure 4.3 — DS1104 block diagram (source: www.dspaceinc.com)
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The DS1104 offers the following main features of interest:

> Freescale MPC8240 32-bit floating point processor with PPC603e core
and on-chip peripherals, with 250 MHz CPU clock;

» four general purpose 32-bit timers;

» 4-channel 12-bit parallel and 4-channel 16-bit sequential A-D converters,
with +/- 10 V input voltage range, with conversion time under 2 uSec.;

» 8-channel 16-bit D-A converter, with +/- 10 V output voltage range;

» 20-bit parallel, TTL compatible, digital 1/O;

» Texas Instruments 16-bit fixed-point TMS320F240 DSP, with 20 MHz
CPU clock, 10 PWM channels, three 16-bit general purpose timers, 16-
channel 12-bit A-D converter

The DS1104 platform is also supported by a library of Simulink blocks to easily
access it’s various peripherals.

42  THE SIMULINK PLL TESTS MODEL PROGRAM

The overall Simulink PLL test program is represented in Fig. 4.4, and consists

of 2 principal sub-components:

a) test signal generator;

b) PLL algorithms under evaluation, collected in one block; one PLL
algorithm can be selected, or enabled, at any time, for evaluation;

and also the following:

c) asimple switching unit, to connect the test signals either (a) directly to the
PLL, such as for simulation, or (b) via DAC and back into ADC, such as
for real-time operation, or for evaluating the PLL operation with test
signals from another external source;

d) DAC output unit; all the principal signals of interest are directed to several
DAC channels, suitably scaled, for observation on an oscilloscope. Due to
the large number of signals, and limited number of DAC channels and
typically few oscilloscope channels, all signals are directed to a switch, by

which the user can select which signals to send out to the DAC’s.
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Furthermore, a standard TTL level digital signal is output for external
synchronization of the oscilloscope, for convenient and steady display.

e) output to a Simulink scope block, which is useful for non-real time
simulation, and which can be deleted before compiling the program for
real-time execution on the DS1104;

f) a signal sampling block, to sample signals in steady state after transients
have settled; signals may be sampled on the rising or falling edge of the

signal generator’s modulation state signal.

abc ap
Test N Vi Signal
Signal P Clarke | PLL 7> | to ;g/n%aCS:s
Generator _>| DAC |'">| DAC and disk
file
Modulation —> -
state Sample —> Display

Figure 4.4 — Simulink PLL Tests program block diagram

4.2.1 Test Signal Generator

Phase estimation and synchronization is subject to various signal degradations
of the input signal from an ideal constant sinusoidal, such as phase jumps,
frequency variations, harmonic distortions, unbalanced and others conditions.
Thus, representative test signals need to be synthesized to evaluate proposed PLL
algorithms, a task which can also be accomplished with Simulink on the DS1104.
The test signal generator operation can be described in terms of two principal
components, represented by the block diagrams in Fig. 4.5 and 4.6, respectively:

a) a modulated signal source, which can synthesize:

i.  pure un-distorted two-phase, balanced, sinusoidal signal
ii.  square frequency modulation, e.g. jumping between 60 and 65 Hz
iii. square phase modulation, e.g. jumping between 0 and 30°

iv. square amplitude modulation, e.g. jumping between 1 and 1.5 pu
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b)

V.  square unbalance modulation, e.g. type Ca between 0 and 0.5 pu
vi. square distortion modulation, e.g. between 0 and 20% THD of 5™
harmonic

The various modulation values, such as frequency jumps, phase jumps,
etc., can be set by the user at run time.

a counter, which toggles it’s output signal between two states, which is
used to determine the state of modulation of the above signal generator.
The user can specify the number of whole signal cycles for each
modulation state, which makes for convenient observation of transient
performance after jumps in phase, frequency, etc. The user can also set
the phase angle within a cycle at which the modulation state changes.
This allows evaluation of how PLL transient dynamic performance may
vary as a function of the instant of modulation state change, e.g. when the

phase jumps at the zero crossing of the signal, vs. at the instant of its’ peak

value.
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Fig. 4.5 — Modulated test signal generator
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The following signal source parameters can be set by the user:

a)
b)
c)
d)
e)

F1 and F2: signal frequency, e.g. 60 and 65 Hz

P2: phase jump; e.g. 30°

A2: amplitude jump; e.g. 0.5 pu

U: degree and type of unbalance; e.g. 0.3 pu of type Ca

H, and AH: index of harmonic component to add, e.g. 5", and amount AH,
e.g. 0.25 pu (25% THD). Due to limited CPU resources, only one
harmonic can be selected at any time.

The modulation state counter operation is determined by three parameters:

422

N1: number of signal cycles in state 1 (e.g. at F1) or un-modulated
condition (e.g. 1.0 pu amplitude);

N2: number of signal cycles in state 2 (e.g. at F2) or modulated condition
(e.g. 1.5 pu amplitude);

the phase, within a cycle, at which the modulation state changes.

Phase %H Y
| Threshold level H
Counter
N

':\ Modulation
| Load N state (Hi/Lo)
! Flip o
' Count==0 +—> signal
! Flop X
| | generator
A — -

Fig. 4.6 — Modulation state generator

PLL and Output Signal Selection

Simulink provides a convenient non-switched mechanism of selecting one of

several signals, referred to as signal merging, as shown in Fig. 4.7. Thus, the user

can specify a number to identify one PLL to be enabled, and it’s output signals are

correctly directed to the single, common, group of output signals for examination.

114



4.2.3
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Fig. 4.7 — PLL selection for evaluation

PLL Test Program Operation

The overall operation of the PLL test program can be summarized as follows:

a)

b)

d)

the rate of execution of the model, or sampling rate, is set to 10 KHz,
being representative of PWM and sampling frequencies commonly used;
the test signal generator produces a 3-phase sinusoidal signal, which can
be modulated in steps between two states, such as between two
frequencies, phases, or amplitudes, etc.; the signal is transformed to two-
phase af3 for processing by the selected PLL,;

the signal can be not modulated at all, for initial verification, or the
modulation can be activated for N1 cycles, and de-activated for N2 cycles;
N1 and N2 are user-selectable integer values, and serve mainly to define
an interval during which the PLL transient response can be conveniently
observed on an oscilloscope, for example when the amplitude is stepped
up by 0.5 pu, and back down by 0.5 pu;

the instants when the signal modulation is activated and de-activated is
reflected in a digital synchronization signal on the connector panel, at
connector CP17, on pin 20: DIOO, and is intended for external trigger of
the oscilloscope. Furthermore, the modulating signal changes state and
remains in either state for an integer number of signal cycles, thus making
for a steady signal to be observed on the oscilloscope; as well, the
triggering signal for the oscilloscope can be selected at either change of

modulation;
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e)

f)

9)

h)

1)
K)

the phase, between 0 and 360°, within a cycle of the signal, at which this
synchronization signal changes state, can be adjusted by the user, in order
to examine how the PLL response may vary as a function of the timing of
the change of modulation. Thus, for example, the signal generator may
produce a signal at 60 Hz, starting at a phase of 45° for a duration of
exactly 10 cycles, and then switch to 65 Hz, when the phase crosses 45°,
and vice versa;

the user may select one, or several, or all, of the modulations discussed
earlier (phase, frequency, amplitude, etc.), and the amount of each (e.g.
phase step of +/- 45°, frequency step between 60 and 70 Hz, etc.);

because of the relative complexity of the overall Simulink model, the
operational features are limited, such that, by design, only one harmonic
frequency can be selected at a time; however, power electronic systems
can entail harmonics of quite high frequency, such that a sampling rate of
10 KHz has been deemed an adequate minimum;

the 3-phase generated signal is transformed to a 2-phase of3 signal for the
PLL; although 3-phase input PLL algorithms could be studied, it is most
common in the literature that 3-phase signals are first transformed to 2-
phase aff reference frame; thus, because of the linear transformation and
equivalence between three-phase and two-phase signals, for the sake of
clarity, all relevant signals are examined in the two-dimensional aff
reference frame;

the user can select to connect the af signal directly to the PLL, or out to
DAC, and then back in via ADC and then to the PLL; this allows the
possibility of applying some other external signal, such as from a 3-phase
power source, to the PLL for synchronization;

the various PLL parameters can be adjusted by the user;

when simulated in the Simulink environment, the PLL output signals can
be directed to the Matlab workspace, for subsequent plotting and analysis;

for real time operation on the DS1104 platform, the PLL output signals are

directed to DAC output, for examination on an oscilloscope. Due to the
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limited number of DAC channels, some PLL signals are permanently
output to some dedicated DAC channels, and other signals can be selected
for output, one at a time, to DAC channel 6, 7, or 8. Thus, the user can
conveniently examine any of all PLL signals, up to 4 at a time on a 4-
channel oscilloscope;

some signals can be sampled on either the rising or falling edge of the
modulation synchronization signal, for output on a numeric display on the
ControlDesk control panel, to examine their steady state values after
settling of the PLL transient response; these signals include: (a) the PLL
estimated frequency, (b) positive sequence amplitude, (c) negative
sequence amplitude, (d) the amplitude of the selected harmonic;

up to 15 signals of interest can be recorded to Microsoft Excel compatible
disk file. Typically, this can be set up to occur at some threshold time
after user button click, for a user specified number of samples. The date

can be subsequently further analyzed and plotted.

4.3 dSPACE CONTROLDESK REAL-TIME OPERATION PLATFORM

The dSPACE DS1104 operation is supported by the dSPACE ControlDesk

platform, with which so-called experiments can be designed. Such an experiment
consists mainly of a control panel designed with user operated controls, indicators,
and signal display devices, and provides the ability to record signals to disk files.
Thus, the Simulink PLL test program is operated by the PLL_test x2.cdx
experiment, which appears as in Fig. 4.8, and consists of the sub-components

described below.

4.3.1 Documentary and Operational Information

Brief program information is provided in the following:

a) the title box, at the top left, identifies the principal source files involved in

the compilation of this entire operation;

117



PLL_TESTS_?{Z.CDX v 123 SIMULINK ODE Step Time CPU LOAD % Sig Gen PLL apture Settings Window {ds1104 - pll_tests_x1} [¥]
with PLL_Tests_x2.Lay |MPLVER.| SOLVER on | RESEt
for PLL_Tests_x1.mdl 1.205 1 100E-006 83 v om | | =]
SELECT: DAC SIGNALS: SET SCOPE CHANs = 5\Vidiv. SEE SCALES BELOW | Start | | Settings. . |
- Amplitude step amount _PLL type 1,2-Clarke A & B OUT ==> TO ADC 5 & 6 TO PLL A & B INPUTS . o
- Phase step amount - PLL parameters 3,4 - SOURCE A-B OR PLL A+ B+ OUT I'L'm 100 % Length 03
- Frequency step amount - DAC & signal and gain 5 -NA i -
- Unbalance wrt A, B, C, amount 6,7,8 - SELECT: (1) Ampl+:5V ipu (2) Ampl-: 1V [ 0.1pu I Auto Bepeat Downsampling | 12
- Harmonic: ampl and phase (3) Frq Dev: 5V / 10Hz (4) Ph+: 5V | 2pi rad Trigger Signal
- i1 and N2 cycles for steps - Scope trigger delay (5) dfn: 1V /0.1 71 (6) PLL A- (7) PLL B- (8,9) PLL A+, B+ v On/Off il
- Save one shot of signals to CSV file (10) Ph @ src (11-12) PLL A Bin (13) Harm Ampl Level 05 Delay 0.0z
SYNCH N1 CYCLES N2 CYCLES HARMONIC Harmonic Filter K H-Ph |Model Foot/tod_Spnch
: .
DELAY | mumuy | P (o 56 701 130170 I, o ng_l s n Reference Capture Capture Y ariables
ol &7 I | AT e o i e Toke | Save. | [ 0150015
- I M _ _ N
-ggg F1Hz IF2Hz!|"" _'|3'4' - :0'2' = 6 = 0'2' - ,qu 5 0.302 % PPG - pll_tests_x1 - HostService /
“on || FREQSTEP (g1 - — :
-200 || |~ I ) PLL INPUT DACs3I &4 AAAAAAAAANAAAAANAAAAANAAN
150 Crrn g | A AR SPLL Src AB or
00| ampL .k Ampl Step . -100 0 100  DIRECT T PLL AB+ IF CAPTURE SETTINGS WINDOW
==y | APl . S— UNBALANCE DOES NOT APPEAR, CHECK:
o P Ph” st”-“ None & UA(C UB¢ UC( | SAMPLEDVALUESON /or | SYNCHEDGE | AN MENU > VIEW > CONTROLBARS >
Ase Sle| . A
Synch |[~ Phase <[ 1 ,_,p— g [SYNCEDGE | F est/ | F est\ [Ampl+ | Ampl- Capture Settings Window
¥ Eage | Step @j-éd 0 ey | 0402 0 02040808 1|7/ *V| 60 | 63 |101|004 AND STRETCH DOWN
DAC 6 SIGNAL |DAC 7 SIGNAL |DAC 8 SIGNAL |SCALING @5V /div
Scope: 5\Vidiv | Scope: SVidiv | Scope: S\Widiv S:G:ALI Pff'r div.
"
PLL PARAMETERS CAAMPLs | 4 AMPLe | 1.AMPLe | ) amet AP
C2.AMPL- | C 2 AMPL- | C2.AmpL. | S pTPL o bY
K PLL Ka Ks Kp Kn " 3.FreqDev | ” 3. FreqDev | (" 3.FreqDev 41 Ph q 360 d
PLLTYPE| 5 - 4, PHASE+ | ¢ 4.PHASE+ | & 4. PHASE+ = eg
£ 5. dins £ 5. dfn+ " 5 din S.dfn+ - 0dfo
Transparent 3 = |_;‘2 i -2 (" 6.PLLA- | 6.PLLA- |( 6.pLLA- | &PLLA-  05pu
. | 2 25 " 7.PLLB- | 7.PLLB- |¢ 7.pLLB- | -PLLB-  0.5pu
4 ' : 15 15 : . . )
1-ph Cornvent' -2 g g -2 " 8.PLLA+ | 8.PLLA+ |{ B.PLLA+ 8. PLL A+ 1pu
2-ph Convent'l i =13 :-1 — :-1 —|=1.5 " 9.PLL B+ (" 9. PLL B+ " 9.PLLB+ 9, PLL B+ 1 pu
— il H H -1 " 10. Ph Src (" 10. Ph Src i 10.Ph Src |10. Ph Sre 360 deg
4 : w04 w04 :
PR - |—‘_-c|.5 E E 08 " 11.A in " 11.A in ~1.Ain |11.Ain 1pu
H-NSF-PLL =" : ) * 12.B in  12.B in ~12.B in 12.Bin 1pu
(" 13. AH (Sel) | " 13. AH (Sel) | " 13. AH(Sel) [13. AH (Sel}) 0.5 pu
HNSASAEPLL® | 10 |0.02(1.0011.4211.00 " 14.dPhase | (+ 14.dPhase | (" 14.dPhase |14, dPhase 25 deg

Figure 4.8 — dSPACE ControlDesk PLL Tests experiment control panel
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b)

d)

f)

the version number for the Simulink PLL Tests model file, which is
typically updated in the Simulink model whenever it is edited, before
compilation, as a means of confirmation that the program running under
ControlDesk is actually the latest edited version;

CPU load % — this indicates the fraction of time, per sampling interval,
assuming 10 KHz sampling rate, that the CPU is busy executing the model.
This factor depends on the model complexity, and also on the solver
selected in the Simulink model before compilation, and is a useful indicator
for purposes of optimizing the model design;

Sig Gen check box — this is provided to enable or disable the signal
generation function, and serves mainly to monitor it's impact on the CPU
loading, as well as the loading of the selected PLL algorithm;

very brief summary of operating instructions;

summary of the 8 DAC output signals;

4.3.2 Signal Generation

Test signal synthesis is controlled by the following user set parameters:

a)

b)

SYNCH DELAY - this allows the user to adjust the phase, within a cycle of
the generated sinusoidal signal, at which the modulating command signal
will change state; on an oscilloscope display, this will cause the display to
shift left or right as this slider is adjusted;

N1 CYCLES - this selects an integer number of signal cycles in one state of
the modulation pattern;

N2 CYCLES - this selects an integer number of signal cycles in the other
state of the modulation pattern;

FREQ STEP check box, F1 Hz, and F2 Hz — these select one and another
frequency of the signal, when the FREQ STEP is checked on, producing a
frequency step modulation pattern;

AMPL STEP check box, and Ampl Step slider — this enables step amplitude

modulation, and the amount, in pu;
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f)

9)

h)

Phase Step check box, and Phase Step slider — this enables phase
modulation, and the amount, in degrees;

Harmonic selection, and amplitude slider — this enables harmonic
modulation, on and off, and the amount, in pu;

Unbalance selection, and slider — this enables 3-phase unbalance
modulation, on and off, and the amount of the negative sequence, in pu.
One of the three selections can be made, of U-A, U-B, or U-C, which

correspond to unbalance types Ca, Cg, and Cc, respectively;

4.3.3 PLL Parameters

PLL operation is determined by the following user settings:

a)

b)

d)
e)
f)

PLL TYPE selection — this allows to select one of several pre-defined PLL

algorithms, including:

1. straight through connection of af inputs to AB* and AB~ with no PLL
at all; this is provided just for testing and verification purposes;

2. conventional single-phase PLL, for reference;

3. conventional quadrature-phase PLL, alsofor reference;

4. PSF-PLL

5. Hybrid NSF-PLL — a novel proposed algorithm

6. Hybrid NSASAE-PLL — another novel proposed algorithm

K_PLL slider — this is normally set to 1, but allows to adjust all dynamic

PLL parameters, i.e. Ka, Ks, and Kggs, together, to change the time scale

and response time of the PLL operation;

K_A — this adjusts the rate of ASAE in the Hybrid NSF-PLL and Hybrid

NSASAE-PLL algorithms, and effectively sets the bandwidth for amplitude

response, and attenuation of harmonics in the extracted positive sequence

output signals;

K_S —this sets the speed of response of the PLL phase detection loop;

K_P — this sets the proportional gain in the PLL phase detection loop;

K_NSF — this sets the bandwidth for the negative sequence filter;

120



g) PLL INPUT check box — select: DIRECT connection of signal generator to
PLL, or via DAC to ADC

h) Harmonic Detection Rate (bandwidth) slider — this sets the bandwidth for
the harmonic detection;

4.3.4 DAC Signal Output

To accommodate all signals to be output for observation through a limited
number of DAC channels, the signals can be selected for output, as follows:
a) DACs 3 & 4 check box: select signal source a and 3, or PLL positive
sequence o+ and B+ output;
b) DAC 6, 7, and 8 signals — select one of the signals indicated for output, e.g.

for observation on an oscilloscope

4.3.5 Steady State Value Display

Dynamic system performance is characterized, among other things, by steady
state quantities, after the transient response has settled. A mechanism is provided
to sample various values of interest, such as estimated frequency, on the transition
of the modulation state signal, thus sampling designated signals in their steady
state condition, provided that N1 and/or N2 are adequately selected to ensure
sufficient settling time. These values are identified in the panel entitled
“SAMPLED VALUES ON/ or \ SYNCH EDGE”:

a) SYNCH EDGE check box — select the edge of the modulation comnand
signal on which to trigger the oscilloscope;

b) Fest/ and F est \ — this indicates the sampled value of the PLL output
estimated frequency at either the rising or falling edge of the above
synchronization signal;

c) Ampl® and Ampl™ — this indicates the sampled value of the PLL output
estimated amplitude of the positive and negative sequences, at either the
rising or falling edge of the above synchronization signal;

d) Harmonic — this indicates the detected harmonic amplitude level at the

selected edge of the synchronizaton signal;
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e) HARM DIST check box — select source for the harmonic estimation unit,
ether at the o input to the PLL, or at the PLL A" output; this allows a

subsequent measure of the harmonic attenuation.

4.3.6 Data Output to Disk File

Although it appears as part of the control panel design, the Capture Settings
Window is actually a floating, un-docked, panel that can be moved around, but
has been placed in the upper right corner for visual convenience. Further

operation details are provided in the ControlDesk reference documentation.

44  OVERALL PERFORMANCE

In view of all aspects of development and real time operation of the test

program, the overall performance can be characterized by such measures as:

a) development effort and time: at one extreme, graphical design tools, such as
Matlab/Simulink, are extremely productive, for the high level at which a
programming task can be formulated, and meaningful results can be
obtained very quickly. In contrast, text based programming, such as in C, is
intrinsically at a lower level, and thus requires more detail to be specified.

b) efficiency of compiled code: generally, a program developed at a higher
level will result in significantly more executable code, and greater execution
time than code produced from a text based program. The overall program
development task can be partitioned between the two, but this is very much
a matter of programmer experience.

c) hardware platform speed: this ultimately defines a real limit to the amount
of computations that can be performed, and may therefore strongly dictate
how an overall programming task is to be partitioned between higher level
graphical design and lower level text based coding.

The end goal thus dictates various constraints and costs, and determines the

emphasis to be attributed to the respective factors identified above.
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5. EXPERIMENTAL RESULTS

This chapter presents experimental results of performance tests, which
compare the proposed PSF-PLL, H-NSF-PLL, H-NSASAE-PLL algorithms with
the conventional two-phase PLL. The test signal generator and PLL algorithms
execute together as part of a single Simulink model, running in real time on a
dSPACE DS1104 platform, at a sampling rate of 10 KHz. The tests are
categorized as follows, with the respective objectives as indicated, aiming
ultimately to emphasize the superior performance of the adaptive techniques, and
especially of the H-NSASAE-PLL under unbalanced input conditions:

a) Frequency step and phase step tests
These standard tests show that the performance of the proposed adaptive
techniques does not suffer at all as a consequence of the additional
complexity over the conventional PLL.
b)  Amplitude and distortion tests
These standard tests show the superior performance of the adaptive
techniques over the conventional PLL, in their frequency selective
filtering ability. Thus, they are able to attenuate distortion in the estimated
output signals, with a rate of attenuation determined by the gain Ka.
c)  Unbalance tests
The unbalanced input tests show the ability of the H-NSASAE-PLL to
completely compensate for unbalanced input conditions, resulting in zero
steady state error in under one cycle, even with an extreme unbalanced
condition, as might result from a fault on the utility grid.
Thus, these experiments aim mainly to verify the primary targeted benefit of the
negative sequence detection and compensation of the proposed H-NSASAE-PLL,
and it’s superior performance with the simplest order of discretization. Finally, it
should be noted that for first order discretization of the Simulink model, the
synchronous amplitude estimation in the H-NSASAE-PLL results in markedly
superior performance over the H-NSF-PLL. As a result, for some tests, the H-
NSF-PLL is not considered.
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5.1 FREQUENCY STEP TESTS

Two frequency step tests, executed in real time, are presented to verify that:

a) the performance of the proposed H-NSF-PLL and H-NSASAE-PLL is
comparable to that of the conventional PLL, with little or no adverse
impact due to the additional negative sequence detection mechanism;

b) the performance remains robust over a wide range of the parameter Ks,
which thus allows tuning of the PLL operation according to application

requirements.

5.1.1 Frequency Step — Fast Response

The first frequency step test is defined by Ks = 1, for a fast frequency estimation
response of the PLL. The negative sequence detection filter response is adjusted
with Kn = 0.5, to dampen oscillations due to it’s dynamic interaction with the
positive sequence detection achieved by the PLL with adaptive positive sequence
amplitude estimation. The response is shown in Fig. 5.2, for an input frequency
step from 60 to 70 Hz. The estimated frequency signals can be seen to be almost
identical for all four PLL types. The source and PLL estimated phase signals for
the H-NSASAE-PLL are shown in trace (B). The major distinction appears in the
estimated phase deviation signal, in trace (C); the H-NSF-PLL and H-NSASAE-
PLL show slightly greater peak phase deviation, but with slightly faster settling.

5.1.2 Frequency Step Response with Varying Ks

The second frequency step test is defined by Ks = 1, 0.33, and 0.1, for different
speeds of frequency estimation response of the PLL. The responses are shown in
Fig. 5.2. The negative sequence detection filter response is adjusted with Kn = 1,
which results in slight overshoot in, and slightly faster, frequency response for the
H-NSF-PLL and H-NSASAE-PLL. Except for the fastest setting of Ks, the

frequency responses can be seen to be near identical for all PLL types.
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Figure 5.1 — Frequency step responses, Ks = 1.0. Experimental results.
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Figure 5.2 — Frequency step responses, with Ks = 1.0, 0.34, 0.1. Experimental results.
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5.2  PHASE STEP TESTS

In view of the primary purpose of a PLL to provide an estimate of the input
signal phase, phase jumps, such as due to loads being suddenly connected or dis-
connected, or line faults, probably constitute the most severe disturbances that a
PLL can be subjected to. Phase disturbances, for purposes of evaluating PLL
performance, can be usefully categorized as:

a) due to loads being connected or dis-connected, resulting in the same phase
jump on all three phases of the source voltage, and nominally constant
voltage amplitude;

b) due to unbalanced line conditions, such as due to an unbalanced load, or
due to line faults, which result in unequal phase and amplitude jumps on all
three phases. This case is dealt with in the unbalanced input test.

Fig. 5.3 shows the PLL estimated frequency and phase in response to a phase
jump of 25° with Ks=0.8, Kp=1.7, Ka=1, Kn = 0.4.
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Figure 5.3 — Phase step response, Ks=0.8, Kp=1.7, Ka=1, Kn=0.4. Experimental

results.
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The parameters, and especially Kn, are set to minimize the H-NSF-PLL and H-
NSASAE-PLL transient oscillations due to the negative sequence estimation filter.
The top trace (A) shows the phase jump of the input a signal, and the estimated a
output signal from the H-NSASAE-PLL. The estimated phase and frequency
signals from all four PLL types are shown in traces (B) and (C), respectively, and
can be seen to be very similar. As observed before, the H-NSF-PLL and H-
NSASAE-PLL exhibit slightly less damped transient oscillations, due to the
negative sequence filter component. However, given the same Ks and Kp
parameter values for all PLL types, Kn can be adjusted for the H-NSF-PLL and

H-NSASAE-PLL to attenuate these transient deviations to acceptable levels.

Fig. 5.4 shows the PLL phase responses to a 25° phase step, with Ks = 0.8, 0.45,
and 0.1, and emphasizes the robust performance of all PLL types with respect to
the speed parameter. Kn is again set for minimal transient oscillations in the H-
NSF-PLL and H-NSASAE-PLL types. Except for a small difference in response
for the fastest value of Ks, all PLL types show almost the same performance,

characterized by the same transient phase undershoot of approximately 4°.
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Figure 5.4 — Phase step responses, Ks = 0.8, 0.45, 0.1. Experimental results.
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5.3  AMPLITUDE STEP TESTS

Fig. 5.5 shows the various PLL estimated amplitude responses to a +50%
amplitude step, for amplitude adaptation gain Ka values of 1, 0.3, and 0.1. The
instantaneous response of conventional PLL stands out because of the absence of
any filtering; it’s amplitude signal comes from the Park transformation unit,
which embeds no dynamics at all, and thus produces an instantaneous result. It’s
amplitude output signal is thus the fastest, but as the distortion test will also show,
it is the most sensitive to amplitude distortions. In contrast, all the other PLL’s
embed an amplitude estimation process, with user adjustable rate of convergence,
which effectively accomplishes a filtering action which will prove beneficial to
attenuate the impact of harmonic distortion in the input signal.
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Figure 5.5 — Amplitude step response, Ka =1, 0.3, 0.1. Experimental results.

For these three PLL algorithms, since the amplitude estimation process is the
same, by design, their amplitude estimates have almost the same response. Close
examination reveals a slight transient oscillation for the H-NSF-PLL and H-

NSASAE-PLL, again, due to the dynamic interaction between the positive and
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negative sequence estimation sub-filters. However, except for this small

oscillation, the rate of convergence closely agrees with the PSF-PLL.

Fig. 5.6 indicates the sensitivity of the phase and negative sequence estimation
dynamics to an amplitude step, and specifically to parameter Ka. For a +50%
amplitude step, the peak phase deviation is under 3° at the slowest setting of Ka =
0.1, and under 2° at the fastest setting, Ka = 1. Similarly, the negative sequence
peak amplitude is under 0.1 pu for Ka = 0.1, and under 0.05 pu for Ka = 1. These
transients reflect the intrinsic dynamic interaction between the positive and
negative sequence filters, and the response speed of the negative sequence
estimation. Depending on requirements for a specific application, the negative
sequence filter response can be further improved with suitable adjustment of Kn.
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Figure 5.6 — Phase and negative sequence responses to amplitude step. Experimental

results.
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54  HARMONIC DISTORTION TESTS

Due to the overall complexity of the Simulink test model, and limited computing
resources on the DS1104 platform for real time execution and data recording,
harmonic distortion tests are performed with a single harmonic component,
namely the fifth, since it is typically the dominant component in three-phase
systems. Because of the relative independence of the amplitude estimation
dynamics from the phase-frequency estimation dynamics, the impact of input
harmonic distortion can be controlled quite independently on the aff output
signals and on the phase and frequency signals. Thus, the level of distortion in
the af output signals is mainly determined by Ka, which effectively sets the
bandwidth of the PSF-PLL, H-NSF-PLL, and H-NSASAE-PLL as frequency-
tracking band-pass filters. In contrast, Ks determines the frequency estimation

bandwidth, and thus the impact of the input distortion on the estimated phase.

Fig. 5.7 shows the input a signal in trace (A), and the a signal from a
conventional PLL in trace (B), and from the H-NSASAE-PLL, with Ks = 1 and
0.1, in traces (C) and (D), respectively. The conventional PLL exhibits little
variation in output distortion as Ks is varied from 1 to 0.1, which reflects the
direct coupling of input distortion through the Park transformation, to the output.
In contrast, the H-NSASAE-PLL exhibits a level of distortion in the output o and
B which directly depends on Ka. Furthermore, since the cos and sin functions in
the o and B signals depend on the estimated phase angle, any ripple in that
quantity is reflected in the a and B outputs, which thus further depends on Ks.
Trace (D) shows, for Ka = Ks = 0.1, a level of distortion of 0.8%, which

represents an attenuation of 31 times, or 30 dB.
Fig. 5.8 indicates the independence of the conventional PLL output distortion

from either Ka or Ks. In contrast, the PSF-PLL, H-NSF-PLL, and H-NSASAE-

PLL af outputs are determined by the adaptive amplitude estimation, which is
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determined by Ka, which allows for the level of distortion to be controlled by the

user.
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Figure 5.7 — Alpha input and output signals. Experimental results.
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Fig. 5.9 shows the specific case of the dependence of the H-NSASAE-PLL
estimated phase and peak deviation on Ks, and clearly shows the direct nearly

proportional relationship between these two quantities.
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Figure 5.9 — H-NSASAE-PLL estimated phase and deviation. Experimental results.

5.5 UNBALANCE TESTS

The unbalanced input tests show the superior performance of the H-NSASAE-
PLL over the other PLL algorithms being examined. The following aspects
become evident in the results presented in this section:

a) the conventional 2-phase PLL provides no compensation for unbalanced
inputs, which is most clearly revealed in the estimated phase and phase
deviation signals;

b) the PSF-PLL can only attenuate the impact of the negative sequence
component, according to the Ka parameter, but not completely compensate
for it;

c) the H-NSF-PLL exhibits a small steady state oscillation in the phase

deviation, most likely on account of the discretization of the continuous
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time model; this aspect has not been examined in any further detail in the
present scope of study;
d) the H-NSASAE-PLL clearly compensates for the unbalanced input, as
evidenced in the zero steady state phase deviation. Furthermore:
i. the peak phase deviation is directly controlled by the Ks parameter;

ii. the rate of estimation of the negative sequence amplitude is
controlled by Kn;

ii.  some internal oscillatory interaction is evident, between the positive
and negative sequence detection filters, which can be controlled and
minimized by lowering parameters Ka and Kn;

iv. a higher setting of Kn results in faster negative sequence amplitude
estimation and also in higher peak phase deviation, but this can be
reduced with a lower value of Ks.

For the sake of clarity in the results presented, unbalances comparable to type Ca,
[7-8], are examined, which is found to be representative of other types of
unbalance. Such unbalance is characterized by (A) a larger magnitude of phase X,
relative to the magnitude of the other two phases, and (B) a symmetrical change
of phase in these other two phases, as impacted by a symmetrical three-phase
negative sequence component. After a Park transformation, the resulting o and 3

components are orthogonal, and therefore more convenient to examine.

5.5.1 Estimated Phase Response to Unbalanced Input

Fig. 5.10 displays the following:
(A) an unbalanced 2-phase input, with the a and f signals increased and
decreased by 50%, respectively,
(B) estimated phase responses from a conventional 2-phase PLL; phase
angle contains a steady state ripple at 2o ;
(C) estimated phase responses from a PSF-PLL; similarly, phase angle
contains a steady state ripple at 2o ;

(D) estimated phase responses from a H-NSASAE-PLL.
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The H-NSASAE-PLL shows the clearest phase response in steady state, as is

further confirmed in Fig. 5.11, which shows the phase deviation.

(A) Alpha-Beta Input. Un-balance Type Da +50%
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Figure 5.10 — Estimated phase response to unbalanced input. Experimental results.

(A) Alpha-Beta Input. Un-balance Type Da +50%
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Figure 5.11 — Estimated phase deviation response to unbalanced input. Experimental

results.
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Trace (D) in Fig. 5.11 also shows how the peak phase deviation, which reflects
the phase-frequency estimation feedback loop, is controlled by the Ks parameter:
- with Ks = 1.0: peak phase deviation = 16.6°
- with Ks = 0.5: peak phase deviation = 8.7°
- with Ks = 0.2: peak phase deviation = 3.8°
The H-NSASAE-PLL clearly and completely compensates for the negative

sequence component in the unbalanced input signal.
5.5.2 Positive and Negative Sequence Estimated Amplitudes

Fig. 5.12 shows the estimated positive and negative sequences and amplitudes, in
response to an unbalanced input. The positive sequence amplitude can be seen to
be barely affected, and the negative sequence estimated amplitude settles within

approximately a % cycle.

(A) Alpha-Beta Input. Un-balance Type Da +50%
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Figure 5.12 — Positive and negative sequence estimated amplitudes. Experimental results.
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In Fig. 5.13, parameters Ka and Kn are increased from their previous values for a
faster response of the estimated amplitudes, and Ks is varied from 0.2 to 1.0.
Although not shown, the amount of transient oscillation in the negative sequence
amplitude depends on the instant within a cycle at which the unbalance occurs,
and the worst case is displayed in Fig. 5.13. As trace (B) shows, the amount of
oscillation in the negative sequence amplitude can be controlled by the Ks
parameter, which also affects the peak estimated phase deviation, shown in trace
(C). With Ks = 0.5, there is small overshoot, and the amplitude is detected in

under a % cycle.
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Figure 5.13 — Faster negative sequence estimation. Experimental results.

5.5.3 Extreme Unbalanced Condition

Fig. 5.14 shows the H-NSASAE-PLL positive and negative sequences and
respective amplitudes, and phase deviation responses to an unbalanced condition
with the o and B signals at 2 pu and 0 pu, respectively, which exemplifies a line

fault condition. With Ka = Kn = 0.5, the response is not as fast as with Ka = Kn =
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1, but a robust performance is assured in response to such an extreme unbalanced
condition. The negative sequence amplitude is seen to settle in under one cycle.

- with Ks = 1.0: peak phase deviation = 47°

- with Ks = 0.5: peak phase deviation = 21.5°

- with Ks = 0.2: peak phase deviation = 7.9°
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Figure 5.14 — Extreme unbalanced input condition. Experimental results.

5.6 EXECUTION TIMES

Although a graphical tool such as Simulink typically leads to very significant
savings in development time, there is intrinsically a cost in another aspect of the
overall system design. The underlying mechanism of such a tool, which makes it
easy to use, and is completely transparent to the designer, typically results in
compiled code, which is actually executed in real time by the target processor,
which is considerably more complex than if it were developed by an experienced
text-oriented programmer, such as in C. Indeed, programming in a well

established language for such purposes, such as C, at a lower level of detail,
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closer to the target platform, that is, in terms more specific to the target platform,
typically results in much less actual executable code, which is thus less
demanding of CPU execution time. It is thus of some interest to consider the
execution times for the various PLL types examined in this chapter, to get a sense
of the implication of coding the equivalent functionality in C, especially from the

perspective of an experienced programmer.

Table 5.1 serves to compare the PLL algorithms examined in this chapter,
executed on the dSPACE DS1104 platform, with a main 32-bit floating point
processor running at a 250 MHz clock speed. It is noteworthy that the version of
Matlab/Simulink used for this development, namely version 2008a, supports only
64-bit floating point integrators, which results in additional computational burden
on a 32-bit floating point processor. One can thus immediately anticipate a
significant gain in execution speed, if some, or all, of the equivalent functionality
were programmed in C using 32-bit float type variables. Whereas the CPU load
accounts for the execution of the entire program, including the test signal
generator, the PLL load figure measures the difference in CPU load relative to the
first case of no PLL, and thus indicates the figure of interest for each respective
PLL. The execution time is calculated on the basis of the 250 MHz CPU clock
speed, and a program sampling rate of 10 KHz. All indicated figures are
approximate within about 1-2 units, as the CPU load value is sampled by the

ControlDesk platform, and is somewhat jittery.

Table 5.1 — PLL execution times

PLL Type CPU Load %  PLL Load % Execution
time pSec.
I None 73 N/A N/A
ii.  Conventional 1-phase 78 5 5
iii.  Conventional 2-phase 80 7 7
iv. PSF-PLL 80 7 7
V. H-NSF-PLL 84 11 11
vi. H-NSASAE-PLL 80 7 7
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5.7

SUMMARY

The main conclusions of interest indicated by the experiments presented in this

section can be summarized as follows:

a)

b)

for un-distorted sinusoidal inputs, for the same values of Ks and Kp, the
frequency and phase step responses are almost identical. This basically
reflects the fact that the estimated amplitude dynamics are independent of
the other two phase and frequency estimate states, which are closely coupled.
As a direct consequence, phase and frequency deviation input stimulus
excites the dynamic sub-system defined by the latter two states, and not the
amplitude estimate state.

Amplitude variations, while the signal itself remains at constant
fundamental frequency, excite the amplitude estimate loop dynamics, and
the impact will be reflected in the output signal amplitude, and will thus be
determined by the amplitude estimate adaptation gain Ka. Ka thus
effectively controls the response time, such that the input-output relationship
reflects a band-pass filter with bandwidth set by Ka. In contrast, the
conventional PLL produces an instantaneous output amplitude signal
directly from the Park transformation, without any filtering, and will thus
reflect the same level of amplitude variation as in the input signal.

Harmonic distortion of the input signal impacts both the amplitude
estimation and the phase-frequency estimation dynamics. The net estimated
positive sequence a and 3 output signal distortion is then due to:

i. the estimated amplitude dynamics, which is determined by Ka; a
lower Ka slows down the estimation dynamics, and thus the
bandwidth, and the level of output distortion;

ii. the estimated phase and frequency dynamics, which is mainly
determined by Ks; similarly, a lower Ks values reduces the level of
output distortion. Thus, any ripple in the estimated angle is reflected

in the instantaneous output a and 3 signals.
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d)

In contrast to the techniques with adaptive amplitude estimation, the
conventional PLL provides no inherent mechanism to attenuate the impact
of harmonic distortion, which thus directly impacts the PLL estimated phase
and frequency.

For an unbalanced input, only the H-NSASAE-PLL provides the necessary
mechanism to counteract it’s negative sequence component and thus
eliminate it’s effect on the estimated amplitude, phase and frequency in
steady state operation.

The parameters can be conveniently tuned to meet the needs of a given

application, to ensure performance within specified tolerances.
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6. CONCLUSION

This thesis presents a novel PLL algorithm to estimate the phase of the positive
sequence of an unbalanced and distorted three-phase grid voltage. The proposed
technique consists of two estimators operating in parallel, in synchronous
reference frame, within a quadrature signal feedback structure, one each to
estimate the positive and negative sequence of an unbalanced two-phase signal.
The positive sequence estimator consists of a conventional two-phase PLL,
augmented with synchronously adaptive estimation of the positive sequence
amplitude. The negative sequence estimator performs a similar adaptive
synchronous estimation of the negative sequence, using the quadrature signals,
with unit magnitude, from the PLL. The two operate together, according to the
internal model principle, such that the estimated negative sequence cancels the
actual negative sequence of the input signal, resulting in improved performance of
the positive sequence PLL. The phase of the positive sequence can be estimated
rapidly, and with zero steady state error with respect to the unbalanced condition.

6.1 CONTRIBUTIONS AND BENEFITS

The principal contributions of this thesis, and respective benefits, can be
summarized as follows:
a) H-NSASAE-PLL algorithm

» The internal structure of the H-NSASAE-PLL is of minimal dynamical
order, namely 5, required to estimate the positive sequence phase,
frequency, and amplitude, and of the negative sequence quadrature

components.

» The synchronous nature of the estimation algorithm makes it
straightforward to discretize it, using the simplest Euler type integrations
for all estimated quantities.

141



b)

» Such discretization makes it easily realizable for real time execution on a

DSP, at minimal computational cost.

» The proposed structure allows for simple and convenient adjustment of the

PLL parameters to accommodate a wide range of application requirements.

» The performance is robust with respect to PLL parameters and input signal

conditions.
H-NSF-PLL algorithm

» This establishes the validity of the frequency-tracking ability of the H-
NSASAE-PLL. In contrast to the H-NSASAE-PLL, the negative sequence
is estimated by a second order generalized integrator, which performs well
with higher solver order, as offered by the Matlab/Simulink platform, but
which is computationally more demanding and less suited for real time

execution on a typical DSP.

» For real time implementation with the lowest order of integration, this
algorithm motivates the synchronous approach in the H-NSASAE-PLL to

estimate the negative sequence.
PNSF

» This establishes the validity of the fundamental underlying principle at
work in the above two, namely the parallel estimation of the positive and
negative sequences of an unbalanced signal within a common feedback
structure, which makes possible the rapid estimation of the phase of the

positive sequence with zero steady state error.

» The parallel structure of two separate second order generalized integrators,
one for each sequence, makes possible to adjust each independently for

different bandwidths, as dictated by requirements for a given application.
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d) PSF-PLL algorithm

» This constitutes a frequency-adaptive positive sequence filter, with
adjustable bandwidth.

» This serves primarily to establish the mathematical foundation and practical
usefulness of the equivalency between the second order generalized
integrator and the adaptive synchronous amplitude estimation processes,

for a time-varying signal frequency.
e) Test signal generator program

» This generator, developed in the Matlab/Simulink environment, produces a
variety of standard test signals, with easily adjustable signal and PLL

parameters, to evaluate any selected PLL algorithm.

» This generator executes in real time within the same program as the
selected PLL under evaluation, and enables rapid and convenient

comparison of PLL performances.

» Signals can be easily recorded to Microsoft Excel-compatible disk file, for

subsequent analysis and plotting.

6.2 FUTURE WORK

The H-NSASAE-PLL algorithm presented in this thesis is a starting point,
with many opportunities for further work. Whereas the development of the H-
NSASAE-PLL was accomplished in the convenient graphical language of the
Matlab/Simulink platform, with enormous savings in development time, the
resulting compiled code is not efficient, as indicated by the level of CPU usage to
execute the code in real time on the experimental DS1104 platform. In order to
maximize the utilization of a DSP’s various resources in real time, especially if
some control operation is also required in the application, algorithms are often
written in the well established C language, which has been widely adopted for
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embedded DSP applications, such as in power electronics applications. Thus, any
consideration to adopt the H-NSASAE-PLL in any power electronic application

should first address this aspect of implementation.

Furthermore, the theoretical stability of the H-NSASAE-PLL was essentially
inferred on the basis of the established stability of the various underlying
principles, namely the conventional two-phase PLL, the ASAE, and the PNSF.
The stability of the combination of a PLL with ASAE was likewise established
for the single-phase EPLL, which revealed the independence of the phase-
frequency and of the amplitude estimation dynamics, and this served as the
starting point for the proposed H-NSASAE-PLL. Although experimental results
were in agreement with the simulation results, and clearly demonstrated the
stability of the H-NSASAE-PLL, it should nevertheless prove worthwhile to
establish it’s theoretical stability, for example, on the basis of Lyapunov stability

theory.

Finally, this new H-NSASAE-PLL approach essentially addresses a simple
fundamental question: what information is available in the input signal that can be
used to improve this estimation process. Based on the adaptive notch filter
principle presented in chapter 2, it is evident that additional frequency deviation
information is also available, that can potentially be used, for example, in a feed-
forward manner to accelerate the phase estimation process. In the same view, in
the case of three-phase, four-wire, grid voltage, there are three independent
signals, and not just two, as implied by the conventional three-phase to two-phase
Clarke transformation, as typically used before application to a two-phase PLL.
Thus, this also presents the availability of additional information with which to
estimate the phase of interest. Admittedly, such a frequency deviation signal is
equivalent to a derivative action on the phase deviation signal, and thus also risks
introducing more noise. However, this is a matter to be carefully weighed against
the benefit of the additional information provided by the frequency deviation

signal.
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APPENDIX A — SIMULINK BLOCK LIBRARY

The following appendix lists Simulink building blocks defined for various PLL

development and signal generation functions.

A.l  SIGNAL TRANSFORMATIONS

A.1.1 Three-Phase abc to Two-Phase af3 Clarke Transformation

Name: Clarke

Function: | Linear transformation of 3-phase abc to 2-phase af3 signals
Inputs: Outputs:

a 3-phase a component A Equivalent to a

b 3-phase b component B Equivalent to

c 3-phase ¢ component

Block symbol: | Internal schematic:

a
Clarke
2la A b
b
. OO
c A

i B
1/sqrt(3)

A.1.2 2-Phase to 3-Phase Inverse Clarke transformation

Name: InvClarke
Function: | Linear transformation of 2-phase of3 to 3-phase abc signals

Inputs: Outputs:
A o component of a 3-phase a component
quadrature signal
B 3 component of b 3-phase b component
quadrature signal
c 3-phase ¢ component

Block symbol: | Internal schematic:

D, 4 ED)
InvClarke A b a
o r 2 '

b
2B c
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A.1.3 3-Phase Un-balance

Name: Unbal 3ph

Function: | Generates unbalanced 3-phase signal, from balanced abc signal
Inputs: Outputs:
a+, b+, c+ | balanced 3-phase signals a, b, c un-balanced abc signals
Ua un-balance factor, in pu, a-, b-, c- | negative sequence abc
for type Ca signals
Ub, Ub Same, for type Cg and C¢
Block symbol: Internal schematic:
Unbal-3ph é
o B
(V¢ B, : o
2Quc c-p
b+ b
€D,
< o
> <
Ub .——t
c+ Cc
D, >
t ] _Ub*a+
4 Ua * b+ “
< ,@ —CD)
uc Uc * c+
-, B
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A.l4 Two-

phase distortion adder

Name: Dist_2ph
Function: | Adds up to three harmonic components to 2-phase signal
Inputs: Outputs:
Phase Phase of fundamental Cos_mod | Fund. cos plus harmonics
signal
Cos Reference cos signal Sin_mod | Fund. sin plus harmonics
Sin Reference sin signal
AM Amplitude modulation
control
H1 Index of harmonic to add | Block symbol:
to above reference signals
AH1 Amplitude, in pu, of Dist_2ph
harmonic to add to above {
reference signals Jam  Cos_mod
Phl Phase of harmonic to add L
to above reference signals 2fpn
H2, Same as above, for a ofpz
AH2, second harmonic Jra  simod
Ph2 component o
H3, Same as above, for a third
AH3, harmonic component
Ph3
Internal schematic:
Cos Cos_mod
< YT 30
Sin Sin_mod
(e Pt (. >
& 1> B
w Y
@ nﬁzﬂlgiﬁ
Ss T
33—
D,
AH1
] B
o
Ph2
D,
Ell = <E3
hs
a
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A.1.5 Three-phase distortion adder

Name: Dist_3ph

Function: | Adds one harmonic component to 3-phase signal

Inputs: Outputs:

Phase Phase of fundamental a = a_i + harmonic

H Index of harmonic to be b =b_i+ harmonic
added

A H Harmonic amplitude c = c_i + harmonic

Ph_H Phase of harmonic

ai 3-phase a input

b_i 3-phase b input

ci 3-phase ¢ input

Block symbol: Dist_3ph

Internal schematic:

Phase
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A.1.6 Positive Negative Sequence Calculation (PNSC)

Name: PNSC
Function: | Calculates positive and negative afp sequence signals from un-
balanced a and B signals and their phase shifted versions —jo and —jf3
Inputs: Outputs:
A o component of un- A+ Positive sequence a signal
balanced af} signal
—ja Same, shifted -90° B+ Positive sequence B signal
B B component of un- A- Negative sequence a signal
balanced af} signal
—ip Same, shifted +90° B- Negative sequence { signal
Block symbol: Internal schematic:
A A+
i
Tn o @ l
2B A-
B+
L L 4 A-
! .
>0 e

A.1.7 Park Transformation

Park

O - W >

Vo v N

Name: Park
Function: | Generates d and g signals from input signal vag and VCO 1Q signals
Inputs: Outputs:
A o component of of3 signal d = Vg C0S(AANgle)
B B component of af signal q = Vg Sin(AAngle)
I | (cos) VCO signal
Q Q (sin) VCO signal
Block symbol: Internal schematic:

158




A2

SIGNAL GENERATION

A.2.1 Elementary precision frequency signal generator: ramp/cos/sin, with FM,

PM, and AM
Name: Prcsn_Gen
Function: | Generates frequency controlled signals, including unit magnitude
phase ramp, quadrature sinusoids, and phase and amplitude
modulated phase and quadrature sinusoidal signals
Inputs: Outputs:
fo Hz frequency, in Hz Ramp unit amplitude ramp signal,
only frequency modulated
dF Freq. modulation, Cos reference signal, only
deviation from fo frequency modulated
PM Phase Modulation Sin reference signal, only
frequency modulated
AM Ampl. modulation; output | Cos_mod | modulated Cos signal
amplitude = 1 + this value
Sin_mod | modulated Sin signal
Phase Phase modulated ramp
signal
Block SymbOI: Prcsn_Gen

2ffo Hz Ramp
Cos
Sin
Phase

2QdF

2PM
Cos_mod

2|AM  Sin_mod

Internal schematic:

fo Hz

OO—>) .

dF
Frequency
Modulation

Precision VCO

Integrator
state o/p

PM
CO ot
Modulation

AM

Amplitude

2 ED)
Cos

P 2%pi cos ;@
Sin

EX >

Phase

>

Modulation
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A.2.2 Precision frequency signal generation with delayed square wave

Name: Prcsn_Gen Dly Sq

Function: | Same as Prcsn_Gen, plus square signal with controlled phase
Inputs: Outputs:
Frq Hz frequency, in Hz Ramp unit amplitude ramp signal,
only frequency modulated
dF Freq. modulation, Cos reference signal, only
deviation from fo frequency modulated
PM Phase Modulation Sin reference signal, only
frequency modulated
AM Ampl. modulation; output | Cos_mod | modulated Cos signal
amplitude = 1 + this value
Thrshld | Threshold phase for square | Sin_mod | modulated Sin signal
output toggle, in radians
Phase Phase modulated ramp
signal
Block symbol: Internal schematic:
Prcsn_Gen_Dly_Sq Prcsn_Gen Ramp
skio Hz Ramp fo Hz Ramp »p( 1
Cos Frq Hz Cos
2|dF Sin Cos #@
2lPM Phase dF Sin
slam Cos_mod dF Sin ;?
Sin_mod PM - ase
>Thrshid Dlyd_sq o Phase VCOS_GCde
Cos_mod »( 4
AM Sin_mod
- »[am Sin_mod » _5
. A
2*pi
_-> >=
Threhld
@ 0 <= Thrshld <= pi Dlyd_sq
(?—>
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A.2.3 Precision frequency generator with harmonic distortion

Name: PrcsnGen_wH2ph-II

Function: | Same as Prcsn_Gen, plus square signal with controlled phase
Inputs: Outputs:
fo Hz frequency, in Hz Ramp Reference phase (un-
modulated) ramp signal
dF Freq. modulation, I Reference cos signal, only
deviation from fo frequency modulated
PM Phase Modulation Q Reference sin signal, only
frequency modulated
AM Ampl. modulation; output | Phase Phase modulated phase
amplitude = 1 + this value signal
H1, H2, | Indices of 3 harmonics to A Output a signal
H3 add to fundamental
AH1- Amplitudes of each B Output B signal
AH3 harmonic added
Ph1-Ph3 | Phases of each harmonic
added
Block symbol: Internal schematic:
Prcsn_Gen Ramp
PrcsnGen_wH2ph fo Hz Ramp >
Mo Hz fOHZ Cos 2I
2dF Ramp p dE ) -
2IPM Sin »( 3
2|AM v o Phase Q
o of o conol —— [ o G
; Egl phase b PM sin_mod Phase ase
JAH2 Pp|cos
2[Ph2 Ap
2H3 AM P|Sin A
et @ =
H1 p|H1
p|an1
AHL1
C: Pp-|Ph1
Ph1l p|H2
P a2
H2 B
G)r—— P2 gin mod —»(5 )
AH2 p|H3
O p |
Ph2
Pp-|Ph3
H3 Dist_2ph
11
AH3
€D,
Ph3
€D,
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A.2.4 Precision frequency un-balanced 3-phase generator

Name: PrcsnGen_3ph

Function: | Three-phase un-balanced signal generator
Inputs: Outputs:
fo Hz frequency, in Hz Ramp Reference phase signal,
only frequency modulated
dF Freq. modulation, I Reference cos signal, only
deviation from fo frequency modulated
PM Phase Modulation Q Reference sin signal, only
frequency modulated
AM Ampl. modulation; output | Phase Phase modulated phase
amplitude = 1 + this value signal
Ua-Uc Un-balance factors, inpu, | Aand B | Modulated o and B signals
for types Ca, Cg, and Cc
a+ to c+ | Positive seq. 3-phase signal
a- to c- Negative seq. 3-ph. signal
atoc Un-balanced 3-phase signal
Block symbol: Internal schematic:
PrcsnGen_3ph o PrcsnGen Ramp
oz <R CO—»fore §CT>
2|dF Phas(g i dF I §<(223
slPm af CO—»fr Q »(3)
ap Phase
2 E ; .—} PM Phase §<1D
2|ua a-p o
>|ub E: i AM ’ 'CZD
2|Ue EE E - i InvClarke §<:?
O &
»|B C I §@
Unbal_3ph t@
0 T e—
@ e
7 Uc [ ¢
«D)
D




A.2.5 Precision frequency 2-phase generator, with separate positive and negative
sequence amplitude and phase control

Name: SigGen PN 2ph

Function: | Controlled frequency quadrature signal generator with separate
positive and negative sequence amplitude and phase control
Inputs: Outputs:
fo Hz Frequency, in Hz Ramp Un-modulated phase ref.,
only frequency modulated
dF Deviation from fo I Un-modulated cos ref.
PM_p Phase modulation for Q Un-modulated sin ref.
positive sequence
AM p Amplitude modulation Ap Positive sequence o output
for positive sequence
PM_n Phase mod. for neg. seq. | B_p Positive sequence 3 output
AM n Ampl. mod. for neg.seq. | A n Negative sequence a output
B n Negative sequence 3 output
A Un-balanced a output
B Un-balanced [ output
Block symbol: SigGen_PN_2ph
N ¢
2|dF Qb
2PM_p é:g [
2[AM_p A_np
s|PM n B_R b
>|AmM_n Bp

Internal schematic:

1 o
= 2%
S P 27p1

cos

Integrator [:E =®
state o/p > A
P
? ; E—3
PM_p -
3 sin
& KN =<0l >
(@D,
An
PM_n - :KE >
«» -
AM_n :{E 4 @D
(@D, v A
>
) 4 B
Er—>CD
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A.2.6 Precision frequency 3-phase generator, with built-in auto-modulation

Name: SigGen_3ph_Mod

Function: Generates 3-phase signal, with FM, PM, AM, un-balance, and
distortion modulation, with square stepping modulation
Inputs: Outputs:
F_mod 1 = Enables FM Mod_synch | Mod edge for external
scope triggering
P_mod 1 = Enables PM Mod Modulation state
A_mod 1 = Enables AM Phase Modulated signal
phase
fl Signal frequency Cos Frequency, Phase, and
when Mod =0 Amplitude modulated
cos reference
f2 Signal frequency Sin Frequency, Phase, and
when Mod =1 Amplitude modulated
sin reference
Ph2 Signal phase NOTE: the above Cos and Sin
when Mod =0 reference signals are balanced
dAmpl2 Signal ampl. increment abc 3-phase vector signal
when Mod = 0
Unbal Amount of unbalance, pu | fo Signal frequency
Usel abc Select no un-balance, or
type Ca, Cg, Or Cc
Synch_Dly | Delay threshold for
modulation toggle
Synch_Edge | Select Mod edge to
toggle between signal
modulation states
N1 cycles, | Number of cycles when
N2_cycles Mod =0/ 1, respectively
H Index of harmonic to add
AH, Ph_H | Amplitude and phase of
harmonic component
Block symbol: SigGen_3ph_Mod

F_mod Mod_Synch
et Mod
Phase

Usel_Oabc Cos

Synch_Dly

Sy nch_Edge Sin
N1_cycles
N2_cycles abc
AH

Ph_H fo

N A AN A A A AN A AN A AN
I

Internal schematic: next page
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SigGen_3ph_Mod — Internal schematic:

F_mod

:

PrcsnGen_3ph

L
> |

» Phase
P|fo Hz
Cos
Ph2
2JdF Cos :( 4 )
P_mod ‘ sin
[o] N s »(5
dAmpl2 £ PM " 'C)
>~ ExRs
A_mod [0} h Phase Harmonics_3ph
(€D, E——VAM P [Phase
m-; Square > @
g abc
Unbal
= > »|Ph_H b D)
=1 U
Co— N S . . <
b i
Ty i L
[0} =2 = »lub b =
Usel_Oabc c
(9 ) »[== Uc
H
@ AN
[©]
AH
(15 )
Ph_H
(16 )
Synch_Dly v
7= N2
e > >
T o
Synch_Edge 1/360
@ Mod
[(]e >
N1_cycles ‘!
(12 ) N1 4 Togg! » Mod_Synch
N2_cycles it
(13 ) 2 ~Toggl Pt
Counter
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A3

FILTERS

A.3.1 Controlled frequency single-phase quadrature signal generator/band/low-

pass filter
Name: QSG
Function: | Implements resonator-based quadrature signal generator / low-pass
/ band-pass / notch filter
Inputs: Outputs:
fo Filter center frequency I In-phase, band-pass output
K Filter K factor =2 Q Low-pass output, in
quadrature with input
In Single-phase input signal | Err Notch filter output
Block symbol: | Internal schematic:
" v
QSG
o 6%7:?:»%
2K Q @
Ain Err

f 0 —->inf

O—FF—

——-:—"

Err

D

A.3.2 Positive sequence filter (PSF)

Name: PSF
Function: | Implements resonator-based positive sequence filter
Inputs: Outputs:
fo Filter center frequency A+, B+ | Filtered af pos. seq. output
K Filter K factor
AB Quadrature-phase of8
input signal
Block symbol: | Internal schematic:
fo Hz ;'m
PSF
2ffoHz A+
2K A+
oA o —»CD)
2[B
B+
—>(D
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A.3.3 QSG-based Positive-Negative Sequence Calculation

Name: QSG-PNSC

Function: | Implements QSG-based positive-negative sequence calculation
Inputs: Outputs:
fo Filter center frequency A+, B+ | Positive seq. af signal
K Filter K factor Ampl+ Positive seq. amplitude
a,b,c Three-phase signals, un- | A-, B- Negative seq. af3 signal
balanced
Ampl- Negative seq. amplitude

Block symbol:

QSG_PNSC

2ffo A+

2K B+p

2la Q: 4

b Ampl+

sl Ampl-

Internal schematic:

167

Clarke QSG_A
a A ' 4 (] I
b 4 PNSC At
c B plfo Err N AT #@
P Q plia B+ p( 2
B A- B+
QSG_B B B-— = Ampl+
ST e
.l A-
p{fo Err
—————»(3 )
g - >
B-
> Ampl
>, s>
Py P




A.3.4 Positive-Negative Sequence Filter (PNSF)

Name: PNSF

Function: | Performs positive-negative sequence extraction

Inputs: Outputs:

fo Filter center frequency A+, B+ | Positive seq. afp signal

A B Three-phase signals, un- | Ampl+ Positive seq. amplitude
balanced

Kp Pos. seq. filter K factor A-, B- Negative seq. ofy signal

Kn Neg. seq. filter K factor | Ampl- Negative seq. amplitude

Block symbol: PNSF

A

Kp

Kn

foHz A+

B+
Ampl+
A-
B-
Ampl-

Internal schematic:

Kn

]
17
"
]
]

!
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G
1]
N
F
m,H|

!
1
:
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A.3.5 Frequency Adaptive Quadrature Signal Generator

Name: FAQSG
Function: | Performs quadrature signal generation, with low-pass, band-pass,
and notch filtering, while tracking input signal frequency
Inputs: Outputs:
fo Hz Filter center frequency I, Q In-phase and quadrature-
phase outputs
U Single-phase input Err =U-1
K Filter K factor f_est Estimated input signal
frequency
Ka Frequency estimation df_est Deviation of f_est from fo
adaptation gain
QxE Product of —Q and Err =
correction for freg. estimate
Block symbol: FAQSG
2lfo Hz I
2JU Err
< o
2|[Ka  df_est

Internal schematic:

U Qse |
O—f >
Q
e >
Err
« ’——bfo Err }
fo Hz f_est
»e% : >
df_est
>

e

s 1
= Sy

Ka IE‘ QxE
<D D
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A4 ADAPTIVE SYNCHRONOUS AMPLITUDE ESTIMATION

A.4.1 Single-Phase ASAE for Known Phase

NAME: ASAE_1ph

Function: | Estimates amplitude of single-phase, phase-synchronized, sinusoid

Inputs Outputs

fo Hz freg. in Hz; servesto set | U_est Estimate of input signal U
time scale for adaptation

Ref Ref. sinusoid, phase- Ampl Estimated amplitude
synch’d to input U

U input sinusoid with Err Estimate error
unknown amplitude

Ka Amplitude estimation
adaptation gain

Block symbol: | Internal schematic:

ASAE_1ph
2ffo Hz U_est
>IRef
lu Ampl
?IKa Err

By

@—r’lx —
Ka
Emr 1 Ampl U_est
> E|_> L > ]
7Y S o
(2 ) Err
Ref >
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A.4.2 Single-Phase ASAE for Unknown Phase

NAME: ASAE_1phU

Function: | Estimates amplitude of single-phase, frequency-synchronized,
sinusoid
Inputs Outputs
fo Hz freg. in Hz; sets time U est Estimate of input signal U
scale for adaptation
Ka Adaptation gain Ampl Estimated amplitude
C_ref Ref. cos, frequency- Err Estimate error
synch’d to input U
S_ref Ref. sin, frequency- Block symbol:
synch’d to input U ASAE_1phU
u Input sinusoid with oz | o,
unknown amplitude and Pea
2C_ref  Ampl
phase 2s_ret
slu Err

Internal schematic:

»
Ll
>
Ka
u Ac
Emr 1
CO—»E) z|—> : > | cest
AH —»
C_ref
«D,
D,
S_ref
T |As > o | Sest
X Y »

Ampl

—>CD

Err
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A.4.3 ASAE-based Harmonic Filter

NAME: HASAE PhU SAE_FN

Function: | ASAE-based harmonic estimation, with ASAE-based fundamental
notch pre-filtering
Inputs Outputs
fo Hz freg. in Hz; sets time U est Estimate of input signal U
scale for adaptation
K notch | K for notch filter H_est
H Harmonic index Ampl Estimated amplitude
K H K for harmonic filter Block symbol:
U Input HASAE_PhU_SAE_FN
2ffo Hz
sl H_est
2|Knotch
AKH A
AU
Internal schematic:
fo Hz
1>,
CO—r—>
H
ASAE_Notch
Lo ASAE_1phU H est
u {0 < —
Knotch —p Ampl —}
G O—» H_A
K_H
€D
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A.4.4 Single-Phase ASAE-based Quadrature Signal Generator

NAME: ASAEQG

Function: | Performs quadrature signal generation of single-phase input using
ASAE technique
Inputs Outputs
fo Hz freg. in Hz; sets time U est Estimate of input signal U
scale for adaptation
Ka Adaptation gain Uq_est -nt/2 shifted version of
U _est
C_ref Ref. cos, frequency- Ampl Estimated amplitude
synch’d to input U
S _ref Ref. sin, frequency- Block symbol:
synch’d to input U ASAEQG
U input sinusoid with AoHz | oo
unknown amplitude 2|Cref
dS_ref  Ampl
U
slka Ug_est
Internal schematic:
fo Hz
» mpl
O m< s
2 Err > e ] U_est
cOo—» @ x L = t;f .
C_ref —}7
D, g
G
S_ref _
_.>:|_> T 1 As —': x | S_est
X - »
S - Ug_est
o
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A.45 Discretized Single-Phase ASAE for Unknown Phase

NAME: ASAE_DT

Function: | Explicitly discretized version of ASAE_1phU

Inputs Outputs

fo Hz freg. in Hz; servesto set | U_est Estimate of input signal U
time scale for adaptation

Ts Sampling time Ampl Estimated amplitude

Ka Adaptation gain Err Estimate error

C_ref Ref. cos, frequency- Block symbol:
synch’d to input U ASAE_DT

S_ref Ref. sin, frequency- fomz -
synch’d to input U ; z B

U input sinusoid with slc_rer  AmPIp
unknown amplitude :szrer o

Internal schematic:

fo Hz E
l
Ts

€D,
Ka

U

: g:g Err

Ampl

C_ref
€D
D

S_ref
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A.4.6 Quadrature-Phase ASAE for Known Phase

Name: QASAE
Function: | ASAE-based quadrature signal amplitude estimation
Inputs: Outputs:
fo Hz freq. in Hz; serves to set | A_est Estimate of a input signal
time scale for adaptation
Ka Adaptation gain B_est Estimate of  input signal
C_ref Ref. cos, frequency- Ampl Estimated amplitude
synch’d to af3 inputs
S_ref Ref. sin, frequency- Block symbol:
synch’d to af inputs QASAE
A B o and B balanced Lo Aesp
quadrature components, olc_ref
with unknown amplitude Aforet B-eotp
A
; B Ampl p
Internal schematic:
A
CO—>( e
C_ref A est
S = H——
fo Hz X
! N amp
j®+ i ol s>
Ka N
€D, x
S_ref g > B_est
o i -
B
CO——>( )«
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A.4.7 ASAE-based Positive Sequence Filter

Name: ASAE_PSF

quadrature components,
with unknown amplitude

S_ref
A
B Ampl

2

2|Ka
2[C_ref
2

2

2

B_est

Function: | ASAE-based positive sequence filter

Inputs Outputs

fo Hz freq. in Hz; serves to set | A_est Estimate of a input signal
time scale for adaptation

Ka Adaptation gain B_est Estimate of  input signal

C_ref Ref. cos, frequency- Ampl Estimated amplitude
synch’d to af3 inputs

S_ref Ref. sin, frequency- Block symbol:
synch’d to af inputs ASAE_PSF

A B a and P balanced (017 Aest

Internal schematic:

< >
Em_A
= A
3 > _est
- ; 3 Frot+—o
y
1 [A_l
fole E}
Sl
%7 >
IZ} > Ampl
w [ Sl oD
S_ref
@O > ]
' U
2]
2( =
s
» Ly V_V\
—3« SO >
B Err_B B_est
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A.4.8 ASAE-based Positive-Negative Sequence Filter

Name: PNASAE

Function: | ASAE-based positive-negative sequence filter
Inputs Outputs
fo Hz freq. in Hz; serves to set | A+, B+ | Estimates of positive
time scale for adaptation sequence af} input
C Ref. cos, frequency- Ampl+ Estimated positive
synch’d to of} inputs sequence amplitude
S Ref. sin, frequency- A-, B- Estimates of negative
synch’d to of} inputs sequence af} input
Kp Positive sequence Ampl- Estimated negative
adaptation gain sequence amplitude
Kn Negative sequence Block symbol:
adaptation gain PNASAE
A B o and B balanced dJowe A
quadrature components, Lk &
with unknown amplitude o
b e
2

Internal schematic: next page.

177




PNASAE — Internal schematic:

CO—>( e @4—

A Emr_A

PR = : :

D

\A 4
x
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>
) 4

\A 4
X
<
F
[N L]
\A 4
L*]

Kp
€D, ‘;El—
( 1 ) ;%. Ampl+

fo Hz Mag [—p-(3 )

Nilises B
- !

Yy
< X

vy
x

vy
x
@‘
Y

2 &,

- B+

Kn __t X — A-

v

F

@
|w:;£iﬁ_jl'wr

__g X ?7 > Ampl-
1 L | ply Mag '""@
T
. | X ) 4 &
; X — B-
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AS

PHASE-LOCKED LOOPS

A.5.1 Frequency normalized P-1 controller

Pl

Kp

fo
In

Kp
Ks

VN N N

PI_out

Int_out

In

Ks

= L

Name: PI
Function: | Frequency normalized P-I controller
Inputs: Outputs:
fo Hz Nominal frequency P1_out P-I controller output
In Input Int_out P-I controller integrator
output
Kp Frequency normalized
proportional gain
Ks Freq. norm’d integral gain
Block symbol: Internal schematic:

PI_out

6

Int_out

(€D,

fo

]

A.5.2 Conventional single-phase PLL with unit magnitude 1-Q outputs

Name: PLL_1ph conv

Function: | Single-phase PLL
Inputs: Outputs:
fo Hz Nominal operating Ramp Unit magnitude, estimated
frequency phase angle
In Single-phase input signal | I, Q Estimated In-phase and
Quadrature, unit magnitude
sinusoidal outputs
Kp P-1 controller frequency | f_est Estimated frequency
normalized proportional
gain
Ks P-1 controller frequency | PD Phase detector output
normalized speed gain
Block symbol: | Internal schematic:
PLL_1ph_conv foCle> >
2ffo Hz Ramp p
slin | : L Pl
>Kp f_gsbt : In o ol ot
ks E pln -
3 »|Kp ) 4
@ ke Int_out —}@
Ks
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A.5.3 Conventional two-phase PLL with estimated positive sequence a+ and B+
outputs

Name: PLL_2ph conv

Function: | Estimates phase and positive sequence of input af signal
Inputs: Outputs:
fo Hz Nominal operating Ramp Estimated phase
frequency
A B Quadrature-phase of3 I, Q Unit magnitude quadrature
input signal signal
Ks P-1 controller frequency | A+, B+ | Estimated positive
normalized speed gain sequence
Kp P-I controller frequency | f_est Estimated frequency
normalized proportional
gain
PD d Estimated positive
sequence amplitude
PD g Phase detector q output
Block symbol: PLL_2ph_conv

fo Hz

A

2|
2|
28
2[Ks
2|

Kp

Ramp
|

Internal schematic:

@ Ramp
fo Hz »( 1)
A Park
Beta fo >
B 4l o PI_out :D
© |t > >
(5 ) »(<p f_?zst
:4 # ks Int_out #®
Ks PD_d
>
A+
3>
B+
L B[« >D
PD_q
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A.5.4 Single-phase Magnitude/Phase Locked Loop / Enhanced PLL

Name: MEPLL
Function: | Estimates phase, frequency, and amplitude of single-phase sinusoid
Inputs: Outputs:
fo Hz Nominal operating Ramp Estimated phase
frequency
U Single-phase input I, Q Estimated unit magnitude
quadrature signal
Ka Amplitude estimation U_est, Estimated input, and -n/2
adaptation gain Q_est shifted version
Ks PLL P-I controller A _est Estimated amplitude
proportional gain
Kp PLL P-I controller speed | f_est Estimated frequency
gain
Err Estimate error
QXxErr Q times estimate error =
phase detector output
Block symbol: MEPLL

fo Hz

U

2|

2|
2lKa
2IKs
2|

Kp

Ramp
|
Q

U_est
Q_est
A_est
f_est

Err
QxErr

Internal schematic:

U ; — U_est
* ~ X

@ > B ~>

x 1 _
o ; ] T o
a Q_est
fo Hz - I
(@, >, P _ Famp
o [ D

kY
o ) ml -

PI_out 1 sin (3

Kp ——KE < v L] ] — Q
@ g Int_out —}eh »(7)
(€D, g :Il et
Ks . QxErmr
(D

Ermr
D

1
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A.5.5 Conventional two-phase PLL-based Positive Sequence Filter

Name: PLL PSF

Function: | Implements a frequency-tracking positive sequence filter

Inputs: Outputs:

fo Hz Nominal operating Ramp Unit amplitude estimated
frequency phase

A B Quadrature-phase signal | A+, B+ | Estimated positive

sequence

Ka Amplitude estimation Ampl+ Estimated positive
adaptation gain sequence amplitude

Ks PLL P-I controller speed | f_est Estimated frequency
gain

Kp PLL P-I controller PD Phase detector q output
proportional gain

Block symbol: PLL_PSF

fo
A
B
Kp
Ks
Ka

NNV N N N N

Ramp
PD
A+
B+

Ampl+

f_est

Internal schematic:

A A+
OO &)
T B2 Ampl+
< = — 2&D)
| 1
@ B 3 >
a —
= x
.
P (+ l Ramp
l:ﬁ%f >
Park X0
P [Alpha Pl v
; Beta o g () e
4l . PI_out IC cos
Kp e T =
([€&D); »[<p V\ fest
t .
= s Int_out f~—=p(+ »( PGD )
* D
B B+
GO e ()
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A.5.6 Hybrid Negative Sequence Filter with PLL (H-NSF-PLL)

Name: H NSF PLL

Function: | Estimates positive sequence and phase, and negative sequence, of
two-phase un-balanced input
Inputs: Outputs:
fo Hz Nominal operating Ramp Unit amplitude estimated
frequency phase
A B Quadrature-phase signal | A+, B+ | Estimated positive
sequence
Ks PLL P-I controller speed | Ampl+ Estimated positive
gain sequence amplitude
Kp PLL P-I controller f est Estimated frequency
proportional gain
Kap Amplitude estimation A-, B- Estimated negative
adaptation gain for sequence
positive sequence
Kan Amp. estim. adaptation Ampl- Estimated negative
gain for neg. seq. sequence amplitude
PD g Phase detector q output
Block symbol: H_NSF_PLL
2|fo Hz Ramp
sla A+
B+
2B Ampl+
2Ks f_est
XKp A-
B
2|Kap Ampl-
2[Kan  PD_q

Internal schematic: next page
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H-NSF-PLL — Internal schematic

A
> e &
fo Hz 4
1 A+
6 X —p = »
» ; > >
}ft_ }51 Ramp
Park —-f ’-
F:Xos v
)————p»|Apha [ | Pl 2pi Ampl+
——p»|Beta fo e >
i PI_out -——}- L B+
i
Kp po  ° 1" - L[ sn p| ¥ »(3)
( 5 ) > Kp V\ IC
- ols Int_out --}EJ >
Ks -
PD_q
(9 )
A 4
2*pi
» A-
45—'%:&% >
Kan Ampl-
- < >
v -
1
30— I
B
EO—>(e e
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A5.7 Hybrid Negative ASAE with PLL (H-NSASAE-PLL)

Name: H_NSASAE PLL

Function: | Estimates positive sequence and phase, and negative sequence, of
two-phase un-balanced input, using ASAE technique
Inputs: Outputs:
fo Hz Nominal operating Ramp+ Unit amplitude estimated
frequency phase of positive sequence
A B Quadrature-phase signal | A+, B+ | Estimated positive
sequence
Ks PLL P-I controller speed | Ampl+ Estimated positive
gain sequence amplitude
Kp PLL P-I controller f est Estimated frequency
proportional gain
Kap Amplitude estimation A-, B- Estimated negative
adaptation gain for sequence
positive sequence
Kan Amp. estim. adaptation Ampl- Estimated negative
gain for neg. seq. sequence amplitude
PD g Phase detector q output
Block symbol: H_NSASAE_PLL
2ffo Hz Ramp+ p
2|A PD_q
N o
2IKs Ampl+
p ot
>[Kap Ampl-
slkan f_estp

Internal schematic: next page
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H-NSASAE-PLL — Internal schematic
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A.5.8 PLLs Under Test

Name: PLLs UNDER_TEST

Function: | This block collects together various PLL blocks for evaluation, for
convenient run-time selection.
Inputs: Outputs:
PLL_sel | Numerical value to select
one of the PLL blocks
fo Hz Nominal operating Phase Unit amplitude estimated
frequency phase of positive sequence
A B Quadrature-phase signal | PD Phase detector q output
Kp PLL P-I controller A+, B+ | Estimated positive
proportional gain sequence
Ks PLL P-I controller speed | Ampl+ Estimated positive
gain sequence amplitude
Kn Amplitude estimation dfn Estimated frequency
adaptation gain for neg. deviation from fo, as a
seq. filter fraction of fo
Ka Amp. estim. adaptation A-, B- Estimated negative
gain for pos. seq. sequence
K _PLL Multiplicative factor for | Ampl- Estimated negative
Ks, Kn, and Ka sequence amplitude
default =1
f est Estimated frequency
Block symbol: PLLs UNDER_TEST

PLL_sel
fo Hz

2
2
2
2
2[Kp
2
2
2
2

Phase
PD

>
>
>
>
>
>
>
>
>
>

Internal schematic: next page
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PLLs UNDER_TEST - Internal schematic

K_PLL

;

PLL_sel

PLL 0 - TRANSPARENT TEST

Merge

Ramp
Ph_err

Ampl-
f_est

YYVIYVVIYY

A4

Phase
Ph_err

Ampl-
f_est

YYVIVYVIYY

|-
»
Ampl-
=D
f_est
» | e

PLL5-H_NSAE_PLL - OK

Phase
Ph_err
A+

B+
Ampl+
dfn

A-

B-
Ampl-
f_est

YYVIYYYIYY

Plfo Hz Phase f—p»]
> Ph_err f—»|
»B A+f—p]
»[<p B+f—p
o s Ampl+ f—p|
e P-lampl_N dfn f—p»]
P[K_res A-f—p|
SwitchCase »lk A s |—p PLL1-PLL_1ph_Std - OK
P{FLL / ~F_est  Ampl- f—»| fo Hz
P[Rst  action f_estf—P> A
? B
case[0]: Kp
o Ks
el IAmpl_N
K_res
PLL 2 - PLL_2ph_Std - OK K A
Pplfo Hz Phase |—p»| FLL / ~F_est
» Ph_err f—p»| Rst Action
. (oY
case[1]: Ll d A+
»|Kp B+ [—P F
| Ampl+ f—p»
e P[Ampl_N dfn f—p|
P |K_res A-—P
A 8 —p PLL 3 -PSF_PLL - OK
P|FLL / ~F_est  Ampl- |—P» {0 Hz
»lrst
case[2]: —| P RSt case: {} f_est f—p»| :
_______—————j —»[Kp
N g
7P |Ampl_N
| _res
PLL 4 - H_NSF_PLL - OK >l a
|- (=] ~
case [3]: P-|fo Hz Phase [~ P|FLL / ~F_est
> Ph_err > RSt Action
B A+ |—p»! ?
»|Kp B+ —p»|
»|Ks Ampl+ f—p»]
—» P |Ampl_N dfn f—p»|
P[Kn A-—p
|
case[4]: »Ka B-[—P|
P|FLL / ~F_est  Ampl- —P»] fo Hz
PRst  case: {y foest —> A
% X
Kp
Ks
|-
v Ampl_N
case[5]: Kan
Kap
FLL/ ~F_est
Rst Action

%
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APPENDIX B — dSPACE CONTROLDESK OPERATION

This appendix presents a brief guideline to operating the Simulink PLL test
program on the dSPACE DS1104 platform, under control of the ControlDesk
program.

A) PROGRAM EXECUTION

@lm

2]
1)  Start ControlDesk, either via it's icon (EEEEEEES) on the desk top, or from

Windows' Start menu, in the dSPACE Tools folder, which should normally

open up a window as shown below. If the Navigator pane is not visible to
the left side, as seen below, then press ALT-1 (or select View on the top
main menu bar, and select Activate Navigator), and likewise, if the Tool
Window does not appear at the bottom, then press ALT-2 (or select View on

the top main menu bar, and select Activate Tool Window).

%7 ControlDesk Developer Version

File Edit View Tools Experiment Instrumentation Platform  CAN  Window Help

Jjwzi@u\aevai\:gtg.!||w?|ﬂ':s_<a||jjm.ﬁ.=.\|§i\”h&|- YEEE

& == 0 ]
x| [Framewiork: Initializing SCOUT.Component A
|Platfoim: Connecting to the bus .. b |
Platfarm: ... completed.
Platfarm: Establishing the connection
Frameworl: Initishizing TrcParser.Component §|
Framewark: Initizlizing Bustanager. Compaonent =
~|
FATATFTHIT Log Viewer & Irterpreter A_File Selector /-
For Help, pressF1, EDIT | [ | |5/27f2010 [15:14 A
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2)

3)

At the bottom of the Navigator Pane are four tabs; select the Platform tab
(third, green rectangle), which should present a list of available platforms,
including the Simulink and DS1104 choices, as shown below. The platform

on which the program is to execute will be selected next.

==

L Simulink

- Local System

PagEr ds1104

In the Tool Window at the bottom, select the File Selector tab, as shown
below, and navigate to the drive and folder where the program sdf file is

located, and locate the executable file PLL_Tests_x1.sdf.

[S1ES

-3 _PLL_TESTS | | Name [ Size [ Type | Modified [
(3 cHDsk 8] PIl_tests_1.sdf 178B... sdifile 02/02/2010 16:12
(0 PLL_tests_u1_rti1104 ] P tests_s1_112md BOZKE  mdl fle 114302009 21:16
[ Resulls_Hyb PLL_NSGI 8] PILtests_x1_113mdl BOZKE  mdifle 12/23/2009 21:02
=-0 S.ITH,. v |[#] PI_tests_1_1142.mdl BIGKE  mdifle 12/23/2009 21:54

4)

5)

6)

o (Tmonn C ine, =
[ TP TP, Log viewer Ay Interpreter A File Selector £ z:l_work\_devi_pl testspll fests_<T.sf 7

Click once on the PLL_Tests_x1.sdf file, and drag it to, and drop it on, the
ds1104 platform in the Navigator pane, which effectively loads the program
onto the DS1104 platform, and should start executing it.

Close the Navigator and Tool Window panes, by clicking on the small close
buttons (H); if necessary, these can later be re-opened by pressing ALT-1
and ALT-2, respectively.

The program execution can be monitored and controlled in real time via a
so-called experiment, which consists of a user-designed control panel, as
shown below. Open the PLL tests experiment from the main top menu bar:
select FILE, then Open Experiment (or press CTRL-SHIFT-O), and browse
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as necessary to locate and select the file PLL _tests_x2.cdx; re-size the main
ControlDesk window as necessary, to appear as shown in the partial display
below. The experiment is not yet running, and must be switched to
Animation Mode: from the main menu bar, select Instrumentation, then

select Animation Mode (or press F5).

PLL_TESTS_x2.CDX v1.23 [SIMULINK|  opg Step Time |CPULOAD %|Sig Gen | PLL
with PLL_Tests_x2.Lay |MPL VER.| soLVER on | Reset
for PLL_Tests_x1.mdl 1.205 1 100E-006 83 ¥ oow [T
T DAC SIGNALS: SET SCOPE CHANSs = 5V/div. SEE SCALES BELOW
~ Amplitude step amount _PLL type 1,2 - Clarke A & B OUT ==> TO ADC 5 & 6 TO PLL A & B INPUTS
- Phase step amount - PLL parameters 3,4 - SOURCE A-B ORPLL A+ B+ OUT
- Frequency step amount - DAC § signal and gain 5 -NA
- Unbalance wrt A, B, C, amount 6,7,8 - SELECT: (1) Ampl+: 5V /pu (2) Ampl-: 1V /0.1pu
- Harmonic: ampl and phase (3) Frq Dev: 5\ / 10Hz (4) Ph+: 5V 2pi rad
- N1 and N2 cycles for steps - Scope trigger delay (5) dfn: 1V /0.171 (6) PLL A- (7) PLL B- (8,9) PLL A+, B+
- Save one shot of signals to CSV file (10) Ph @ src (11-12) PLL A B in (13) Harm Ampl
SYNCH N1 CYCLES N2 CYCLES HARMONIC Harmonic Filter K H-Ph
DELAY [ I : eaagguosguosggesaggeuagg 5
Frm— | Fu— 0C 56 TEMCEOTC | gy o s o ok |45
-350 5 10 15 20 |5 10 15 20 I ] " " "HARMONIC SRC " }| H [Harmonic
;ggg F1Hz [F2Hz|": R g b ogenegan oD oo A+ ¢ Ph+i| 5 | 0.302
2250\~ FREQ STEP - - s = :
_‘1223 60 < 70} I I PLL INPUT DACs3 &4
: e | DAC >AD->PLL Src AB or
2100 AMPL - Ampl Step - -100 0 100  DIRECT ~EL e
— B e UNBALANCE
-0 1) 02 04 |nonet U.AC UB¢ UcCc | SAMPLED VALUES ON / or | SYNCHEDGE
Phase Ste|
| — Phase () - ¥ SYNCEDGE [F est/ [F est\ [Ampl+ [Ampl-
v Synch [~ 25 T
Edge | SteP old A& | 0402 0 ozo4os0s 1 |CHEV] 60 | 63 [1.01 |0.04

DAC 6 SIGNAL |DAC 7 SIGNAL |DAC 8 SIGNAL
Scope: 5\Vidiv | Scope: 5\idiv | Scope: 5Vidiv

PLL PARAMETERS C 1L.AMPL+ | 1.AMPL+ | (" 1. AMPL+
" 2AMPL- | 2 AMPL- | (" 2. AMPL-
(" 3.FreqDev | (" 3.FreqDev | " 3. FreqDew
PLLTYPE| 5 |KPLL| HKa = Kp b 4, PHASE+ | 4.PHASE+ | (+ 4 PHASE+
" 5. din+ " & dfn+ i 5 dfn+
Transparent © |[p=2 |pw:2 |pm:2 =3 g2 " 6.PLLA- |( 6.PLLA- | 6.PLLA-
1.ph Conventl s25 (B2 5 (215 I 225 | i s " T.PLLB " T.PLLB " T.PLLB
-2 : : -2 : (" 8.PLLA+ |( 8 PLLA+ |( 8.PLLA+
2-ph Convent’l =15 N = A — R = bl " 9.PLLB+ |{ 9.PLLB+ |{ 9.PLLB+
=R S S -1 S " 10. Ph Src i~ 10. Ph Src " 10. Ph Src
1 : 05 05 : 05
PSE-PLL O I—‘_-D_s : : ’—‘_-0.5 : 1.4 in 1.4 In 1.4 in
H-NSF-PLL =- ’ ; + 12.B in " 12.B in " 12.B in
(" 13. AH (Sel) | ("~ 13. AH (Sel) | (" 13. AH (Sel)
HNSASAEPLL® | 1.0 (0.02(1.00|1.42|1.00 (" 14.dPhase | (* 14.dPhase | {* 14, dPhase

It may also be necessary to re-position the Capture Settings window, to
appear within the frame of the main program panel, as suggested by the
message “IF CAPTURE SETTINGS ...”, as shown below. Note that the
Capture Settings window is in fact a separate entity, not docked to the main
window, and depending on previous session operation, it may not appear. It
can be opened from the main menu, via View, and then selecting Capture

Settings Window.
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Capture Settings Window {ds1104 - pll_tests_x1) [X]

| =

| Start | | Settings... |

P-!-Qg 0% Length 013

[ Auto Bepeat Downgampling 1 3:
Trigger Signal

W On/Of £

Level 1 Delay -0.02
|Model Root/Mod_Synch

Reference Capture Capture Variables

Take || Sam.. B o4of014
' PPC - pll_tests_x1 - HostService /

ANMAAAAAANAAAAANAAANAANANAA

IF CAPTURE SETTINGS
WINDOW DOES NOT APPEAR,
CHECK: MAIN MENU > VIEW >

CONTROLBARS >
Capture Settings Window

B) PROGRAM OPERATION

The overall program layout and operation can be briefly summarized as follows.

Refer to chapter 4 for further details.

7)  The top left corner presents some general information, including:

Vi.

names of related ControlDesk experiment, ControlDesk layout, and
Simulink files

Simulink program file version number

which Simulink solver was used to compile the program

run time relative CPU loading, which serves more as a guide as a
program grows in complexity

a very brief summary of user controls

a summary of signals output to the DS1104 DAC's for observation

8) The test signal generator operation can be controlled by the user via the

following parameters:
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9)

Vi.

Vili.

viii.

N1 and N2: these select the duration, in cycles at F1 and F2, for each
switching state of the selected signal modulations. For example, the
frequency switching can be enabled, via FREQ STEP, below, to
switch between 60 Hz for 10 cycles, and 70 Hz for 8 cycles;

FREQ STEP: selects frequency switching on or off, to switch
between F1 and F2 Hz;

AMPL STEP: selects amplitude switching on or off, to switch
between 1 and 1+Ampl2, for example between 1 and 1.5 pu;

Phase Step: selects phase stepping on or off, to switch between 0 and
the indicated value, in degrees;

HARMONIC: select which harmonic to switch on and off, and
adjust the selected harmonic amplitude with the slider control; select
0 to disable harmonics;

UNBALANCE: select the type of un-balance to introduce; for
example U-A selects unbalance type Ca, which alternates between 0
and an amount corresponding to phase A amplitude = 1 + value
selected with the slider; phases B and C change accordingly to
maintain a zero sequence amplitude equal to 0;

SYNCH DELAY: allows to adjust at which angle within a cycle that
the selected parameters switching is to occur; for example, at a value
of 0.2, the frequency will switch after N1 and N2 cycles when the
phase crosses 0.2 cycle, i.e. 72°%

Synch Edge: selects the phase relation between the modulation
switching and the trigger signal sent to the digital output pin O for
scope triggering; this allows to select which transient response to

observe on an oscilloscope.

The PLL parameters can be selected as follows:

select PLL type for testing

the main PLL parameters consist of:
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10)

11)

12)

a. Ka: the positive sequence adaptive amplitude gain and
bandwidth

b. Ks: the positive sequence PLL frequency tracking bandwidth

c. Kp: the positive sequence PLL proportional gain

d. Kn: the negative sequence adaptive amplitude gain and
bandwidth

e. K _PLL: adjusts together parameters Ka, Ks, and Kn, to change
the common speed of response, or "time scale”, and bandwidth,
of the PLL

Input and output signals: the actual PLL input signals can be selected from:

I. ADC inputs 1 and 2, which can be connected either to a physical
signal, or to DAC outputs 1 and 2, respectively, which produce the
internal signal generator's a and 3 signals, or

ii. the internal signal generator, directly without going through the
DAC-ADC connection; this is useful for verifying that all is
operating properly:

iii. any three of various internal signals of interest can be selected for

output via DAC outputs 6-8 for observation:

The steady state values of certain signals of interest (ex. PLL estimated
frequency, or positive or negative sequence amplitude, or harmonic level)
can be sampled just before the step in modulation, i.e. on the rising or falling
edge of the modulation control signal. It is important allow a suitable
duration, via N1 and N2, for the signals to settle after their transients,
especially for lower values of Ka, Ks, and Kn, which result in slower

convergence.

The selected harmonic component added to the generated signal for

distortion:
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i. can be observed by it's amplitude, either at (a) the o input of the PLL, or
(b) at it's a output; this can serve to measure the rate of attenuation of
any harmonic component from input to output;

Ii. can be sampled on either the rising or falling edge of the modulation
control signal,

iii. is first processed by a band-pass filter with user-adjustable bandwidth,
via it's K factor, adjustable from 0.01 to 0.2; for this reason, as
mentioned above, N1 and N2 should be adjusted to allow adequate

transient settling time, especially for low values of K.
C) DATA ACQISITION

Because of constraints on CPU resources, not all analyses of interest can be
implemented in real time. Thus, it may become necessary to record various
signals of interest to disk for subsequent analysis, such as with Matlab. For this
purpose, ControlDesk provides a capability for signal capture, which is

configured via the Capture Settings Window, shown below.

Capture Settings Window {ds1104 - pll_tests_x=1) [¥]

| =

| Start | Setlings... ‘

F!-»-Q-a 0% Length 013

[ Auto Bepeat Downzampling 1 EI:
Trigger Signal

v On/Oif £|

Level 1 Delay 002
[Model Root/Mad_Synch

Feference Capture Capture Y ariables
Toke | sawe. | B o14cton

" PPG - pll_tests_x1 - HostService /

1) Click on the Settings button, and then select the Capture Variables tab; a list

of variables should appear as show below:
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dSPACE CaptureSettings Control Properties

Capture  CaptureVariables l Trigger] Acquisition] Details]
| R | “WariableMame | Tupe ~
|7 A+ Float|leesE4Ptr
WA FloatigeeB4Ptr
M an FloatleeeB4Pt :
M A sic FloatleesE4Ptr
¥ &mpl+ FloatleesE4Ptr
~ Anpl- FloatleesBaPtr
¥ B+ FloatleesB4Ptr b
< | &

2) A file name must be specified in which to save the signals: select the
Acquisition tab, and then check the Autosave selection, and then specify a
file name, with extension .CSV (Comma Separated Variables), which is

compatible with Excel, and suitable for input to Matlab.

Capture | CaptureVariables | Trigger Acquisition IDelails|

" Simple

* Autosave Itests\(esu]ts_hyb_pll_nsgi\hpllnsgi_p_1c.csv E

Select a file for the simple capture

Savein: | ) Results_Hyb_PLL_NSGI ~| - @ ek E

{0 _CR2(3) Results_Hyb PLL_NSGL E4JHPLLNSGL P_tb.csv
rﬁ] _Results_Templ.csy |l_-ih]PLL_Lines_l__Z.csv
[ HPLLNSGL_F _1a.csv

l_é_a] HPLLNSGI_F_1b.csv

[EHPLLNSGE_F_tc.csv

[EHPLLNSGI_P_ta.csv

File name: ]H PLLNSGI_P 1c.csv Save I
Save astype: |Comma Separated Value (*.csv) ~| Cancel

3) The signals can be stored to the above-named file upon specified conditions,
such as a trigger event, and for a limited record, as specified by selecting the
Capture tab, as shown below:

4)  Subsequently, as the program is running, at any time, the Start button can be
pressed, to cause one data record to be saved to disk.
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5)

Start Settings...

dSPACE CaptureSettings Control Properties

Capture ICapkuteVariabIes] Triggerl Acquisitionl Delails]

Capturel- H arvice _]

I™ Auto Repeat Take Capture J Save Capture... I
I Auto start with animation

V' Use Timestamping

Interval-

Length 013 I 8Urchier
Downsampling 1 :::I i

0K I Cancel aTalll] Help

Finally, depending on the data resolution required, such as for subsequent
plotting, it may be determined that not all data samples need be recorded to
disk, such that the data may be downsampled. For example, whereas the
model runs at 10 KHz, and thus generates data samples every 100 uSec.,
with the Downsampling parameter set to 2, only every second sample of

every selected signal will be recorded to disk.

197



