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Abstract

In this paper, the Fourier-based PLL (Phase-locked Loop) is introduced with a new structure, capable of selective harmonic
detection in single and three-phase systems. The application of the FB-PLL to harmonic detection is discussed and a new model
applicable to three-phase systems is introduced. An analysis of the convergence of the FB-PLL based on a linear model is presented.
Simulation and experimental results are included for performance analysis and to support the theoretical development. The
decomposition of an input signal in its harmonic components using the Fourier theory is based on previous knowledge of the signal
fundamental frequency, which cannot be easily implemented with input signals with varying frequencies or subjected to phase-angle
jumps. In this scenario, the main contribution of this paper is the association of a phase-locked loop system, with a harmonic
decomposition and reconstruction method, based on the well-established Fourier theory, to allow for the tracking of the fundamental
component and desired harmonics from distorted input signals with a varying frequency, amplitude and phase-angle. The application
of the proposed technique in three-phase systems is supported by results obtained under unbalanced and voltage sag conditions.
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I. INTRODUCTION

Shunt and series active filters are important alternatives for
compensating the harmonic currents and voltages produced by
nonlinear loads. For compensation purposes, a harmonic
detection algorithm is expected to supply an estimation of the
magnitude, frequency and phase angle of each individual
harmonic component. Several techniques and algorithms have
been proposed for harmonic detection in active power filtering
[1]-[14].

Previous papers on harmonic detection methods differ in
terms of their conclusions and recommendations. In [4]
Recursive Discrete Fourier Transform (RDFT), Kalman Filter
and Instantaneous Reactive Power [5] methods were presented.
In [6], the Phase Locked Loop, RDFT and Discrete Kalman
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Filtering (KFD) methods were compared. Finally, several
alternatives were discussed in [7]. These include the adaptive
notch filter (ANF), the theory of instantaneous reactive power,
synchronous reference, sinusoidal subtraction and the fast
Fourier transform. The advantages of each of these methods
vary in terms of dynamic response, accuracy, complexity,
computational cost, etc.

This paper introduces a new application of the Fourier Based
— Phase Locked Loop (FB-PLL) for selective harmonic
detection. In a previous paper [8], the FB-PLL was shown to be
restricted to the estimation of the fundamental frequency
component of three-phase systems. In the present paper, its
structure is expanded to allow for harmonic detection in single
and three-phase systems. Compared to other methods, the
FB-PLL has the advantages of a fast response and simple
implementation. It is shown that if the orders of the harmonics
in the signal are known, further simplification is possible.

II. PRINCIPLES OF THE FOURIER-BASED PLL

The Fourier Based — PLL (FB-PLL) introduced in [8], is an
algorithm based on the Fourier series which is suitable for
single-phase systems. An extended version of this PLL
algorithm is presented here, covering harmonic estimation in
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single-phase and three-phase systems. In this expanded
technique, the Fourier series is used as a tool to allow for the
reconstruction of the fundamental frequency of an input
signal or any of its harmonic components [9].

It is known that any periodic signal x(t) can be represented
by an infinite sum of complex exponential functions, as long
as the following conditions are met:

(i) x() must be absolutely integrable in any period;

(i) in any finite time interval, x(z) should have only limited
variations;

(iii) in any time interval, there is only a finite number of
discontinuities.

Mathematically, the Fourier series is defined by (1):

a0+z (a cos(nawyt)+b, sm(na)ot)) ey

where:
1
a, :Foi;x(t)dt @
a, =£Ix(t)cos(na)0t)dt 3)
T,
=—I )sin (naw,t)dt 4)
T, T,

where a, is the average value of x(?), and a, and b, represent
the amplitude of the cosine and sine components of the n”
harmonic of the periodic signal x(2).

Basically, the Fourier coefficients in (3) to (4) consist of
two times the average value of the input signal multiplied by
another signal with the frequency of the harmonic of interest
and with the magnitude set to one. This interpretation of the
Fourier coefficients suggests that the amplitude of the n”
harmonic can be computed dynamically.

The main idea of the FB-PLL is the dynamic computation
of the Fourier coefficients through a low-pass filters (LPF).
To better explain the expanded FB-PLL principle, assume a

sinusoidal signal vy?) containing several harmonic
components (5):
ve()= Y. V, cos(not+g,) (&)

n=1,2,..N

where ¥, and ¢, are amplitude and phase of the n” harmonic
component, and N is the highest order harmonic component
used to represent v,(2).

Suppose that the fundamental frequency of v,(#) is known,
and the amplitude and phase of each of the harmonic
components are to be estimated. The first step in the
harmonic estimation is the multiplication of vy(?) by two
sinusoidal signals, in quadrature with each other, where both
are at the specific harmonic frequency (6), (7):

n

v, (1) =cos(Hat )x ( V, cos(nwt + ¢, )] (6)
n=1,2,..N

v, (1) =sin(Haort) [ > Vcos(na)t+¢)j (7)

n=1,2,..N

where H is the harmonic order of interest and the sub-indexes
is and ic stand for the integrand multiplied by the sine or
cosine terms.

From (7) and (8) and collecting the terms at the harmonic
order of interest:

V(1) = cos(Hat)xV, cos(Hwt + ¢, )+

®)
...cos(Ha)t)x[ > Vncos(na)t+¢n)j
n=1,2, . H-1,H+,.N
v, (1) =sin(Hwt)xV,, cos(Hot + ¢, )+
©)

...sin(Ha)t)x[ >

n=1,2,. . H-1,H+1..N

V, cos(nwt + ¢, )]

In (8) and (9), the term Vycos(Hwt+¢y) can be substituted
by aycos(Hwt) +bysin(Hwt), leading to (10), (11):

v ()= cos(Ha)t)x(aH cos(Hat)+b, sin(Ha)t))+
(10)
...cos(Ha)t)x[

V, cos(not +¢,)
n=1,2,..H-1,H+l,..N

v, ()= sin(Ha)t)x(aH cos(Hat)+b, sin(Ha)t))+

(1
...Sin(Ha)t)x[

V, cos(nwt + ¢, )J

n=12,.H-1,H+1,..N

Applying the properties of trigonometric functions, it can
be shown that:

V(1) =

...cos(Ha)t)x[ >

n=1,2,..H-1,H+l,..N

(1 +cos(2Ha)t))+b—Hsin(2Ha)t) +
2 (12)
V, cos(nawt+¢, ))

v, (1) ==L (1-cos(2Hwt)) +a7Hsin(2Hwt) +

_H
2

...sin(Ha)t)x( 3

n=1,2,. H-1,H+1,.N

v, cos(na)t+¢n)j (13)

From equations (12) and (13), it can be seen that v,.(¢) and
vis(t) have dc components with magnitudes of a;/2 and by/2,
respectively. Therefore, the amplitudes ay and by, of signals
vi(t) and v;.(?) can be obtained through a Low Pass Filter
(LPF). These two signals can be divided into two components,
dc and ac, as follows:
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where V,, denotes the dc component and ﬁic denotes the ac
component of v;.. Thus Z =aq, /2 and v_m =b, /2. Theac

components are:

Vie = %’cos(2Ha)t)+b7Hsin(2Ha)t)+...

(16)
...cos(Ha)t)x( > v, cos(nawt+¢, )J
n=1,2, . H-1,H+1,.N
~ b a, .
vis =——Lcos(2Hwt ) +—LLsin(2Hwt ) + ...

...sin(Ha)t)x( >

n=1,2, . H-1,H+1,.N

V, cos(not + ¢, )j

Equations (16-17), show that the signals \:I.C and \:is

have components with twice the frequency of the harmonic of
interest, and the amplitudes of these components are a;/2 or
by/2. Assuming that these amplitudes are estimated by the
filtering signals v,(z) and v,(?), it is then possible to
reconstruct the components in v;. and v, with a frequency of
2Hw. These reconstructed signals can be used in a feedback
loop to reduce the amplitude of the components at a
frequency of 2Hw, thus improving the filtering. This process
is presented here in a structure that comprises Eqs. (6-17),
referred to as the denominated Dynamical Fourier Analysis
(DFA). Note that the term —by/2cos(2Hwt) shows up in the
block diagram as a positive feedback (as shown in fig. 1),
since its signal in eq. (17) is negative.

In order to eliminate the other harmonic components (n =
1,2,...H-1,H+1,...N), it is proposed that the DFA be used for
each harmonic of interest and the estimated values should be
subtracted to obtain a clean input for the respective DFA
block. The estimated signals are reconstructed using the
Original Signal Reconstruction block (OSR). A DFA block in
series with an OSR block is the denominated Dynamic
Fourier Synthesis (DFS).

The DFA block is illustrated in fig. 1 (a). Fig. 1 (b) shows
the OSR block used to build the estimated harmonic
component with the amplitude and phase information. To
obtain the frequency component of interest, sine and cosine
multiplications are required. The generation of these two
signals requires phase information, which is estimated using a
Phase Detector (PD). This is typical of many PLL methods
[2]-[14], as shown in fig. 2.

The Fourier synthesis is performed using the sum of all
the estimated components, i.e. the output of each OSR, as
shown in fig. 3. Each DFA and OSR pair is set for a specific

9

n
sin
cos
an
-
Ven |
by
2t

=0
Sin

(b)

Fig. 1. (a) Dynamic Fourier analysis (DFA); (b) Original Signal
Reconstruction (OSR).

harmonic. To provide a clean signal for each DFA analysis,
the output of the other harmonics OSRs are subtracted from
the input signal, giving each DFA a clean signal denoted as
Ven, where n stands for the harmonic order.

It is important to point out that the FB-PLL structure
drawn in fig. 3 includes only the 1%, 3™ and 5™ harmonics for
a single-phase distorted input. However, the structure can be
expanded, for example to the 7" harmonic by adding another
DFA/OSR pair, set for this frequency. The number and order
of the harmonics to be extracted from the input signal is
defined based on the application requirements.

Fig. 1(a) shows that the input signal is multiplied by
sine/cosine signals before it is fed to a dynamic average
calculator. The average value of these multiplications is
extracted with a LPF, implemented in the frequency domain
using eq. (18) and a nonlinear feedback.

1
7s+1

LPF = (18)

The sine and cosine terms with doubled frequency act as
non-linear feedback gains to ecliminate the alternate
components. Phase 6’ is obtained through a phase detector,
based on a PI controller that uses the error between the
estimated signal and the input signal to calculate the
fundamental frequency. Gain n defines which harmonic will
be analyzed. As outputs, for each harmonic component, the
coefficients @, and b,, shown in eq. (1), (3) and (4), are
expected.
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Fig. 2. Phase detector schematic diagram.

With phases and harmonic magnitudes available, the
OSRs output the terms in the Fourier Series, taking a,, b,and
angle 6’ as input parameters. Gain 7 is also used to define the
harmonic order in the OSR block.

Fig.2 illustrates a schematic diagram of the phase detector
used to estimate the phase angle of the fundamental
component. Signal V;is the input after the removal of all the
harmonic content considered in the algorithm, while a, is the
amplitude of the fundamental component. Using these two
signals, the algorithm calculates the phase error, defined by
eq. (19), which is taken as the input of the P/ controller.
When the FB-PLL algorithm converges (a;cos(0')%V¢;), the

error tends to zero.
e:%sin(2t9')—VC1 sin(6") 19

The output of the PI block added to the initial value
defined for the angular frequency is the estimated
fundamental frequency value (w'). An integrator transforms
®' in the estimated phase angle (6").

III. DESIGN OF THE PHASE DETECTOR

In this section, the design of the parameters of the FB-PLL is
briefly explained. Basically, these parameters are the
proportional gain (K,), the integral gain (K;) and the time
constant (7) of the first order LPF. The design procedure is
based on [11], in which a linear model was introduced to
represent the phase detection algorithm.

Fig. 4 (a) shows a linear model of the phase detector. In this
model, the actual phase is the input and the estimated phase is
the output. The error applied to the PI controller is the phase
error multiplied by the input amplitude, which corresponds to
the frequency estimation. Integrating the frequency estimation,
one obtains the estimated phase.

The transfer functions relating the phase and the phase error
with the input signal are given as:

©'(s) _ Vp(Kps+K;) 20)
O(s) s +V,K,s+V,K,

and:

E(S): S2 (21)
O(s) s +V,K,s+V,K,

V. Phase
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Fig. 3. Fourier Based PLL block diagram considering 1%, 3™ and
5™ harmonic components.
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Fig. 4. Phase Detector models: (a) equivalent linear model, (b)
actual nonlinear model.

Since this is a second order system, it can be stated that the
damping coefficient () and the cutting frequency (wc) are

given by:
=K |V 22)
2 K,

w. =KV, (23)

Since the linear model of the phase detector is a second order
system, its minimum cost for transient settling is achieved
when the coefficient & is equal V2 [11]. Based on the latter
reference, the frequency w. is considered to be 2.5 times
smaller than the input frequency. Finally, the chosen values for
wc and &, assuming a system with a 180V amplitude and a
60Hz fundamental frequency, are presented in Table I. The
chosen time constant 7 is also presented in the same table. All

and:

of the simulations and experimental results included in this
paper consider the parameters set to the values pointed out in
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TABLEI
GAINS APPLIED IN THE FB-PLL.
Parameter Value Unit
K, 126.33 rad/V
Ky 2.36 rad/Vs
TPF) 23.60 ms

Table L.

In order to make a comparison between the linear and the
actual nonlinear phase detector models, shown in fig. 4 (b),
simulations of both models were made considering the
parameters in Table I. The response of the linear and the
nonlinear models of the systems are presented in fig. 5, (a) and
(b), respectively. These figures show the xy plot of the
estimated frequency as a function of the phase error for several
initial phase values (-m, -w/2, 0, +m/2 and +m), which are
represented by circles.

As it can be seen, both systems converge, reaching 377rad/s
and zero phase error. In addition, although nonlinear in nature,
the actual PD converges faster and with a smaller error than the
linear model.

Another parameter of concern is the first order LPF time
constant 7. The use of a 1% order LPF is not sufficient to
completely eliminate the oscillatory components resultant from
the sine and cosine multiplications. Therefore, the ac
component is actually eliminated by a nonlinear feedback
action, as explained previously.

IV. SIMULATION RESULTS FOR SINGLE PHASE
SYSTEMS

This section presents the performance of the single-phase
FB-PLL for the fundamental frequency tracking capability
and harmonic decomposition performance.

A.  Tracking Capability

This simulation illustrates the tracking response
characteristics of the FB-PLL. For this simulation, an input
signal containing 1p.u. of fundamental frequency (60Hz),
0.2p.u. of the fifth harmonic and 0.3p.u. of the seventh
harmonic was used. The amplitude of the fundamental
component of the signal was set to 180V. Fig. 6 shows the
tracking performance for the fundamental frequency of the
FB-PLL.

Fig.7 shows the percentage error of the single-phase
FB-PLL algorithm over time. It is observed that the
oscillations decrease to less than 5% in approximately 35ms.

B.  Harmonic Decomposition Capability

To check the capability of the harmonic decomposition of
the algorithm, a signal with a sudden change in the amplitude
of the fundamental and harmonic components was applied.
The signal is initially composed of 1 p.u. of the fundamental
frequency, 0.1 p.u. of the fifth harmonic and 0.4 p.u. of the
seventh harmonic. After the variation in the amplitude, the
fundamental component is changed to 1.2 p.u., the fifth
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Fig. 5. Phase detector convergence results. (a) linear model;
(b) actual nonlinear model.
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Fig. 8. Harmonic decomposition performed by the FB-PLL in
the presence of a change in amplitude.

harmonic to 0.2p.u., and the seventh harmonic to 0.2p.u.

Fig. 8 shows the simulation results, where the
fundamental component is seen in fig. 8 (a), the fifth
harmonic in fig. 8 (b), and the seventh harmonic in fig. 8 (¢).
In the fundamental frequency plot, it is observed that the
algorithm quickly tracks the input signal, with amplitude
oscillations lasting for less than half a cycle. For the fifth and
seventh harmonics, the oscillations have a longer duration in
terms of number of cycles, but in all cases the error in the
steady state is zero.

V. THREE-PHASE APPLICATIONS

The structure of the FB-PLL adapted for three-phase
systems can be seen in fig. 9. In this case, the voltages v,, v,
and v, go through a Clarke transformation, and are then fed
into the Dynamic Fourier Synthesis (DFS). The Clarke
transformation is implemented through eq. (11) and (12),
where V. is a vector with the phase voltages, and Vg
indicates the alpha, beta and zero sequence components.

VaﬂO =KV @4
1 _1
2 2

(25)
k<2o BB
3 2 2
1 1 1
N

The use of the Clarke transformation for three-phase
systems separates the zero sequence components from the
positive and negative sequence components. Since the o and
B components include only positive and negative sequence
components, like the 7" and 5" and the O-sequence
components comprehend the integer multiples of the 3™
harmonic, the DFS for the a and B components have to take
into account only the positive and negative sequences, while

Phase Detector

¥ a
Ve DFS (n=1,5 Val'
Vabe Vas'
—##» ABC/af0 }— 1
Varr
Vs DFS (n=1,5)
Vps
—
| .y
Vo DFS (=13
T

Fig. 9. Structure of the FB-PLL to estimate the 1st, 3rd and 5th
harmonics.

the 0-sequence has to deal only with the zero sequence
components.

In three-phase grids with no neutral conductor
(three-phase three-wire systems) it is not necessary to
consider zero sequences harmonics in the algorithm.
Therefore, the three-phase FB-PLL becomes simpler to
implement using the Clarke transformation.

The individual DFS blocks for the o and B components
are identical and must be able to extract the positive and
negative sequence harmonic components immersed in the
input signal. The DFS for the zero sequence components
needs to be able to extract only the triple harmonics.

This algorithm can also be used for unbalanced system
estimation with zero steady state error. Since the DFS blocks
are decoupled from each other, it is not necessary for the a
and S components to have the same amplitudes. The
amplitude difference is a result of the fundamental negative
sequence present in the system. Thus any fundamental
unbalance is handled by this approach.

VI. SIMULATION RESULTS FOR THREE-PHASE
SYSTEMS

In this section, simulation results of the FB-PLL are
presented and analyzed. The parameters used for these
simulations are listed in Table I.

Fig. 10 shows the operation of the FB-PLL for a three-phase
ideal sinusoidal input signal with an amplitude set to 180V and
a fundamental frequency set to 60Hz. As can be seen, the
estimated frequency and amplitude stabilize at approximately
377rad/s and 180V, respectively. The estimated phase angle is
also shown in this figure.

Fig. 11(a) shows the FB-PLL performance under a 30%
frequency variation, which is over and under the rated value.
Although the estimated frequency oscillates during the
transient settling time, the accommodation occurs at around a
cycle period. This is seen as good performance when compared
to other PLL methods [8]. Fig. 11(b) shows the FB-PLL
behavior assuming a sudden 30° phase shift. As can be seen,
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the estimated phase tracks the input phase in one cycle, which
is a good result when compared to other PLL methods.

Fig. 12 shows the operation of the FB-PLL during different
types of amplitude variations. In these figures, the input signal
is compared with the estimated signal and its estimated
amplitude. In fig. 12 (a), the response of the system for a 50%
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single-phase voltage interruption, (c) voltage unbalance; (d)
fifth harmonic distortion.
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triangular signal from function generator: (a) Triangular input
and fundamental; (b) Input and signal reconstructed; (c) Input
and frequency; (d) Input and phase.

three-phase voltage sag with a 50ms time duration is presented.
Notice that the tracking time is approximately half a cycle, due
to the use of the LPF. Fig. 12 (b) shows the performance of the
FB-PLL for a single-phase voltage interruption on phase 4. In
this kind of sag, negative and zero sequence components are
present. No disruption in the operation of the algorithm is
observed. A similar result is presented in fig. 12 (c), in which
an unbalanced fault is applied. Fig. 12 (d) shows the
performance during the presence of the fifth harmonic
distortion. As shown, the fundamental amplitude estimated by
the PLL remains almost unchanged by the harmonic content. In
fig. 12 (b-d), the estimated phase angle is compared with the
actual phase angle. It is shown that the tracking capability is
not disturbed by the occurrence of these disturbances. This
feature is extremely important for power electronic systems
which are dependent on phase
synchronization with a power grid.

control, or require

VII. EXPERIMENTAL RESULTS

In this section, experimental results are shown to confirm
the performance of the FB-PLL under many different
conditions. In the first set of results, triangular and square
wave signals are used as inputs to the system. The selected
harmonics for analysis are the 1st, 3rd, 5th, 7th, 9th, 11th,
13th, 15th, 17th and 19th. The second experiment is the
harmonic selective detection from a three-phase rectifier
input current. In this case, the selected components for
detection are 1st, 5th, 7th, 11th, 13th, 17th and 19th. All of
the experimental results are presented as screenshots from an
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Fig. 14. Experimental results of the FB-PLL for a
single-phase square signal from function generator: (a) Square
input and fundamental; (b) Input and signal reconstructed; (c)
Input and frequency; (d) Input and phase.

oscilloscope. The scales are detailed in the pictures, e.g.
V/rad, for phase, and V/A for current.

Fig. 13 shows the results with a triangular waveform as the
input of the FB-PLL. Fig. 13 (a) shows the upper input signal
compared with the lower estimated fundamental. This seems
to agree with the expected sinusoidal waveform in phase with
the input. In fig. 13 (b) the upper input signal is compared
with the summation of all the estimated harmonics. As can be
noticed, the signals are very similar in terms of shape and
phase, as expected. Fig. 13 (c) shows the performance of the
FB-PLL under a slow frequency variation, with the input in
the upper part and the estimated frequency in the lower part.
As can be observed, the frequency is well estimated, although
with some oscillation during the transient. Fig. 13 (d) shows
the estimated phase angle under the same conditions.

Fig. 14 shows similar results as fig. 13, except that the
input is a square wave. Fig. 14 (b) shows the sum of all
estimated components (bottom signal) compared with the
input (top signal). It is shown that the estimated signal is
similar to the input signal, except for the fact that it oscillates
during sudden changes. Fig. 14 (c¢) shows the estimated
frequency (bottom signal) under a slow frequency variation
of the input (top signal). Although it presents some spikes,
the frequency converges, and after integration delivers an
adequate estimation of the phase angle, as observed in
fig. 14 (d).

In another experiment, a three-phase full-bridge rectifier is
used to feed the dc side with a parallel capacitor/resistor load,
as shown in fig. 15. A capacitor Cd (170 pF) is added to
reduce the dc voltage ripple, and the resistor Rload (220Q) is
the rectifier load. The current IL is measured through a
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Fig. 17. Frequency spectrum of the distorted current of the
rectifier.

current transformer and taken to the input of the FB-PLL for
detection of the harmonic components in this signal, as
illustrated in fig. 15.

Fig. 16 presents a waveform of the measured current of the
rectifier. The spectrum of this signal is shown in fig. 17 and it
shows the presence of all the analyzed harmonics.

In fig. 18 (a), the actual input signal (top) is shown to be in
phase with the estimated fundamental component (bottom).
As observed, the estimated fundamental signal is in phase
with the FB-PLL input.

Fig. 18 (b) shows a comparison between the input signal
(top) and the summation of all the estimated components
(bottom). As can be seen, a good agreement has been
achieved. Table II presents the percentage error of the peak
value for each analyzed component. This table shows that the
highest frequency harmonic has the most significant
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Fig. 18. Experimental results of the FB-PLL for the three-phase
rectifier. Input signal with (a) estimated fundamental
component; (b) reconstructed signals; (c) estimated fundamental
angle; (d) estimated fundamental amplitude; (¢) fundamental
frequency; (f) phase error.
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TABLE II
HARMONIC COMPONENTS ESTIMATION. PEAK PERCENTAGE
MAGNITUDES FROM 1ST TO 19TH ORDER.

Harmonic  Original Signal Estimated Error
Order Magnitude [%)] Signal [%]
Magnitude [%]

1° 52,79 52,75 0,08

5° 50,71 50,65 0,12

7° 4521 45,81 1,31
11° 39,75 39,05 1,79
13° 31,30 31,81 1,60
17° 24,39 23,50 3,79
19° 16,53 19,72 16,18

estimation error. This is due to the fact that they are closer to
the harmonics not selected for analysis. However, it is clear
that for the fundamental and low order harmonics, the
estimation is close to the actual content, within a 2% error.

Fig. 18 (c) shows the estimated phase practically
undisturbed by the harmonics and tracking the phase of the
input signal. Fig. 18 (d-f) shows the tracking transients in the
amplitude, frequency and phase error. The tracking transient
is reasonably fast. Faster convergence can be achieved if a
smaller number of harmonics are analyzed.

A comparison of the frequency spectrums of these two
signals is shown in fig. 19. As observed, the technique
produces a clean fundamental component.

This method presents good performance in both
single-phase and three-phase applications. This is supported
by simulation and experimental results. Even under high
harmonic distortions, unbalance, amplitude, frequency and
phase variation, the method continues to track the input signal
with a fast response.

VIII. COMPARISON WITH OTHER METHODS

In this section, the FB-PLL is compared with two other
methods available in the literature. The Adaptive Notch Filter
(ANF) in [14] and the Double Synchronous Reference Frame
PLL (DSRF-PLL) in [10], [11]. The comparison is made
through simulation results of the techniques under the same
type of disturbance. The simulations were implemented in
MATLAB®Simulink and the parameters used in each
simulation were set aiming for the best performance under
each situation.

To analyze the FB-PLL performance under harmonic
distorted inputs, it will be compared with the ANF assuming
the presence of the 5th and 7th harmonic components. The
ANF is an Adaptive filter designed for static converter
control purposes, and aiming for selective harmonic
compensation. The authors of [14] show the capacity of this
method to track distorted signals under the frequency, phase
and amplitude of fundamental and harmonic variations. Fig.
20 shows the simulation results of both techniques with the
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Fig. 20. Comparison between FB-PLL and ANF single-phase
input estimations under variable harmonic content. Vs — Vs’.
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Fig. 21. Comparison between FB-PLL and DSRF-PLL input
estimations under three-phase voltage unbalance.

same input, a 10V disturbed signal with 5th and 7th
harmonics that vary at instant 0.5s. As can be seen, both
methods show similar performances. In the estimation error,
which is the difference between the actual input (Vs) and the
estimated input (Vs’), the FB-PLL presents a larger error
during the transient, but also a shorter settling time.

To analyze the performance under a voltage unbalance, the
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FB-PLL is compared to the DSRF-PLL, a method introduced
in [10] that proposes a double synchronous reference frame
for three-phase unbalanced systems with negative and
positive sequences. The basic idea of this method is to
synchronize the three-phase unbalanced signals using one
reference frame for the positive sequence and another frame
for the negative, along with subtracting the mutual
disturbance between each frame. Fig. 21 shows the
simulation results for both methods with the same unbalanced
disturbance at the input, starting at 1s and finishing at 1.05s.
The amplitude of the input signal is 180V. For this situation,
both methods present similar performances, only differing in
the initial error during the variation, which is smaller in the
FB-PLL.

IX. CONCLUSIONS

In this paper, a Fourier-based PLL technique is shown in
an expanded version applied for selective harmonic
estimation and three-phase applications. The main principle
of this method is to realize the Fourier analysis dynamically
by means of a filter structure capable of calculating the
average value of a signal with small steady state error. To
operate the PLL, phase information is obtained using a phase
detector typical of many PLL methods. The theoretical
development presented is based on the Fourier analysis and
synthesis. A brief convergence analysis of the phase detector
is presented to justify the design of the PLL parameters. The
results for single-phase and three-phase distorted signals are
shown. In these results, the FB-PLL is shown to be suitable
for harmonic detection in the presence of voltage sag,
frequency variation, unbalance, phase-shift and harmonic
distortion. Experimental results give practical support for the
theoretical development and simulation results. The FB-PLL
shows a clean spectrum of the estimated fundamental
component. A comparison with two other methods, the ANF
and the DSRF-PLL was conducted. These results show that
the FB-PLL has performance that is similar to these methods.

This paper has successfully extended the application of the
FB-PLL to three-phase systems and it presented simulation
and experimental results that support the theoretical
development. The ability of this technique to correctly
estimate phase and frequency information from voltage and
currents signals under many different kinds of disturbances
has been demonstrated.
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