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Abstract—This paper proposes a Zero-Crossing Detection
Frequency Estimator Method combined with a Kalman Filter
for Non-ideal Power Grid. The Kalman filter generates the
in-phase and in-quadrature signals from the voltage grid. Due
to the adaptive feature of the Kalman figure, the in-phase and
in-quadrature signals are free of noise and harmonics and it
guarantees an accurate frequency estimation for a long range of
grid frequency. With both clean signals in-phase and
in-quadrature, the frequency estimator computes the arc
tangent of the relationship between them. The result is a ramp
signal varying from -pi to +pi. Such a signal is used to estimate
the frequency. Considering zero-crossing detection, the
frequency estimator counts the number of samples within a
fundamental period. Experimental results show the efficacy of
the proposed method. The frequency estimator was
implemented C2000 Delfino MCU F28379D LaunchPad
development Kkit.

Keywords—Frequency estimator, Kalman Filter, F28379D
LaunchPad, Power grid, PLL, distorted voltage.

I. INTRODUCTION

Measurements of electrical variables in a power grid is
being obtained since the beginning of first installations of the
electric sector. For a long time, such measurements were easy
and most of them were clean signals. With the advancement
of electronic technology, several disturbances that were once
unworried are now causing problems for an accurate
measurement. The grid frequency which hardly deviated from
its nominal value is nowadays suffering vast variations due to
occurrences like connection of distributed generators and
nonlinear loads with intermittent behavior [1].

Measuring the grid frequency has an important and
indispensable role for system operators. The value of the
frequency may be used in algorithms designated to manage
the grid, to decide the best power dispatch of generators, to
stabilize the grid and so on. Therefore, there is a need for an
accurate, fast and reliable measurement of the grid frequency.
Deviation from the normal condition such as the presence of
noise and harmonic, sudden changes in phase and amplitude
cannot compromise the frequency measurements.

The grid frequency value is not directly measured. It is
necessary an indirect method. Therefore, the frequency is
estimated. For this reason, it is common to say frequency
estimation instead of frequency measurement. Frequency
estimation methods are constantly being reported in the
literature [2]-[13]. In [2] the authors proposed an approach
using a novel circular limit cycle oscillator (CLO) coupled
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with frequency-locked loop (FLL). Due to the nonlinear
structure of the CLO, the proposed frequency adaptive CLO
technique is robust against various perturbations faced in the
practical settings like discontinuous jump of phase, frequency
and amplitude. In [3] the proposal is about an adaptive sliding
mode observer for frequency and phase estimation. The
observer is simple, easy to tune and suitable for real-time
implementation.

A Fourier Transform-Based Frequency Estimation
Algorithm is proposed in [4] where the algorithm is a modified
synchronous clock generator that together with a modified
frequency interpolation method provides an accurate
measurement of the input signal frequency when the only
available information about the sampling clock is a given
integer multiple of the input signal fundamental frequency. In
[10], similar Fourier-Based transform algorithm shows a wide
frequency range applicability.

Frequency estimation methods are also found in solution
based on Phase-Locked Loop (PLL) [14]-[18]. Knowing the
frequency value of the grid is also essential in power
electronics application like grid-connected converters [19]—
[22].

All the above-mentioned researches have their efficacy
and legitimacy. However, new issues can be addressed. This
paper proposes a Zero-Crossing Detection Frequency
Estimator Method using Kalman Filter for Non-ideal Power
Grid. The Kalman filter generates the in-phase and
in-quadrature signals from the voltage grid. Due to the
adaptive feature of the Kalman figure, the in-phase and
in-quadrature signals are free of noise and harmonics and it
guarantees an accurate frequency estimation for a long range
of grid frequency. With both clean signals in-phase and
in-quadrature, the frequency estimator computes the arc
tangent of the relationship between them. The result is a ramp
signal varying from —m to +m. Such a signal is used to
estimate the frequency. Considering zero-crossing detection,
the frequency estimator counts the number of samples within
a fundamental period.

II. THE FREQUENCY ESTIMATOR METHOD

Fig. 1 presents a simplified diagram of the proposed
Zero-Crossing Detection Frequency Estimator Method using
Kalman Filter. The grid voltage is the input signal (z). This
signal passes through the Kalman filter, which in turn,
produces two filtered signals (X¥;and X,). These signals are
the estimated fundamental frequency component of the input
signal and its orthogonal component. Later, these signals are
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Fig. 1. Simplified diagram of the proposed Zero-Crossing Detection
Frequency Estimator Method using Kalman Filter.

sent to the frequency estimator block. The unit delay blocks
are necessary to avoid algebraic loop. The frequency is
estimated with a method based on the zero-crossing detection.
The arc tangent of the filtered signals is computed and a ramp
signal varying from —m to +m is obtained. The number of
samples is then computed () in one period of the input signal
and then sent it back to the Kalman filter. This assures a
satisfactory performance over a large input signal frequency
range. The value of N depends on the frequency of the input
signal. The value of theta 8 can be computed by taking the
arctan of signals X;and X,. Actually, such computation is
done within the block of Frequency Estimator. The arctan is
shown outside for the sake of simplicity. The result of this
operation is the phase angle of the input signal. Therefore, the
proposed zero-crossing detection frequency estimator method
using Kalman Filter may also be used as PLL.

III. BACKGROUND ON KALMAN FILTERING

The Kalman filter estimates a state of a linear system in
the presence of uncertainties, noise and inaccurate
measurement. This ability of estimating a state is due to a
recursive method where the goal is to minimize the sum of
squares of the difference between the real and estimated
values. Such a method has two processes: prediction and
estimation.

The prediction is also known as prior estimate. It estimates
the current state taking into account the estimate and error
covariance of the previous step. The prediction process does
not consider the current input data of the Kalman filter. Later,
the estimation process uses the prediction values to update the
current state.

A linear system can be modeled in state-space equations
such as:

X, =A.x,_ +w, (1)
z, =H,x, +v,
where:
k is the current state
x, thestateatt =k
w, is the noise of the process
@

z, is the state observation at t = k&
v, is the noise of the measurments
A, and H, are the inputs of the system

The noises w, and v, are white band-limited Gaussian

noises with zero average. Moreover, the noises have
covariance ¢J, and R, . Therefore, the noises are described

by:
w, ~ N(O, Qk)

v, ~N(0,R,) )

In order to compute the state at r= k, the Kalman filter
computes the following set of equations. The first is the
definition of the initial values for the estimate and the error
covariance, given by:

N (4)

The next step of the algorithm consist of two parts. The
first is the computation of the state prediction, given by:

X =A% )

The superscipt = means prediction. The second part is the
computation of the covariance error prediction, given by:

P =AP_ A" +Q ©)

Where B is the covariance error prediction.

The next step is the computation of the Kalman gain (K),
given by:
K, =P H'(HR H +R) %
The estimate of the state is the next computation, given by:
=% + K, (z, - H,) ®)
Notice that (8) is the only equation where the state
observation is used.

After computing the estimate, the error covariance must be
computed in order to be used in the next prediction. The error
covariance is given by:

B =5 -KHP: )

IV. SYSTEM MODELING

In order to estimate the fundamental frequency in a
non-ideal power grid, the power grid must be modeled in
state-space equations, containing dynamic behavior as well as
possible noise in the grid.

Considering initially a sinusoidal voltage given by:
x, =M, sin(a,, +6,) (10)
where M, in amplitude, @, is angular frequency, 6, is

phase angle and ¢, is time at instant .

Considering also two orthogonal signals, x,, and x,, ,

given by:
x, =M, sin(w,, +6,)
(11)
Xy, =M, cos(w,t, +6,)
If M, =M, ., o,~a, , 66, and 1, ~1, +T

with 7 the sampling period, one may find:

x, =M,sin(at, +0,T +6,
{ 1 k ( (3 k A) (12)

X, =M, cos(ayt, +,T, +6,)

Resulting in:



(13)
x, =-x,sin(®,T )+x, cos(w,T,)

k+1

{xlw =x, cos(@, T, )+x,, sin(w,T,)

Writing (13) using matrix, it results:

X, cos(w,T,) sin(w,T) |[x,
=l (14)
%, |-sin(o,T) cos(o,T))|Lx],
Taking into account the noise of the measurements and
process w, and v,, respectively, the non-ideal power grid is

modeled in state-space equations as:

X, cos(w,T) sin(@,T) |[x W,
= +
ij —sin(@,T;) cos(e,T;) |:x2:|k {ij
(15)
2~ [0 I]H o, (16)

X,

With (15) and (16) it is possible to apply the Kalman filter
and estimate the fundamental component of voltage of the
non-ideal power grid, even though the voltage has noise and
harmonic distortion.

V. FREQUENCY ESTIMATION

The frequency estimator block of Fig. 1 estimates the
frequency based on a zero-crossing detection and the
relationship between the frequency of the input signal and the
number of samples.

The number of samples is calculated according to:

T,
N — f_fs — sz]g:nal (17)
signal K

where f; is the sampling frequency and f,, is the
frequency of the input signal.

In order to detect the number of samples, it would be
enough to use the input signal. However, the presence of
uncertainties, noise and disturbance in the input signal, the
frequency is better estimated with the filtered signal from the
Kalman filter.

The number of samples plays an important role in the
Kalman filter. This value is used in the matrix 4 of the Kalman
filter, which is updated in every sampling period. Depending
on the frequency of the input signal, a value of N is obtained.
For an input signal at 60 Hz, the value of N is 200. It means
that the 360 degree of one cycle of the input signal is divided
into 200 samples. As a result, each sample corresponds to 1.8
degree. In case the input signal changes its frequency from 60
Hz to 50 Hz, the value of N is updated to 240. Consequently,
each sample corresponds to 1.5 degree. The updated value of
N is feedback to the Kalman filter. Therefore, matrix A4 is
updated every time a change happens in the frequency of the
input signal. This shows the efficacy of the proposed
frequency estimation method for non-ideal power grid.

The instantaneous angle is given by:

6, = arctan(—le (18)

Xok

Eq. (18) is variable in time. The theta is the ramp signal
mentioned previously. From this signal, the number of
samples is calculated. The value of N begins to be counted in
a zero-cross of the theta signal. The counting ends in the next
zero-crossing. Notice that since the in-phase and in-quadrature
signal are clean signals due to the Kalman filter, the
computation of N has accuracy on is value.

VI. EXPERIMENTAL RESULTS

The proposed frequency estimator method of Fig. 1 was
experimentally verified in the Digital Signal Controller (DSC)
C2000 Delfino MCU F28379D LaunchPad development kit.
Tab. I presents the parameters of the prototype. The results
were collected through the Digital-Analog Converter (DAC)
of the DSC.

Fig. 2 presents the input signal (z), which is also known as
measurement, and the output signals of the Kalman filter
(%,and X,). The input signal is a sinusoidal waveform with
amplitude equals to 1.5 V and the frequency is 60 Hz. The
(%,) is in-phase with the input signal while the (X,) is
in-quadrature. The Kalman filter produces the in-phase and
in-quadrature signals orthogonal related to each other.

TABLE L. PARAMETERS OF THE PROTOTYPE
Parameter Value
. cos(’%v) —sin(’%v)
Matrix A A= _
sin( 7)) eos(74)
Matrix H H=[1 0]
Matri 0= 0.01 0
atrix Q =lo 0.01
Matrix R R=25
Matrix xo %o = [0 0]
. 1 0
Matrix P, P =
0 1
Sampling Frequency 12 kHz
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Fig. 2. The input signal (z) and the output signals of the Kalman filter
(R and %,).
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Fig. 3. The input signal (z) and the output signals of the Kalman filter
(Qland 22) when the input signal suffers a 90 degrees phase shift.
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Fig. 4. The estimated frequency (f), the input signal (z) and the in-phase
signal when the input signal (?1) suffers a 90 degrees phase shif (CH3: 500
mV/ 20 Hz).

Fig. 3 presents input signal (z) and the output signals of the
Kalman filter (%;and X,) when the input signal suffers a 90
degrees phase shift. Before the phase shift, the signals are in
accordance to that presented in the previous figure. After the
phase shift, the in-phase and in-quadrature signals of the
Kalman filter reach steady-state in less than one fundamental
cycle of the input signal. In other words, the in-phase signal in
again in-phase with the input signal in less than one cycle.

Fig. 4 presents the estimated frequency (f), the input signal
(z) and the in-phase signal when the input signal (%;) suffers
a 90 degrees phase shift. The estimated frequency returns to
its steady-state value in approximately 75 ms after the phase
shift.

Fig. 5 presents the estimated frequency (f), the input signal
(2) and the in-phase signal when the input signal (X;) changes
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Fig. 5. The estimated frequency (f), the input signal (z) and the in-phase
signal when the input signal (%1) changes from 60 Hz to 50 Hz (CH3: 500
mV/ 20 Hz).
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Fig. 6. The input signal (z) and the output signals of the Kalman filter
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from 50 Hz to 60 Hz. The estimated frequency reaches the
steady-state condition after approximately 60 ms. The
estimated frequency signal did not present neither oscillatory
nor unpredictable behavior.

Fig. 6 presents the input signal (z) and the output signals
of the Kalman filter (£;and X,) when the input signal is
polluted with noise. The in-phase and in-quadrature signal
(%,and %,) are free of noise and they are in-phase and in-
quadrature related to the input signal. This result shows the
filtering efficacy of the Kalman.

Fig. 7 presents the estimated frequency (f), the input signal
(2) and the in-phase signal (X;) at the moment the input signal
is polluted with noise. The amplitude of the input signal is also
reduced to half. The estimated frequency keeps unchanged on
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Fig. 8. The input signal (z) and the theta signal (6).

its steady-state value, showing the efficacy of the proposed
estimation method.

Fig. 8 presents the input signal (z) and the theta signal (8).
The theta signal is synchronized with the input signal. This
result shows that the proposed frequency estimator method
can also be used as PLL. The values varies from —m to +m
but the result shows a signal with offset due to the range of the
DAC.

Fig. 9 presents the input signal (z) and the theta signal (8)
when the input signal is polluted with noise. Even in this case,
the theta signal is synchronized with the input signal.
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Fig. 9. The input signal (z) and the theta signal (0) when the input signal is
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Fig. 10. Simulated result for he input signal (z) (at the top) and the estimated
frequency (f) during the inclusion of harmonic distortion in the input signal.

Fig. 10 presents a simulated result for the input signal (z)
and the estimated frequency (f) during the inclusion of
harmonic distortion in the input signal. Initially, the input
signal is sinusoidal. At t=2.45, a third harmonic component
(180 Hz) with amplitude equals to 0.35 is added to the input
signal. The estimated frequency varies and returns to 60 Hz
after a short transient time. This result was presented through
simulation due to the incapability of the signal generator to
produce such a signal. The value of 0.35 corresponds to 35%
of the fundamental component. This value is not practical in
voltage power grid, but it was set in this study only to show
the efficacy of the proposed frequency estimator.

Fig. 11 presents a picture of the DSP, signal generator and
the oscilloscope used to verify experimentally the proposed
frequency estimator method.



Fig. 11. picture of the DSP, signal generator and the oscilloscope used to
verify experimentally the proposed frequency estimator method.

The computational effort and cost of implementing the
proposed zero-crossing detection frequency estimator method
using Kalman Filter for non-ideal power grid is beyond the
scope of this paper, but may be presented by these authors in
a future paper.

VII. CONCLUSION

This paper presented a Zero-Crossing Detection
Frequency Estimator Method using Kalman Filter for
Non-ideal Power Grid. The Kalman filter generated the
in-phase and in-quadrature signals from the voltage grid. Due
to the adaptive feature of the Kalman figure, the in-phase and
in-quadrature signals were free of noise and harmonics.

Experimental results collected in C2000 Delfino MCU
F28379D LaunchPad development kit showed the efficacy of
the proposed frequency estimator method. The proposed
method was verified under the application of phase
displacement, frequency variation and inclusion of noise in the
input signal. For all cases, the estimated frequency did not
present neither oscillatory nor unpredictable behavior.
Therefore, the proposed frequency estimator method based on
Kalman filter is an attractive solution to estimating the
frequency value of a non-ideal power grid. The simulation
files used in this paper is freely available on the author’s
webpage http://busarello.prof.ufsc.br.
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