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Abstract: A simple approach to the zero crossing technique for the purpose of frequency determination of power signal is presented.
The Fourier algorithm is used for digital filtering in order to extract the cosine and sine parts of the fundamental frequency component.
Then, the zero crossing technique is applied to the cosine or sine components of the signal. The derived algorithm is developed in a
PC-based signal analyzing platform for its implementation. The computer is equiped with the DAQ device and LabVIEW program. As
the acquired signal was stored in the databank of the program, zero crossing algorithm is implemented to determine the frequency of
the power signal. A burst sinusoidal signal with its high harmonic is stimulated by the signal generator to evaluate the accuracy for this
developed system. This experiment can approve that the zero-crossing algorithm is an effective method for the frequency estimation.
Keywords: Zero-Crossing Fourier Algorithm, DAQ, LabVIEW

1 Introduction
The frequency of a power network is an important
opertional parameter for the safety, stability and
efficiency of the power system. As the nonlinear devices
loaded in the power system increase, the harmonic
phenomena of the power signal is increased and resulted
in the unbalance between the power systems. These
effects also introduce the frequency shift and make the
damage on the power system [1,2,3]. Due to the current
advanced
technological
applications,
livelihood
equipments are ever increasing. And humans have the
convenience of living life. Those electrical equipment
will also relatively increase the electricity consumption
and make the frequency changes, because of changes in
load characteristics of the design and supply systems [4].
In power system operation, the frequency is to explain
whether the electricity supply and demand balance.
Security and economy are very important indices for
system reliability. When the frequency is lower than the
nominal value, it means the system is in overload
conditions; if the frequency is higher than the reduction
value, indicating an oversupply of generating capacity. By
observing the frequency change, one can clearly
understand operation conditions of a power system.
∗ Corresponding

Reliable frequency measurement is prerequisite for
effective power control, load shedding, loas restoration
and system protection. Therefore, there is a need for fast
and accurate estimation of the frequency of the power
network using voltage waveform which may be corruped
by noise and harmonics components.
A few methods for the frequency determination have
been proposed in the past fw decades. The discrete
Fourier transformation, least error squares and Kalman
filter are known signal processing techniques, used for the
frequency measurement [5,6,7,8,9]. The bilinear form
approach [10] seems to be a very efficient method for
both small frequency deviation and offnominal frequency
estimation. An adative algorithm for frequency measuring
over a wide range is suggested by Moore et al [11].
In this paper, a very simple algorithm with acceptable
accuracy is derived. The Fourier algorithm is used as
digital filter to extract cosine and sine parts of the
fundamental frequency component, and the zero crossing
technique is applied to cosine and sine parts of the signal
for frquency estimation.. The original signal may be
corrupted by noise and then the higher harmonic
components. Nonrecursive Fourier algorithm is well
known from the signal processing theory and it is used to
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provide cosine and sine component of the fundamental
harmonic of the signal with high accuracy. The algorithm
we derived is very simple and requires abridged resources
for implementation.

and sin components, A(t) and B(t) can be calculated as
the following relation:

2 The Proposed Fourier Method
A measured signal v(t) (arbitary voltage or current), shown
in Fig. 1, could be expressed as
v(t) = V cos(ω t + φ ) + R(t)

(1)

A(t) =

2 m
∑ vn cos(ϕ n)
m n=1

(3)

B(t) =

2 m
∑ vn sin(ϕ n)
m n=1

(4)

where α = ωamTa = 2mπ .
If data window sweeps along the measured signal,
formula (3) and (4) could gives a grup of points
corresponding to the periodic time functions A(t) and
B(t) . The cosine and sine omponents, A and B , are
periodic functions of time. If the frequency of
fundamental harmonic of signal is equal to assumed
fundamental
frequency
of
Fourier
series
(
Ts  m = Ta = T = 1f ), then A(t) and B(t) are ortogonal
periodic functions of frequency f . If TA 6= T , functions
A(t) and B(t) are not pure sine and cosine waves but the
frequency of their fundamental harmonic is f .

Fig. 1: Signal with its 3th and 5th harmonic and white noise
components.

Where v is magnitude of the fundamental harmonic,
ω = 2π f is angular frequency of the fundamental
harmonic, f is fundamental harmonic frequency, φ is
phase of the fundamental harmonic, R(t) is signnal which
contains higher harmonics and zero mean white noise.
If the exact value of ω is unknown and assumed as ωa
, va ( discrete Fourier series parameter) can be estimated
using discrete Fourier series (DFS) as the folowing:
m
ωa Ta
ωa Ta
2 m
[ ∑ vn cos(
n) − j ∑ vn sin(
n)] = A + jB
m n=1
m
m
n=1
(2)
where v2a = A2 + B2 , ωa -assumed angular frequency
in Fourier series (In formula (2) gives exact value of V
only for ωa = ω ), m -munber of samples in assume period
of the first harmonic of the processing signal, vn − n -th
sample of the signal, and Ta = ω2πa .
Assumed signal is sampled at frequency
f (s) = Tma = T1s , where Ts is sampling period. It means
that the assumed frequency of the discrete ourier series is
defined by the sampling period and number of samples in
the assumed period of the fundamental harmonic. For the
frequency estimation it is enough to observe the cosine,
sine or both components of the original signal. The cosine

v∼
=
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Fig. 2: The distored signal of the fundamenttal signal with 3th
and 5th harmonic components.

Figure. (2) shows a fundamental signal with a
frequency of 60 Hz, which contains 100% of the first,
40% of the third, 30% of the fifth harmonic and its cosine
component A(t) . For a practical application of formula
(3), the auxiliary vectors of cosine, sine and signal
samples are required. The length of all the vectors is m .
The cosine and sine vectors are shown as
cos =

2
[cos(ψ ), cos(2ψ ), . . . cos((m − 1)ψ ), 1]T
m

(5)

sin =

2
[sin(ψ ), sin(2ψ ), . . . sin((m − 1)ψ ), 1]T
m

(6)

The vector of signal samples is
SAMs = [v1 v2 v3 v4 v5 . . . . . . vn ]T

(7)
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By using the auxiliary vectors COS and SIN, the
alculation in (3) and (4) requires only multiplication and
addition, without calculation of trigonometric functions
and without division. After the acquisition of a new
sample vnew , it is necessary to reorder the vector SAMs
as v1 = v2 , v2 = v3 , . . . , vn = vnew . Therefore,the moving
data window and samples of the processed signal are
considered as scalars. For each data window the
corresponding points of the cosine (A) and sine (B)
components are calculated according to relation (3) and
(4).
Previous developed algorithm has some limitations.
When the sampling frequency fs is not exactly an integer
multiple of the fundamental frequency f , the period of
cosine and sine coponents, A and B , also do not contain
integer number of sampkes. For high sampling frequency
the error of f and fa (= mfs ) is small. But for low sampling
frequency, the error will be great. Therefore it is nessary
to apply the zero crossing algorithm to modify the
sampling number m to be ineger, where is number of
samples in assuming period Ta = f1a .
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Fig. 3: The diagram for Zero-Crossing Algorithm.

Assuming there are k sampling points in a full period
of a periodical signal, the estimated frequency for the
signal is derived by
f=

3 Zero-Crossing Algorithm
Zero-crossing Algorithms [12] is the most direct method
of frequency detection. Zero-crossing algorithm
calculation method is simple, fast execution, without
mathematical formulas complex operations. For a
periodic signal, the time slot between two zero-crossing
points is half a period of the signal. The time unit between
two zero-crossing points is calculated and countdown
converted into the actual frequency of the signal [13,14].
The algorithm of the estimation process is described as
follows:
For the sine component of a power signal, shown in
Figure. (3), it could be described by the sinusoidal wave
function as
y(t) = A sin(ω t)

y(k) = A sin(ω kTs )

(9)

According to the sampling theorem, the angle
difference [12,13,14,15] between any continuous points
is calculated

∆ θ = ω Ts = 2π f Ts
where Ts is sampling time interval.

(10)

(11)

For the practical application, we do not really let the
frequency of the measured signal as the integer multiples
of the sampling frequency and resulting in a non-integral
N.
Let us observe the first posive sample y0 and the last
sample yk in the concerned period.
The complete period of the sine component should
expressed as
Ta = kTs + δ2 + δ3 = NTs = N ∆ θ

(12)

where Ts = ∆ θ .
In the zero crossing area cosine function can be
presented by linear function and the N can be derived as
the following equations

(8)

where A is amplitude, ω = 2π f is angular frequency
and f is frequency. When the signal is expressed in
discrete mode, and let t = kTs , formular (1) is expressed
as

1
kTs

N = k+

δ2
δ3
δ2
δ3
+
= k+
+
∆θ ∆θ
δ1 + δ2 δ3 + δ4

(13)

Where δ2 = θ0 is the angle difference of the zero
point between the first sampling point in the period,
δ3 = 2π − θk is the angle difference of the zero point
between the last sampling point in the period, and
∆ θ = Ts is the angle difference between two adjacent
sampling points, which is interpreted as the sampling
period Ts (= fs ) . All samples between 0 and 2π which
correspond to one period are equal to N = k + ∆δ2θ + ∆δ3θ .
Summation of δ2 + δ3 , from the same period can be
different from one sampling period Ts . Therefore, the
number of samples n of one whole period of the sine
components can be a fraction. After this modification, the
algorithm becomes much more accurate.
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Similar triangle theory [16] can be applied on Figure.
3, and formula (12) can be simplified as
N = k+

|yk |
|y0 |
+
|y0 | + |y − 1| |yk | + |k + 1|

(14)

|y0 |
|yk |
where δ δ+2δ = |y |+|y−1|
and δ δ+3δ = |y |+|k+1|
1
2
3
4
0
k
Then the accurate estimation for the acquired signal
frequency is

f′ =

1
NTS

(15)

maximun and the secnd maximun value in the data bank.
(2) Then, we could find out the first minimun value in the
data bank and store the subsequent 3k samples for the
subsequent process.
(3) Therefore, we could have the center k samples, whicn
means the kth sample to the (2k + 1)th sample, as the
observe sine data shown in Figure. 3, where the kth
sample is loacated at θ−1 and the (2k + 1)th sample is
loacated at θk+1 .
(4) Finally, the δ2 and δ3 can be determined and the N
value and frequency f ′ were obtained.

4 Experiment and Discussions
LabVIEW ( NI Instruments Co.,11500 N Mopac Expwy
Austin, TX 78759-3504) is implemented to integrated
instruments such as oscilloscope, digital meter, functional
generator, data acquisition (DAQ) device, etc to establish
a PC-based instrumentation system for measurement and
computation.
Figure. 5 is the schematic diagram for signal frequency
determination and the experimental set-up was shown in
Figure. 6.

Fig. 5: Schematic diagram for signal frequency determination.

Fig. 4: Program flow chart for frequency determination.

The program flow chart for the frequency
determination is shown in Figure. 4. Once the signal was
acquired from the arvitrary function gerator, it was
proceed with the fourier algorithm to filter out its high
order harmonic and white noise to extract the sine
component. The data matrix of sine component was
stored in the memory the computer. Then the zero
crossing agoritm was implemented to determine the
actual frequency of the sine component.
The deatil was described as the following:
(1) Assuming much more than 3 cycles of sine data was
processied in the program, the k value in equation (12)
was obtained by determining the number between first
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Fig. 6: The experimental set-up for frequency determination.

The simulated power signal is a 4-cycle signal which
contains a fundamental signal with a frequency of 59.8 Hz,
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, 40% of the third and 30% of the fifth harmonic and white
noise with 1% deviation.
The signal was generated by HP 33120A arbitrary
functional generator, which is instrumented through
GPIB. Then the simulated signal was acquired through
DAQ (NI USB-6009) and then stored in file. By using the
Labview application software, the zero-crossing program
(Figure. 7) was developed to determine the signal
frequency.

Fig. 9: Sine component extract from the signal acquired by DAQ.

Fig. 7: LabVIEW program for zero-crossing algorithm.

In our experiment, the DAQ sampling frequency ( fs )
is set at 15.308k Hz, and the signal acquired by the DAQ
is shown in Figure. 8. The sine component was shown in
Figure. 9 after the digital filtering procedure. Due to the
fourier series transformation, the signal shows transient
phenomena and it depent on the sampling points and the
filter characteristic. The sine component with exact 3
cycles (Figure. 10) was captured from Figure. 9 to
Engaged in the zero-crossing determination.. The N is
calculated by Triple the points between two maximun
peaks of the signal as described above.

Fig. 10: 3-cycle Sine component extract from Figure. 9

As the sampling points was about 128 points for one
period. The experiment results are shown in Table ?? and
the error derivations were calculated and shown in Table
2. The experiment results approve the performance of
zero crossing algorithm and the measurement accuracy is
maintained.

Table 1: Experiment Results
Simulated Calculated Calculated Calculated
Frequency. Frequency Frequency Frequency
(Hz)
First
Second
Third
meas.(Hz) meas.(Hz) meas.(Hz)
58
57.9623
58.0992
58.0967
59
59.0373
59.0291
59.018
60
60.0068
60
59.9753
61
60.9795
60.9772
60.964

Fig. 8: Signal acquired by DAQ.

Calculated
Frequency
Fourth
meas.(Hz)
58.0906
59.0406
59.9865
60.9646

5 Conclusions
A simple approach to the zero crossing technique for the
purpose of frequency determination of power signal is

c 2015 NSP
Natural Sciences Publishing Cor.

70

Y. C. Chen, T. H Chien: Zero-Crossing Algorithm Implementation on...

Table 2: Experiment Results (derivation)
Simulated Calculated Calculated Calculated Calculated
Frequency. Frequency Frequency Frequency Frequency
(Hz)
First
Second
Third
Fourth
meas.(Hz) meas.(Hz) meas.(Hz) meas.(Hz)
58
0.065
0.171034 0.166724 0.156207
59
0.0632203 0.049322 0.030508 0.068814
60
0.0113333 0
0.041167 0.0225
61
0.0336066 0.037377 0.059016 0.058033

presented. This approach demostrates a simple and
powerful algorithm of an aceptable accuracy for freqency
measurement. The Fourier algorithm is used for digital
filtering in order to extract the cosine and sine parts of the
fundamental frequency component. Then, the zero
crossing technique is applied to the cosine or sine
components of the signal. The derived algorithm is
developed in a PC-based signal analyzing platform for its
implementation. The computer is equiped with the DAQ
device and LabVIEW program. Verification of the
proposed algorithm has been carried out by performing
the computer simulations, and then the laboratory
experiment. As the acquired signal was stored in the
databank of the program, zero crossing algorithm is
implemented to determine the frequency of the power
signal. A burst fundamental sinusoidal signal with its high
order harmonic is stimulated by the signal generator to
evaluate the accuracy for this developed system. This
experiment can approve that the zero-crossing algorithm
is an effective method for the frequency estimation. The
results of the experiments confirmed that the algorithm
could be a useful application for power system protection.

Acknowledgement
This work was supported by the Asia University of the
Republic of China under contract 100-asia-31 and the
National Science Council of the Republic of China under
contract NSC102-2221-E-468-021.

References
[1] D. O. koval and C. Carter, ”Power Quality Characteristics
of Computer Loads”, IEEE Transactions on Industry
Applications, 33, 613-621 (1997).
[2] T. Q. Tran, L. E. Conrad, and B. K. Stallman, ”Electric Shock
and Elevated EMF Levels Due to Triplen Harmonic”, IEEE
Transactions on Power Delivery, 11, 1041-1049 (1996).
[3] W. W. Dabbs, D. D. Sabin, T. E. Grebe, and H. Mehta,
”Probing Power Quality Data”, IEEE Computer Applications
in Power Magazine, 7, 8-14 (1994).
[4] R. C. Dugan, M. F. McGranaghan, and H. W. Beaty, Electrical
Power Systems Quality, McGraW-HILL International
Editions, (2000).

c 2015 NSP
Natural Sciences Publishing Cor.

[5] M. S. Sachdev and M. Nagpal, ”A recursive least
error squares algorithm for power system relaying and
measurement applications”, IEEE Trans.Power Delivery, 6,
1008-1015 (1991).
[6] M. uri, . urii, An Algorithm for Off-Nominal Frequency
Measurements in Electric Power Systems, Electronics, 7, 1114 (2003).
[7] A. Girgis and W. Peterson, ”Adaptive estimation of power
system frequency deviation and its rate of change for
calculating sudden power system overloads”, IEEE Trans.
Power Delivery, 5, 585-594 (1990).
[8] I. Kamwa and R. Grondin, ”Fast adaptive scheme for
tracking voltage phasor and local system frequency in power
transmission and distribution systems”, IEEE Trans. Power
Delivery, 7, 789-795 (1992).
[9] V. Eckhardt, P. Hippe, and G. Hosemann, ”Dynamic
measuring of frequency and frequency oscillations in
multiphase power systems”, IEEE Trans. Power Delivery, 4,
95-102 (1989).
[10] M. Kezunovi and P. Spasojevi, ”New digital signal
processing algorithms for frequency deviation measurement”,
IEEE Trans. Power Delivery, 7, 1563-1573 (1992).
[11] P. J. Moore, R. D. Carranza, and A. T. Johns, ”A new
numeric technique for high-speed evaluation of power system
frequency”, Proc. Inst. Elect. Eng., 141, 529-536 (1994).
[12] A. I. Abu-El-Haija, ”Fast and Accurate Measurement of
Power System Frequency,” Proc. of IMTC/2000, 2, 941-946
(2000).
[13] J. J. Clark, ” Authenticating edges produced by zerocrossing algorithms,” IEEE Trans. on Pattern Analysis and
Machine Intelligence, 11, 43-57 (1989).
[14] O. Vainio, S. J.Ovaska, ” Authenticating edges produced
by zero-crossing algorithms,” IEEE Trans. on Industrial
Electronics, 12, 58-62 (1995).
[15] A. I. Abu-El-Haija and M. M. Al-Ibrahim, ”Improving
Performance of Digital Sinusoidal Oscillators by means of
Error-Feedback Circuits,” IEEE Trans. on Circuits Syst.,
CAS-33, 373-380 (1986).
[16] A. I. Abu-El-Haija, ”Estimating the Parameters of A Low
Frequency Sinusoid with Noise and Harmonic Distortion,”
Int. J. Electron., 62, 393-410 (1987).

Yeong-Ching
Chen
received the PhD degree
in electrical engineering in
1989 and 1998 respectively,
from Cheng Kung University,
Taiwan. He joined the Marine
Science
and
technology
center of Chung Shan
Institute of Science and
Technology, Taiwan from
1989 to 2000, where he was a senior researcher in the
Deep Sea Technology Department. He is currently
a professor in computer Science and Information
Engineering at Asia University, Taiwan. His research
interests include acoustical transducer engineering, power
signal measurement & anaysis, and software engineering.

Appl. Math. Inf. Sci. 9, No. 1L, 65-71 (2015) / www.naturalspublishing.com/Journals.asp

71

Tseng-Hsu
Chien
received the M.S. degree
in electronics engineering
from
Chung
Cheng
Institute
of
Technology,
National Defense University,
Taoyuan, Taiwan in 1996,
and Ph.D.
degrees in
electrical engineering in 2006
respectively, from Cheng
Kung University, Taiwan. He is currently a professor in
computer Science and Multimedia Design at Taiwan
Shoufu University, Taiwan. His research interests include
state-space self-tuning control, chaotic system control,
multivariable control, and digital control.

c 2015 NSP
Natural Sciences Publishing Cor.

