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ABSTRACT 

Simulation results of Integrating Zero Crossing (IZC) 
and Conventional Zero Crossing (CZC) with its 
modifications (including Level Zero Crossing-LZC) 
obtained in Matlab environment are given. Affects of 
different methods of numerical differentiation and 
integration as well as instrumental errors (including 
round -off and other dynamic errors) of Sampling and 
Hold (S&H) and A/D - Conversion (ADC) devices are 
investigated.Simulation results of Quasisynchronous 
Sample Interpolation (QSI), based on the IZC, and 
Discret or Fast Fourier Transform (named shortly 
Conventional Fourier Transform - CFT) also obtained in 
Matlab environment are described. Leakage errors 
accompanied with CFT estimation of harmonic 
magnitudes are especially investigated. General 
considerations concerning further application of above 
methods (IZC, QSI) in real - time are discussed. 

1. INTRODUCTION 

Most Power System applications and many other 
industrial applications of Digital Signal Processing @SP) 
are based on the precise measurement of the actual power 
- line frequency. 

The variable fundamental frequency is the most 
important characteristic of power system behavior, and its 
accurate estimation and interpretation is a challenging 
theoretical and practical problem [ 11. Deviation of the 
power - line frequency from its stationary value is a 
measure of the imbalance between the load and 
generation. Therefore, it gives an oblique description of 
all of the interactions between consumers and suppliers in 
a power system. 

Generally, there are the average drift of the system 
frequency and superimposed frequency oscillations. In 
compact or local power system the average behavior of 
the frequency is dominaat, but its oscillations are also 

informative from the viewpoint of power supply quality 
and its influence on the precise measuring instruments or 
computer systems. Regular power - line frequency 
variations are 0.01 - 0.1%, but sometimes, under 
emergency conditions, they may reach 1 - 2% and more. 

There are several DSP methods for tracking and 
estimating the actual power - line frequency : Discrete 
and Fast Fourier Transforms @FT and FTT) of the 
power - line voltage [ 2 ] ,  Kalman filtering [ 3 ] ,  the least 
squares error technique [4], the bilinear form approach 
[5], Newton’s iterative procedure [6], the orthogonal 
component decomposition technique [7], etc. 

Some of these methods and their modifications are 
used especially for frequency oscillation analysis with 
selective description of the average and oscillating 
behavior [SI, as well as for distinguishment between long 
- term and short - term averaging [9]. The disadvantages 
of these methods are their sensitivity to power - line 
distortions and the round - off errors of A/D - converters, 
as well as their limited dynamic performance and 
computational complexity. 

Recently some combined methods have been proposed 
for their improvement : 1) combining conventional zero - 
crossing, DFT (FFT) or synchronous demodulation with a 
polynomial fitting technique [lo]; 2 )  combining 
conventional anti-aliasing prefiltering prior to the sample 
- and - hold action with improved synchronous 
demodulation (by the Hilbert transform), or conventional 
DFT (FFT) with sample interpolation over the actual or 
predicted power - line period [ 1 11. 

As to the zero - crossing technique, its combination 
with sample averaging is more successful than its 
polynomid fitting extension and this simple idea has 
been realized in Integrating Zero - Crossing (IZC) [12] 
which is presented here in the wider context of Data 
Acquisition applications (some of them are described in 
[13]). Concerning the DFT (FFT) technique, it should be 
noted that power - line frequency deviations lead to 
desynchronization with the sample frequency, and result 
in signifcant errors in estimating DFT (FFT) parametrs, 
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due to the well - knowri'leakage effect". To decrease such 
errors, some special windows and interpolation 
algorithms have been proposed [ 141 which, however, are 
very complicated and do not eliminate all the errors. In 
particular, using advanced windows, while reducing 
systematic errors, increase DFT (FFT) random errors 
caused by various noise and signal distortions. Because of 
this, a DIT (FFT) analysis has recently been proposed 
which is based on the synchronous sampling technique 
[15] and uses actual frequency tracking by Phase - 
Locked - Loop (PLL) and frequency multiplication. 
Unfortunately, the dynamic properties of PLL for 
relatively low power - line frequencies seem to be far 
from perfect. Therefore, it is desirable to find a faster 
quasisynchronous sampling technique. One possible 
solution to the problem is the Quasisynchronous Sample 
Interpolation (QSl), described below. 

The main Data Acquisition application of the 
combined IZUQSI method is power system monitoring 
and control including precise measurement of voltage, 
current, power and other AC parameters under dynamic 
conditions. Furthermore, direct DC - measurement 
application of IZC in Digital Multimeters and Data 
Acquisition Systems @MM, DAS) with different 
transducers and a basic A/D - converter of the weight 
integrating type [16, 171 gives an essential improvement 
in their power - line related noise rejection. This means 
that by IZC, developed at first for power system 
applications, a high dynamic precision of different DC 
and AC instruments may be achieved. 

2. THEORETICAL CONSIDERATIONS 

If the input voltage (from the power - line) is 

U, = U ,  sin(2nfpt + w), (1) 

the corresponding output value of the A/D - converter 
is 

u,(Z) = integer[u(zT,) / U,],  (2) 

where i = 1, ...., k are the numbers of successive samples 
through the period Tp = ly, ; f ,  is the estimated power - 
line frequency; n is the number of bits of the A/D - 
converter, including the first bit for the sign ; Ts is the 
sample period ; [Jb = Up/2"-' is the voltage value of the 
least significant bit (LSB) of the A/D - converter. 

The round - off error in each A/D - converter 
estimate is : 

T h s  error is a random variable uniformly distributed on 
the segment [0, &]. If we use the n - bit A/D - converter, 
the relative voltage estimation error is 

~ U P = e ( i ) / U , ~ U b / U , = 1 / 2 " - '  , 

i.e. less than 0.05% for n = 12. It can be shown that, by 
linear interpolation of samples up (i) adjacent to a 
zero-crossing of up , the actual power-line frequency f, 
can be estimated with a relative error qp 5 1 / 7r.2" , 
i.e. about 0.01% or 100 ppm for n = 12 [12]. In practice, 
this precision is not attainable because of various noise 
and signal distortions. 

The following study shows that Integrating Zero 
Crossing makes it possible to decrease the frequency 
estimation error to 0.001 - 0.003% or 10 -30 ppm by 
using the same A/D .. converter (n=12) and real signal 
distortions. 

2.1 Integrating Zero - Crossing (IZC) 

In this method we produce a digital sum which is 
close to the integral of the input voltage and use this sum 
for further processing. If the input voltage is sinusoidal, 
this sum is also sinusoidal with the same period, and its 
zero-crossing (with interpolation) makes it possible to 
determine the required period of the power - line voltage 
Tp with a smaller error due to smoothing round - off 
errors and other distortions. In the rectangle rule 
approximation we use an algebraic sum of samples : 

K k 

i=O i=O 

This sum is close to zero. if 

From two adjacent values of this sum, 

we can determine the floating point increment to k by 
interpolation : 

and finally, 
Ak = ' k  ' ('k - ' k + l )  > (6) 

f, =ll(k+Ak)T, .  (7) 
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By using the linear interpolation between neighboring 
sum values on different sides of zero level, we estimate 
the required period Tp = 1 4  with a time error: 

ATp = 0,5T, / (S,,, - S,) = O S T ,  / U ( t k + ] ) .  (8) 

To achieve the highest sensibility, we choose the 
initial point of summation to be close to an extremum of 
the input signal ( y = 7c I 2  orTo = Tpo / 4, where Tpo 

is the nominal value of Tp), thus causing the final point U 
(t k + t )  to be close to the extremal value which is usually 
chosen to be close to 2”’(in terms of LSB). Therefore, the 
relative error is 

qp 5 (1 1 2”.(.fp L). (9) 
This means that for n = 12 (the 12 - bit AD - 

converter) and relatively low sampling rate (f& = 1/64), 
even the peak - to - peak frequency error estimate (2 S f p )  
obtained by IZC does not exceed 0.001% or 10 ppm. 

2.2 Quasisynchronous Sample Interpolation (OS) 

There are two approaches to the second problem, that 
is, calculating the magnitudes of consecutive harmonics 
of the actual power - line voltage: 
1. Global interpolation (over all of the samples within the 

2. Local interpolahon (using only the last two 
samples). Let the input signal be of the form: 

actual period) and 

M 

u(t) = Cu, . s in (k .2@+ yk),(10) 
k=l 

where uk are the magnitudes of harmonics andfis the 
fundamental frequency obtained by the IZC. 
The initial samples U (tJ were taken at the moments tI = 

z / f o  N, where& is the nominal value off: To obtain the 
actual value offwith no “leakage effect” the samples 
U (t’J a re needed, where t‘, = i/@J, i = 0, I ,  N ; thus, 
uk can be approximately calculated via DFT : 

uk = ( 2 / N ) ~ u ( r ‘ , ) e x p ( -  j k z  f t‘ ,) .( l l)  
M 

, = I  

By global linear interpolation the (t’,) values in (1 1) 
can be calculated as follows : 

w, ) = N t , )  + [u(t1+J - .(fl)].(fl, - I , )  1 Ts, (12) 
where T, = I / f s=l / fo  N, tI < PIC t,+, 

By local linear interpolation, the Fourier coefficients 
can be calculated via the approximate integration formula 
through taking into account all the inital samples U (tJ 
within the actual period T = 1Jof the input voltage U (t) 
except the last one which is calculated by linear 
interpolation over the preceding and following initial 
samples : 

+d‘ul(T)exp(- j k 2 @ , )  >, 
(13) 

d’= ( T -  t,, .) 1 T,. (14) 

3. MATJAB IMPLEMENATION OF IZC, QSI 

Matlab programs for IZC, QSI implementation are . 

Basic Matlab version 5.1 ; Simulink ; Signal Processing 
Toolbox, DSP Blockset Toolbox ; for further realization 
Real - Time Workshop can be used. In the scope of IZC 
simulation, IZC algorithm is compared with 
Conventional Zero- Crossing- CZC (including 
level-crossing with local averaging around zero crossing 
area). Numerical integration with rectangle and 
trapezoidal approximation is considered. Round - off and 
other errors of A/D - conversion and S&H parameters 
influence are investigated. Affects of high harmonic 
distortions of the analyzed signal are also taken into 
account. Concerning dynamic changes of the actual 
power - line frequency some predictive estimations, for 
example - based on Least Mean Square prediction, are 
investigated. 

In general, precision of tracking, estimation and short 
- term prediction of the actual power - line frequency 
obtained by IZC method is about 0.002 - 0.005%. More 
precisely, IZC simulation by Matlab shows that this 
accuracy (0.002-0.005%) is achieved by signal distortion 
up to 10% for second and third harmonics and up to 
0.1% of noise level and also by prediction through 
(10-15) periods and approximation of frequency transient 
with 5 - order polinom. Tables and diagrams, which 
illustrate this estimation, will be given in oral 
presentation of our lecture. 

In the scope of QSI simulation two basic methods of 
sample interpolation (global - over all of the samples 
within the actual period, local - using only the last two 
samples) are compared, as well as different interpolation 
forms (linear, quadratic). It is shown that for practically 
used numbers of samples (more than 128) and numbers of 
harmonics (up to 10) local linear interpolation gives an 
acceptable result - errors of magnitude and effective value 
estimation about (0.03 - 0.05)%. 

Some considerations about IZC, QSI realisation are 
discussed, as well as their interconnections with other 
DSP-methods (see in the Fignre). 
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Interconnections of main DSP-methods: 

a - Sinchronous Filtering; b - Phase Lacked Loop (PLL); 
c - Integrating Zero Crossing ( I Z C ) ;  d -. Quasisynchronous 
Szmple Interpolation CQSI). 
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4. CONCLUSION 

Simulation results of IZC, QSI methods by Matlab 
confirm that they give an accurate (about 0.002 - 0.005% 
for frequency and about 0.03 - 0.05% for magnitude) 
tracking and estimation under static and dynamic 
conditions. 

Combined use of IZC, QSI allows to eliminate or 
essentially decrease aliasing and leakage influence. This 
resuit is achieved by other methods (for example, above 
mentioned orthogonal components technique and CFT) 
only by using additional synchronization (for example, by 
PLL) with more complicated realization and greather 
dynamic errors. Therefore IZC, QSI real - time 
implementation (by Matlab) seems to be very promising 
and deserving further investigation. 
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