
 

Test methodology for mains interference frequency 
measurement 
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Abstract – A test procedure for mains interference frequency 
measuring is represented in this work. The procedure is based on 
measurement of the transfer coefficient of an averaging digital 
filter applied to the interference signal. The procedure is 
implemented in MatLab environment. It includes filters for 
elimination of the DC offset, for suppression of the second and 
third harmonic and for measurement of the power-line 
interference frequency. Additionally, a procedure for 
measurement of the amplitude of the interference is developed. 
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I. INTRODUCTION 

A method for measurement of a mains interference (hum) 
frequency in electrocardiographic (ECG) signal is represented 
in [1] that is further developed for mains frequency 
measurement [2, 3]. It determines the deviation dF of the 
mains frequency F, calculating the change of the transfer 
coefficient K(f) of an averaging filter – see Fig. 1. 
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Fig. 1. An averaging filter transfer coefficient changing due to the 
mains frequency deviation. 

The method has advantages in front of other existing 
methods [4, 5], especially when existing recordings with 
relatively low sampling frequency are used. The errors 
induced by harmonic content of the mains interference and by 
its amplitude changing are analyzed in [6]. 

In the present work a computer based [7, 8] test 

methodology allowing detailed investigation of the method is 
proposed. 

II. HARMONIC SUPPRESSION FILTERS 

A. Third harmonic suppression 

For the purpose of third harmonic filtration, a digital filter Y 
is synthesized by summation of two filters by the 
methodology proposed in [9]. Two “three-point” filters are 
used Y1 and Y2 which have frequencies of their first zeroes on 
the both sides of the third harmonic of the mains interference 
F3. The two filters are summed by multiplication with 
complementary to unity coefficients (1 – ky)  ky. 
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where m3 is the rounded to the lower or equal integer number 
of samples in the half period of the third harmonic F3 of the 
mains frequency. 

The transfer coefficient of the resultant filter is also 
expressed by summation of the transfer coefficients of the two 
filters multiplied by the complementary to unity coefficients 
(1 – ky)  ky. 
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The coefficient ky is defined by applying the condition the 
first derivative of the transfer function of the summed filter 
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have a zero value for the third harmonic of the mains 
interference f = F3, from where: 
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and when f = F3 the parameter ky have a value: 

1 Georgy Mihov is with the Faculty of Electronic Engineering and 
Technologies at Technical University of Sofia, 8 Kl. Ohridski Blvd, 
Sofia 1000, Bulgaria, E-mail: gsm@tu-sofia.bg . 

2 Dimiter Badarov is with the Faculty of Electronic Engineering 
and Technologies at Technical University of Sofia, 8 Kl. Ohridski 
Blvd, Sofia 1000, Bulgaria, E-mail: dbadarov@tu-sofia.bg 

373

Ohrid, North Macedonia, 27-29 June 2019



 

 

3 3

3 3 3 3 3

3

2
sin

2 1 2 ( 1)
sin sin

y

m F

Q
k

m F m m F

Q m Q

π

=
π + π +

−

,  (4) 

This way the summed filter Y by equation (1) has a 
minimum of the transfer coefficient for the frequency of the 
third harmonic of the mains interference F3 but it is not zero. 
For that purpose, it is recurrently modified by the 
methodology proposed in [1]: 
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where K(F3) is the transfer coefficient of the summed filter 
calculated by (2) 
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The modified filter Y* acquires transfer coefficient of zero 
for the third harmonic of the mains frequency F3 keeping 
tangential character to the frequency axis. The synthesis of 
digital filter for suppression of the third harmonic of the mains 
frequency F3 = 150 Hz is represented on Fig. 2. The plot 
contains the first Y1 (blue curve - b) and the second Y2 (red 
curve - r) from the initial “three-point” filters, the summed 
filter Y (green curve - g) and the modified filter Y* (black 
curve - k). H is the impulse vector of the summed filter K(F3) 
containing the weight coefficients of the impulse response. 
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Fig. 2. Synthesis of filter for third harmonic of the mains frequency 
F3 = 150 Hz for sampling frequency  

Q = 400 Hz, H = [0.0858 0.2426 0.3431 0.2426 0.0858]. 

The filter for the third harmonic reduces the amplitude of 
the mains frequency with about 0.7. The conducted 
experiments showed that the amplitude of the steady value F 
of the mains frequency does not affect the accuracy of the 
measurement. 

B. Second harmonic suppression 

In similar way we can build digital filter for suppressing the 
other harmonics of the extracted mains signal. The synthesis 
of digital filter for second harmonic of the mains frequency 
F2 = 100 Hz is represented on Fig. 3. The plots are the same as 
the ones shown on Fig. 2. The frequency of the second 
harmonic is substituted in equations (1-6) along with the 
number of samples in the half period of the second harmonic 
m2. 
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Fig. 3. Synthesis of filter for second harmonic of the mains frequency 
F2 = 100 Hz for sampling frequency  
Q = 400 Hz, H = [0.25 0 0.5 0 0.25]. 

The filter for the second harmonic suppression reduces the 
amplitude of the mains frequency with about 0.5 but this does 
not affect the accuracy of the measurement of the mains 
interference frequency. 

A very important property can be seen in Fig. 3 with 
sampling frequency Q = 400 Hz. The coefficient ky equals one 
and due to that the complementary to unity coefficient (1 – ky) 
for the other filter equals zero. This means that the summed 
“three-point” filter Y is identical with the second Y2 and the 
modified filter Y* - see equation (1-6). On the figure the three 
filters are represented one over another. For that reason, only 
the modified filter is visualized. This can be seen also from 
the H vector of the impulse response which contains only one 
of the summed filters. This property allows easy construction 
of digital filter for second harmonic suppression when the 
sampling frequency is 400 Hz. 

C. Elimination of the DC offset of the signal 

The measured mains interference can contain a DC offset. 
It can be generated by the analog part of the measurement unit 
or from the output of the analog-to-digital conversion process 
when we are not using a four-quadrant analog-to-digital 
converter (ADC). For the purpose of mains frequency 
extraction from the input signal a simple “three-point” filter is 
used. 
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Fig. 4. Filter for DC offset elimination for sampling frequency 
Q = 400 Hz. 

From Fig. 4 we can see that with sampling frequency of 
400 Hz the DC offset filter is suppressing all even harmonics. 

III. ALGORITHM AND PROGRAM IMPLEMENTATION 

OF THE METHOD 

The algorithm of the test methodology is represented on 
Fig. 5. First the input signal is subjected to mains interference 
extracting using the filter shown on Fig. 4. 

Input File
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Fig. 5. Algorithm of the test methodology for frequency 
measurement. 

The next step is to suppress the second harmonic of the 
mains interference signal. If the sampling frequency is 
multiple of the frequency of the second harmonic this step can 
be skipped because the mains interference extraction 
procedure suppresses all even harmonics of the interference. 

Then it is checked if the frequency of the third harmonic of 
the interference F3 is higher than Q/2. If it is not true, the third 
harmonic suppression procedure is applied. 

The calculation of the mains frequency deviation is 
accomplished by the application of a “two-point” filter using 
the procedure given in [3]. 

The results from the application of the different parts of the 
test program are shown on Fig. 6. The experiment is carried 
out with a synthesized input signal containing mains 
interference with changing amplitude by a sinusoidal law with 
frequency of 0.1 Hz. The signal duration is 30 s which is 
divided on three parts. In the first 10 s the frequency of the 
mains interference is 50.25 Hz. In the second 10 s the 
frequency is 50 Hz and in the last 10 s the frequency is 
49.75 Hz. 

The first subplot of Fig. 6a shows the input file, the second 
subplot shows the file after the procedures for extraction and 
suppression of the harmonics of the mains interference. The 
third subplot shows the calculated mains frequency. The 
figures b, c and d contain the spectrum of the signals 
calculated by Fourier transform: b – of the input signal; c – 
after the extraction and suppression of the second harmonic 
and d – after the suppression of the third harmonic. 
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Fig. 6. Test with a synthesized signal and sampling rate Q = 400 Hz: 
a) – visualization of the result; b) – spectrum of the input signal; c) – 

spectrum after mains interference extraction and second harmonic 
suppression; d) – spectrum after third harmonic suppression. 

The next demonstrations are done with real interference 
signals extracted from old electrocardiographic signals. For 
the signal BN039_400.adc the examined epoch is 8 s and the 
calculated frequency values are averaged for period of 1 s. For 
the signal BR024_200.adc the examined epoch is 160 s and 
the calculated frequency is averaged for a period of 10 s. 
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Fig. 7. Experiments with real signals with Q = 400 Hz. 
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Fig. 8. Experiments with real signals with Q = 200 Hz. 

IV. CONCLUSION 

A test methodology is developed for examination of the 
method for mains interference frequency calculation using the 
transfer coefficient of a digital moving averaging filter. 

For the cases in which the sampling frequency is higher 
than the doubled frequency of the third harmonic a 
suppression filter is developed. The filter is based on the 
summation and modification of two digital filters having 
transfer characteristics tangential to the frequency axis. 

By the same methodology a filter for suppressing of the 
second harmonic is synthesized. The procedure keeps its 
accuracy without increase of the measurement error. 

A filter for elimination of the DC component of the input 
signal is synthesized based on a “three-point” filter. It is found 
that when the sampling frequency is two or four times higher 
than the frequency of the second harmonic, the filter also 
suppresses the frequencies of all even harmonics of the mains 
interference. 

The methodology is developed and tested in the MatLab 
environment. Different functions are developed for mains 
interference extraction and suppression of the second and 
third harmonic. 
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