Application of Lynn’s filters for 50 Hz power noise removal in biomedical signal processing
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The paper deals with practical digital filter implementation to suppress 50 Hz power noise using integer coefficients filters. Very fast and simple solution enables to suppress both basic and harmonic components of power noise with nonlinear distortions. Real ECG signals were used to test effectiveness of power noise suppression. Accuracy is evaluated for basic sinusoidal and rectangular wave of noise. 
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1. Introduction

Biomedical signal processing requires very restrictive conditions for digital filters because of the shape changes related to linear phase distortion. Nonlinear filter application introduces very significant shape changes leading to seriously wrong interpretation. One of the main points of the biomedical signal processing is to reject power noise of 50 Hz frequency signal. Because very high gain of amplifiers is applied in analog channel of low ECG signal, in very many cases the 50 Hz noise signal is “over gained” and produces the nonlinear distortions with the signal similar to rectangular wave. Anti-aliasing analog filter cuts off the higher components and such analog signal is converted into a digital one. The main task for highly distorted signal is to reject quite clearly determined signal with 50 Hz component together with its harmonics. To overcome the problem some multiband solutions FIR as well as IIR digital filters could be applied e.g. very popular Remez algorithm, a least-squares error minimization or IIR Youle Walker method. We propose quite simple solution based on digital recursive FIR filters with variable number of zero points [1]. So-called Lynn’s filters used in that application are very convenient for designers because of their very clear principle of operations and quite easy implementation. The Lynn’s filters were both linear phase and high speed of processing, which is required in most application cases. The disadvantage of the filters is that anticipated shape of the frequency characteristic is difficult to obtain, especially for high slope changes between bands. Actually, our solution is a composition of two filters meant for rejecting both constant component and 50 Hz noise and its harmonics. Both of them use squared form to avoid the problem of π-changes phase in zeros. 
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Figure 1. Solution for HP filter rejecting constant component.

2. Computer methods and theory

The first filter is the simple High Pass filter (fig. 1) with single parameter N denoting the number of zeros. It is composition of shift “filter” and Lynn’s Low Pass filter with high number of zeros and poles putting out zeros for the constant component. It is composed of two filters: first “filter” shifts input signal for N-1 samples and the second is typical Lynn’s low pass filter. Lynn’s filter with transfer function 

[image: image2.wmf]2

1

1

)

(

÷

÷

ø

ö

ç

ç

è

æ

-

-

=

-

-

M

N

z

z

z

H

has linear phase, the gain 
[image: image3.wmf]2

)

/

(

M

N

k

=

 and group delay
[image: image4.wmf])

(

M

N

z

-

-

. If  M=1 it is the Low Pass filter with gain 
[image: image5.wmf]2

)

(

N

k

=

 and group delay 
[image: image6.wmf])

1

(

-

-

N

z

. Output signals for both of them are subsequently added. The application of that filter is shown in figure 3. ECG signal sampled with 1000 Hz was used from MIT-BIH Database Distribution [2]. Both module and phase of transfer function is depicted on figure 2.
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Figure 2.   Module and phase of HP filter transfer function.
[image: image8.png]10

12

14

16

0

100 200 300 400 500 600

700 800 900

1000




Figure 3. Application of the high pass filter for original ECG signal (upper, blue signal) with very slow sinusoidal noise (green signal in the middle). Filtered signal is red at the bottom. Rejecting the constant component yields the signal with distinctive distortions of the useful information. The T-wave and segments are significantly distorted.
The second solution uses the same idea of rejecting components related to zeros put out with the same formulas as above but with M > 1 (figure 3).


[image: image9] Figure 4. The filter solution rejecting some signal with determined frequency and their harmonics. The constant component is also rejected.
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Figure 5.  Module and phase of transfer function for filter – solution 2.

The M parameter must be determined as:  
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 is the sampling frequency and  N=nM where n=1,2,3… 
The filter transfer function (figure 4) is expressed by the following formula:
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 and the implementation is shown on figure 6.
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Figure 6. Implementation filters rejecting specified frequency signal and its harmonics with constant component. 
The final solution is shown in figure 7., where the composition of three parts is presented. The first introduces the maximal delay N-1 of the third part of low pass filter. The second part shifts signal about intermediate delay M-1 of the band pass filter of solution 2. 

The suitable transfer function is as follows:
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           (2)
The final form of transfer function as polynomial in numerator and denominator is not necessary. The proper sum of calculated segments of transfer function could be implemented as follows:
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Figure 9. shows that both the original ECG signal and filtered one are almost the same. All of the parasitic signal components (signal with frequency 50 Hz and its harmonic components) have been rejected.
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Figure 7. The third filter solution to reject signal with basic frequency and its harmonics.
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Figure 8.  Module and phase of transfer function for filter rejecting 
signal with specified frequency signal and its harmonics (solution 3, N=100, M=20)
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Figure 9. The implementation filters rejecting specified frequency signal and its harmonics (solution 3).
3. Analysis
The width of the stop bands could be changed by the number of zeros N to some extend but we do not have much influence on the shape of these bands. Our possibility is to set the nearest frequencies with gain equals one in zero points.

To find suppression accuracy we set energy equals one of both the ECG and noise signal. In many cases, power noise has frequency a bit different from 50 Hz. Additionally nonlinear distortion produces higher harmonic components for which filters are more sensitive than for basic component frequency change. Sometimes very high power noise is cut off and spreads as signal similar to rectangular wave. The filter has been tested for two shapes of noises. One for rectangular wave including first several components lower than half of sample frequency. The second for basic 50Hz sinusoidal signal. The frequency of both of them was changed to test the noise suppression error for three different zero number filters. The following useful variables were calculated :
Error = Energy(Oryginal_ECG_signal –Power_noised_and_filtered_ECG_signal)

where Power_noised_and_filtered_ECG_signal is the oryginal ECG signal with added power noise after filtration.

Difference = Energy(Error(Noise_frequency>50) – Error(Noise_frequency = 50))

where Error(Noise_frequency = 50) is Error for power noise frequency = 50.
	 
	Zero number
	60
	Zero number
	100
	Zero number
	200

	Frequency
	Error
	Difference
	Error
	Difference
	Error
	Difference

	55
	0,0633
	0,0596
	0,3429
	0,3414
	1
	9,99E-01

	54
	0,0302
	0,0265
	0,1765
	0,175
	0,8923
	8,92E-01

	53
	0,0126
	0,0089
	0,0673
	0,0658
	0,5527
	5,52E-01

	52
	0,0055
	0,0018
	0,0163
	0,0148
	0,1812
	1,81E-01

	51
	0,0039
	0,0002
	0,0026
	0,0011
	0,0164
	1,57E-02

	50,5
	0,0037
	0
	0,0016
	0,0001
	0,0017
	1,01E-03

	50,4
	0,0037
	0
	0,0016
	0,0001
	0,0011
	4,10E-04

	50,3
	0,0037
	0
	0,0016
	0,0001
	8,23E-04
	1,34E-04

	50,2
	0,0037
	0
	0,0015
	0
	7,19E-04
	2,97E-05

	50
	0,0037
	 
	0,0015
	 
	6,90E-04
	 


Table 1.  Error and Difference values for basic sinusoidal noise (see the text).
	 
	Zero number
	60
	Zero number
	100
	Zero number
	200

	Frequency
	Error
	Difference
	Error
	Difference
	Error
	Difference

	55
	0,1889
	0,1852
	0,4225
	0,421
	1
	9,99E-01

	54
	0,1506
	0,1469
	0,2975
	0,296
	0,905
	9,04E-01

	53
	0,1036
	0,0999
	0,2053
	0,2038
	0,6196
	6,19E-01

	52
	0,0585
	0,0548
	0,1235
	0,122
	0,3032
	3,03E-01

	51
	0,0137
	0,01
	0,0427
	0,0412
	0,1252
	1,25E-01

	50,5
	0,0046
	0,0009
	0,0077
	0,0062
	0,0428
	4,21E-02

	50,4
	0,0041
	0,0004
	0,0044
	0,0029
	0,0262
	2,55E-02

	50,3
	0,0038
	1E-04
	0,0025
	0,001
	0,0122
	1,15E-02

	50,2
	0,0037
	0
	0,0018
	0,0003
	0,0037
	3,01E-03

	50
	0,0037
	 
	0,0015
	 
	6,90E-04
	 


Table 2.  Error and Difference values for rectangular wave noise (see the text).
4 Discussion
Errors are specified in table 1 and table 2. The first one concerns only basic sinusoidal power noise with different deviations from 50 Hz. The second however is related to rectangular wave with the same deviation from 50 Hz. Determined difference variable helps to find the point with acceptable influence (suppression) of noise. According to our choice difference with value lower than 0.001 is acceptable.  This filtering performance is shown on figures below tables for three number of filter zeros. These choices where depicted as filled cells in tables. The best results (higher frequency change) were achieved for lowest number of zeros (60) but with the worst Error for exact 50 Hz. It means the filter removes the most useful part of signal but also the useless noise with frequency different than exactly 50 Hz. Even signal with 48-52 (because of symmetry) frequency is rejected for filter with 60 zeros for basic sinusoidal power noise. For 100 zeros it is 49-51 Hz and for 200 zeros 49.5 – 50.5 (Figure 10a).

The worse results are achieved for limited rectangular wave (compare table 1 and table 2) and are specified as follows: 

For 60, 100 and 200 zeros it is respectively 49.5–50.5,   49.7-50.3 and 49.9-50.1 Hz (Figure 10b from top to bottom). 

For noise frequency exactly equals 50 Hz the noise influence after filtration is invisible (see figure 9). 
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Figure 10a


           Figure 10b       

Figures for thresholds determined in tables 1 and 2 (filled cells) for sinusoidal (Figure 10a) and rectangular noise (Figure 10b). See the text.
5. Conclusion
The main object of filter design in this paper is to obtain fast and simple implementation of comb filter for power noise suppression. The filter described performs the sum of several samples of digital signal. Actually, even integer coefficients could be obtained by multiplying by N2 during filtration process. The disadvantage of the filter is its high sensitivity for frequency changes of noise especially for higher harmonic components. Additionally, sampling frequency must be divisible by noise frequency and filter is not ideally flat in pass bands. Important advantage of this filter is its linear phase, which helps to avoid signal deformation. Finite impulse response of this filter ensures quite short beginning distance to obtain stable work. 
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