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Abstract 
 

This thesis is one part of ongoing research project of Ericsson AB together with Blekinge 

institute of technology on the aspect of Ericsson Power modules.  

 

The aim of this project is to apply signal processing method on the measured current signal of 

inductor component of Ericsson BMR 450 Buck converter by using software Matlab, the 

method should be able to remove the noisy part which exists on the measured signal, so the 

signal can be undulated within normal range. A set of solutions have presented in this thesis 

report. The solutions include the Analog and discrete filter design, the algorithm of reconstruct 

signal, method of finding the signal slopes and algorithm of finding current average values of 

signal, also presented in the last chapter of thesis report. 

 

The result of this thesis project provides possible valuable reference for other research part of 

Power modules and helps the future development technology of DC/DC converter.  
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Chapter 1 

1.1 Introduction  

This chapter gives the brief description of the thesis background information, objectives, scopes 

and outline of thesis. The chapter explains the short theory of basic buck converter and its 

circuit analysis. The second part of this chapter describes the scopes of this thesis work. The 

outline of the thesis is given at the last part of the chapter. 

 

A DC/DC (direct current to direct current) (Figure 1) converter is a power electronic circuit that 

converts DC (direct current) voltage input from one level to another. A DC/DC converter 

provides the solution that can be used to produce a constant suitable output voltage level. It is 

also known as a switching converter and a switching power supply. DC/DC converters play a 

vital role in portable devices such as mobile phones and laptop computers. 

 

This thesis mainly focuses on processing the current signal of the inductor component of 

Ericsson power modules; providing a solution to minimize the noise which exists in the current 

signal of inductor component. So, it makes power modules possible to operate in a more 

effective and stable condition.   

 

 

Figure 1 Ericsson BMR 450 Buck converter 

 

 

1.2 Buck converter circuit topology 

1.2.1 Theory of Process of a basic buck converter  

The circuit of a buck converter is quite simple. It is a step down converter which means that 

stepping down the input voltage to a lower output voltage. The main components are an 

inductor and two switches. It is a switched system that consists of two state; when the switch is 

closed on-state and when the switched is open off-state. The circuit diagram of a buck converter 

can be seen in Figure 2. 
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Figure 2 Circuit diagram of buck converter 

1.2.2 Circuit Analysis 

On-state 

The switch is closed (On-state) transferred energy from the voltage source 𝑉𝑠 to the inductor 

L. At this point, the current through the inductor increases as the inductor charges, as shown in 

Figure 3.    

 

 
Figure 3 Buck converter in On-state 

Off-state 

The switch is open (Off-state) the inductor transferred energy to the load resistor. In that state, 

the diode starts working and decreasing the current through the circuit gradually as discharging 

the inductor, as shown in Figure 4.      

 

 
Figure 4 Buck converter in Off-state 
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1.3 Thesis Objectives 

The main objectives of this thesis: The current of inductor component of buck converter 

contains noise that need to be removed. Signal processing methods to design an analog and a 

discrete filter for filtering the signal should be developed. A design of algorithms which derive 

the slopes of the signal as well as the average value of the current should be developed. All the 

implementations are done by Matlab software and inbuilt Simulink tool is used to perform the 

model simulation of analog low pass filter. 

  

 

1.4 Scope of thesis work 

This thesis divided into five different scopes: 

 

1. Design of an analog filter for filtering the signal before the sampling. 

2. Design of a discrete filter applied at sampling interval 0.2 us. 

3. Designing of an algorithm for removing the most noise affected parts of the signal. 

4. Designing of an algorithm that derives the slopes on the saw tooth signal. 

5. Designing of an algorithm that derives the average value of the current. 

 

 

1.5 Outline of the thesis 

The thesis report is divided into 5 chapters, which is arranged according to the detail steps of 

thesis work. Chapter 1 mainly describes the introduction, background, scopes and outline of the 

thesis. Chapter 2 covers FFT frequency analysis on current signal; the result of FFT is the 

precondition to further perform the other tasks. Chapter 3 deals with analog filter design method 

by using Matlab based on the FFT frequency result. The discrete filter design method also 

presented in the same chapter. Chapter 4 covers the algorithm of reconstruct the down sampled 

signal. An algorithm which derives the signal slope as well as derives the average value of 

current is given at same chapter. Chapter 5 presents the conclusion of results of our thesis work. 

Matlab code and References attach at end of the report. 
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Chapter 2. FFT signal frequency analysis 

2.1 Introduction 

This chapter discusses frequency analysis on the measurement signal by using Matlab. The 

frequency analysis gives information about the frequency content of the signal as well as the 

noise in the frequency range. 

 

The inductor current signals of a Buck converter are measured from oscilloscope and saved 

as .CSV format. The model of oscilloscope is used for measurement which is capable of 

sampling the signal with Nyquist frequency 100 MHz, i.e. 200M sample points/Second and the 

sampling frequency therefore is 200MHz, which implies that the sampling interval is 5 ns.  

      

By reading the CSV file into Maltab, the plotted signal is shown in Figure 5. The noise in each 

triangle appears mostly on each maximum and minimum peak. The signal starts from 0 sec and 

lasts to 9.995*10−6 sec, so this section of signal last in total 9.995*10−6sec time, symbolized 

by 𝑻𝒕𝒐𝒕𝒂𝒍, which corresponds to 2000 samples.  

 

 

Figure 5 The measurement current signal 

 

By performing frequency analysis, the frequency components of the original signal can be seen 
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in Figure 6. 

 

The spectrum is generated based on n-point DFT by using command ‘Y=fft(X,n), here we take 

‘n’ as next power of 2 from length of X, by using zero padding. It is fast and has the advantage 

that usually makes small difference in the length of the signal don't affect the resolution too 

much. Since the calculated spectrum will be symmetric such that the magnitude of only the first 

half points are unique (and the rest are symmetrically redundant), the main idea is to display 

only half of the FFT spectrum. 

 

 

Figure 6 FFT result of measured signal tell where the Nyquist frequency is 

 

The standard fast Fourier transform (FFT) computes the transform at evenly spaced points on 

a linear scale. By plotting the spectrum in loglog scale, the low values are more visible. 

 

The Figure 7 top shows the FFT result of the original signal in logarithmic scales, below shows 

logarithmic in only x scale. 
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Figure 7 Top figure: log scale on both x and y axis. Down figure: log x scale only

In Figure 7, the large peak represents the frequency range of the measurement signal and the 

parts behind might contain the noisy signal range. It can be estimated that the noisy part starts 

somewhere from 4.621*107 Hz, this means that the signal components which is above of this 

frequency can be possibly treated as noisy signal. The frequency which is below than this can 

be treated as useful information which should be kept. 

 

Figure 8 shows the amplitude of the signal in the frequency range from 0 to 5MHz (Zoomed in 

from Figure 6), which is the essential part of the signal.  
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Figure 8 Useful signal frequency range

Figure 9 shows the amplitude of the signal in the frequency range approximately from 40 to 

80MHz where the signal disturbances mostly appear.

Figure 9 Signal disturbances frequency range

After identifying the noisy range, it is possible to design a filter to remove some part of the 

noise in the signal; this will be explained in Chapter 3. 
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Chapter 3 Filter Design 

3.1 Introduction 

This chapter discusses the method of an analog and discrete filters design by using Matlab. 

Section 3.2 covered analog filter design based on spectral properties of the signal. The design 

criteria for Nyquist anti folding filter and discrete filter covered in section 3.3.  

 

The general steps of filter design are: 

 

1. Determine the filter performance parameters, passband cutoff frequency 𝜔𝑝, stopband cutoff 

frequency 𝜔𝑠 . Ripple characteristics: passband ripple 𝑅𝑝, stopband ripple 𝑅𝑠.  

2. Determine the filter order N.  

3. According to the frequency response characteristics of signal to choose suitable filter type (low 

pass, high pass, band pass, band stop). 

4. Choose one suitable filter parameters. 

 

As shown in Figure 10, the transition of the frequency response from passband to stopband 

defines the transition band or transition region of the filter. The band-edge frequency 𝜔𝑝  

defines the edge of the passband, while the frequency 𝜔𝑠  denotes the beginning of the 

stopband. Thus, the width of the transition band is 𝜔𝑠-𝜔𝑝. The width of the passband is usually 

called the bandwidth of the filter. For example, if the filter is lowpass with a passband edge 

frequency 𝜔𝑝,its bandwidth is 𝜔𝑝.  

 

A small amount of ripple in the passband, as illustrated in the Figure 10, is usually tolerable. 

Similarly, it is not necessary for the filter response |𝐻(𝑤)| to be zero in the stopband. A small, 

nonzero value or a small amount of ripple in the stopband is also tolerable. 

 

Figure 10 Magnitude characteristics of physically realizable filters 



18 
 

  3.2 Analog filter design based on FFT 

From the Chapter 2 spectrum result, the noisy frequency can be determined by starting from 

4.621*107 Hz as the stopband cutoff frequency and 7.914*106 Hz as the passband cutoff 

frequency. The amplitude behind this frequency seems denser but much lower than the large 

peak, so it can be estimated that could be the most noisy affected parts. The value of pass band 

cutoff frequency can be changed according the actual filtering effect. As an experiment on 

filtering effect, the bandwidth of the filter can be chosen as 7.914*106 Hz. This is shown in 

Figure 11. 

 

We intend to parameterize a certain filter, in order to be able to try different parameter values, 

like higher and lower passband and investigate how the signal behaves.  

 

 

Figure 11 Passband and stopband cutoff frequency 

        

Since the frequencies above 4.621*107 Hz are considered as the noisy parts which should be 

removed, a low pass filtered should be designed. By Comparing the characteristics between 

Chebyshev, Elliptic(Cauer) filters (Figure 12), Butterworth filter has as flat a frequency 

response as possible in the passband. It is also referred to as a maximally flat magnitude filter, 

rolls off more slowly around the cutoff frequency than the Chebyshev filter or the Elliptic filter. 

Without ripple, it is more preferable to be chosen. 

 



19 
 

 

 

Figure 12 Four types of filters comparison (All are fifth-order filters) 

 

It is denoted that the analog filter design in Matlab, the passband edge frequency Wp and 

stopband edge frequency Ws are in radians/second.  

 

[N, Wn] =BUTTORD(Wp, Ws, Rp, Rs, 's') does the computation for an analog filter. 

The passband edge frequency Wp and stopband edge frequency Ws calculated as: 

 

𝑊𝑝 = 2𝜋 ∗ 7.914 ∗ 106 

𝑊𝑠 = 2𝜋 ∗ 4.621 ∗ 107 

 

The values of the passband ripple Rp and stopband ripple Rs has been chosen as 3dB 

and15dB respectively. The cut-off frequency drop -3dB position calculated by Matlab: Wn= 

5.2468*107 rad/sec, which is 8.3505*106 in Hz. The filter order N calculated by Matlab 

N=1. By [b,a]=butter(N,Wn,'s'); to returns the filter coefficients b (numerator) and a 

(denominator). 

  

The frequency and phase response of designed low pass Butterworth filter shown in Figure13.  
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Figure 13 Frequency and phase response of analog filter 

 

Figure 14 shows the frequency response of analog filter converted from rad/sec into Hz. Data 

cursor shows -3dB frequency response is Wn≈8.3505*106 Hz. The designed filter will cut 

down the signal which is above Wn. 

 

 

Figure 14 Frequency response convert into Hz of analog filter 
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Figure 15 Frequency response convert into Hz of analog filter in log scale 

 

Figure 15 shows the frequency response in Hz, both frequency and magnitude in log scale. 

For analog filter filtering the signal, it is possible to implement filtering by build a simulation 

model with Simulink tool in Matlab. The Simulation model and details of parameters setting 

on each block attached in the appendix A. 

 

3.2.1 Simulation comparison 

In Matlab, There are two different methods to run the simulation model, one is using ‘sim’, and 

the other is using ‘lsim’. The outputs of these two methods slightly give different result, ‘sim 

involves Simulink and ‘lsim’ does not. 

 

In Figure16, shows the simulation result of measurement signal by using ‘sim’.  

Figure 16 measurement signal by using ‘sim’ 
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In Figure 17, shows the simulation results of the signal after pass through analog Butterworth 

low pass filter.   

 

 

Figure 17 Filtered signal by using ‘sim’ 

By comparing the result differences between ‘sim’ and ‘lsim’, the results of these two is plotted 

in the same Figure and zoom in (Figure 18). 

 

From Figure 18 it’s hard to see the results difference although they marked with different colors. 

The output signals of ‘lsim’ and ‘sim’ overlap each other. This indicates that the results of these 

two simulation methods are relatively the same in this filter bandwidth. The slightly difference 

between two output signals almost can be ignored.  

 

 
Figure 18 Zoom in the signals 
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The differences between ‘lsim’ and ‘sim’ on timing have been plotted in the same Figure, in 

Figure 19.  

 

Figure 19 Timing compare between 'sim' and 'lsim' 

 

From Figure 19, it can be seen that the timing of the signal after running the simulation model 

by using sim is no longer linearly increased. Since the time interval between each sample points 

is not evenly spaced. 

 

The spectrum of the filtered signal after using analog filter (Right) is compared with the FFT 

spectrum of measurement signal (Left) can be seen in Figure 20.  

 

  

Figure 20 FFT spectrum compare between measurement signal (Left) and filtered signal (Right)

By analyzing Figure 20, it can be seen that the amplitude of the frequency components which 

behind 4.621*107 Hz is reduced by using the analog low pass filter.    

By use of Matlab syntax”tf(b,a)”, Matlab calculates the transform function of the designed 

analog filter , n is the filter order: 
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The filter can be treated as a system to operate on the signal. There is relation between input 

and output, no matter the relation is in time domain or frequency domain. They all can express 

as the mathematical terms which is also polynomial expression both in terms of numerator and 

denominator (also called transfer function). Such conditions are fulfilled according to the 

numerator equal to zero is Zeros and denominator equal to zero is Poles.    

Figure 21 shows the placement of poles of analog butterworth low pass filter. If we set the 

bandwidth in 2.824*107 Hz, then we have a 4th order filter. For analog lowpass filter, the 

placement of poles is in left side. 

 

 

Figure 21 Poles of analog filter 

 

It is also interesting for us to investigate how the signal behaves if we set different band width 

for the filter.  

 

Table 1 below shows the filter order corresponding to different set of band width. Here, it is 

chosen three different bandwidths; for an example, to test the outputs signal.  
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Wp  Ws  Filter order N 

Bandwidth1:  3.81*106 Hz 4.621*107 Hz 1 

Bandwidth2: 7.914*106 Hz 4.621*107 Hz 1 

Bandwidth3:  1.329*107Hz 4.621*107 Hz 2 

Table 1 Filter order corresponding to three different bandwidths 

 

By Comparing the signal and FFT results between Figure 22, Figure 23 and Figure 24. It can 

be seen that when the narrower bandwidth is applied to the filter then more noise can be 

removed. In this analog filter design, we want minor noise kept in order to further filtering by 

discrete filter at later, therefore 7.914*106 Hz chosen as bandwidth.  

 

Figure 22 Filtered signal and FFT result when set bandwidth in 3.81*106 Hz.  

 

 

Figure 23 Filtered signal and FFT result when set bandwidth in 7.914*106 Hz.  
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Figure 24 Filtered signal and FFT result when set bandwidth in 1.329*107 Hz. 
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3.3 Discrete filter design 

In this section, the signal after passing through the analog low-pass filter is going to be down 

sampled. Before starting down sampling, we apply the analog anti-aliasing low pass filter on 

the analog signal and filtering the frequency components according to the Nyquist frequency 

of down sampled signal. The design of discrete filter is then applied on the down sampled signal. 

After this design, we have one analog filter in series with a discrete filter. We intend to 

experiment how to distribute the filtering part in the analog filtering, another part in the discrete 

filtering. The work is prepared to be able to use different sampling interval. Although, at this 

moment only need to be focused on a certain sampling interval. In the designed filtering system, 

analog filter acts as anti-aliasing filter and then should be chosen to the suitable pass band. 

3.3.1 Anti-aliasing analog low pass filtering 

Anti-aliasing analog low pass filtering is the preparation work for down sampling on the analog 

signal. After this, the sampling interval of filtered signal going to be down sampled from 

5*10−9 to 0.2 us (0.2*10−6 second). 

 

To perform anti-aliasing filtering before sampling on the analog signal is particularly important. 

Nyquist sampling theorem states that when discretize on the analog signal, the sampling 

frequency f2 must be at least 2 times larger than the highest frequency f1 in the signal: f2 ≥ 

2*f1. Otherwise, aliasing would occur due to the sampling frequency not high enough (f2 < 

2*f1), and this might cause the high frequency signal folded into low frequency range. 

 

In order to avoid signal aliasing, we need first filtering the frequency components which are 

higher than ½ of the sampling frequency by a low pass analog filter. It means that, the frequency 

component which is higher than Nyquist frequency will be cut off.    

      

The sampling frequency of down sampled can be calculated as: 

 

𝐹𝑠=  
1

𝑇𝑠
 = 

1

0.2∗10−6 
 = 5*106 Hz 

 

Such, the Nyquist frequency is: 

 

𝐹𝑁= 
𝐹𝑠

2
 = 2.5*106 Hz 

 

For the analog anti-aliasing filtering, Nyquist frequency is chosen as stopband cutoff frequency 

and pass band can be set to 6.839*105 Hz shown in Figure 25. 
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Figure 25 Stopband and pass band cut off frequency of Anti-aliasing filter 

 

The frequency response of anti-aliasing filter converts into Hz, shown in Figure 26. 

 

 

Figure 26 Frequency response of anti-aliasing filter 
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The result signal after passing through the analog anti-aliasing filtering shown in Figure 27: 

 

 
Figure 27 The result signal after passing through the analog anti-aliasing Nyquist filtering 

 

In Figure 27, the gray signal is the measurement signal, the red signal is filtered signal by using 

lsim and the blue signal is filtered signal by using sim. From this figure, it can be seen that the 

filtered signal by using sim has relatively more time delay by comparing with using lsim. 

 

The FFT spectrum of the signal after passing through the anti-aliasing filter shown in Figure 

28: 

 

 

Figure 28 FFT spectrum of the signal after passing through the anti-aliasing filter 



30 
 

 

By comparing the result signal and its FFT spectrum (Figure 27 and Figure 28) with other three 

filter bandwidths (Figure 22, Figure 23 and Figure 24), it can be seen that, Nyquist filtering 

much better improved the smooth on the signal as we expected. On the other hand it gives 

negative effects in time delay occurred on our signal, this shows in Figure 29 and Figure 30. 

  
Figure 29 Output signals between frequency content filtering (Left) and Nyquist filtering (Right) 

 

  

Figure 30 FFT results between frequency content filtering (Left) and Nyquist filtering (Right) 
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3.3.2 Signal down sampling 

After anti-aliasing analog low pass filtering, the sampling interval of filtered signal going to be 

down sampled from 5*10−9 to 0.2 us (0.2*10−6 second). This means that the signal still lasts 

in same amount of time but time interval between each sample point should be comparably 

longer, so it results in the less sampling points in the signal. The number of sample point of 

down sample signal can be calculated as: 

 

Number of sample points = 
𝑇𝑜𝑡𝑎𝑙 𝑡𝑖𝑚𝑒 𝑙𝑎𝑠𝑡 

0.2∗10−6 
 = 

 1∗10−5 

0.2∗10−6 
 = 50 sample points 

 

This means that in order to have 0.2*10−6 sec between each sample, the total sample points 

should be reduced decreasing by 40 times i.e. from 2000 points to 50 points. 

 

If the signal after passing though analog lowpass filter called “FilteredSignal”, in Matlab such 

down sample operation can be done by the syntax: datadown=downsample(FilteredSignal,40). 

Here, “FilteredSignal” is the signal after passing through the analog filter with bandwidth 

7.914*106 Hz and “datadown” is the output signal after down sample implementation. The 

result of down sampled signal is shown in Figure 31 and the 50 sample points showing on the 

down sampled signal with red asterisks. 

 

 
Figure 31 Signal after down sampling 

 

Based on 50 points with sampling frequency 5*106 Hz FFT spectrum result shown in Figure 

32: 
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Figure 32 FFT Spectrum of downsampled signal 

 

 

3.3.3 Discrete filter design on the down sampled signal 

For the discrete filter design, the bandwidth rather set to 1.328*106 Hz. The stopband cutoff 

frequency set to 2.109*106 Hz, shown in Figure 30. For the analog filter section, the bandwidth 

set to 7.914*106 Hz. 

 

For designing a low pass Butterworth filter in Matlab with the syntax [N, Wn] = BUTTORD(Wp, 

Ws, Rp, Rs), which returns the order N of the lowest order digital Butterworth filter that loses 

no more than Rp dB in the passband and has at least Rs dB of attenuation in the stopband. Wp 

and Ws are the passband and stopband edge frequencies, normalized from 0 to 1 (where 1 

corresponds to pi radians/sample).  

 

The normalized frequency defined as: 

 

 𝜔 = 
𝑭

𝑭𝒔
   𝜔-Normalized Relative 

 

The passband normalized cutoff frequency 𝜔𝑝 and stopband normalized cutoff frequency 𝜔𝑠 

calculated as: 

 

𝜔𝑝= (1.328*106)/Fs; 

𝜔𝑠= (2.109*106)/Fs; 

 

The pass band ripple 𝑅𝑝 is chosen as 3dB, and stop band ripple 𝑅𝑠 is taken as 15dB. A low 
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pass butterworth filter is chosen. The amplitude and phase response of the filter shows in Figure 

33. The -3dB cutoff frequency is calculated by Matlab i.e 0.2996. 

 

 

Figure 33 Amplitude and phase response of low pass discrete filter 

 

 

The filter coefficients, and filter order n of designed discrete filter is:  

 

 

Transfer function: 

0.01848 ∗ 𝑍4 + 0.07392 ∗ 𝑍3 + 0.1109 ∗ 𝑍2 + 0.07392 ∗ 𝑍 + 0.01848

𝑍4 − 1.574 ∗ 𝑍3 + 1.279 ∗ 𝑍2 − 0.4861 ∗ 𝑍 + 0.07649
 

 

The placement of poles and zeros on the unit circle given in Figure 34, for a stable discrete 

filter, the positions of poles are located at the right side within unit circle. The number of poles 

is equal to filter order.  
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Figure 34 Poles and zeros of discrete filter 

 

The down sampled signal after filtering by designed low pass discrete filter shows in Figure 35. 

 

 

Figure 35 Downsampled signal after filtering by discrete lowpass filter 

 

In the discrete time low pass filter design, it is also interesting for us to know the behavior of 

the signal if the filter has different band-width. In Figure 36, Figure 37 and Figure 38 show 

respectively the behaviors of output signals and FFT spectrums in three different band widths. 

Here also converted FFT spectrum into log-scale in order to have better view of analysis. 
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Figure 36 Filtered signal and FFT result when set bandwidth in 1.016*106 Hz

  

  

Figure 37 Filtered signal and FFT result when set bandwidth in 1.328*106 Hz.  

 

 

Figure 38 Filtered signal and FFT result when set bandwidth in 1.719*106 Hz. 

By comparing the results between Figure 36, Figure 37 and Figure 38, it can be seen when 

narrow the filter bandwidth, the shapes of each peaks turns more smooth, more signal can be 

removed comparing with the wider set of bandwidth. On the other hand, more deviations on 

the shape occur when it is compared with the measurement signal. Then, the signal sampled 

only with 50 sample points, in order to avoid the risks of lost the signal shape. It is preferred to 
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set bandwidth in 1.328*106 Hz or even a further position according to FFT spectrum.      

 

If we observe on time delay in these three different filter bandwidths: (The blue signal is down 

sampled signal, the red signal is down sampled signal after passing through the discrete low 

pass filter) 

 

 
Figure 39 Time delay when set filter bandwith in 1.016*106 Hz. 

 

 

Figure 40 Time delay when set filter bandwidth in 1.328*106 Hz. 
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Figure 41 Timedelay when set filter bandwitdh in 1.719*106 Hz. 

 

By comparing the signal between Figure 39, Figure 40 and Figure 41, it can be seen that when 

set filter bandwidth in 1.016*106, the filtered signal gets 0.4*10−6 sec time delay. When 

bandwidth set to 1.328*106, it obtains 0.6*10−6 sec time delay. Similarly, when bandwidth 

set to 1.719*106 Hz, It gets 0.8*10−6 sec time delay. Obviously, wider bandwidth causes 

more time delay on output signal.   

 

We want the filtered signal which has less time delay in order to avoid unpredictable situations 

occurs on the application. That is why; we have chosen 1.328*106  Hz as bandwidth for 

discrete filter as only medium time delay exists in this bandwidth comparing with the other two.  

 

If, it is compared between the signal after analog filter and measurement signal, it can be seen 

that the current range of filtered signal fluctuates within 0.02A and -0.02A which possibly 

considered as normal current range. This means that there is no noise left to be filtering after 

analog filter. 
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Chapter 4 Algorithm Design 

4.1 Introduction 

In this chapter, the result signal from Figure 35 is going to be further processed by designing 

an algorithm which removes noise. The current signal will be reconstructed to a reasonable 

range. The algorithm derives the slopes of reconstructed signal and average current value 

method presented at second and third sections of chapter. 

4.2 Signal re-construction algorithm 

By observing each peak values of the signal after passing through the designed low pass filter, 

it can be seen that the peaks values on each triangle shape are quite different which is shown in 

Figure 42. 

 

 

Figure 42 Peak values on each triangle shape 

 

By comparing the Figure 42 with the measurement signal by sight, the correct peaks values on 

the positive and negative parts should be approximately to 0.02 and -0.02 if no noisy signal 

contains.  

 

The possible idea to replace the peak values is by sample point prediction. By using the syntax 

“I=FIND(X)” to find the indices of sampling points. These indices which are corresponding to 

the maximum and minimum peak value of each triangle. In each round, only can be found one 
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maximum peak and one minimum peak in certain time interval. The certain time interval which 

just covers one complete triangle signal. For example, the time interval from 2*10−7 sec to 

3.2*10−6  sec covers first triangle signal. Thus, Matlab then finds one maximum and one 

minimum values in this time interval, which has two peaks values of first triangle. From 

3.2*10−6 sec to 5.6*10−6 sec covers second triangle, so the peaks of second triangle can be 

found and continuing for the third and fourth triangles.  

 

The indices of each peaks found by Matlab shows in Figure 43 compare it with the asterisk 

sample points in Figure 44.   

 

 

Figure 43 Indices of peaks 
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Figure 44 Sample positions 

 

Since, Matlab already found maximum and minimum values for the first triangle are 8th and 

15th sample points. Assuming the values for 6 and 7 are the correct sampling positions, the 

value different between 6 and 7 is: differ=value (7)-value (6). It means that on point 8 it would 

be increasing differ so much over the time. The value of 8th sample point should be: value (8) 

=value (7) + (value (7)-value (6)), that should be the correct value for the 8th sample point 

which is the maximum peak value of first triangle. By calculation, Matlab assigns a new value 

for point 8 according to the values of previous two samples. 

 

For the minimum peak 15, it works the similar idea, so the value for 15 should be value (15) 

=value (14) + (value (14)-value (13)). 

 

By calculation Matlab found correct postion for peaks: 

First triangle:       Max: 0.02047                     Min:-0.01665 

 

Now, we observe the measurement signal by extending left and right side slopes of all the 

triangles until slopes intersect to each other (Figure 45). By manually measurement, we found 

that all the highest points are almost approach the same value (Average value of all highest 

points), as well as all the lowest points. Therefore, the peaks values for rest of triangles can be 

assigned according to the first one. The result signal after peaks reconstruction is shown in 

Figure 46. 
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Figure 45 Peaks by slopes intersections  

 

 

Figure 46 Reconstructed current signal 

From Figure 45, it can be estimate that if no noisy signal exist, the maximum peaks values 

approximate is 0.022A and the minimum peaks values approximate is -0.017A. From Figure 
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46, it can be seen that after signal reconstruction, the values of maximum peaks and minimum 

peaks are 0.02047A and -0.01665A. This shows that the idea of this algorithm is acceptable 

since, the variation of peak values between Figure 45 and Figure 46 are so small.   
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4.3 Algorithm of derives the signal slope 

In this section, the slope of signal is presented by using an appropriate method. The problem 

statement is illustrated in Figure 47 left. 

The slope of the signal can be assumed that it is a line that comes as close as to all data points 

simultaneously. In our example, the signal in the time interval from 2.8*10−6  sec lasts 

3.8*10−6 sec is selected to find out a best fit line.   

 

In this part of signal, the line contains 6 sample points between maximum and minimum peaks, 

shown in Figure 47 right. In left Figure, the green part is the selected part of signal for 

calculating the slope. The right Figure is the selected signal which separated from the signal in 

order to have a closer view on it.  

 

 

Figure 47 The selected signal in between max and min peaks for calculating slope. 

 

The least square method can be considered as the possible way to finding the best fit line. The 

slope function of the signal also called regression line has equation model: 

 

Yi = b0 + b1xi

Where 𝑏0 denotes the intercept, b1 is the slope of regression line. 

The fit is ‘best’ in the sense that the values of 𝑏0 and 𝑏1 chosen are those that minimize the 

sum of the squares of the residuals. As shown in Figure 41 right side, the least-squares 

procedure selects that line which causes 𝑒1
2+𝑒2

2+𝑒3
2+𝑒4

2+𝑒5
2+𝑒6

2 to be as small as possible. Such 

best fit line across all the points which show that vertical distance between each sample points 

to this line is in minimum. The equation of the slope can be found out by substituting the values 

of 𝑏0 and 𝑏1 into regression line equation model. 
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The calculation of 𝑏0 and 𝑏1can also follow the formula of Least-squares estimates for 𝑏0 

and 𝑏1:  

 

𝑏1 =
∑(𝑥𝑖 − �̅�)(𝑦𝑖 − �̅�)

∑(𝑥𝑖 − �̅�)2
 

 

𝑏0 = �̅� − 𝑏1�̅� 

 

This formula can be implemented on Matlab to calculate the response variable of regression 

line. The slope found by Matlab between selected time interval is shown in Figure 48. 

 

  

Figure 48 The slope line between time interval 

 

The values for b0 and b1 calculated by matlab: 

  

b1 = 3.7789*104 

                               b0 = -0.1232 

 

The equation of slope is y = (3.7789*104) x -0.1232. 

 

For left side of triangle, since the value of signal trend to increasing so b1 is positive value. For 

the slope on the right side, we have chosen the signal between time interval from 1.4*10−6 sec 

to 2.8*10−6 sec which is right side of first triangle to find the slope. We observe the value 

changing of b1 by type in the selected time interval into the designed algorithm in Matlab, 

which returns the values of b1 and b0. 
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Figure 49 Select time interval between 1.4*10−6 sec to 2.8*10−6sec to find the slope 

 

The designed algorithm returns the slope line (Figure 49 right side) and values for b1 and b0: 

 

b1= -2.8589*104 

                              b0 = 0.0617 

 

Since, the value of selected signal trend to decreasing, so the value of b1 is a negative number. 

By calculating the intersection of each two sides slopes of the triangle for finding all the peak 

values could be the better solution for reconstruct the peaks. Chapter 4.2 provides another 

possible way to reconstruct the peaks and we have verified that the method is also acceptable.    
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4.4 The average value algorithm 

The starting point to derive the average current is to find a full number of periods and calculate 

the mean value during these periods.  

 

The possible assumption to count periods can be done by choosing a specific value. For 

example, the specific value can be the average of maximum and minimum values, the sample 

point which firstly cross to this value to count the period start. The ending of periods can be the 

sample point which lastly across this value. The number of times (Named ‘N’) which sample 

points across this value is recorded, so the complete number of period is N-1. 

 

Since, the signal now only contains 50 sample points, not all the sample points can reach on the 

average value line (Figure 50, average value line in orange color). Therefore, we chose average 

value between maximum and minimum peaks as threshold value to count period logically is 

possible. But practically, it is difficult to be implemented. This only can be possible when signal 

contains more sample points, for example 2000 points or even more. 

 

 

Figure 50 Average line between maximum and minimum peaks 

 

In chapter 4.2 signal reconstruction algorithm, we have assigned the values of minimum and 

maximum peaks of triangles according to the first triangle. Therefore, instead of average value 

between maximum and minimum peaks, we can take the minimum peaks value as threshold 

value to count periods, this shown in Figure 51. 
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Figure 51 Minimum values line 

 

The designed algorithm found out four sample points across the minimum values line (Figure 

51, Orange color). The number of periods therefore is counted as 4-1=3 periods. We plot the 

complete periods on the signal shown in Figure 52. 

 

 

Figure 52 Complete periods detection 

 

The above complete periods of signal called ‘PeriodSignal’, by using mean 

(PeriodSignal). The average current value can be calculated by Matlab: 
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Now, we compare the calculated average current value with calculations on the unfiltered signal. 

We use the same number of periods on the measurement signal and take reading the current 

values on each slopes intersection, shown in Figure 53.  

 

Figure 53 Take reading the current values on each slopes intersection 

 

The values of maximum and minimum peak on each side is added up and divided by 2 to get 

the average values of each slope. Then, it is calculated the total average current. 

 

For second triangle: 

Left side:  (-0.017+0.0198)/2= 0.0014 

Right side: (-0.02+0.0198)/2=-0.0001 

 

For third triangle: 

Left side: (-0.02+0.02)/2=0 

Right side: (-0.018+0.02)/2=0.001 

 

For forth triangle: 

Left side: (-0.018+0.022)/2=0.002 

Right side: (-0.02+0.022)/2=0.001 

 

Total average current on the unfiltered signal: (0.0014-0.0001+0+0.001+0.002+0.001)/6 ≈ 

0.00088333A. 

As we calculated at earlier, the average value on the filtered signal is 0.00093365 A.   

By comparing these two numbers by subtract from each other to calculate the accuracy: 

(0.00093365 A - 0.00088333 A)/0.00088333A*100%≈6% 

 We found that they are quite close to each other since the difference between two numbers is 

so small. This verifies that our algorithm is reliable. 
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Chapter 5 Conclusion  

In this thesis work, we have designed an anti-aliasing analog and discrete Butterworth lowpass filter 

to filtering the noise through Matlab. 

 

We have used the calculation of values difference between neighboring sample points as the 

algorithm to reconstruct the signal. Complete signal periods detection algorithm is used for calculate 

the average value of current. The least square method and regression line equation are used as the 

algorithm for finding the slopes.  

 

In signal reconstruction algorithm section, we have compared result signal with manually 

measurement on the measurement signal: The variation of peak values between result signal and 

measurement signal are so small, this verifies that our signal reconstruction algorithm is reliable. 
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Appendix A-Simulink Model and parameter 

settings description for Analog filter design 

The simulation model shows in Figure 54. 

 

 
Figure 54 Simulink Model of analog filter 

 

The time and current values of CSV file are imported into FromWorkspace block, the 

parameters setting of FromWorkspace block show in Figure 55. The measurement signal flows 

in two branches, the first branch goes through the Analog Filter Design block and output signal 

of Analog filter stores in To Workspace block named FilteredSignal, the parameters setting of 

analog filter design block shows in Figure 56.  The second branch directly connected with To 

Workspace 1 block named MeasurementSignal, where the signal flow on this branch will 

neither pass through the filter nor any other apparatus models. 

In this simulink model also uses Clock to keep track the timing of the signal, the timing 

information stores in To Workspace2 block. The Figure 57 and Figure 58 shows the parameter 

settings of To Workspace block and Clock block. 
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Figure 55 Parameter settings of From Workspace Source Block 

 

In Figure 55, The "Sample time" value indicates the time interval between successive readings 

of the signal.  Setting this value to 0 indicates the signal is sampled continuously. 

 

 

Figure 56 Parameter settings of Analog Filter Design Block 

 

In the Figure 56, the values of Filter order is set according to the actual filter order N calculated 

by Matlab. The value of Wp also called Passband edge frequency (rad/s) is set according to 

actual value of Wp written in the Matlab code for analog filter design. In Matlab code, when 

choose different filter bandwidth (Wp), it will also returns different filter order, therefore the 

values of these two parameters in Analog Filter Design block should be sets accordingly.  
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Figure 57 Parameter settings of To Workspace Block 

 

In Figure 57 shows the parameter settings of To Workspace Block, for the values of Limit data 

points to last; Decimation; Sample time (-1 for inherited) can use the default given values . Save 

format should choose Array. The settings for these parameters apply the same for other To 

Workspace1 and To Workspace 2 as well. Here only emphasis that the setting of Variable 

name must be corresponds to the actual variable names of different output signals used in 

Matlab code.  

 

Figure 58 Parameters setting of Clock Block 

 

 

1. Use ‘sim’ to  run simulation model: 

 

simtime= 9.9950e-006; 

options=simset('solver','ode45','reltol',1e-9,'abstol',1e-6); 

sim('AnalogLP',simtime,options); 
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value of simtime is total time lasts of the measurement signal. ‘AnalogLP’ is the name of 

simulink model. 

 

SIMSET Create or alter the OPTIONS structure for input to SIM. 

 

Solver - Method to advance time. This property specifies which solver Simulink uses to advance 

time. Here choose ‘ode45’. 

 

RelTol - Relative error tolerance [positive scalar {1e-3} ], this scalar applies to all components 

of the state vector. The estimated error in each integration step satisfies e(i)<= 

max(RelTol*abs(x(i)),AbsTol(i)). RelTol applies only to the variable-step solvers, and defaults 

to 1e-3 (0.1% accuracy). Here choose ‘1e-9’. 

 

AbsTol - Absolute error tolerance [positive scalar {1e-6} ], this scalar applies to all components 

of the state vector. AbsTol applies only to the variable-step solvers, and defaults to 1e-6. 

 

2. Use ’lsim’ to run simulink model: 

 

lsim(sys,current,'r',time); 

 

LSIM Simulate time response of dynamic systems to arbitrary inputs and sys is the transfer 

function of analog filter, which define by sys=tf(b,a). 
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Appendix B-Basic Fitting tool to verify the 

slope function 

In Matlab, there is a powerful tool called “Basic Fitting”. We can use that to verify if our 

algorithm of calculate the slope is accurate, this shown in Figure 59:  

 

Figure 59 Basic fitting tool in Matlab 

 

By clicking on ’Basic Fitting’, it opens a box as Figure 60, selecting ‘linear’ and ‘show 

equations’, ‘plot residuals’ , for ‘Significant digits’ can be chosen as 4. 
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Figure 60 Basic Fitting tool options 

 

After that, Matlab calculates best fit equation line. By comparing it with our algorithm for 

calculating the values of b1 and b0, this verifies the designed algorithm for finding the slope 

function is accurate, this shown in Figure 61. Figure 62 shows Residuals distances to the 

estimated regression line, where the sum of square of residuals in minimum. 

 

 

Figure 61 Verify the algorithm 
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Figure 62 Residuals distances to the estimated regression line 
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Appendix C-Matlab Code 

clc 

clear all 

close all 

  

  

%***********Read CSV file and plot the measured 

signal***************%   

  

current=csvread('PRINT_000.CSV',0,1,[0,1,1999,1]); 

  

M=csvread('PRINT_000.CSV',0,1); 

  

  

scale=0:5e-09:1999*5e-09; 

time=scale'; 

  

  

  

Figure(1) 

plot(time,current) 

title('The measured noisy signal') 

xlabel('Time (sec)'); 

ylabel('Current(A)'); 

  

%************ FFT spectrum of measured signal********************%  

  

L=length(current); 

NFFT = 2^nextpow2(L); % Next power of 2 from length of y 

%  

Time=max(time); 

ts=Time/L; 

Fs=1/ts; %Sampling frequency 

Y = fft(current,NFFT)/L;  

f = Fs/2*linspace(0,1,NFFT/2+1); 

  

% Plot single-sided amplitude spectrum. 

Figure(2) 

plot(f,2*abs(Y(1:NFFT/2+1)))  

title('Single-Sided Amplitude Spectrum of measured signal') 

xlabel('Frequency (Hz)') 

ylabel('Amplitude') 
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%*********************FFT in log-scale****************************% 

Figure(3) 

loglog(f,2*abs(Y(1:NFFT/2+1))) 

xlabel('Frequency Hz') 

title('FFT in log-scale') 

 

figure(4) 

semilogx(f,2*abs(Y(1:NFFT/2+1))) 

xlabel('Frequency Hz in log scale') 

title('FFT in log-scale for Frequency Hz') 

 

  

  

  

% %***********Analog Butterworth lowpass filter 

design****************% 

 %Bandwidth 1: 

%  wp=2*pi*(3.81e+006); 

%  ws=2*pi*(4.621e+007); 

  

% Bandwidth 2: 

 wp=2*pi*(7.914e+006); 

 ws=2*pi*(4.621e+007); 

  

%  %Bandwidth 3: 

%  wp=2*pi*(1.329e+007); 

%  ws=2*pi*(4.621e+007); 

  

  

%/////////End////////////% 

Rp=3; % pass band ripple attenuation 

Rs=15; % stop band ripple attenuation 

  

  

[n,wn]=buttord(wp,ws,Rp,Rs,'s'); % Calculate the filter order and -

3dB cut off frequency 

  

[b,a]=butter(n,wn,'s'); 
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w=linspace(0,Fs/2,2000)*2*pi; 

  

H=freqs(b,a,w); 

magH=abs(H); 

  

phaH=unwrap(angle(H)); 

  

  

Figure(5) 

plot(w/(2*pi),20*log10(magH)); 

xlabel('Frequency(Hz)'); 

ylabel('Magnidute(dB)') 

title('Butterworth analog LP filter') 

grid on 

  

  

  

Figure(6) 

freqs(b,a); 

  

  

[z,p,k] = tf2zpk(b,a); 

Figure(7) 

zplane(z,p); 

title('Placement of poles of Analog filter' ) 

  

  

simtime= 9.9950e-006; 

options=simset('solver','ode45','reltol',1e-9,'abstol',1e-6); 

sim('AnalogLP',simtime,options); 

  

  

Figure(8) 

plot(tt,MeasurementSignal); 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

title('Simulation result of measurement signal by using sim') 

  

Figure(9) 

plot(tt,FilteredSignal); 

xlabel('Time(Sec)') 

ylabel('Current(A)') 
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title('Simulation result of filtered signal by using sim') 

  

  

sys=tf(b,a); 

  

  

Figure(10) 

lsim(sys,current,'r',time) 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

title('Simulation result of filtered signal by using lsim') 

  

Figure(11) 

lsim(sys,current,'r',time) 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

hold on 

plot(tt,FilteredSignal) 

legend('Filtered signal by using lsim','Filtered signal by using 

sim') 

title('Filtered signal comparison between lsim and sim') 

  

  

Figure(12) 

plot(time,'r') 

hold on 

plot(tt,'b') 

xlabel('Number of sample points') 

ylabel('Time in sec') 

title('Time comparison between lsim and sim') 

legend('Timing in lsim','Timing in sim') 

  

%  

% %*********FFT of filtered signal by analog filter********% 

L=length(FilteredSignal); 

NFFT = 2^nextpow2(L); % Next power of 2 from length of y 

Y = fft(FilteredSignal,NFFT)/L;  

f = Fs/2*linspace(0,1,NFFT/2+1); 

Figure(13) 

loglog(f,2*abs(Y(1:NFFT/2+1))) 

xlabel('Frequency Hz') 

title('FFT in log-scale of filtered signal by analog filter') 

%  

%****************subplot***************% 
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% Figure(14) 

% subplot(2,2,1) 

% plot(tt,FilteredSignal); 

% xlabel('Time(Sec)') 

% ylabel('Current(A)') 

% title('Simulation result of filtered signal by using sim') 

% subplot(2,2,2) 

% lsim(sys,current,'r',time) 

% xlabel('Time(Sec)') 

% ylabel('Current(A)') 

% hold on 

% plot(tt,FilteredSignal) 

% legend('Filtered signal by using lsim','Filtered signal by using 

sim') 

% title('Filtered signal comparison between lsim and sim') 

% subplot(2,2,3) 

% plot(w/(2*pi),20*log10(magH)); 

% xlabel('Frequency(Hz)'); 

% ylabel('Magnidute(dB)') 

% title('Butterworth analog LP filter') 

% grid on 

% subplot(2,2,4) 

% loglog(f,2*abs(Y(1:NFFT/2+1))) 

% xlabel('Frequency Hz') 

% title('FFT in log-scale of filtered signal by analog filter') 

  

  

  

%*************Downsample to 0.2us sampling interval**********% 

  

NumOfPoints=ceil(max(tt)/0.2e-006); 

size=ceil(L/NumOfPoints); 

datadown=downsample(FilteredSignal,size); 

Figure(14) 

plot(datadown); 

hold on 

plot(datadown,'*r') 

xlabel('Sampled points') 

ylabel('Current(A)') 

title('Downsampled the signal applied sampling interval 0.2e-006 

sec') 

  

  

%*************FFT spectrum of downsampled signal**********% 
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L=length(datadown); 

Fs=1/0.2e-006; 

NFFT = 2^nextpow2(L); % Next power of 2 from length of y 

Y = fft(datadown,NFFT)/L;  

f = Fs/2*linspace(0,1,NFFT/2+1); 

Figure(15) 

semilogy(f,2*abs(Y(1:NFFT/2+1))) 

xlabel('Frequency Hz') 

title('FFT in log-scale of downsampled signal') 

  

%**********Discrete filter design**************% 

  

scale=0:0.2e-006:(L-1)*0.2e-006; 

Time=scale'; 

  

%Bandwidth 1 

% wp=(1.016e+006)/Fs; 

% ws=(2.109e+006)/Fs; 

  

  

%Bandwidth 2 

wp=(1.328e+006)/Fs; 

ws=(2.109e+006)/Fs; 

  

  

%Bandwidth 3 

% wp=(1.719e+006)/Fs; 

% ws=(2.109e+006)/Fs; 

  

  

%Bandwidth 4 

% wp=(5.469e+005)/Fs; 

% ws=(2.344e+006)/Fs; 

  

  

  

Rp=3; 

Rs=15; 

[n,wn]=buttord(wp,ws,Rp,Rs); 

[b,a]=butter(n,wn); 

  

Figure(16) 

freqz(b,a); 
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Discredata=filter(b,a,datadown); 

  

% Figure(17) 

% plot(Discredata) 

% % hold on 

% % plot(Discredata,'*r') 

% xlabel('Sample points'); 

% ylabel('Current(A)'); 

% title('Filtering the downsampled signal') 

%  

Figure(17) 

% plot(Time,datadown) 

% hold on 

plot(Time,Discredata) 

xlabel('Time(Sec)'); 

ylabel('Current(A)'); 

title('Filtering the downsampled signal') 

  

[z,p,k]=tf2zp(b,a); 

Figure(18) 

zplane(z,p); 

title('Placement of pole and zero of Discrete filter'); 

disp('Transfer function for discrete filter is:') 

  

  

  

%  

% %*******FFT of signal after filtering by discrete filter*****% 

L=length(Discredata); 

Fs=1/0.2e-006; 

NFFT = 2^nextpow2(L); % Next power of 2 from length of y 

Y = fft(Discredata,NFFT)/L;  

f = Fs/2*linspace(0,1,NFFT/2+1); 

Figure(19) 

semilogy(f,2*abs(Y(1:NFFT/2+1))) 

xlabel('Frequency Hz') 

title('FFT in log-scale of signal after filtering by discrete 

filter') 

  

  

  

  

  

%***********Algorithm for removing the most effected noise part***% 
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scale=0:0.2e-006:49*0.2e-006; 

Time=scale'; 

Figure(20) 

plot(Time,Discredata) 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

title('Downsampled signal after discrete filtering respect to time') 

  

%First triangle 

 t1=find(Time==2e-007); 

 t2=find(Time==3.2e-006); 

  

 MaxPoint1=find(Discredata==max(Discredata(t1:t2))); 

  

disp(['The noise found at sample point ',num2str(MaxPoint1),'!']); 

disp('Reconstruct 1 st maximum peak value is under process...') 

 Discredata(MaxPoint1)=Discredata(MaxPoint1-1)+(Discredata(MaxPoint1-

1)-Discredata(MaxPoint1-2)); 

  

 MinPoint1=find(Discredata==min(Discredata(t1:t2))); 

disp(['The noise found at sample point ',num2str(MinPoint1),'!']); 

disp('Reconstruct 1 st minimum peak value is under process...') 

 Discredata(MinPoint1)=Discredata(MinPoint1-1)+(Discredata(MinPoint1-

1)-Discredata(MinPoint1-2)); 

  

  

 %Second triangle 

  t2=find(Time==3.2e-006); 

  t3=find(Time==5.6e-006); 

   

  MaxPoint2=find(Discredata==max(Discredata(t2:t3))); 

disp(['The noise found at sample point ',num2str(MaxPoint2),'!']); 

disp('Reconstruct 2 sd maximum peak value is under process...') 

 Discredata(MaxPoint2)=Discredata(MaxPoint1); 

  

 MinPoint2=find(Discredata==min(Discredata(t2:t3))); 

disp(['The noise found at sample point ',num2str(MinPoint2),'!']); 

disp('Reconstruct 2 sd minimum peak value is under process...') 

 Discredata(MinPoint2)=Discredata(MinPoint1); 

  

  

 %Third triangle 

  t3=find(Time==5.6e-006); 

  t4=find(Time==8.2e-006); 
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  MaxPoint3=find(Discredata==max(Discredata(t3:t4))); 

   

  disp(['The noise found at sample point ',num2str(MaxPoint3),'!']); 

  disp('Reconstruct 3 td maximum peak value is under process...') 

 Discredata(MaxPoint3)=Discredata(MaxPoint2); 

  

 MinPoint3=find(Discredata==min(Discredata(t3:t4))); 

 disp(['The noise found at sample point ',num2str(MinPoint3),'!']); 

 disp('Reconstruct 3 td minimum peak value is under process...') 

 Discredata(MinPoint3)=Discredata(MinPoint2); 

  

  

  

%Forth triangle 

  t5=find(Time==8.2e-006); 

  t6=find(Time==max(Time)); 

   

  MaxPoint4=find(Discredata==max(Discredata(t5:t6))); 

  disp(['The noise found at sample point ',num2str(MaxPoint4),'!']); 

  disp('Reconstruct 4 th maximum peak value is under process...') 

 Discredata(MaxPoint4)=Discredata(MaxPoint2); 

 MinPoint4=find(Discredata==min(Discredata(t5:t6))); 

 disp(['The noise found at sample point ',num2str(MinPoint4),'!']); 

 disp('Reconstruct 4 th minimum peak value is under process...') 

 Discredata(MinPoint4)=Discredata(MinPoint2); 

  

%End  

disp('Reconstruct of peaks values is done!') 

  

%*********Plot the reconstructed signal***********%  

Figure(21) 

plot(Time,Discredata) 

% hold on 

% plot(Time,Discredata,'*r') 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

title('Algorithm of removing the noise') 

  

  

  

  

  

%******************Find the slope of filtered signal****************% 
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%%New Algorithm 

  

% Right side triangle 

  

TimeStart=find(Time==1.4e-006);%Select the starting time of signal 

TimeEnd=find(Time==2.8e-006);%Select the ending time of signal 

  

  

% Left side triangle 

% %  

% TimeStart=find(Time==2.4e-006);%Select the starting time of signal 

% TimeEnd=find(Time==4e-006);%Select the ending time of signal 

  

%  

% TimeStart=find(Time==2.8e-006);%Select the starting time of signal 

% TimeEnd=find(Time==3.8e-006);%Select the ending time of signal 

  

  

NewT=Time(TimeStart:TimeEnd); %Time scale for selected signal. 

NewTindex=TimeStart:TimeEnd; %Time indecis of Timescale. 

sig=Discredata(TimeStart:TimeEnd); %Selected signal. 

  

if Discredata(TimeStart)>Discredata(TimeEnd) 

  

ptr1=find(sig==max(sig)); 

maxindex=NewTindex(ptr1);%Index of max peak of selected signal. 

  

ptr2=find(sig==min(sig));  

minindex=NewTindex(ptr2); %Index of min peak of selected signal. 

  

     

sigminmax=Discredata(maxindex:minindex); %Signal between max and min 

peaks 

  

TimeMaxMin=Time(maxindex:minindex);% Time for max and min peak.  

  

  

L=length(sigminmax); 

  

  

  

storxy=zeros(1,L); 
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storx=zeros(1,L); 

xmean=mean(TimeMaxMin); 

ymean=mean(sigminmax); 

  

for i=1:L 

    storxy(1,i)=(sigminmax(i)-ymean)*(NewT(i)-xmean); 

    storx(1,i)=(TimeMaxMin(i)-xmean)^2; 

       

end 

sumxy=sum(storxy); 

sumx=sum(storx); 

  

b1=sumxy/sumx; 

b0=ymean-b1*xmean; 

  

  

y=b0+b1*TimeMaxMin; 

  

elseif Discredata(TimeStart)<Discredata(TimeEnd) 

  

  

NewT=Time(TimeStart:TimeEnd); %Time scale for selected signal. 

NewTindex=TimeStart:TimeEnd; %Time indecis of Timescale. 

sig=Discredata(TimeStart:TimeEnd); %Selected signal. 

  

  

    

  

ptr1=find(sig==min(sig)); 

minindex=NewTindex(ptr1);%Index of max peak of selected signal. 

  

ptr2=find(sig==max(sig));  

maxindex=NewTindex(ptr2); %Index of min peak of selected signal. 

  

     

sigminmax=Discredata(minindex:maxindex); %Signal between max and min 

peaks 

  

TimeMaxMin=Time(minindex:maxindex);% Time for max and min peak.  

  

  

L=length(sigminmax); 

  

storxy=zeros(1,L); 
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storx=zeros(1,L); 

xmean=mean(TimeMaxMin); 

ymean=mean(sigminmax); 

  

for i=1:L 

    storxy(1,i)=(sigminmax(i)-ymean)*(NewT(i)-xmean); 

    storx(1,i)=(TimeMaxMin(i)-xmean)^2; 

       

end 

sumxy=sum(storxy); 

sumx=sum(storx); 

  

b1=sumxy/sumx; 

b0=ymean-b1*xmean; 

  

  

y=b0+b1*TimeMaxMin; 

 

end  

 

Figure(23) 

plot(NewT,sig); 

% hold on 

% plot(NewT,sig,'r*'); 

hold on 

plot(TimeMaxMin,y,'r') 

xlabel('Time scale(Sec)') 

ylabel('Current(A)') 

legend('Signal','slope') 

  

  

  

  

Figure(24) 

plot(Time,Discredata); 

hold on 

plot(NewT,sig,'g',TimeMaxMin,y,'r'); 

xlabel('Time scale(Sec)') 

ylabel('Current(A)') 

legend('signal','Selected Signal','Slope') 
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% %*********Find mean value of the signal*******%     

  

Counter=0; 

PeriodIndex=length(Discredata); 

for k=1:PeriodIndex 

  if Discredata(k)==min(Discredata) 

      Counter=Counter+1;     

  end     

end 

Counter=Counter-1; 

PeriodIndex=find(Discredata==min(Discredata)); 

PeriodStartIndex=min(PeriodIndex); 

PeriodEndIndex=max(PeriodIndex); 

PeriodSignal=Discredata(PeriodStartIndex:PeriodEndIndex); 

Figure(26) 

plot(Time,Discredata) 

hold on 

plot(Time(PeriodStartIndex:PeriodEndIndex),PeriodSignal,'r') 

xlabel('Time(Sec)') 

ylabel('Current(A)') 

title('Period signal detection') 

legend('Current Signal','Complete period of signal') 

disp(['Average current of ',num2str(Counter),' periods is 

',num2str(mean(PeriodSignal))]); 

Figure(27) 

plot(PeriodSignal); 
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