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%This code will generate a signal, add noise, show the Fourier transform, 
%then reconstruct the signal. 

% Sinusoid generation 
t=-3:0.1:3; %time series: -3,-2.9,....0,....2.9,3 
freq=100; %period is 0.01s 
f=sin (2*pi*freq*t) ; 
figure(1) ,plot (t,f) 
tl=-0.02:0.001:0.02;%there were not enough points for each period 
fl=sin (2*pi*freq*tl) ; 
figure(2), plot(t1,fl) 1 
t2=-0.02:0.0001:0.02;%there were not yet enough points for each period, we get flat peaks 
£2=sin(2*pi*freq*t2); 
figure(3), plot(t2,f2) 

%add 1000% noise or SNR=1:10 
£2n=f2+1O*randn(l,length(t2)); 

figure (4) , plot (t2, f2n) 

%show frequency spectrum 
ff 2n=f ftshift (f 2n) ; 
figure ( 5 )  , plot (abs (ff2n) ) 

%do lowpass filter 
band=floor(length(t2)/4)+10; 
filt-one=ones (1, band) ; 
filt - zero-zeros (l,length(t2) -band) ; 
f ilt= [filt-one f ilt-zero] ; 
ff2n=ff2n.*filt; 
figure (6) , plot (abs (f f 2n) ) 
%show inverse Fourier Transform 
iff2n=ifft(ff2n); 
figure(7) ,plot (real (iff2111 ) 























1 

L) T i u f i s / &  L, $ &- t i w e  ~ l r l . L b &  ! 

t -  t '=  .t+ 5 
C rLft 3, pa- 

; ( r ~ r u ; A  w = ~  J I ~ )  t . m - r  4 4  (++-PI 2) 
mQ m - y  OPL ) 













original signal signal with 1000% noise added 

Fourier Transform of signal with 1000% noise added Low-pass filtered used to eliminate noise (bandwidth=12) 



reconstructed signal 

%This code will generate a signal, add noise, show the Fourier transform, 
%then reconstruct the signal. 

% Sinusoid generation 
t=-3:0.1:3; %time series: -3,-2.9,....0,....2.9,3 
freq=100; %period is 0.01s 
f=sin(2*pi*freq*t) ; 
figure(1) ,plot (t,f) 
tl=-0.02:0.001:0.02;%there were not enough points for each period 
fl=sin (2*pi*freq*tl) ; 
figure (2) , plot (tl, fl) 
t2=-0.02:0.0001:0.02;%there were not yet enough points for each period, we get flat peaks 
f2=sin(2*pi*freq*t2); 
figure(31, plot(t2,f2) 

%add 1000% noise or SNR=1:10 
f2n=f2+10*randn(l,length(t2)); 
figure (4) , plot (t2, f2n) 

%show frequency spectrum 
ff2n=fftshift (f2n) ; 
figure ( 5 )  , plot (abs (ff2n) ) 

%do lowpass filter 
band=floor (length(t2) /I281 +9;%floor (length(t2) 14) +lo; 
filt one=ones (1, band) ; 
filtIzero=zeros (l,length(t2) -band) ; 
filt= [filt-one filt-zero] ; 
ff2n=ff2n.*filt; 
figure (6) , plot (abs ( f f2n) ) 
%show inverse Fourier Transform 
iff2n=ifft (ff2n) ; 
figure(7) ,plot(real(iff2n)) 
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