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Problem	Description







Matlab(R)	Source	Code

clc;

clear	all;

%	unit	step	function

u=ones(1000,1);

%	input	sequence

for	n=1:1000

s(n)=0.4^n*(cos(pi*n/4)+sin(3*pi*n/4))*u(n);

end

%	noise	sequence

d=randn(1,1000);

%d2=randsrc(1,1000,[-1,1]);

x1=d+s;

%x2=d2+s;

%	butterworth								low	pass	filter	design

[n,w]=buttord(0.3,0.4,4,60);

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

y1=filter(b,a,x1);

%freqz(b,a);

for	n=1:1000

xx(n)=((-1)^n)*s(n);

end	xx2=xx+d;



%high	pass	filter	design

[nh	wh]=buttord(0.5,0.12,4,60);

[b	a]=butter(nh,wh);

y2=filter(b,a,xx2);

%freqz(b,a);

%	plotting	of	sequences	s(n),y1(n),y2(n),d(n)

figure(1)

plot(s);

title('input	sequence	s(n)');

xlabel('length	of	sequence');

ylabel('magnitude');

hold	on;

figure(2)

plot(d);

title('noise	sequence');

xlabel('length	of	sequence');

ylabel('magnitude');

hold	on;

figure(3)	plot(y1)

title('low	pass	filtered	output	sequence	y1(n)');

xlabel('length	of	sequence');



ylabel('magnitude');

hold	on;

figure(4)

plot(y2)

title('high	pass	filtered	sequence	y2(n)');

xlabel('length	of	sequence');

ylabel('magnitude');

hold	on;

%	calculation	of	1024	point	dft	of	sequences	s(n),y1(n),y2(n),d(n)	and

%	plotting	of	magnitude	and	phase	plot	of	dft	sequences

%	input	sequence	sk=fft(s,1024);

pss=	sk.*conj(sk)/1024;	f	=	1000*(0:512)/1024;

figure(5)

plot(f,pss(1:513))

title('Frequency	content	of	s')

xlabel('frequency	(Hz)')

hold	on;

psk	=	unwrap(angle(sk));

f1	=	(0:length(sk)-1)'/length(sk)*1000;

figure(6)

plot(f1,psk)



title('phase	plot	s')

ylabel('phase	(radian)')

hold	on;

%	noise	sequence

dk=fft(d,1024);

dss=dk.*conj(dk)/1024;

figure(7)

plot(f,dss(1:513))

title('Frequency	content	of	d')

xlabel('frequency	(Hz)')

hold	on;

dsk	=	unwrap(angle(dk));

f1	=	(0:length(dk)-1)'/length(dk)*1000;

figure(71)

plot(f1,dsk)

title('phase	plot	d')

ylabel('phase	(radian)')

hold	on;

%	low	pass	filtered	output

y1(n)	y1k=fft(y1,1024);

Py1	=	y1k.*	conj(y1k)	/	1024;

p	=	unwrap(angle(y1k));



f	=	1000*(0:512)/1024;

figure(8)

plot(f,Py1(1:513))

title('Frequency	content	of	y1')

xlabel('frequency	(Hz)')

hold	on;

f1	=	(0:length(y1k)-1)'/length(y1k)*1000;

figure(9)

plot(f1,p)

title('phase	plot	y1')

ylabel('phase	(radian)')

hold	on;

%	high	pass	filtered	output

y2k=fft(y2,1024);

Py2	=	y2k.*	conj(y2k)	/	1024;

p2	=	unwrap(angle(y2k));

f	=	1000*(0:512)/1024;

figure(10)

plot(f,Py2(1:513))

title('Frequency	content	of	y2')

xlabel('frequency	(Hz)')

hold	on;



f1	=	(0:length(y2k)-1)'/length(y2k)*1000;

figure(11)

plot(f1,p2)

title('phase	plot	y2')

ylabel('phase	(radian)')

xlabel('frequency(Hz)');

hold	on;

hold	off;
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