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	Ex. No : 2


	
GENERATION OF SIGNALS
	Date   :






















Program :
%program to generate unit impulse signal
clc;
clear all;
close all;
t=-2:1:2;
y=[zeros(1,2),ones(1),zeros(1,2)];
figure;
stem(t,y);
ylabel('Amplitude--------->');
xlabel('Time------------>');
title('Unit Impulse Signal');




Output :


[image: ]















Program :
%Program to generate unit step signal(discrete signal);
clc;
close all;
clear all;
n=input('Enter the length of the sequence');
t=0:1:n-1;
y=[ones(1,n)];
stem(t,y);
ylabel('Amplitude------>');
xlabel('Time------>');
title('Unit step signal');




Output :
Enter the length of the sequence10
>>

[image: D:\unit step.jpg]

Program :

%Program to generate the unit step signal (continuous signal) ;
clc;
clear all;
close all;
n=input('Enter the length of the sequence');
t=0:1:n-1;
y=[ones(1,n)];
plot(t,y);
ylabel('Amplitude---------->');
xlabel('Time-------->');
title('Unit step signal');



















Output :
Enter the length of the sequence10
>>


[image: D:\unit step cnt.jpg]


Program :
     %Program to generate unit ramp signal(discrete signal);
     clc;
     clear all;
     close all;
     n=input('Enter the length of the sequence');
     t=0:1:n-1;
     stem(t,t);
     ylabel('Amplitude------>');
     xlabel('Time-------->');
     title('Unit ramp signal');




Output :
Enter the length of the sequence10
>>

[image: D:\unit ramp dct.jpg]

Program :
     %Program to generate unit ramp signal(continuous signal);
     clc;
     clear all;
     close all;
     n=input('Enter the length of the sequence');
     t=0:1:n-1;
     plot(t,t);
     ylabel('Amplitude----->');
     xlabel('Time---->');
     title('Unit ramp signal');




Output :
Enter the length of the sequence10
>>

[image: D:\unit ramp ct.jpg]

Program :
%Program to generate sinusoidal signal;
clc;
clear all;
close all;
f=input('Enter the frequency of the signal');
t=0:0.01:pi;
y=sin(2*pi*f*t);
plot(t,y);
ylabel('Amplitude-------->');
xlabel('Time--------->');
title('Sinusoidal signal');




Output :
Enter the frequency of the signal1
>>

[image: D:\sin ct.jpg]

Program :
%Program to generate co sinusoidal signal;
clc;
clear all;
close all;
f=input('Enter the frequency of the signal');
t=0:0.01:pi;
y=cos (2*pi*f*t);
plot(t,y);
ylabel('Amplitude-------->');
xlabel('Time----->');
title('Co sinusoidal signal');




Output :
Enter the frequency of the signal1
>>


[image: D:\cos ct.jpg]


Program :
%Program to generate discrete time signal;
clc;
clear all;
close all;
x=input('Enter the sequence');
figure;
stem(x);
ylabel('Amplitude-------->');
xlabel('Time--------->');
title('Discrete time signal');




Output :
Enter the sequence[1 3 -5 2]
>>


[image: D:\dsp images\untitled.jpg]
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	Ex. No : 3


	
IMPLEMENTATION OF FFT
	Date   :


Program:
%Program to calculate FFT;
clc;
clear all;
close all;
x=input('Enter the input sequence');
y=fft(x);
subplot(2,1,1);
stem(x);
xlabel('Time------->');
ylabel('Amplitude----------->');
subplot(2,1,2);
stem(y);
xlabel('Time-------->');
ylabel('Amplitude---------->');
disp('Input sequence');x
disp('FFT values');y
title('Calculation of FFT');














Output:
Enter the input sequence[1 2 3 4 4 3 2 1]
Input sequence
x =
     1     2     3     4     4     3     2     1
FFT values
y =
  Columns 1 through 6
  20.0000            -5.8284 - 2.4142i        0            -0.1716 - 0.4142i        0            -0.1716 + 0.4142i
  Columns 7 through 8
        0            -5.8284 + 2.4142i
>>

[image: D:\dsp images\fft.jpg]
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	Ex. No : 4


	
IMPLEMENTATION OF DFT
	Date   :



Aim :



    Algorithm :





















Program :
%Program to calculate DFT
clc;
clear all;
close all;
x=input('Enter the sequence');
N=length(x);
for k=0:1:N-1;
    for n=0:1:N-1;
    p=exp(-i*2*pi*k*n/N);
        y(n+1,k+1)=p;
    end;
end;
y=x*y;
disp(y);
subplot(2,1,1);
stem(x);
xlabel('Time-------->');
ylabel('Amplitude---------->');
title('Input sequence');
subplot(2,1,2);
stem(y);
xlabel('Time-------->');
ylabel('Amplitude---------->');
title('DFT sequence');







Output :
Enter the sequence[1 2 3 4]
  10.0000            -2.0000 + 2.0000i  -2.0000 - 0.0000i  -2.0000 - 2.0000i

>>
[image: D:\dsp images\dft.jpg]
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	Ex. No : 5


	
LINEAR & CIRCULAR CONVOLUTION
	Date   :


































Program :
%Program to calculate linear convolution;
clc;
clear all;
close all;
x1=input('Enter the input sequence');
x2=input('Enter the input sequence');
y=convn(x1,x2);
subplot(3,1,1);
stem(x1);
ylabel('Amplitude-------->');
xlabel('Time---------->');
title('Input sequence x1');
subplot(3,1,2);
stem(x2);
ylabel('Amplitude-------->');
xlabel('Time---------->');
title('Input sequence x2');
subplot(3,1,3);
stem(y);
ylabel('Amplitude-------->');
xlabel('Time---------->');
disp('Input sequence x1');
disp(x1);
disp('Input sequence x2');
disp(x2);
disp('Convn value y');
disp(y);
title('Convolution');





Output :
Enter the input sequence[0 1 2 3]
Enter the input sequence[1 2 3 4]
Input sequence x1
     0     1     2     3
Input sequence x2
     1     2     3     4
Convn value y
     0     1     4    10    16    17    12
>>

[image: D:\dsp images\linear.jpg]
Program :
%Program to calculate circular convolution;
clc;
clear all;
close all;
x=input('Enter the input sequence(x)');
h= input('Enter the input sequence(h)');
y=fft(x);
n=fft(h);
for i=1:length(x)
      s(i)=y(i)*n(i);
end
z=ifft(s);
subplot(3,1,1);
stem(x);
ylabel('Amplitude-------->');
xlabel('Time---------->');
title('x(n)');
subplot(3,1,2);
stem(h);
ylabel('Amplitude-------->');
xlabel('Time---------->');
title('h(n)');
subplot(3,1,3);
stem(z);
ylabel('Amplitude-------->');
xlabel('Time---------->');
disp('Input sequence x(n)');
disp(x);
disp('Input sequence');
disp(h);
disp('Convn values');
disp(z);
title('Circular Convolution');
Output :

Enter the input sequence(x)[0 1 2 3]
Enter the input sequence(h)[1 2 3 4]
Input sequence x(n)
     0     1     2     3
Input sequence
     1     2     3     4
Convn values
    16    18    16    10
>>

[image: D:\dsp images\circular.jpg]
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	Ex. No : 6


	
SAMPLING THEOREM
	Date   :




















Program:
%Solution for section(a);
clc;
clear all;
close all;
f1=1/128;
f2=5/128;
n=0:255;
fc=50/128;
x=cos(2*pi*f1*n)+cos(2*pi*f2*n);
xa=cos(2*pi*fc*n);
xamp=x.*xa;
subplot(2,2,1);
plot(n,x);
title('x(n)');
xlabel('n------>');
ylabel('Amplitude--------?');
subplot(2,2,2);
plot(n,xa);
title('xa(n)');
xlabel('n------>');
ylabel('Amplitude--------?');
subplot(2,2,3);
plot(n,xamp);
xlabel('n-------->');
ylabel('Amplitude--------->');

%128 point DFT computation-solution for section(b);
n=0:127;
figure;
n1=128;
f1=1/128;
f2=5/128;
fc=50/128;
x=cos(2*pi*f1*n)+ cos(2*pi*f2*n);
xc= cos(2*pi*fc*n);
xamp=x.*xc;
xam=fft(xamp,n1);
stem(n,xam);
title('xamp(n)');
xlabel('n-------->');
ylabel('Amplitude--------->');

%128 point DFT computation-solution for section(c);
n=0:99;
figure;
n2=0:n1-1;
f1=1/128;
f2=5/128;
fc=50/128;
x=cos(2*pi*f1*n)+ cos(2*pi*f2*n);
xc= cos(2*pi*fc*n);
xamp=x.*xc;
for i=1:100
      xamp1(i)=xamp(i);
end
xam=fft(xamp1,n1);
stem(n2,xam);
title('xamp(n)');
xlabel('n-------->');
ylabel('Amplitude--------->');









Output:
[image: D:\dsp images\s1.jpg]
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	Ex. No : 7


	
INTERPOLATION
	Date   :



Aim :



   Algorithm :





















Program :
%Program for interpolation
clc;
clear all;
close all;
N=input('input length=');
L=input('up-sampling factor=');
f0=input('input signal frequency=');
%generate the input sinusoidal sequence%
n=0:N-1;
x=sin(2*pi*f0*n);
%generate the up sampled sequence%
y=zeros (1,L*length(x));
y([1:L:length(y)])=x;
%to plot the input and output sequences
subplot(2,1,1);
stem(n,x);
xlabel('time index n');
ylabel('amplitude');
title('input sequence');
subplot(2,1,2);
stem(n,y (1:length(x)));
xlabel('time index n');
ylabel('amplitude');
title(['output sequence up-sampled by:num2str(L)']);








Output :
     input length=50
     up -sampling factor=3
     input signal frequency=.2
>>


[image: D:\dsp images\decmn.jpg]
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	Ex. No : 8


	
DECIMATION
	Date   :





















Program :
%Program for decimation
clc;
close all;
clear all;
N=input('output length=');
M=input('down sampling factor=');
f0=input('input signal frequency=');
%generate the input sinusoidal sequence%
n=0 : N-1;
m=0 : N*M-1;
x=sin(2*pi*f0*m);
%generate the down sampled sequence%
y=x([1:M:length(x)]);
%to plot the input and output sequence%
subplot(2,1,1);
stem(n,x(1:N));
title('input sequence');
subplot(2,1,2);
stem(n,y);
title(['output sequence down sampled by:num2str(m)']);
xlabel('time index');
ylabel('amplitude');









Output :
output length=50
down sampling factor=3
input signal frequency=.2
>>


[image: D:\dsp images\dsmn.jpg]
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	Ex. No : 9


	
FIR FILTER DESIGN-RECTANGULAR WINDOW
	Date   :


Aim :




   Algorithm :




















Program :
%Program for design FIR lowpass, bandpass, band stop filter using rectangular window;
clc;
clear all;
close all;
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter the stop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
num=-20*log10(sqrt(rp*rs))-13;
dem=14.6*(fs-fp)/f;
n=ceil(num/dem);
n1=n+1;
if(rem(n,2)~=0);
    n1=n;
    n=n-1;
end
y=boxcar(n1);
%low pass filter;
b=fir1(n,wp,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,1);
plot(o/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%High pass filter;
b=fir1(n,wp,'high',y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,2);
plot(o/pi,m);
xlabel('(b)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band pass filter;
wn=[wp,ws];
b=fir1(n,wn,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,3);
plot(o/pi,m);
xlabel('(c)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band stop filter;
b=fir1(n,wn,'stop',y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,4);
plot(o/pi,m);
xlabel('(d)Normalized frequency------------->');
ylabel('Gain in dB--------->');









Output :
Enter the pass band ripple0.05
Enter the stop band ripple0.04
Enter the pass band frequency1500
Enter the stop band frequency2000
Enter the sampling  frequency9000
>>

[image: D:\dsp images\rectn.jpg]
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	Ex. No : 10


	
FIR FILTER DESIGN-HAMMING WINDOW
	Date   :


Aim :




   Algorithm :




















Program :
%Design of FIR filter using Hamming window;
clc;
clear all;
close all;
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter thestop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
num=-20*log10(sqrt(rp*rs))-13;
dem=14.6*(fs-fp)/f;
n=ceil(num/dem);
n1=n+1;
if(rem(n,2)~=0);
  n1=n;
  n=n-1;
end
y=hamming(n1);
%low pass filter;
b=fir1(n,wp,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,1);
plot(o/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%High pass filter;
b=fir1(n,wp,'high',y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,2);
plot(o/pi,m);
xlabel('(b)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band pass filter;
wn=[wp,ws];
b=fir1(n,wn,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,3);
plot(o/pi,m);
xlabel('(c)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band stop filter;
b=fir1(n,wn,'stop',y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,4);
plot(o/pi,m);
xlabel('(d)Normalized frequency------------->');
ylabel('Gain in dB--------->');










 Output :
Enter the pass band ripple0.02
Enter the stop band ripple0.01
Enter the pass band frequency1200
Enter thestop band frequency1700
Enter the sampling  frequency9000
>>

[image: D:\dsp images\hmmn.jpg]
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	Ex. No : 11


	
FIR FILTER DESIGN-HANNING WINDOW
	Date   :


Aim :




   Algorithm :




















Program :
%Design of FIR filter using Hanning window;
clc;
clear all;
close all;
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter the stop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
num=-20*log10(sqrt(rp*rs))-13;
dem=14.6*(fs-fp)/f;
n=ceil(num/dem);
n1=n+1;
if(rem(n,2)~=0);
n1=n;
n=n-1;
end
y=hanning(n1);

%low pass filter;
b=fir1(n,wp,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,1);
plot(o/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%High pass filter;
b=fir1(n,wp,'high',y);

[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,2);
plot(o/pi,m);
xlabel('(b)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band pass filter;
wn=[wp,ws];
b=fir1(n,wn,y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,3);
plot(o/pi,m);
xlabel('(c)Normalized frequency------------->');
ylabel('Gain in dB--------->');

%Band stop filter;
b=fir1(n,wn,'stop',y);
[h,o]=freqz(b,1,256);
m=20*log10(abs(h));
subplot(2,2,4);
plot(o/pi,m);
xlabel('(d)Normalized frequency------------->');
ylabel('Gain in dB--------->');







Output:

Enter the pass band ripple0.03
Enter the stop band ripple0.01
Enter the pass band frequency1400
Enter the stop band frequency2000
Enter the sampling  frequency8000
>>
[image: D:\dsp images\hnng.jpg]
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	Ex. No : 12


	
BUTTERWORTH DIGITAL IIR FILTERS
	Date   :






















Program :
%Program for the design of Butterworth low pass filter;
clc;
clear all;
close all;
format long
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter the stop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
[n,wn]=buttord(wp,ws,rp,rs);
[b,a]=butter(n,wn);
w=0:.01:pi;
[h,om]=freqz(b,a,w);
m=20*log10(abs(h));
an=angle(h);
subplot(2,1,1);
plot(om/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');
subplot(2,1,2);
plot(om/pi,an);
xlabel('(b)Normalized frequency------------->');
ylabel('Phase in radians--------->');






Output :
Enter the pass band ripple0.5
Enter the stop band ripple50
Enter the pass band frequency1200
Enter the stop band frequency2400
Enter the sampling  frequency10000
>>


[image: D:\dsp images\bwlpf.jpg]






Program :
%Program for design Butterworth high pass filter;
clc;
clear all;
close all;
format long
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter the stop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
[n,wn]=buttord(wp,ws,rp,rs);
[b,a]=butter(n,wn,'high');
w=0:.01:pi;
[h,om]=freqz(b,a,w);
m=20*log10(abs(h));
an=angle(h);
subplot(2,1,1);
plot(om/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');
subplot(2,1,2);
plot(om/pi,an);
xlabel('(b)Normalized frequency------------->');
ylabel('Phase in radians--------->');





 Output :
Enter the pass band ripple0.5
Enter the stop band ripple50
Enter the pass band frequency1200
Enter the stop band frequency2400
Enter the sampling  frequency10000
>>


[image: D:\dsp images\bhp.jpg]





Program :
%Program for design Butterworth band pass digital filter;
clc;
clear all;
close all;
format long
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter thestop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
[n]=buttord(wp,ws,rp,rs);
[wn]=[wp ws];
[b,a]=butter(n,wn,'bandpass');
w=0:.01:pi;
[h,om]=freqz(b,a,w);
m=20*log10(abs(h));
an=angle(h);
subplot(2,1,1);
plot(om/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');
subplot(2,1,2);
plot(om/pi,an);
xlabel('(b)Normalized frequency------------->');
ylabel('Phase in radians--------->');





Output :
Enter the pass band ripple0.3
Enter the stop band ripple40
Enter the pass band frequency1500
Enter thestop band frequency2000
Enter the sampling  frequency9000
>>


[image: D:\dsp images\bbpf.jpg]



Program :
%Program for design Butterworth band stop digital filter;
clc;
clear all;
close all;
format long
rp=input('Enter the pass band ripple');
rs=input('Enter the stop band ripple');
fp=input('Enter the pass band frequency');
fs=input('Enter the stop band frequency');
f=input('Enter the sampling  frequency');
wp=2*fp/f;
ws=2*fs/f;
[n]=buttord(wp,ws,rp,rs);
[wn]=[wp ws];
[b,a]=butter(n,wn,'stop');
w=0:.01:pi;
[h,om]=freqz(b,a,w);
m=20*log10(abs(h));
an=angle(h);
subplot(2,1,1);
plot(om/pi,m);
xlabel('(a)Normalized frequency------------->');
ylabel('Gain in dB--------->');
subplot(2,1,2);
plot(om/pi,an);
xlabel('(b)Normalized frequency------------->');
ylabel('Phase in radians--------->');




Output :
Enter the pass band ripple0.4
Enter the stop band ripple46
Enter the pass band frequency1100
Enter the stop band frequency2200
Enter the sampling  frequency6000
>>
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FIR FILTER USING DSP PROCESSOR
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STUDY OF VARIOUS ADDRESSING MODES OF DSP
	Date   :
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FIR PROGRAME

;FIR application Program
sFilter order 15

;Cutoff Frequency 1KHz

.include “5416_IV.asm”
.data
COEFF .word 0fd28h,01966h,0f93ah,0fe69h,0868h,144¢h,1debh,2199h
.word 1debh,144¢h,0868h,0fe69h,093ah,0f966h,0D28h ;;ORDER 15

xnfirst .word 0,0,0,0,0
.word 0,0,0,0,0

.word 0,0,0,0

xnlast .word 0
.text

start LD #COEFFDP
RSBX INTM

LD  #022Bh,0,A

STLM A,PMST
jommmmm Serial Port Initializations —-—-——--—---——-
jmmmmmmnne=m—~ McBSP0 Initializations ---—------—eeeeev

SSBX INTM

STM SPCRI,McBSP0_SPSA  ;SPCRI reset
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STM
NoP
NOP
STM
STM
STM
STM
STM
STM
STM
STM
STM
ST™M
STM
ST™M
STM
STM
ST™M
ST™M
STM
STM
STM
ST™M
STM
STM

#0090h,McBSP0_SPSD

SPCR2,McBSP0_SPSA
#0020h,McBSPO_SPSD
PCR,McBSP0_SPSA
#0A00h,McBSPO_SPSD
RCR1,McBSP0_SPSA
#00A0h,McBSPO_SPSD
RCR2,McBSP0_SPSA
#0001h,McBSPO_SPSD
XCR1,McBSP0_SPSA
#00A0h,McBSPO_SPSD
XCR2,McBSP0_SPSA
#0001h,McBSP0_SPSD

- SRGR1,McBSP0_SPSA

#000Bh,McBSP0_SPSD
SRGR2,McBSP0_SPSA
#303Fh,McBSP0_SPSD
MCR1,McBSPO_SPSA
#0001h,McBSP0_SPSD
MCR2,McBSPO_SPSA
#0000h,McBSP0_SPSD
RCERB,McBSP0_SPSA
#0001h,McBSP0_SPSD

sSPCR2 reset

sPCR

sRCR1

;32 BITS WORDSIZE

sRCR2

;XCR1

;32 BITS WORDSIZE

;XCR2

;SRGR1

517

;SRGR2

sMCR1

sMCR2

sRCERB
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ST™M
STM
STM
STM
STM
STM
ST™M
STM
NoP
Nop
ST™M
ST™M

STM
STM
NOP
NOP
STM
STM
STM
ST™M
STM
STM

RCERA,McBSP0_SPSA

#0001h,McBSPO_SPSD

XCERB,McBSP0_SPSA

#0001h,McBSPO_SPSD

XCERA,McBSP0_SPSA

#0001h,McBSPO_SPSD
SPCR1,McBSP0_SPSA
#0091h,McBSP0_SPSD

SPCR2,McBSP0_SPSA
#00A1h,McBSPO_SPSD

McBSP? Initializations-

SPCR1,McBSP2_SPSA
#0090h,McBSP2_SPSD

SPCR2,McBSP2_SPSA
#0020b,McBSP2_SPSD
PCR,McBSP2_SPSA

#0A00b,McBSP2_SPSD
RCR1,McBSP2_SPSA
#00A0h,McBSP2_SPSD

sRCERA

;XCERB

;XCERA

;Take ‘em out of reset

;sSPCR1 reset

sSPCR2 reset

;sPCR

sRCR1
;32 BITS WORDSIZE
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STM
STM
STM
ST™M
ST™M
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
STM
ST™M
ST™M
ST™M
NoOP
NOP

RCR2,McBSP2._SPSA
#0000h,McBSP2_SPSD
XCR1,McBSP2_SPSA
#00A0b,McBSP2_SPSD
XCR2,McBSP2_SPSA
#0000h,McBSP2_SPSD
SRGR1,McBSP2_SPSA
#0002h,McBSP2_SPSD
SRGR2,McBSP2_SPSA
#303Bh,McBSP2_SPSD
MCR1,McBSP2_SPSA
#0001h,McBSP2_SPSD
MCR2,McBSP2 SPSA
#0000h,McBSP2_SPSD
RCERB,McBSP2_SPSA
#0001h,McBSP2_SPSD
RCERA,McBSP2_SPSA
#0001h,McBSP2_SPSD
XCERB,McBSP2_SPSA
#0001h,McBSP2_SPSD
XCERA,McBSP2_SPSA
#0001h,McBSP2_SPSD
SPCR1,McBSP2_SPSA
#0091h,McBSP2_SPSD

sRCR2

;XCR1
;32 BITS WORDSIZE

;XCR2 25

sMCR2

sRCERB

sRCERA

;XCERB

;XCERA

;Take ‘em out of reset
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STM SPCR2,McBSP2_SPSA
STM #00A1h,McBSP2_SPSD

End of Serial Ports Initializations-

we

RSBX INTM
LD #02Fh0,A

STLM A, MR

STM  #0h,McBSPO_DXR1

STM  #0h,McBSP0_DXR2

STM  #0007h,GPIOCR

STM  #0003h,GPIOSR

STM #SPCR2,McBSP2_SPSA

STM  #00E1h,McBSP2_SPSD  ;Mclk
NoP

STM  #0007h,GPIOSR

STM #SPCR2,McBSP0_SPSA

STM  #00E1h,McBSPO_SPSD  ;Sclk & Fs

SSBX SXM

RSBX FRCT

STM #150,BK

STM #1600h,ARS

STM #1700h,AR6
WAIT NOP

NOP

B WAIT
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_XINTO_ISR
LD  #xnfirst,DP
LDM McBSPO_DRR1,A * ;R Channel
STL A,0,*AR5+%
H LDM McBSP0_DRR2,A ;L Channel
STL A,0,xnfirst
STM xnlast,AR3
LD #COEFE,DP
RPT #14
MACD *AR3-,COEFF,A
SFTA A,-15
STLM A,McBSP0_DXRi ;0/p for R Channel
STLM A,McBSP0_DXR2 ;0/p for L Channel
STL A,0,*AR6+%
RETE
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Aim:

To study various addressing modes of DSP using simple programming

examples

a: This is a DSP program to add two numbers using the processor

instructions

Program:
JInclude “5416_IV.asm”
.data
.word 0003h,0004h { Numbers P and Q }
text
.include "intvect.asm"
begin STM #1000h,AR1  { Memory location of P}
STM #1001h,AR2  { Memory location of Q }
STM #1500h,AR3  { Result s stored in this memory }
LD *ARILA { This instruction loads the accumulator A
with the data in the memory 1000h }
LD *AR2,B { This instruction loads the accumulator B
with the data in the memory 1001h }
ADD A,0,B { Accumulator A is added with accumulator B
and output will be in Accumulator B. }
STL B,*AR3 { Output will be stored in the memory location
1500h }
.end { End of program }
Don't s of the program Do’s of the program
Examples: Examples:

1. ADD *AR0,B,*AR7
2. ADD *AR3,16,A

1. ADD *AR3,15,A
2. ADD *AR4, *AR5.A
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b. MULTIPLICATION

Aim - : This is a DSP pregram to multiply two numbers using the processor

instructions

_Program':
.include “5416_IV.asm”
.def start
.data :
.word 0001h,0002h { Numbers P and Q }
text
start STM #1000h,AR3  { Memory location of P}

STM #1001h,ARS  { Memory location of Q }
STM #2000h,AR2 . { Result is stored in this memory }

MPY *AR3,*ARS5,B { Multiply the content-of AR3 with the Content of
ARS and the output will be in accumulator B }

STL B,*AR2 { Output will be stored in the memory location
1500h } : ‘

.end

Don'ts of the Program
1.MPY *ARO, *AR7,B

Do's of the Program
1. MPY *ARO0,A
2. MPY #1000h,A
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C. DIVISION

Aim “:. This is a DSP program te divide two numbers using the processor

instructions.
Program:
.include “5416_IV.asm”
. def main
. data
.word FFFFh, 0002h
. text

main RSBX SXM

STM #IGQOh,ARO { Dividend in ARO }
'STM #2000k, ARI { Outputin ARI }
LD *ARO+A { Dividend in Acc }
RPT #15

SUBC *AR0,A h { Subtraction }
STL A*ARI1+ { Store Quotient }
STH A,*AR1] {Store remainder }

.end
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d. SHIFTING

Aim_ : This.is a DSP program to shift a number using the processor instructions

(Ashift/ Lshift)

Program:

Jinclude “5416_IV.asm”

.def start

.data

.word 0004h,0002h

:text

.include "intvect.asm"
start STM #1000h,AR3

STM #1001h,ARS

STM #3000h,AR4

LD *AR3,0,A

SFTA A,-1
STL A*AR4+

LD *ARS,0B

{ Numbers Al and BI }

{ Memory Location éfAl }

{ Memory Location of B1 }

{ Output Buffer }

{This instruction loads the accumulator
A with the data in the memory 1000h }

{ Shiﬁihg the accumulator value left by 1 bit }
{ Content of the accumulator is stored in the
memory location 3000h }

{ This instruction loads the accumulator A

-with the data in the memory 1001h }

SFTA B,1
STL B,*AR4

.end

Don'ts of the program
1.SFTA A,-17 2.SFTA A,16

Do's of the program

{ Shifting the accumulator value Right by 1 bit }

{ Content of the accumulator is stored in the

memory location 3001h }

1.SFTA A,1LB 2.SFTA B\§,A
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Aim

ABSOLUTE /AND / OR/ NEGATE

: This is a DSP program to find Absolute/Negate/OR/AND two numbers

using DSP processor instructions.

Program:

7.5.1 ABSOLUTE

start

Jnclude “5416_IV.asm”

.def stag

.data

word OFFFFh,0FFFEh
text

STM #1000h,AR3
STM #1001h,ARS
STM #2000h,AR4
LD *AR3,0,A

ABS A
STL A,*AR4+

LD *ARS5,0,B

ABS B
STL B,*AR4

.end

{ Numbers Al and Bl }

{ Memory location of Al}

{ Memery loeation of Bl}

{ Output Buffer }

{ This instruction loads the accumulator A
with the data in the memery 1000h }
{Absolute value of A}

{ Content of the accumulator is stored in the
memory location 2000h }

{This instruction loads the accumulator B
with the data in the memory 1001h }
{Absolute value of B}

{ Content of the accumulator is stored in the

memory location 2001h }
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i) AND/OR

-include “5416_IV.asm”

.def start
.data
.word 0002h,0003h
text

start STM #1000h,AR3
STM #1001h,ARS

- STM #2000h,AR4

LD *AR3,0,A

LD *ARS,0,B

/AND A,0,B
STL B,*AR4

.end

Don'ts of the program
‘1.AND #1000h,-1,A

Do's of the program
1.AND #1000h,3,A
2.AND *AR3A

{ Numbers Al and Bl }'

{ Memory location of Al}

{ Memory location of Bl}

{ Output Buffer }

{ This instruction loads the accumulator A
with the data in the memory 1000h }

{ This instruction loads the accumulator B
with the data in the memory 1001h }

{ AND accumulator A with B }

{ Content of the accumulator is stored in the

memory location 2000h }
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start

ii) NEGATE

.include “5416_IV.asm” '_ -

.def start
.data

.word  OFFFFh,0FFFEh { Numbers Al and Bl }

text

STM #1000h,AR3
STM #1001h,ARS
STM #2000h,AR4
LD *AR3,0,A

NEG A
STL A/AR4+
LD *ARS,0B

‘NEG, B
STL B,*AR4

.end

{ Memory location of Alb}

,/{ Memory location of Bl}

{ Outpuf Buffer }

{ This instruction loads the ac;cumulator A
with the data in the memory iQOOh }

{ Negate value of A, Result will be in A}

{ Conterit of the accumulator is stored in the

memory location 2000h }

{This instruction loads the accumulator B with
the data in the xﬁemory 1001h}

{ Negate value of B; Result will bein B }

{ Content of the accinhiilator is stored in the

memory location 2001h }
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iii) CIRCULAR BUFFER

Aim: : This is a DSP program to reveal the concept of circular buffering using

DSP processor instructiens.-

Progrém:
.nclude “5416_IV.asm”
.def start
.éaté
.werd 1,2,3,”4,5' { Anjay of Numbers }
.text
start STM #1000h,ARS"  { Data Memory Addiess }
STM #2000h,AR6  { Output Buffer }
ST™ #4h,BK { Loading the size of the circular buffer to the
7 circular buffer size register} :
STM #20h,BRC
'RPTBLI
LD *AR5+%,6,A { This instruction loads the accumulator A with the
data in the memory 1000h using Circular
Addressing }
STL. A,8,*AR6+ { Content of the accumulater is stored in the
* memory location 2000h } 4
L1 : NOP

.end

Don'ts of the program
1.LD *AR3,0,DP
2.LD *ARS5,0,T .

Do's of the program
1.LD #1000h,16,A
2.LD A,-15B ’
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Unit step signal
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