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SYLLABUS
LIST OF EXPERIMENTS:

 MATLAB / EQUIVALENT SOFTWARE PACKAGE

1. Generation of sequences (functional & random) & correlation

2. Linear and Circular Convolutions

3. Spectrum Analysis using DFT

4. FIR filter design

5. IIR filter design

6. Multirate Filters

7. Equalization

DSP PROCESSOR BASED IMPLEMENTATION

8. Study of architecture of Digital Signal Processor

9. MAC operation using various addressing modes

10. Linear Convolution

11. Circular Convolution

12. FFT Implementation

13. Waveform generation

14. IIR and FIR Implementation

15. Finite Word Length Effect

Expt. No. : 1a
     GENERATION OF SEQUENCES (FUNCTIONAL & RANDOM)
Date:
AIM:

To generate the different types of signal like unit step signal, ramp signal, shifted step signal, exponential signal, impulse signal, etc using MATLAB program and to develop a program for discrete correlation.
REQUIREMENTS:

PC with MATLAB software.

ALGORITHM:

1. Get the number of samples.

2. Generate the unit impulse, unit step using ‘ones’, ‘zeros’ matrix command.

3. Generate ramp, sine, cosine and exponential signals using corresponding general formula.

4. Plot the graph.
PROGRAM:

%Program for generation of unit impulse signal

t=-3:1:3;

y=[zeros(1,3),ones(1,1),zeros(1,3)];

Subplot (2, 2,1);

stem (t,y);

ylabel('amplitude');

xlabel('time period');

title('unit impulse')

%Program for generation of unit step signal

n=input('enter the sample length of unit step sequence');

t=0:1:n-1;

y=ones(1,n);

subplot(2,2,2);

stem(t,y);

ylabel('amplitude');

xlabel('sequence');

title('unit step')

%Program for generation of unit ramp  signal

n1=input('enter the sample length of unit  ramp sequence');

t=0:n1;

subplot(2,2,3);

stem(t,t);

ylabel('amplitude');

xlabel('sequence');

title('unit ramp')

%Program for generation of discrete exponential signal:

n2=input('enter the  length of the exponential sequence');

t=0:n2;

a=input('enter the a value');

y2=exp(a*t);

subplot(2,2,4);

stem(t,y2);

ylabel('amplitude');

xlabel('time period');

title('exponential sequence')

%Program for generation of continuous exponential signal:

n3=input('enter the  length of the exponential sequence');

t=0:2:n3-1;

a=input('enter the a value');

y3=exp(a*t);

subplot(3,1,1);

stem(t,y3);

ylabel('amplitude');

xlabel('time period');

title('continuous exponential sequence')

%Program for generation of sine wave

t=0:0.01: pi;

y=sin(2*pi*t);

subplot(3,1,2);

stem(t,y);

ylabel('amplitude');

xlabel('time period');

title('sine wave')

%Program for generation of cosine wave

t=0:0.01: pi;

y=cos(2*pi*t);

subplot(3,1,3);

stem(t,y);

ylabel('amplitude');

xlabel('time period');

title('cosine wave')

Expt. No. : 1b
GENERATION OF AUTO – CORRELATION SEQUENCES
Date:

 %generation of sequences-correlation
clc;

clear all;

close all;

x=[1 2 3 5];

h=[2 3 5 6];

y=xcorr(x,h);

subplot(3,1,1);

stem(x);

xlabel('amplitude');

ylabel('amplitude');

title('x sequence');

subplot(3,1,2);

stem(h);

xlabel('h');

ylabel('amplitude');

title('h sequence');

subplot(3,1,3);

stem(y);

xlabel('y');

ylabel('amplitude');

title('h sequence');

OUTPUT GRAPH:
RESULT:
                         Thus the different types of signals using MATLAB were generated and also output of discrete correlation was obtained.
Expt. No. : 2a
 
LINEAR CONVOLUTION OF TWO SEQUENCES

Date:

AIM:

To perform the linear and circular convolution of two sequences (discrete time) x1(n) and x2(n) using MATLAB program.

REQUIREMENTS:

PC with MATLAB software.

ALGORITHM:
LINEAR CONVOLUTION:

1. Get the number of samples.

2. Generate the output sequence of the given two input signals using ‘conv’ command.


3. Plot the graph.
CIRCULAR CONVOLUTION:
1. Get the number of samples.

2. Generate the sequence for the given two input signals using ‘zeros’ and ‘ones’ matrix command.

3. Generate the convoluted output sequence of the given two input signals using ‘conv’ command.

4. Plot the graph.

PROGRAM:

%Linear convolution of two sequence

x1=input('enter the first input  sequence x1(n):');

x2=input('enter the second input sequence x2(n):');

N1=length(x1);

N2=length(x2);

N3=N1+N2-1;

N=max(N1,N2);

n1=0:N1-1;

n2=0:N2-1;

n=0:1:N3-1;

y=conv(x1,x2);

%Generation of first sequence

figure(1);

subplot(1,3,1);

stem(n1,x1);

title('first sequence');

xlabel('n');

ylabel('x1(n)');

%Generation of second sequence

subplot(1,3,2);

stem(n2,x2);

title('second sequence');

xlabel('n');

ylabel('x2(n)');

%Generation of output sequence

subplot(1,3,3);

stem(n,y);

disp(y);

title('output sequence');

xlabel('n');

ylabel('y(n)');

Expt. No. : 2b 
CIRCULAR CONVOLUTION OF TWO SEQUENCES

Date:

PROGRAM:

%circular convolution

clc;

clear all;

close all;

%to get the input sequence

g=input('enter the input sequence');

h=input('enter the impulse sequence');

N1=length(g);

N2=length(h);

N=max(N1,N2);

N3=N1-N2;

%loop for getting equal length sequence

if(N3>=0)

h=[h,zeros(1,N3)];

else

g=[g,zeros(1,-N3)];

end

%computation of circular convoluted sequence

for n=1:N;

y(n)=0;

for i=1:N;

j=n-i+1;

if(j<=0)

  j=N+j;  

end

y(n)=y(n)+g(i)*h(j);

end

end

figure;

subplot(3,1,1);

stem(g);

ylabel('amplitude');

xlabel('n1..>');

title('input sequence')

subplot(3,1,2);

stem(h);

ylabel('amplitude');

xlabel('n2');

title('impulse sequence')

subplot(3,1,3);

stem(y);

ylabel('amplitude');

xlabel('n3');

disp('the resultant signal is');

OUTPUT GRAPH:
RESULT: 
                               Thus the convolution of two sequences using linear and circular using MATLAB was performed and the output was executed successfully.

Expt. No. : 3
 

SPECTRAL ANALYSIS USING DFT

Date:

AIM:

To write a MATLAB program to study the spectral analysis using DFT.
REQUIREMENTS:

PC with MATLAB software.

ALGORITHM:

1. Get the values of ‘N’.
2. Get the values of ‘T’.

3. Give the values for sampling the signal.

4. Find the FFT of the signal.

PROGRAM:

%Spectral Analysis Using DFT
N=input('type length of DFT=');

T=input('type sampling period=');

freq=input ('type the sinusoidal freq=');

k=0:N-1;

f=sin(2*pi*freq*1/T*k);

F=fft(f);

stem(k,abs(F));

grid on;

xlabel('k');

ylabel('X(k)');

OUTPUT GRAPH:

RESULT:



Thus the spectral analysis using DFT was verified MATLAB.
Expt. No. : 4
 

FIR FILTERS DESIGN
Date:
AIM:

To design the low pass, high pass, band pass and band stop filter with finite impulse response using MATLAB. 
REQUIREMENTS:

PC with MATLAB software.

ALGORITHM:

1. Get the pass band and stop band ripple and frequency.

2. Get the sampling frequency.

3. Find the order of filter ‘N’.

4. Design the low pass, high pass, band pass and band stop filter.

5. Plot the magnitude response of all filters.
PROGRAM:

%program for the design of FIR low pass, high pass, band pass and band stop

filter using rectangular window

clc;

clear all;

close all;

rp=input('enter the passband ripple');

rs=input('enter the stopband ripple');

fp=input('enter the passband frequency');

fs=input('enter the stopband 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);
%lowpass 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);

ylabel('gain in db....>');

xlabel('(a)normalized frequency.....>');

%highpass 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);

ylabel('gain in db......>');

xlabel('(b)normalized frequency......>');

%bandpass filter

wn=[wp ws];0

b=fir1(n,wn,y);

[h,o]=freqz(b,1,256);

m=20*log10(abs(h));

subplot(2,2,3);

plot(o/pi,m);

ylabel('gain in db....>');

xlabel('(c)normalized frequency....>');

%bandstop 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);

ylabel('gain in db....>');

xlabel('(d)normalized frequency.....>');

OUTPUT GRAPH:

%program for the design of FIR lowpass, high pass, band pass, band stop filter

using hamming window
clc;

clear all;

close all;

rp=input('enter the passband ripple');

rs=input('enter the stopband ripple');

fp=input('enter the passband frequency');

fs=input('enter the stopband 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);

%lowpass 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);

ylabel('gain in db....>');

xlabel('(a)normalized frequency');

%highpass 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);

ylabel('gain in db...>');        

xlabel('(b)normalized frequency...>');

%bandpass 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);

ylabel('gain in db.....>');

xlabel('(c)normalized frequency....>');

%bandstop 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);

ylabel('gain in db...>');

xlabel('(d)normalized frequency....>');

OUTPUT GRAPH:

RESULT:

                
Thus the design of FIR filter using MATLAB was verified successfully.
Expt. No. : 5
 

IIR FILTERS DESIGN

Date:
AIM:

To design an IIR filter low pass, high pass, band pass and band stop using Butterworth and Chebyshev approximation techniques.
REQUIREMENTS:

PC with MATLAB software.

ALGORITHM:

1. Get the pass band and stop band ripples.

2. Get the pass band and stop band frequencies.

3. Get the sampling frequency.

4. Calculate the order of the filter using

5. Find the filter co-efficient.

6. Draw the magnitude and phase response.
PROGRAM:

PROGRAMS:   IIR (BUTTERWORTH FILTER)

% Butterworth filter

% get  the input values

rp=input('enter the passband ripple');

rs=input('enter the stopband ripple');

wp=input('enter the passband frequency');

ws=input('enter the stopband frequency');

fs=input('enter the sampling frequency');

w1=2*wp/fs;

w2=2*ws/fs;

%filter order

[n,wn]=buttord(w1,w2,rp,rs);

%lowpass filter 

%either coefficient

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

%frequency response

[h,w]=freqz(b,a,512);

subplot(2,2,1);

plot(w,abs(h));

xlabel('normalized frequency');

ylabel('abs(h)');

title('lpf')

%high pass filter 

%filter coefficient
[b,a]=butter (n,wn,'high');

%frequency response

[h,w]=freqz(b,a,512);

subplot(2,2,2);

plot(w,abs(h));

xlabel('normalised frquency');

ylabel('abs(h)');

title('hpf')

%band pass filter  

%filter coefficient

wn1=[w1 w2];

[b,a]=butter(n,wn1);

%frequency response

[h,w]=freqz(b,a,512);

subplot(2,2,3);

plot(w,abs(h));

xlabel('normalised frequency');

ylabel('abs(h)');

title('bpf')

%band pass filter 

%filter coefficient

wn2=[w1 w2];

[b,a]=butter(n,wn2,'stop');

%frequency response

[h,w]=freqz(b,a,512);

subplot(2,2,4);

plot(w,abs(h));

xlabel('normalised frequency');

ylabel('abs(h)');

title('bsf')

OUTPUT GRAPH :

PROGRAMS:   IIR (CHEBYSHEW FILTER)

%  chebyshew   filter

% get  the input values

rp=input('enter the passband ripple');

rs=input('enter the stopband ripple');

wp=input('enter the passband frequency');

ws=input('enter the stopband frequency');

fs=input('enter the sampling frequency');

w1=2*wp/fs;

w2=2*ws/fs;

%filter order

 [n,wn]=cheb1ord(w1,w2,rp,rs);

%lowpass filter 

%filter coefficient

[b,a]=cheby1(n,rp,wn);

%frequency response

[H,w]=freqz(b,a,512);

subplot(2,2,1);

plot(w,abs(H));

xlabel('normalised frequency');

ylabel('abs(H)');

title('LPF')

%high pass filter 

%filter coefficient

[b,a]=cheby1(n,rp,wn,'High');

%frequency response

[H,w]=freqz(b,a,512);

subplot(2,2,2);

plot(w,abs(H));

xlabel('normalised frequency');

ylabel('abs(H)');

title('HPF')

%band pass filter 

%filter coefficient

wn1=[w1,w2];

[b,a]=cheby1(n,rp,wn1);

%frequency response

[H,w]=freqz(b,a,512);

subplot(2,2,3);

plot(w,abs(H));

xlabel('normalised frequency');

ylabel('abs(H)');

title('BPF')

%band stop filter 

%filter coefficient

wn2= [w1, w2];

%frequency response

[b,a]=cheby1(n,rp,wn2,'stop');

[H,w]=freqz(b,a,512);

subplot(2,2,4);

plot(w,abs(H));

xlabel('normalised frequency');

ylabel('abs(H)');

title('BSF')

OUTPUT GRAPH :

RESULT:

Thus the design of IIR filter for the approximation of Butterworth and Chebyshev techniques using MATLAB was verified successfully.

Expt. No. : 6
 


MULTIRATE FILTERS

Date:
AIM:

The objective of this program is To Perform up sampling on the given input sequence.
REQUIREMENTS:

PC with MATLAB software.
ALGORITHM:

1. Get the input sequence.

2. Get the filter coefficients and also the interpolation and decimation factor.

3. Find the response by using convolution.

4. Plot the graph.

PROGRAM:

% TO ILLUSTRATE UPSAMPLING:



clear all;

N=10;

n=0:1:N-1;

x=sin(2*pi*n/10)+sin(2*pi*n/5);

L=3;

x1=zeros(1,L*N);

n1=1:1:L*N;

j=1:L:L*N;

x1(j)=x;

subplot(2,1,1);

stem(n,x);

xlabel('n');

ylabel('x');

title('input sequence');

subplot(2,1,2);

stem(n1,x1);

xlabel('n');

ylabel('x1');

title('upsampled sequence');

% TO ILLUSTRATE DOWNSAMPLING:

clear all;

N=50;

n=0:1:N-1;

x=sin(2*pi*n/20)+sin(2*pi*n/15);

M=2;

x1=x(1:M:N);

n1=1:1:N/M;

subplot(2,1,1);

stem(n,x);

xlabel('n');

ylabel('x');

title('input sequence');

subplot(2,1,2);


stem(n1-1,x1);

xlabel('n');

ylabel('x1');

title('downsampled sequence');

OUTPUT GRAPH  :

RESULT:

                Thus the MATLAB program has been written to perform interpolation & decimation on the given input sequence.
Expt. No. : 7
 


EQUALIZATION

Date:
AIM:

To write a MATLAB program for equalization.
REQUIREMENTS:

PC with MATLAB software.
PROCEDURE: 

Equalizing a signal using Communications System Toolbox software involves these steps: 

1. Create an equalizer object that describes the equalizer class and the adaptive algorithm that you want to use. An equalizer object is a type of MATLAB variable that contains information about the equalizer, such as the name of the equalizer class, the name of the adaptive algorithm, and the values of the weights. 

2. Adjust properties of the equalizer object, if necessary, to tailor it to your needs. For example, you can change the number of weights or the values of the weights. 

3. Apply the equalizer object to the signal you want to equalize, using the equalize method of the equalizer object. 
PROGRAM:

clc;

clear all;

close all;

M=3000;

T=2000;

db=25;

L=20;

ChL=5;

EqD=round((L+ChL)/2);

Ch=randn(1,ChL+1)+sqrt(-1)*randn(1,ChL+1);

Ch=Ch/norm(Ch);                                  

TxS=round(rand(1,M))*2-1;

TxS=TxS+sqrt(-1)*(round(rand(1,M))*2-1);

x=filter(Ch,1,TxS);

n=rand(1,M);

n=n/norm(n)*10^(-db/20)*norm(x);

x=x+n;

K=M-L;

X=zeros(L+1,K);

for i=1:K

X(:,i)=x(i+L:-1:i).';

end
%Adaptive LMS Equaliser:

e=zeros(1,T-10);

c=zeros(L+1,1);

mu=0.001;

for i=1:T-10

e(i)=TxS(i+10+L-EqD)-c'*X(:,i+10);

c=c+mu*conj(e(i))*X(:,i+10);

end

sb=c'*X;

sb1=sb/norm(c);

sb1=sign(real(sb1))+sqrt(-1)*sign(imag(sb1));

start=7;

sb2=sb1-TxS(start+1:start+length(sb1));

SER=length(find(sb2~=0))/length(sb2);

disp(SER);

%Plot of transmitted symbols:

subplot(2,2,1);

plot(TxS,'*');

grid,title('input symbols');

xlabel('real part');

ylabel('imaginary part');

axis([-2 2 -2 2])

%Plot of the received symbols:

subplot(2,2,2);

plot(x,'o');

grid,title('received samples');

xlabel('real part');

ylabel('imaginary part');

%Plot of the equalised symbols:
subplot(2,2,3);

plot(sb,'o');

grid,title('equalised symbols');

xlabel('real part');

ylabel('imaginary part');
%Convergence:
subplot(2,2,4);

plot(abs(e));

grid,title('convergence');

xlabel('n');

ylabel('error signal');

OUTPUT GRAPH:

RESULT:

Thus the equalization program was designed and developed using MATLAB.
Expt. No. : 9

MAC OPERATION USING VARIOUS ADDRESSING MODES Date:

AIM:

To write an assembly language program for the MAC operation using various addressing modes.
REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.
· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

ADDITION

INP1            .SET    0H

INP2            .SET    1H

OUT             .SET    2H

        .mmregs

        .text

START:

        LD      #140H,DP

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      INP1,A

        ADD     INP2,A

        STL     A,OUT

HLT:    B       HLT

Input:

Data Memory:

      A000h           0004h

     A001h           0004h

Output:

SUBTRACTION

INP1            .SET    0H

INP2            .SET    1H

OUT             .SET    2H

        .mmregs

        .text

START:

        LD      #140H,DP

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      INP1,A

        SUB     INP2,A

        STL     A,OUT

HLT:    B       HLT

Input:

Data Memory:

        A000h           0004h

    A001h           0002h

Output:

MULTIPLICATION

 .mmregs

        .text

START:

        STM     #0140H,ST0      

        STM     #40H,PMST

        STM     #0A000H,AR0      

        ST      #1H,*AR0        

        LD      *AR0+,T        

        ST      #2H,*AR0        

        MPY     *AR0+,A        

        STL     A,*AR0          

HLT:    B       HLT

        .END

OUTPUT

DIVISION

DIVID           .SET    0H

DIVIS           .SET    1H

OUT             .SET    2H

                .mmregs

                .text

START:

        STM     #140H,ST0

        RSBX    CPL

        RSBX    FRCT

        NOP

        NOP

        NOP

        NOP

        LD      DIVID,A           ;dividend to acc

        RPT     #0FH

        SUBC    DIVIS,A          ;A / DIVIS -> A

        STL     A,OUT          ;result in 9002h

HLT:    B       HLT

        .END

INPUT:
DATA MEMORY

       A000H           000AH

       A001H           0002H

OUTPUT:
RESULT: 

                         Thus the assembly language program for the operation of MAC using various addressing modes was executed successfully.

Expt. No. : 10



LINEAR CONVOLUTION
 




Date:

AIM:

To write an assembly language program for the convolution of two sequences (Hexa decimal) using linear convolution.
REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

.mmregs

        .text

START:

        STM     #0140H,ST0      

        RSBX    CPL

        RSBX    FRCT            

        NOP

        NOP

        NOP

        NOP

        LD      N1,A

        STL     A,N2

        LD      N2,B

        ADD     A,B

        STL     B,N

        SUB     #1H,B

        STL     B,NM1

        LD      N1,A

        SUB     #1H,A

        STL     A,N1M1

        LD      N2,A

        SUB     #1H,A

        STL     A,N2M1

        STM     #0A100H,AR0      

        STM     #0A200H,AR1      

        STM     #0A300H,AR2      

        LD      #0H,A           

        RPT     NM1

        STL     A,*AR2+

        LD      #0A100H,A

        ADD     N1,A

        STLM    A,AR0

;padding of zeros after x(n)

        LD      #0H,A

        RPT     NM1

        STL     A,*AR0+

LD      #0A200H,A

        ADD     N2,A

        SUB     #1H,A

        STLM    A,AR0

        RPT     N2M1

        MVDP    *AR0-,0100H

        LD      #0A300H,A

        ADD     N1M1,A

        STL     A,XNEND

start of program

        STM     #0A100H,AR0

        STM     #0A400H,AR3

        LD      NM1,A

        STLM    A,AR4

CONV:

        STM     #0A300H,AR2

        LD      *AR0+,A         

        STL     A,*AR2

;start of convolution

        LD      #0H,A

        LD      XNEND,B

        STLM    B,AR2

        RPT     N1M1             ;for 4 inputs

        MACD    *AR2-,0100H,A

        STL     A,*AR3+

        BANZ    CONV,*AR4-

        STM     #0A100H,AR6

        LD      N1M1,B

        STLM    B,AR7

REPXN:

        LD      *AR6+,A

        STL     A,DATA

        CALL    SERIAL

        BANZ    REPXN,*AR7-

        STM     #0A200H,AR6

        LD      N2M1,B

        STLM    B,AR7

REPHN:

  LD      *AR6+,A

        STL     A,DATA

       CALL    SERIAL

        BANZ    REPHN,*AR7-

        STM     #0A400H,AR6

        LD      NM1,B

        SUB     #1H,B

        STLM    B,AR7

REPYN:

        LD      *AR6+,A

        STL     A,DATA

        CALL    SERIAL

        BANZ    REPYN,*AR7-

HLT:    B       HLT

SERIAL:

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      #25H,A

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B3,A             ;1st digit (from msb)

        SFTL    A,-12

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

LD      DATA,A

        AND     #B2,A             ;1st digit (from msb)

        SFTL    A,-8

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B1,A             ;1st digit (from msb)

        SFTL    A,-4

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B0,A             ;1st digit (from msb)

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      #24H,A

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        RET

HEXASC:

        ADD     #30H,A

        LD      A,B

        SUB     #3AH,B

        BC      LESS9,BLT

        ADD     #7H,A

LESS9:

        RET

TXDATA:

        CALL    8C69H           ;8C70H   -MOD2  :  8C41 -  5416 mode 1

        SSBX    INTM

        rpt     #2ffh           ;delay

        nop

        RET

INPUT:         X(n)    DATA MEMORY

     0A000   0004H

      0A100    0001H

     0A101    0003H

      0A102    0001H

     0A103    0003H

INPUT:         H(n)    DATA MEMORY

      0A200    0001H           ;h(n)

      0A201    0002H

     0A202    0001H

      0A203    0000H

OUTPUT         

RESULT:
                   Thus the assembly language program for convolution of two sequences using linear convolution was executed successfully.
Expt. No. : 11


CIRCULAR CONVOLUTION
 




Date:

AIM:

To write an assembly language program for the convolution of two sequences (Hexa decimal) using circular convolution.

REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

.mmregs

.text

START:

            STM #0140H,ST0

RSBX CPL

RSBX FRCT

NOP

NOP

NOP

NOP

STM #0A020H,AR2

RPT #4H

ST #0H,*AR2+

STM #0A000H,AR0



STM #0A010H,AR1



STM #0A020H,AR2

STM #0A030H,AR3



STM #3H,AR4



CALL ROT1




CALL CONV




NEXTY:CALL ROT2




CALL CONV

BANZ NEXTY,*AR4-

HLT:  B HLT

;routine for 180 degree rotation

ROT1:

STM #0A011H,AR0



STM #0A013H,AR1

LD *AR0,A

LD *AR1,B

STL A,*AR1

STL B,*AR0

RET

;routine for 90 degree rotation

ROT2:

STM #0A013H,AR0

STM #0A012H,AR1

LD *AR0,A




STM #2H,BRC

RPTB ROT




LD *AR1-,B




ROT:


STL B,*AR0-





STM #0A010H,AR0




STL A,*AR0

            STM #0H,BRC

RET

CONV:

STM #0A000H,AR0

STM #0A010H,AR1

LD #0H,A

STM #3H,BRC

RPTB CON

LD *AR0+,T

;multiply and add loop

CON:

MAC *AR1+,A

STL A,*AR3+


 

RET





INPUT          X1(n)   DATA MEMORY

 0A000    0002

 0A001    0001

 0A002    0002

 0A003    0001

INPUT          X2(n)   DATA MEMORY

  0A010    0001

  0A011    0002

  0A012    0003

  0A013    0004

OUTPUT  :      
RESULT:

              Thus the assembly language program for convolution of two sequences using circular convolution was executed successfully.
Expt. No. : 12


IMPLEMENTATION OF FFT

Date:

AIM:

To write an assembly language program for the implementation of FFT.
REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

8-POINT FFT

INPUT .SET    0A200H

REV     .SET    0A300H

INC      .SET    0A400H

TWIDC .SET   0A500H

TWIDS .SET   0A550H

BFY     .SET            0H

BFYC  .SET            1H

DNS    .SET            2H

DNSC .SET            3H

GRP    .SET            4H

GRPC  .SET            5H

STG      .SET            6H

STGC    .SET            7H

K            SET            8H

INCTF    .SET            9H

AX        .SET            0AH

BX        .SET            0BH

CX         .SET            0CH

DX         .SET            0DH

ACMBD    .SET            0EH

ADPBC      .SET            0FH

AR10         .SET            10H

AR11         .SET            11H

AR12         .SET            12H

AR13         .SET            13H

AR14         .SET            14H

ATEMP     .SET            15H

BTEMP      .SET            16H

B3             .SET            0F000H

B2           .SET            0F00H

B1           .SET            00F0H

B0          .SET            000FH

DATA     .SET            30H

TXD        .SET            31H

               .mmregs

  .text

START:

     STM     #40H,PMST

 RSBX    CPL

    STM     #140H,ST0

 RSBX    FRCT

NOP

 NOP

        NOP

        NOP

CALL    BIT_REV

CALL    INCLUDE

ST      #1H,BFY

ST      #4H,GRP

ST      #2H,DNS

ST      #3H,STG

LD      STG,A

SUB     #1H,A

 STL     A,STGC

 STM     #TWIDC,AR0

 RPT     #3H

  MVPD    TABCOS,*AR0+

STM     #TWIDS,AR0

 RPT     #3H

 MVPD    TABSIN,*AR0+

 STM     #2H,AR5                 ;AR5 = STAGE LOOP

STGLOP:

ST      #0H,K

 LD      BFY,A

SUB     #1H,A

STL     A,BFYC

LD      GRP,A

  SUB     #1H,A

STL     A,GRPC

LD      DNS,A

STLM    A,AR0

SUB     #1H,A

   STL     A,DNSC

LD      DNSC,A

LD      GRP,A

CMPM    GRP,#4H                 ;N/2=8/2=4H

BC      NO_CHG,NTC

 LD      #0H,A

NO_CHG: 

  STL     A,INCTF

  LD      GRPC,A

  STLM    A,AR3                   ;AR3 = GROUP LOOP

STM     #INC,AR1

GRPLOP:

 ST      #0H,K                   ;k is initially 0 in all groups

LD      BFYC,A

STLM    A,AR4                   ;AR4 = BFLY LOOP

BFYLOP:

  LD      *AR1+0,A

 CALL    MUL

  LD      DNS,A

 STLM    A,AR0

   LD      *AR1-0,A

CALL    ADDSUB

LD      K,A

 ADD     INCTF,A

 STL     A,K

 BANZ    BFYLOP,*AR4-

LD      DNS,A

STLM    A,AR0

LD      *AR1+0,A

BANZ    GRPLOP,*AR3-

MPY     BFY,#2,A                ;BFY * 2 = BFY

STL     A,BFY

MPY     DNS,#2,A                ;DNS * 2 = DNS

STL     A,DNS

STLM    A,AR0

LD      GRP,A

STL     A,-1,GRP                ;GRP / 2 = GR

    BANZ    STGLOP,*AR5-

hlt:
  B hlt

MUL:

        STM     #TWIDC,AR2\

  LD      K,A

  STLM    A,AR0

NOP

 NOP

LD      *AR2+0,A

LD      *AR2,A

STL     A,CX

STM     #TWIDS,AR2

 LD      K,A

   STLM    A,AR0

 LD      *AR2+0,A

LD      *AR2,A

STL     A,DX

 LD      *AR1+,A

 STL     A,AX

LD      *AR1-,A

STL     A,BX

 LD      AX,A

STLM    A,T

 MPY     CX,A            ;A*C

 LD      BX,B

STLM    B,T

MPY     DX,B            ;B*D

SUB     B,A             ;AC-BD -> A

 STL     A,-8,ACMBD

 LD      AX,A

STLM    A,T

        MPY     DX,A            ;A*D

        LD      BX,B

STLM    B,T

 MPY     CX,B            ;B*C

 ADD     A,B             ;AD+BC -> B

STL     B,-8,ADPBC

  LD      ACMBD,A

STL     A,*AR1+

 LD      ADPBC,A

STL     A,*AR1-

LD      DNS,A

STLM    A,AR0

RET

ADDSUB:

        LD      *AR1+0,A

STL     A,ATEMP

 LD      *AR1-0,B

STL     B,BTEMP

ADD     A,B

STL     B,*AR1

  LD      ATEMP,A

 SUB     BTEMP,A

  LD      *AR1+0,

  STL     A,*AR1-0

   LD      *AR1+,A

 LD      *AR1+0,A

STL     A,ATEMP

   LD      *AR1-0,B

STL     B,BTEMP

ADD     A,B

 STL     B,*AR

 LD      ATEMP,A

 SUB     BTEMP,A

 LD      *AR1+0,B

STL     A,*AR1-0

LD      *AR1-,A

LD      *+AR1(2),A

LDM     AR1,A

STL     A,AR10

 RET

BIT_REV:

  STM     #INPUT,AR4

STM     #REV,AR5

STM     #4H,AR0         ;N/2

STM     #7H,BRC         ;N-1

RPTB    REPREV

LD      *AR4+0B,A

REPREV: STL     A,*AR5+

 RET

INCLUDE:

STM     #REV,AR

STM     #INC,AR2

STM     #7H,BRC

RPTB    REPINC

LD      *AR1+,A

STL     A,*AR2+

LD      #0H,A

EPINC: STL     A,*AR2+

  RET

 TABCOS:

                .word        00100H

    .word        000B5H

    .word        00000H

    .word        0FF4BH

TABSIN:

                .word        00000H

               .word        0FF4BH

                .word        0FF00H

                .word        0FF4BH

INPUT:         DATA MEMORY

 0A200            0700

0A201            0B00

0A202            0F00

 0A203            0B00

 0A204            0700

0A205            0300

 0A206            0000

0A207            0300

OUTPUT
RESULT:

               Thus the assembly language program for the implementation of FFT was executed successfully.
Expt. No. : 13


 WAVEFORM GENERATION
Date:

AIM:

To write an assembly language program for the sine wave generation.
REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

SIN WAVE GENERATION

mmreg

   .text

START:

        STM     #140H,ST0        

        RSBX    CPL                

       NOP

        NOP

        NOP

        NOP

REP:    

        LD      #TABLE,A        

        STM     #372,AR1        

LOOP:

        READA   DATA         

        PORTW   DATA,04H        

        ADD     #1H,A          

      B  REP          
SQUARE WAVE GENERATION

DATA            .SET    0H

        .mmregs

        .text

START:

        STM     #140H,ST0       

        RSBX    CPL             ;        NOP

        NOP

        NOP

        NOP

REP:

        ST      #0H,DATA        

        CALL    DELAY           

        ST      #0FFFH,DATA     

        CALL    DELAY           

        B       REP             

DELAY:

        STM     #0FFFH,AR1

DEL1:

        PORTW   DATA,04H

        BANZ    DEL1,*AR1-

        RET

TRIANGULAR WAVE GENERATION

DATA            .SET    0H

        .mmregs

        .text

START:

        STM     #140H,ST0       

        RSBX    CPL             

        NOP

        NOP

        NOP

        NOP

REP:

        ST      #0H,DATA        

INC:

        LD      DATA,A          

        ADD     #1H,A

        STL     A,DATA

        PORTW   DATA,04H        

        CMPM    DATA,#0FFFH     

        BC      INC,NTC

DEC:

        LD      DATA,A          

        SUB     #1H,A

        STL     A,DATA

        PORTW   DATA,04H        

        CMPM    DATA,#0H

        BC      DEC,NTC         

        B       REP             

SAWTOOTH WAVE GENERATION
DATA            .SET    0H

        .mmregs

        .text

START:

        STM     #140H,ST0       

        RSBX    CPL             

        NOP

        NOP

        NOP

        NOP

REP:

        ST      #0H,DATA        

INC:

        LD      DATA,A

        ADD     #1H,A           

        STL     A,DATA  

        PORTW   DATA,04H        

        CMPM    DATA,#0FFFH     

        BC      INC,NTC

        B       REP             

RESULT:

               Thus the assembly language program for the generation of sine wave was executed successfully.
Expt. No. : 14a


IMPLEMENTATION OF IIR

Date:

AIM:

To write an assembly language program for the implementation of IIR.
REQUIREMENTS:

· PC with Topview TMS320C50 debugger software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

IIR-LOWPASS FILTER

Filter type            : Low pass filter

Filter order           : 2

Filter design type     : Butterworth

Pass band attenuation  : 3db

First corner freq      : 0.2

Second corner freq     : 0.24

Sampling freq          : 50Khz

Cut-off freq           : 10Khz

FROM PCDSP COEFFICIENTS

XN              .SET    0H

XNM1            .SET    1H

XNM2            .SET    2H

YN              .SET    3H

YNM1            .SET    4H

YNM2            .SET    5H

XN1             .SET    6H

XN1M1           .SET    7H

XN1M2           .SET    8H

YN1             .SET    9H

YN1M1           .SET    0AH

YN1M2           .SET    0BH

TEMP            .SET    0CH

A10             .SET    0100H

A11             .SET    0FFA2H

A12             .SET    0032H

B10             .SET    0100H

B11             .SET    0200H

B12             .SET    0100H

        .mmregs

        .text

START:

        STM     #40H,PMST

        RSBX    CPL

        STM     #01H,ST0

        RSBX    FRCT

        NOP

        NOP

        NOP

;initialize xn,x(n-1),x(n-2),yn,y(n-1),y(n-2)

        ST      #0H,XN

        ST      #0H,XNM1

        ST      #0H,XNM2

        ST      #0H,YN

        ST      #0H,YNM1

        ST      #0H,YNM2

        ST      #0H,XN1

        ST      #0H,XN1M1

        ST      #0H,XN1M2

        ST      #0H,YN1

        ST      #0H,YN1M1

        ST      #0H,YN1M2

REPEAT:

;to read data from ADC

        PORTR   06,20                 ;start of conversion

CHK_BUSY:                               ;check status

       ; PORTR   07,20

       ; BITF    20,#20H

       ; BC      CHK_BUSY,TC

        PORTR   04,20                 ;read ADC data

        LD      20,A

        AND     #0FFFH,A

        XOR     #0800H,A             ;to correct 2's complement

        SUB     #800H,A

        STL     A,XN                 ;xn

        STL     A,TEMP

;

        LD      #0H,B                ;sum = B = 0

        LD      #B10,A              ;b0 = T   

        STLM    A,T

        MPY     XN,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B11,A              ;b0 = T   

        STLM    A,T

        MPY     XNM1,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B12,A              ;b0 = T   

        STLM    A,T

        MPY     XNM2,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #A11,A              ;b0 = T   

        STLM    A,T

        MPY     YNM1,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        LD      #A12,A              ;b0 = T   

        STLM    A,T

        MPY     YNM2,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        STL     B,YN

        STL     B,XN1

        LD      YNM1,A

        STL     A,YNM2

        LD      YN,A

        STL     A,YNM1

        LD      XNM1,A

        STL     A,XNM2

        LD      XN,A

        STL     A,XNM1

        LD      YN,A

        ADD     #800H,A

        STL     A,YN

        PORTW   YN,04H

        B       REPEAT

HIGH PASS FILTER

Filter type            : High pass filter

Filter order           : 2

Filter design type     : Butterworth

Pass band attenuation  : 3db

First corner freq      : 0.2

Second corner freq     : 0.24

Sampling freq          : 50Khz

Cut-off freq           : 10Khz

FROM PCDSP COEFFICIENTS

XN              .SET    0H

XNM1            .SET    1H

XNM2            .SET    2H

YN              .SET    3H

YNM1            .SET    4H

YNM2            .SET    5H

XN1             .SET    6H

XN1M1           .SET    7H

XN1M2           .SET    8H

YN1             .SET    9H

YN1M1           .SET    0AH

YN1M2           .SET    0BH

TEMP            .SET    0CH

A10             .SET    0100H

A11             .SET    0FFEDH

A12             .SET    002CH

B10             .SET    0100H

B11             .SET    0FE00H

B12             .SET    0100H

        .mmregs

        .text

START:

        STM     #40H,PMST

        RSBX    CPL

        STM     #01H,ST0

        RSBX    FRCT

        NOP

        NOP

        NOP

;initialize xn,x(n-1),x(n-2),yn,y(n-1),y(n-2)

        ST      #0H,XN

        ST      #0H,XNM1

        ST      #0H,XNM2

        ST      #0H,YN

        ST      #0H,YNM1

        ST      #0H,YNM2

        ST      #0H,XN1

        ST      #0H,XN1M1

        ST      #0H,XN1M2

        ST      #0H,YN1

        ST      #0H,YN1M1

        ST      #0H,YN1M2

REPEAT:

;to read data from ADC

        PORTR   06,20                 ;start of conversion

CHK_BUSY:                               ;check status

      ;  PORTR   07,20

      ;  BITF    20,#20H

      ;  BC      CHK_BUSY,TC

        PORTR   04,20                 ;read ADC data

        LD      20,A

        AND     #0FFFH,A

        XOR     #0800H,A             ;to correct 2's complement

        SUB     #800H,A

        STL     A,XN                 ;xn

        STL     A,TEMP

;

        LD      #0H,B                ;sum = B = 0

        LD      #B10,A              ;b0 = T   

        STLM    A,T

        MPY     XN,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B11,A              ;b0 = T   

        STLM    A,T

        MPY     XNM1,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B12,A              ;b0 = T   

        STLM    A,T

        MPY     XNM2,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #A11,A              ;b0 = T   

        STLM    A,T

        MPY     YNM1,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        LD      #A12,A              ;b0 = T   

        STLM    A,T

        MPY     YNM2,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        STL     B,YN

        STL     B,XN1

        LD      YNM1,A

        STL     A,YNM2

        LD      YN,A

        STL     A,YNM1

        LD      XNM1,A

        STL     A,XNM2

        LD      XN,A

        STL     A,XNM1

        LD      YN,A

        ADD     #800H,A

        STL     A,YN

        PORTW   YN,04H

        B       REPEAT

BAND PASS FILTER

Filter type            : Band pass filter

Filter order           : 2

Filter design type     : Chebyshev-I

Pass band attenuation  : 3db

Edge frequencies:

f1                     : 0.1

f2                     : 0.125

f3                     : 0.15

f4                     : 0.175

Sampling freq          : 50Khz

Cut-off freq1          : 5Khz

Cut-off freq2          : 7.5Khz

FROM PCDSP COEFFICIENTS

XN              .SET    0H

XNM1            .SET    1H

XNM2            .SET    2H

YN              .SET    3H

YNM1            .SET    4H

YNM2            .SET    5H

XN1             .SET    6H

XN1M1           .SET    7H

XN1M2           .SET    8H

YN1             .SET    9H

YN1M1           .SET    0AH

YN1M2           .SET    0BH

TEMP            .SET    0CH

A10             .SET    0100H

A11             .SET    0FECBH

A12             .SET    00DAH

B10             .SET    0100H

B11             .SET    0000H

B12             .SET    0FF00H

        .mmregs

        .text

START:

        STM     #40H,PMST

        RSBX    CPL

        STM     #01H,ST0

        RSBX    FRCT

        NOP

        NOP

        NOP

;initialize xn,x(n-1),x(n-2),yn,y(n-1),y(n-2)

        ST      #0H,XN

        ST      #0H,XNM1

        ST      #0H,XNM2

        ST      #0H,YN

        ST      #0H,YNM1

        ST      #0H,YNM2

        ST      #0H,XN1

        ST      #0H,XN1M1

        ST      #0H,XN1M2

        ST      #0H,YN1

        ST      #0H,YN1M1

        ST      #0H,YN1M2

REPEAT:

;to read data from ADC

        PORTR   06,20                 ;start of conversion

CHK_BUSY:                               ;check status

       ; PORTR   07,20

       ; BITF    20,#20H

       ; BC      CHK_BUSY,TC

        PORTR   04,20                 ;read ADC data

        LD      20,A

        AND     #0FFFH,A

        XOR     #0800H,A             ;to correct 2's complement

        SUB     #800H,A

        STL     A,XN                 ;xn

        STL     A,TEMP

;

        LD      #0H,B                ;sum = B = 0

        LD      #B10,A              ;b0 = T   

        STLM    A,T

        MPY     XN,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B11,A              ;b0 = T   

        STLM    A,T

        MPY     XNM1,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #B12,A              ;b0 = T   

        STLM    A,T

        MPY     XNM2,A                  ;b0*xn = A

        SFTL    A,-8

        ADD     A,B                     ;b0*xn =B

        LD      #A11,A              ;b0 = T   

        STLM    A,T

        MPY     YNM1,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        LD      #A12,A              ;b0 = T   

        STLM    A,T

        MPY     YNM2,A                  ;b0*xn = A

        SFTL    A,-8

        SUB     A,B                     ;b0*xn =B

        STL     B,YN

        STL     B,XN1

        LD      YNM1,A

        STL     A,YNM2

        LD      YN,A

        STL     A,YNM1

        LD      XNM1,A

        STL     A,XNM2

        LD      XN,A

        STL     A,XNM1

        LD      YN,A

        ADD     #800H,A

        STL     A,YN

        PORTW   YN,04H

        B       REPEAT

RESULT:

                  Thus the assembly language program for the implantation of IIR was executed successfully.
Expt. No. : 14b


IMPLEMENTATION OF FIR

Date:

AIM:

To write an assembly language program for the implementation of FIR.

REQUIREMENTS:

· PC with processor software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

Filter type            :       FIR-LPF

Window type            :       Rectangular window

Sampling frequency     :       41khz

Cut-off frequency      :       4khz

No. of taps            :       52

B3              .SET            0F000H

B2              .SET            0F00H

B1              .SET            00F0H

B0              .SET            000FH

DATA            .SET            50H

TXD             .SET            51H

             .mmregs

             .text

START:

        STM     #01h,ST0

        RSBX    CPL

        RSBX    FRCT

        NOP

        NOP

        STM     #150H,AR1

        LD      #0H,A

        RPT     #34H

        STL     A,*AR1+

REPFIRL:

        STM     #0A200H,AR4

        STM     #359,AR5

LOOP:

        PORTR   06,0

CHK_BUSY:

        PORTR   07,0

        BITF    0,#20H

        BC      CHK_BUSY,TC

        PORTR   04,0

        LD      0,A

        AND     #0FFFH,A

        XOR     #0800H,A

        SUB     #800H,A

        STM     #150H,AR1

        STL     A,*AR1

        STM     #183H,AR2

        LD      #0H,A

        RPT     #33H             

        MACD    *AR2-,TABLE,A

        STH     A,1,0H

        LD      0H,A

        ADD     #800H,A

      STL     A,1H

       PORTW   1H,04H

        STL     A,*AR4+

        BANZ    LOOP,*AR5-

        STM     #0A200H,AR2

        STM     #359,AR3

REPSER:

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      *AR2+,A        

        SUB  #7FFH,A

        STL     A,DATA

        CALL    SERIAL

        BANZ    REPSER,*AR3-

        STM     #01h,ST0

        RSBX    CPL

        RSBX    FRCT

        NOP

        NOP

        B       REPFIRL

SERIAL:

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      #25H,A

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B3,A             ;1st digit (from msb)

        SFTL    A,-12

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B2,A             ;1st digit (from msb)

        SFTL    A,-8

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B1,A             ;1st digit (from msb)

        SFTL    A,-4

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        LD      DATA,A

        AND     #B0,A             ;1st digit (from msb)

        CALL    HEXASC

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

  LD      #24H,A

        CALL    TXDATA

        STM     #140H,ST0

        RSBX    CPL

        NOP

        NOP

        NOP

        NOP

        RET

HEXASC:

        ADD     #30H,A

        LD      A,B

        SUB     #3AH,B

        BC      LESS9,BLT

        ADD     #7H,A

LESS9:

        RET

TXDATA:

        CALL    8C69H              ;8C38H for 5416 mode 1

        SSBX    INTM

        rpt     #2ffh           ;delay

        nop

        RET

;fs = 41khz ; fc = 4khz ; N = 52

TABLE:

        .word   01FH

        .word   010EH

        .word   01ABH

        .word   01B4H

        .word   0117H

        .word   0H

        .word   0FECDH

        .word   0FDEEH

        .word   0FDC2H

        .word   0FE6EH

        .word   0FFCDH

        .word   016FH

        .word   02C0H

        .word   0333H

        .word   0274H

        .word   097H

        .word   0FE19H

        .word   0FBCBH

        .word   0FA9BH

        .word   0FB53H

        .word   0FE50H

        .word   0362H

        .word   09C5H

        .word   01048H

        .word   01599H

        .word   01895H

        .word   01895H

        .word   01599H

        .word   01048H

        .word   09C5H

        .word   0362H

        .word   0FE50H

        .word   0FB53H

        .word   0FA9BH

        .word   0FBCBH

        .word   0FE19H

        .word   097H

        .word   0274H

        .word   0333H

        .word   02C0H

        .word   016FH

        .word   0FFCDH

        .word   0FE6EH

        .word   0FDC2H

        .word   0FDEEH

        .word   0FECDH

        .word   0H

        .word   0117H

        .word   01B4H

        .word   01ABH

        .word   010EH

        .word   01FH

FIR-HIGH PASS FIR FILTER
 Sampling freq           : 43khz

Cut-off freq            : 2khz

N                       : 52

Filter type             : High pass filter

Window type             : Rectangular

Program Description:

1. Make all the x(n) zero initially

2. Read the data from the adc.

3. Store the adc data in x(0)

4. Make the pointer to point the x(n_end)

5. Perform the convolution of x(n) and the coefficients h(n) using

   MACD instruction.

6. Send the convolution output to the dac

7. Repeat from step 2.

             .mmregs

             .text

START:

        STM     #01h,ST0        ;intialize the data page pointer

        RSBX    CPL             ;Make the processor to work using DP

        RSBX    FRCT            ;reset the fractional mode bit

        NOP

        NOP

;*****loop to make all x(n) zero initially*****

        STM     #150H,AR1       ;initialize ar1 to point to x(n)

        LD      #0H,A           ;make acc zero

        RPT     #34H

        STL     A,*AR1+         ;make all x(n) zero

;*****to read the adc data and store it in x(0)*****

LOOP:

        PORTR   06,0            ;start of conversion

CHK_BUSY:

       ; PORTR   07,0            ;check for busy

       ; BITF    0,#20H

       ; BC      CHK_BUSY,TC

        PORTR   04,0            ;read the adc data

        LD      0,A

        AND     #0FFFH,A        ;AND adc data with 0fffh for 12 bit adc

        XOR     #0800H,A        ;recorrect the 2's complement adc data

        SUB     #800H,A         ;remove the dc shift

        STM     #150H,AR1       ;initialize ar1 with x(0)

        STL     A,*AR1          ;store adc data in x(0)

        STM     #183H,AR2       ;initialize ar2 with x(n_end)

;*****start of convolution*****

        LD      #0H,A           ;sum is 0 initially

        RPT     #33H             

        MACD    *AR2-,TABLE,A   ;convolution process

        STH     A,1,0H

        LD      0H,A

        ADD     #800H,A         ;add the dc shift to the convolution output

        STL     A,1H

        PORTW   1H,04H          ;send the output to the dac

        B       LOOP

TABLE:                

        .word   0FCEFH

        .word   62H

        .word   0FD50H

        .word   14AH

        .word   0FE1BH

        .word   28FH

        .word   0FF11H

        .word   3E5H

        .word   0FFD1H

        .word   4ECH

        .word   0FFF5H

        .word   54FH

        .word   0FF28H

        .word   4DAH

        .word   0FD38H

        .word   398H

        .word   0FA2EH

        .word   1DDH

        .word   0F627H

        .word   55H

        .word   0F131H

        .word   4BH

        .word   0EA6DH

        .word   568H

        .word   0D950H

        .word   459EH

        .word   459EH

        .word   0D950H

        .word   568H

        .word   0EA6DH

        .word   4BH

        .word   0F131H

        .word   55H

        .word   0F627H

        .word   1DDH

        .word   0FA2EH

        .word   398H

        .word   0FD38H

        .word   4DAH

        .word   0FF28H

        .word   54FH

        .word   0FFF5H

        .word   4ECH

        .word   0FFD1H

        .word   3E5H

        .word   0FF11H

        .word   28FH

        .word   0FE1BH

        .word   14AH

        .word   0FD50H

        .word   62H

        .word   0FCEFH

FIR-BAND PASS FIR FILTER

Sampling freq           : 43khz

Cut-off freq1           : 2khz

Cut-off freq2           : 4khz

N                       : 52

Filter type             : Band pass filter

Window type             : Rectangular

;Program Description:

;1. Make all the x(n) zero initially

;2. Read the data from the adc.

;3. Store the adc data in x(0)

;4. Make the pointer to point the x(n_end)

;5. Perform the convolution of x(n) and the coefficients h(n) using

;   MACD instruction.

;6. Send the convolution output to the dac

;7. Repeat from step 2.

             .mmregs

             .text

START:

        STM     #01h,ST0        ;intialize the data page pointer

        RSBX    CPL             ;Make the processor to work using DP

        RSBX    FRCT            ;reset the fractional mode bit

        NOP

        NOP

;*****loop to make all x(n) zero initially*****

        STM     #150H,AR1       ;initialize ar1 to point to x(n)

        LD      #0H,A           ;make acc zero

        RPT     #34H

        STL     A,*AR1+         ;make all x(n) zero

;*****to read the adc data and store it in x(0)*****

LOOP:

        PORTR   06,0            ;start of conversion

CHK_BUSY:

       ;PORTR   07,0            ;check for busy

       ; BITF    0,#20H

       ; BC      CHK_BUSY,TC

        PORTR   04,0            ;read the adc data

        LD      0,A

        AND     #0FFFH,A        ;AND adc data with 0fffh for 12 bit adc

        XOR     #0800H,A        ;recorrect the 2's complement adc data

        SUB     #800H,A         ;remove the dc shift

        STM     #150H,AR1       ;initialize ar1 with x(0)

        STL     A,*AR1          ;store adc data in x(0)

        STM     #183H,AR2       ;initialize ar2 with x(n_end)

;*****start of convolution*****

        LD      #0H,A           ;sum is 0 initially

        RPT     #33H             

        MACD    *AR2-,TABLE,A   ;convolution process

        STH     A,1,0H

        LD      0H,A

        ADD     #800H,A         ;add the dc shift to the convolution output

        STL     A,1H

        PORTW   1H,04H          ;send the output to the dac

        B       LOOP

TABLE:

        .word   208H

        .word   257H

        .word   218H

        .word   143H

        .word   0H

        .word   0FE9EH

        .word   0FD7AH

        .word   0FCE7H

        .word   0FD08H

        .word   0FDD1H

        .word   0FEECH

        .word   0FFE4H

        .word   3DH

        .word   0FFA1H

        .word   0FDFCH

        .word   0FB8FH

        .word   0F8ECH

        .word   0F6D4H

        .word   0F608H

        .word   0F713H

        .word   0FA21H

        .word   0FEE6H

        .word   4A7H

        .word   0A60H

        .word   0EF8H

        .word   1187H

        .word   1187H

        .word   0EF8H

        .word   0A60H

        .word   4A7H

        .word   0FEE6H

        .word   0FA21H

        .word   0F713H

        .word   0F608H

        .word   0F6D4H

        .word   0F8ECH

        .word   0FB8FH

        .word   0FDFCH

        .word   0FFA1H

        .word   3DH

        .word   0FFE4H

        .word   0FEECH

        .word   0FDD1H

        .word   0FD08H

        .word   0FCE7H

        .word   0FD7AH

        .word   0FE9EH

        .word   0H

        .word   143H

        .word   218H

        .word   257H

        .word   208H

                        FIR- BAND REJECT FIR FILTER

Sampling freq           : 43khz

Cut-off freq1           : 2khz

Cut-off freq2           : 4khz

N                       : 52

Filter type             : Band reject filter

Window type             : Rectangular

Program Description:

1. Make all the x(n) zero initially

2. Read the data from the adc.

3. Store the adc data in x(0)

4. Make the pointer to point the x(n_end)

5. Perform the convolution of x(n) and the coefficients h(n) using

  MACD instruction.

6. Send the convolution output to the dac

7. Repeat from step 2.

             .mmregs

             .text

START:

        STM     #01h,ST0        ;intialize the data page pointer

        RSBX    CPL             ;Make the processor to work using DP

        RSBX    FRCT            ;reset the fractional mode bit

        NOP

        NOP

;*****loop to make all x(n) zero initially*****

        STM     #150H,AR1       ;initialize ar1 to point to x(n)

        LD      #0H,A           ;make acc zero

        RPT     #34H

        STL     A,*AR1+         ;make all x(n) zero

;*****to read the adc data and store it in x(0)*****

LOOP:

        PORTR   06,0            ;start of conversion

CHK_BUSY:

       ; PORTR   07,0            ;check for busy

       ; BITF    0,#20H

       ; BC      CHK_BUSY,TC

        PORTR   04,0            ;read the adc data

        LD      0,A

        AND     #0FFFH,A        ;AND adc data with 0fffh for 12 bit adc

        XOR     #0800H,A        ;recorrect the 2's complement adc data

        SUB     #800H,A         ;remove the dc shift

        STM     #150H,AR1       ;initialize ar1 with x(0)

        STL     A,*AR1          ;store adc data in x(0)

        STM     #183H,AR2       ;initialize ar2 with x(n_end)

;*****start of convolution*****

        LD      #0H,A           ;sum is 0 initially

        RPT     #33H             

        MACD    *AR2-,TABLE,A   ;convolution process

        STH     A,1,0H

        LD      0H,A

        ADD     #800H,A         ;add the dc shift to the convolution output

        STL     A,1H

        PORTW   1H,04H          ;send the output to the dac

        B       LOOP

TABLE:                

        .word   0FEB9H

        .word   14EH

        .word   0FDA1H

        .word   155H

        .word   0FE1BH

        .word   282H

        .word   0FEAFH

        .word   2ACH

        .word   0FD35H

        .word   8DH

        .word   0F9D9H

        .word   0FE07H

        .word   0F7CCH

        .word   0FEE2H

        .word   0FA2FH

        .word   4BAH

        .word   1AH

        .word   25CH

        .word   420H

        .word   1008H

        .word   89H

        .word   0D61H

        .word   0F3F2H

        .word   0AF9H

        .word   0DB7EH

        .word   045DFH

        .word   045DFH

        .word   0DB7EH

        .word   0AF9H

        .word   0F3F2H

        .word   0D61H

        .word   89H

        .word   1008H

        .word   420H

        .word   25CH

        .word   1AH

        .word   4BAH

        .word   0FA2FH

        .word   0FEE2H

        .word   0F7CCH

        .word   0FE07H

        .word   0F9D9H

        .word   8DH

        .word   0FD35H

        .word   2ACH

        .word   0FEAFH

        .word   282H

        .word   0FE1BH

        .word   155H

        .word   0FDA1H

        .word   14EH

        .word   0FEB9H

RESULT:

                   Thus the assembly language program for the implementation of FIR was executed successfully.
Expt. No. : 15


FINITE WORD LENGTH EFFECTS

Date:

AIM:

To write an assembly language program to study the effects of finite word length in masking the 13 bit numbers from LSB.
REQUIREMENTS:

· PC with processor software, interfacing cables.

· TMS320C50 DSP Processor.

· Adapter, USART cable.

· RS 232 interface cable.

· Analog I/O cable, power supply cable.

· CRO with connecting probes.

PROGRAM:

;Note:

;1. Swith off the trainer kit.

;2. Connect the function generator in the corresponding terminals.

;3. Download the program to the trainer kit using Xtalk.exe

;4. Quit from the Xtalk.

;5. Enter into the basic TB.exe

;6. Load and run the program "sample50.bas" which executes the asm program

;   and plots the samples on the screen.

;

TXD             .SET           0H

STS             .SET           1H

DATA            .SET           2H

DELAY           .SET           3H

B3              .SET           0F000H

B2              .SET           0F00H

B1              .SET           00F0H

B0              .SET           000FH

        .mmregs

        .text

START:

        LDP     #100H

        LAR     AR0,#9000H

        LAR     AR1,#359

REP:    IN      0,06

        RPT     #0FH

        NOP

        IN      0,04

        SPLK    #5FFH,DELAY

        RPT     DELAY

        NOP

        LACC    0

        AND     #0FFFH

        SUB  #7FFH

        MAR     *,AR0

        SACL    *+,0,AR1

        BANZ    REP,*-

        LACC    DELAY

        SACL    DATA

        CALL    SERIAL

REPSER:

        LAR     AR2,#9000H

        LAR     AR0,#719

REPSAMP:

        MAR     *,AR2

        LACC    *+

        SACL    DATA

        CALL    SERIAL

        MAR     *,AR0

        BANZ    REPSAMP,*-

        LAR     AR0,#9000H

        LAR     AR1,#359

REP1:    IN      0,06

   RPT     #0FH

NOP

N      0,04

SPLK    #5FFH,DELAY

  RPT     DELAY

 NOP

 LACC    0

AND     #0FFFH

SUB  #7FFH

  MAR     *,AR0

SACL    *+,0,AR1

BANZ    REP1,*-

 LACC    DELAY

SACL    DATA

CALL    SERIAL

 LAR     AR2,#9000H

 LAR     AR0,#71

REPSAMP1:

MAR     *,AR2

  LACC    *+

 SACL    DATA

CALL    SERIAL

MAR     *,AR0

BANZ    REPSAMP1,*-

REPSER1

B   REPSER1

;routine to send each digit of DATA individually to the serial port

;first send the start of character "%"

;seperate and send each digits of DATA from MSB

;send end of character "$"

SERIAL

        SPLK    #25H,TXD        ;start of character "%"

        CALL    TXDATA

        RPT     #0FFFH

        NOP

      LACC    DATA

        AND     #B3             ;1st digit (from msb)

        BSAR    12

        SACL    TXD

        CALL    HEXASC

        CALL    TXDATA

        RPT     #0FFFH

        NOP

     LACC    DATA

        AND     #B2             ;second digit

        BSAR    8

        SACL    TXD

        CALL    HEXASC

        CALL    TXDATA

        RPT     #0FFFH

        NOP

 LACC    DATA

        AND     #B1             ;3rd digit

        BSAR    4

        SACL    TXD

        CALL    HEXASC

        CALL    TXDATA

        RPT     #0FFFH

        NOP

LACC    DATA

        AND     #B0             ;4th digit

        SACL    TXD

        CALL    HEXASC

        CALL    TXDATA

        RPT     #0FFFH

        NOP

 SPLK    #24H,TXD        ;end of character "$"

        CALL    TXDATA

        RPT     #0FFFH

        NOP

        RET

;loop to conver hex data to ascii

;input is in address TXD

;output is also in TXD

;subtracts 9 from input hex data

;if >0 add 37h to input hex data

;Otherwise add 30h to input hex data

HEXASC:

        LACC    TXD

        SUB     #9H

        BCND    GRT9,GT

        LACC    TXD

        ADD     #30H

        SACL    TXD

        RET

GRT9:   LACC    TXD

        ADD     #37H

        SACL    TXD

        RET

;loop to send a character to the serial port

;checks the status of the serial port(TXREADY-bit2).

;if not 0, send that character. Otherwise checks it repeatedly.

TXDATA:

REPCHK:

        IN      STS,9

        LACC    STS

        AND     #04H

        BCND    REPCHK,EQ

        OUT     TXD,

RET

RESULT:

                   Thus the assembly language program for the finite word length effects was executed successfully.

VIVA QUESTIONS

1. Define discrete time signal.

A discrete time signal x (n) is a function of an independent variable that is an integer. A

discrete time signal is not defined at instant between two successive samples.

2. Define discrete time system.

A discrete or an algorithm that performs some prescribed operation on a discrete time signal

is called discrete time system.

3. What are the elementary discrete time signals?

• Unit sample sequence (unit impulse)

δ (n)= 1 when n=0

= 0 otherwise

• Unit step signal

U (n) = 1 when n>=0

= 0 otherwise

• Unit ramp signal

Ur(n)= n when n>=0

= 0 otherwise

• Exponential signal

x (n)=an where a is real

x(n)-Real signal

4. State the classification of discrete time signals.

The types of discrete time signals are

• Energy and power signals

• Periodic and Aperiodic signals

• Symmetric(even) and Antisymmetric (odd) signals

5. Define energy and power signal.

∞

E =Σ │x (n)│2

n= -∞

If E is finite i.e. 0<E<∞, then x (n) is called energy signal.

If P is finite in the expression P = Lt (1/2N+1) EN, the signal is called a power signal.

N-->∞

6. Define periodic and aperiodic signal.

A signal x (n) is periodic in period N, if x (n+N) =x (n) for all n. If a signal does not satisfy

this equation, the signal is called aperiodic signal.

7. Define symmetric and antisymmetric signal.

A real value signal x (n) is called symmetric (even) if x (-n) = x (n). On the other hand the

signal is called antisymmetric (odd) if x (-n) = - x (n).
8. State the classification of systems.

• Static and dynamic system.

• Time invariant and time variant system.

• Causal and anticausal system.

• Linear and Non-linear system.

• Stable and Unstable system.

9. Define dynamic and static system.

A discrete time system is called static or memory less if its output at any instant n depends

almost on the input sample at the same time but not on past and future samples of the input.

e.g. y(n) =a x (n)

In any other case the system is said to be dynamic and to have memory.

e.g. (n) = x (n)+3 x(n-1)

10. Define time variant and time invariant system.

A system is called time invariant if its output, input characteristics does not change with time.

e.g. y(n) = x(n)+x(n-1)

A system is called time variant if its input, output characteristics changes with time.

e.g. y(n) = x(-n).

11. Define linear and non-linear system.

Linear system is one which satisfies superposition principle.

Superposition principle:

The response of a system to a weighted sum of signals be equal to the corresponding

weighted sum of responses of system to each of individual input signal.

i.e., T [a1x1(n)+a2x2(n)]=a1T[x1(n)]+a2 T[x2(n)]

e.g. y(n) = nx(n)

A system which does not satisfy superposition principle is known as non-linear system.

e.g. y(n) = x2(n)

12. Define causal and anticausal system.

The system is said to be causal if the output of the system at any time ‘n’ depends only on

present and past inputs but does not depend on the future inputs.

e.g. y (n) = x(n) - x(n-1)

A system is said to be non-causal if a system does not satisfy the above definition.

13. Define stable and unable system.

A system is said to be stable if we get bounded output for bounded input.

14. What are the steps involved in calculating convolution sum?

The steps involved in calculating sum are

• Folding

• Shifting

• Multiplication

• Summation

15. Define causal LTI system.

The LTI system is said to be causal if

h(n) = 0 for n < 0.
16. Define stable LTI system.

The LTI system is said to be stable if its impulse response is absolutely summable.

∞

i.e. │y(n)│ =Σ │h(k)│ < ∞

k= - ∞

17.what are the properties of convolution sum

The properties of convolution sum are

• Commutative property.

• Associative law.

• Distributive law.

18.State associative law

The associative law can be expressed as

[x(n)*h1(n)]*h2(n)=x(n)[h1(n)*h2(n)]

Where x(n) is input

h1(n) & h2(n) are impulse responses.

19.State commutative law

The commutative law can be expressed as

x(n)*h(n)=h(n)*x(n)

20. Define Region of convergence

The region of convergence (ROC) of X(Z) the set of all values of Z for which X(Z) attain

final value.

21. State properties of ROC.

• The ROC does not contain any poles.

• When x(n) is of finite duration then ROC is entire Z-plane except Z=0 and/or Z=∞.

• If X(Z) is causal, then ROC includes Z=∞.

• If X(Z) is anticasual, then ROC includes Z=0.

22. Why FFT is needed?

The direct evaluation DFT requires N2 complex multiplications and N2 –N complex

additions. Thus for large values of N direct evaluation of the DFT is difficult. By using FFT

algorithm the number of complex computations can be reduced. So we use FFT.

23. What is FFT?

The Fast Fourier Transform is an algorithm used to compute the DFT. It makes use of the

symmetry and periodicity properties of twiddle factor to effectively reduce the DFT

computation time. It is based on the fundamental principle of decomposing the computation

of DFT of a sequence of length N into successively smaller DFTs.

24. How many multiplications and additions are required to compute N point DFT

using redix-2 FFT?

The number of multiplications and additions required to compute N point DFT using radix-2

FFT are N log2 N and (N/2) log2 N respectively,.

25. What is meant by radix-2 FFT?

The FFT algorithm is most efficient in calculating N point DFT. If the number of output

points N can be expressed as a power of 2 that is N=2M, where M is an integer, then this

algorithm is known as radix-2 algorithm.

26. What is DIT algorithm?

Decimation-In-Time algorithm is used to calculate the DFT of a N point sequence. The idea

is to break the N point sequence into two sequences, the DFTs of which can be combined to

give the DFT of the original N point sequence. This algorithm is called DIT because the

sequence x(n) is often splitted into smaller sub-sequences.

27. What DIF algorithm?

It is a popular form of the FFT algorithm. In this the output sequence X(k) is divided into

smaller and smaller sub-sequences , that is why the name Decimation In Frequency.
28. What is the advantage of cascade realization?

Quantization errors can be minimized if we realize an LTI system in cascade form.

29. Define signal flow graph.

A signal flow graph is a graphical representation of the relationships between the variables of a set of linear difference equations.

30 . What are the advantages of floating pint representation?

1.Large dynamic range 2.Overflow is unlikely.

31. What are the different types of arithmetic in digital systems?

There are three types of arithmetic used in digital systems. They are fixed point arithmetic,

floating point, block floating point arithmetic.

32. What is meant by fixed point number?

In fixed point number the position of a binary point is fixed. The bit to the right represent the

fractional part and those to the left is integer part.

33. What are the different types of fixed point arithmetic?

Depending on the negative numbers are represented there are three forms of fixed point

arithmetic. They are sign magnitude, 1’s complement, 2’s complement.

34. What is meant by sign magnitude representation?

For sign magnitude representation the leading binary digit is used to represent the sign.

If it is equal to 1 the number is negative, otherwise it is positive.

35. What is meant by 1’s complement form?

In 1,s complement form the positive number is represented as in the sign magnitude form. To obtain the negative of the positive number, complement all the bits of the positive number.

36. What is meant by 2’s complement form?

In 2’s complement form the positive number is represented as in the sign magnitude form. To obtain the negative of the positive number, complement all the bits of the positive number and add 1 to the LSB.
37.What are the quantization errors due to finite word length registers in digital filters?

1. Input quantization errors 2. Coefficient quantization errors 3.Product quantization errors

38. What is input quantization error?

The filter coefficients are computed to infinite precision in theory. But in digital computation

the filter coefficients are represented in binary and are stored in registers. If a b bit register is

used the filter coefficients must be rounded or truncated to b bits, which produces an error.

39. What is product quantization error?

The product quantization errors arise at the out put of the multiplier. Multiplication of a b bit

data with a b bit coefficient results a product having 2b bits. Since a b bit register is used the

multiplier output will be rounded or truncated to b bits which produces the error.

40. What is input quantization error?

The input quantization errors arise due to A/D conversion.

41.What are the different quantization methods?

Truncation and Rounding.

42. What is truncation?

Truncation is a process of discarding all bits less significant than LSB that is retained

43. What is Rounding?

Rounding a number to b bits is accomplished by choosing a rounded result as the b bit

number closest number being unrounded.

44. What are the two types of limit cycle behavior of DSP?

1. Zero limit cycle behavior 2.Over flow limit cycle behavior

45. What are the methods to prevent overflow?

1. Saturation arithmetic and 2. Scaling

46. State some applications of DSP?

Speech processing, Communication, Biomedical signal processing, Image processing,

Radar signal processing, Sonar signal processing etc.

47. What are the advances of DSP?

(i) The programs can be modified easily for better performance.

(ii) Better accuracy can be achieved.

(iii) The digital signal can be easily stored and transported.

(iv) The digital systems are cheaper than analog equivalent.
…………………………ALL THE BEST…………………………….
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