Electronics and Communications, B.I.T.


Overview of the syllabus:

1. Sample a band limited continuous time signal band limited to fm = 3400 Hz under the following conditions

a. Nyquist Rate

b. Twice the Nyquist Rate

c. Half the Nyquist rate

2. Obtain the impulse response of a system described by the difference equation (Second order or third order difference equations are to be specified by the examiner)

y(n) = x(n) + 0.5y(n-1) 

3. Given a difference equation, obtain H(z)  of a LTI system and hence calculate h(n). Obtain the response to an input sequence x(n).

y(n) = x(n) + 0.5y(n-1)

4. Find the Linear and Circular convolution of the following two sequences.

a. x1(n) = {1, 1, 1, 1}

b. x2(n) = {1, 2, 3, 4}

5. For a given sequence x(n) compute the N – Point DFT using decimation in time or decimation in frequency FFT. Plot the amplitude and phase spectrum. From the DFT calculated, obtain the IDFT. Use function files.(n should not exceed 8 points)

6. a:
Realize an IIR filter with passband edge at 1500 Hz and stop band edge at 2000 Hz for a sampling frequency of 8000 Hz. Variation of gain within passband is 1 dB and stopband attenuation is 30 dB. Use Butterworth or Chebyshev Type 1 prototype design. Use Bilenear Transformation.

b:
Design a digital FIR Lowpass filter with the following specifications:

Passband frequency: W1 = 0.2(
Stop band frequency W2 = 0.3(
Stopband Attenuation = 50 dB

1. Sample a band limited continuous time signal band limited to fm = 3400 Hz under the following conditions

a. Nyquist Rate

b. Twice the Nyquist Rate

c. Half the Nyquist rate

Program:

% CASE 1=NYQUIST RATE

fnyq=6800;

fs=fnyq;

t=0.0:1/fs:0.1;

%t from 0 to 0.1 in steps of 1/fs
x=cos(2*pi*300*t)+cos(2*pi*1300*t)+cos(2*pi*3400*t)

xk=fft(x)

f=[0:length(xk)-1]*fs/length(xk);

figure(1);

plot(f,abs(xk))

grid;zoom on;

xlabel('FREQUENCY')

ylabel('MAGNITUDE')

title('Sampling at Nyquist Rate')

% CASE 2= OVER SAMPLING, TWICE THE NYQUIST RATE

fnyq=6800;

fs=fnyq*2;

t=0.0:1/fs:0.1;

x=cos(2*pi*300*t)+cos(2*pi*1300*t)+cos(2*pi*3400*t)

xk=fft(x)

f=[0:length(xk)-1]*fs/length(xk);

figure(2);

plot(f,abs(xk))

grid;zoom on;

xlabel('FREQUENCY')

ylabel('MAGNITUDE')

title('Sampling at twice the Nyquist Rate')

% CASE 3=UNDER SAMPLING=HALF THE NYQUIST RATE

fnyq=6800;

fs=fnyq/2;

t=0.0:1/fs:0.1;

x=cos(2*pi*300*t)+cos(2*pi*1300*t)+cos(2*pi*3400*t)

xk=fft(x)

f=[0:length(xk)-1]*fs/length(xk);

figure(3);

plot(f,abs(xk))

grid;zoom on;

xlabel('FREQUENCY')

ylabel('MAGNITUDE')

title('Sampling at half the Nyquist Rate')

Output:

Fig1:
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Fig2:
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Fig3:
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2. Obtain the impulse response of a system described by the difference equation (Second order or third order difference equations are to be specified by the examiner)

y(n) = x(n) + 0.5y(n-1)

Solution:

Taking Z Transforms:

Y(Z) = X(Z) + 0.5z-1Y(Z)
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Taking Inverse Z Transforms
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      = 0 elsewhere

h(0) = 1

h(1) = 0.5

h(2) = 0.25

h(3) = 0.125

h(4) = 0.0625

h(5) = 0.0312

h(6) = 0.0156

h(7) = 0.0078     etc..

Program:

disp('Enter the sequences follows');

disp('Numerator coefficients: b=[b0 b1 b2 ...bn]');

disp('Denominator coefficients: a=[a0 a1 a2 ...an]');

b=input('Enter the numerator coefficients');

a=input('Enter the denominator coefficients');

[h,t] = impz(b,a);

disp('Impulse response is:');

disp(h);

stem(t,h);

xlabel('n');

ylabel('h(n)');

grid on;

title('IMPULSE RESPONSE USING DIFFERENTIAL EQUATION');

Output:

Enter the sequence

numerator coeff: b = [b0 b1  …. bn]

denominator coefficient : a = [a0,a1,a2, …. An]

enter numerator coefficient [1]

enter denominator coefficient [1 – 0.5]

impulse response is

1.0000

0.5000

0.2500

0.1250

0.0625

0.0313

0.0156

0.0078

0.0039

0.0020

0.0010

0.0005

0.0002

0.0001

3. Given a difference equation, obtain H(z)  of a LTI system and hence calculate h(n). Obtain the response to an input sequence x(n).

y(n) = x(n) + 0.5y(n-1)

Taking Z – Transforms:

Y(Z) = X(Z) + 0.5z-1Y(Z)
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Taking Inverse Z Transforms
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where u(n) = 1 for n ( 0






      = 0 elsewhere

h(0) = 1

h(1) = 0.5

h(2) = 0.25

h(3) = 0.125

h(4) = 0.0625

h(5) = 0.0312

h(6) = 0.0156

h(7) = 0.0078     etc..

Program:

x=input('Enter the input coefficients');

y=input('Enter the output coefficients');

[r,p,k]=residue(x,y);

disp('residues');

disp(r);

disp('Poles');

disp(p);

disp('Constants');

disp(k);

[h,t]=impz(x,y);

disp('Impulse Repsonse');

disp(h);

stem(h)

Output:

Enter the input coefficients [1]

Enter the output coefficients [1 –0.5]

Residues

Poles
0.5000

Impulse Response

1.0000

0.5000

0.2500

0.1250

0.0625

0.0313

0.0156

0.0078

0.0039

0.0020

0.0010

0.0005

0.0002

0.0001

Figure:
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4. Find the Linear and Circular convolution of the following two sequences.

a. x1(n) = {1, 1, 1, 1}

b. x2(n) = {1, 2, 3, 4}

Design:

Linear Convolution:


Length of x1(n) = 4


Length of x2(n) = 4


Length of linearly convolved sequence is 4 + 4 – 1 = 7

Linear convolution = {1,3,6,10,9,7,4}

Circular Convolution:


x1(n)  N  x2(n) = 
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Circular Convolution is {10,10,10,10}

Program:

x1=input('Enter x1(n)=');

x2=input('Enter x2(n)=');

l1=length(x1);

l2=length(x2);

% Linear Convolution

z=conv(x1,x2);

disp('Linear Convolution of x1(n) and x2(n) is:')

disp(z);

stem(z)

%Circular Convolution

X1k=fft(x1,l1);

X2k=fft(x2,l2);

X3k=X1k.*X2k;

l3=length(X3k);

x3=ifft(X3k,l3);

disp('Circular Convolution');

disp(x3);

stem(x3)

Output:

Enter x1(n) [1,1,1,1]

Enter x2(n) [1,2,3,4]

Linear convolution of x1(n) & x2(n) is 

1  3  6  10  9  7  4

circular convolution

10 10  10  10

Figure: Linear Convolution
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Figure: Circular Convolution
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5. For a given sequence x(n) compute the N – Point DFT using decimation in time or decimation in frequency FFT. Plot the amplitude and phase spectrum. From the DFT calculated, obtain the IDFT. Use function files.(n should not exceed 8 points)

Design:

X(n) = [ 1 
2 
3
4 ]
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X(K) = [10, -2-2j, -2, -2+2j]

(X(K)( = [ 10, 2.828, 2, 2.828]

(X(K) = [0, 2.356, 2.141, -2.356] in rad

IDFT using DIT FFT
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N x*(n) = [ 4, 8, 12, 16 ]

x(n) = ¼ x*(n)

x(n) = [1, 2, 3, 4]

Program:

xn=input('Enter the sequence');

N=length(xn);

% To find DFT

xk=fft(xn,N);

disp('DFT using FFT is:');

disp(xk);

% To find IDFT

l=length(xk)

z=ifft(xk,l);

disp('After calculating inverse FFT');

disp(z);

% To plot magnitude of X(K)

k=0:N-1;

subplot(2,1,1)

stem(k,abs(xk));

xlabel('k')

ylabel('|X(K)|');

title('MAGNITUDE');

% To plot Phase

subplot(2,1,2)

stem(k,angle(xk));

xlabel('K');

ylabel('Angle in radians')

title('PHASE PLOT');

Output:

Enter the sequence [1 2 3 4]

DFT using FFT 10.0000  
-2.0000+2.0000i  
-2.0000  
-2.0000-2.0000i

After calculating inverse FFT  1   2   3   4

Figure: Magnitude and Phase Plot
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6. a:
Realize an IIR filter with passband edge at 1500 Hz and stop band edge at 2000 Hz for a sampling frequency of 8000 Hz. Variation of gain within passband is 1 dB and stopband attenuation is 30 dB. Use Butterworth or Chebyshev Type 1 prototype design. Use Bilenear Transformation.

fP = 1500Hz


ΩP = 2πfP = 3000π rad sec-1
fS = 2000Hz


ΩS = 2πfS = 4000π rad ser-1
Sampling frequency = 8000Hz

AP = 1 dB


AS = 30 dB

Design:

Digital frequency

ωp = ΩpT = 3000π / 8000 = 1.178

ωs = ΩsT = 4000π / 8000 = 1.57

Prewarping:

Ωp = 2/T tan(ωp/2) = 1.336

Ωs = 2/T tan(ωs/2) = 2

Specifications of analog filter:

-1 ≤ H(jΩ) ≤ 0 
for
0 ≤ Ω ≤ 1.336 rad/sec

│H(jΩ)│ ≥ 30 dB
for
Ω ≥ 2 rad/sec

Design of Butterworth filter:

Order of the filter:
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N = 10.233

Use N = 11

Cut off frequency (Ωc):

ΩC = (ΩCP + ΩCS )/2

ΩC = [ΩP/(10-0.1Ap)1/2N + ΩC/(10-0.1As)1/2N]/2

ΩC = (1.332 + 1.461)/2

ΩC = 1.3915 rad/sec

Order N = 11
Cut off frequency = 1.3915 rad/sec

Program:

k1=input('Enter PB attn in Db')

k2=input('Enter SB attn in dB')

f1=input('Enter analog PB freq in Hz')

f2=input('Enter analog SB freq in Hz')

fs=input('Enter sampling freq in Hz')

fd=1

%Converting Analog freq to digital freq

wp=2*pi*f1/fs;

ws=2*pi*f2/fs;

%Prewarping

o1=2*fd*tan(wp/2);

o2=2*fd*tan(ws/2);

[N,wn]=buttord(o1,02,k1,k2,'s')

disp('Order');disp(N)

disp('cut off frequency');disp(wn)

[b,a]=butter(N,wn,'s')

%disp(a):disp(b);

[bn,an]=bilinear(b,a,fd);

[h,w]=freqz(bn,an,512)

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

xlabel('Frequency in Hz')

ylabel('Gain in dB')

plot(((w*fs)/(2*pi)),Mag)

zoom;

grid;

Output:

Enter the PB attn in dB 1

Enter SB attn in dB 30

Enter analog PB freq in Hz 1500

Enter analog SB freq in Hz 2000

Enter sampling freq in Hz 8000

Order 11

Cut off frequency 1.4611

b =  0 0 0 0 0 0 0 0 0 0 0 64.7959

a = 1.0e+003*

0.0010

0.0103

0.0527

0.1779

0.4373

0.8207

1.1992

1.3639

1.1845

0.7493

0.3116

0.0648

Figure: Butterworth filter
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CHEBYSHEV TYPE 1 PROTOTYPE:

Specifications of analog filter

-1 ≤ H(jΩ) ≤ 0

for 

0 ≤ Ω ≤ 1.336 rad/sec

│H(jΩ)│ ≥ 30 dB
for

Ω ≥ 2 rad/sec

Ωp = Ωc = 1.336 rad/sec

Ωs = 2 rad/sec

Divide by Ωc:

Normalized specifications of analog filter

-1 ≤ H(jΩ) ≤ 0

for 

0 ≤ Ω ≤ 1 rad/sec

│H(jΩ)│ ≥ 30 dB
for

Ω ≥ 1.497 rad/sec

ε = (10-0.1Ap – 1)1/2

ε = (10-0.1 – 1)1/2

ε = 0.508

10 log (1/A2) = -30

2 log A = 3

A = 31.62

G = [(A2 – 1) / ε]1/2 = 62.21

Order N of the filter
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N = 2.097 / 0.416 = 5.04

Use N = 6

Ωp = Ωc = 1.336 rad/sec

Program:
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6 b:
Design a digital FIR Lowpass filter with the following specifications:

Passband frequency: W1 = 0.2(
Stop band frequency W2 = 0.3(
Stopband Attenuation = 50 dB

Design:

To obtain attenuation of –50 dB, Hamming is used

( W2 – W1 = 8π / N

( B = 8π / 0.1 π = 80

i.e, N is chosen as the next highest odd number

so, N = 81

Select WC and t for impulse response as

WC = W1 = 0.2π rad

( = (N – 1)/2 = 40

the impulse response is
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W(n) for Hamming Window is 
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Program:

w1 = input('Enter PB');

w2 = input('Enter SB');

wt = w2 - w1

n1 = ceil (1+8/wt);

N = n1 + rem((n1-1),2)

b=fir1(N-1,w1);

freqz(b,1);

Output:

Enter PB 0.6283

Enter SB 0.9425

Wt = 0.3142

Figure:
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