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= UNIT-I DISCRETE FOURIER TRANSFORM AND COMPUTATION

1. What is DFT?

Tt is a finite duration discrete frequency sequence, which is obtained by sampling one period
of Fourier transform. Sampling is done at N equally spaced points over the period extending
from w=0 to 2n.

2. Define N point DFT.

The DFT of discrete sequence x(n) is denoted by X(K). It is given by,
Here k=0,1,2...N-1

Since this summation is taken for N points, it is called as N-point DFT.
3. What is DFT of unit impulse 5(n)?

The DFT of unit impulse 8(n) is unity.
4. List the properties of DFT.

Linearity

Periodicity

Circular symmetry

Symmetry |
Time shift

Frequency shift

complex

5. State Linearity property of DFT.

YVVVYVYVYY

DFT of linear combination of two or more signals is equal to the sum of linear co-efficient
of DFT of individual signal.

6. When a sequence is called circularly even?

The N point discrete time sequence is circularly even if it is symmetric about point on the

circle.

7. What is the condition of a sequence to be circularly odd?

An N point sequence is called circularly odd it if is anti symmetric about point zero on the
circle.
8. Why the result of circular and linear convolution is not same?

Circular convolution contains same number of samples as that of x (n) and h(n), while in
linear convolution, number of samples in the result (N) are, N=L+M-1

Where L=Number of samples in x (n)
M=Number of samples in h (n)
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9. What is circular time shift of sequence?

Shifting the sequence in time domain by ‘1’ samples is equivalent to multiplying the

sequence in frequency domain by WN]"1 2
10. What is the disadvantage of direct computation of DFT?

For the computation of N-point DFT, N2 complex multiplications and N[N-1] Complex
additions are required. If the value of N is large than the number of into lakhs. This proves
inefficiency of direct DFT computation.

11. What is the way to reduce number of arithmetic operations during Decomputation?

Number of arithmetic operations involved in the computation of DFT is greatly reducing

different FFT algorithms as follows.

1. Radix-2 FFT algorithms.
» Radix-2 Decimation in Time (DIT) algorithm.
% Radix-2 Decimation in Frequency (DIF) algorithm.

2. Radix-4 FFT algorithm. ‘
12. What is the computational complexity using FFT algorithm? .

1. Complex multiplications = N/2 log’N
2. Complex additions = N log’N

13. How linear filtering is done sing FFT?
Thus, by folding the sequence h (n), e(n) can compute the linear filtering using FFT.
Correlation is the basic process of doing linear filtering using FFT. The correlation is the !
sequence x(n) has a length L. If we want to find the N point DFT (N>L) of the sequence x (n).
14. What is zero padding? What are its uses? ;

This is known as zero padding. The uses of padding a sequence with zeros are

(i) We can get ‘better display’ of the frequency spectrum.
(if) With zero padding, the DFT can be used in linear filtering.

15. Why FFT is needed?

The direct evaluation of the DFT using the formula requires N? complex multiplications and

N (N-1) complex additions. Thus for reasonably large values of N (in order of 1000) direct L
evaluation of the DFT requires an inordinate amount of computation. By using FFT algorithms the J
number of computations can be reduced. |
For example, for an N-point DFT the number of complex multiplications required using FFT is I
N/2logyN. If N=16, the number of complex multiplications required for direct evaluation of DFT is ﬁ
‘.

b

256, whereas using DFT only 32 multiplications are required.
16. What is the speed of improvement factor in calculating 64-point DFT of a sequence ‘
\

using direct computation and computation and FFT algorithms?

(Or) Calculate the number of multiplications needed in the calculation of DFT and FFT
with 64-point sequence.

The number of complex multiplications required using direct computation is N? =642=4096.

EC6502 —Principles of Digital Signal Processing UNIT 1

Al linone - "Syll abus, Not es, Questi ons and Answers, | mportant Questi ons.

.etc"



https://students-bl og. w xsi te. com annauni v4st udent s

Visit website & benefit nore

The number of complex multiplications required using FFT is N/2 logpN = 64/21logp64=192.
Speed improvement factor = 4096/192=21.33
17. What is the main advantage of FFT?

FFT reduces the computation time required to compute discrete Fourier transform.
18. 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 redix-2
FFT are N logoN and N/2 log 7N respectively.
19. What is meant by radix-2 FFT?

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

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

algorithm is known as radix-2 FFT al gorithm.
20. What are the applications of FFT algorithms?

% Linear filtering
» Correlation

» Spectrum analysis

21. What is a decimation-in-frequency algorithm?

In this the output sequence X (K) is divided into two N/2 point sequences and ch
each N/2 point sequences are in turn divided into two N/4 point sequences.
22. Distinguish between DFT and DTFT.
<
s.no BET DTET
Obtained by performing sampling Sampling is performed only in time
operation in both time and frequency domain
1. :
domains.
) Discrete frequency spectrum Continuous function of ®
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PART A
UNIT II IIR FILTERS

1. What is a digital filter?

A digital filter is a device that eliminates noise and extracts the signal of interest from
other signals.

2. Analog filters are composed of which parameters?

1). pass band 2).stop band 3).Cut-off frequency
3. Define pass band.

It passes certain range of frequencies. In this, attenuation is zero.

4. Define stop band.

It suppresses certain range of frequencies. In this, attenuation is infinity.
5. What is mean by cut-off frequency?

This is the frequency which separates pass band and stop band.

6. What is the difference between analog and digital filters?

Analog filters are designed using analog components (R,L,C) while digital filters are
implemented using difference equation and implemented using software.
7. What are the basic types of analog filters?

1). Low pass filter — LPF

2).High pass filter - HPF

3).Band pass filter - BPF

4).Band stop filter - BSF
8. What is the condition for digital filter to be realized?

The impulse response of filter should be causal, h(n) = 0 for n<0.

9. Why ideal frequency selective filters are not realizable?

Ideal frequency selective filters are not realizable because they are non- causal. That is, its

impulse response is present for negative values of “n” also.
10. For IIR filter realization what is required?

Present, past, future samples of input and past values of output are required.
11. Why IIR systems are called recursive systems?

Because the feedback connection is present from output side to input
12. Which types of structures are used to realize IIR systems?

1). Direct form structure

2).Cascade form structure

3).Parallel form structure
13. Why direct form-II structure is preferred most and why?

The numbers of delay elements are reduced in direct form-II structure compared to direct
form-I structure. That means the memory locations are reduced in direct form-II structure.
14. Why direct form-I and direct form-II are called as direct form structures?

The direct form-I and direct form-II structures are obtained directly from the
corresponding transfer function without any rearrangements. So these structures are called as
direct form structures.

15. What is advantage of direct form structure?

Implementation of direct form is very easy.

16. Give the disadvantage of direct form structure?

Both direct form structures are sensitive to the effects of quantization errors in the
coefficients. So practically not preferred
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17. What is the use of transpose operation?

If two digitai structures have the same transfer function then they are called as equivalent
structures. By using the transpose operation, we can obtain equivalent structure from a given
realization structure.

18. What is transposition or flow graph reversal theorem?

If we reverse the directions of all branch transmittances and interchange input and output
in the flow graph then the system transfer function remains unchanged.
19. How a transposed structure is obtained?

1). Reverse all signal flow graph directions.

2). Change branching nodes into adders and vice-versa.

3). Interchange input and output.

20. Why feedback is required in IIR systems?

It is required to generate infinitely long impulse response in IIR systems.

21. Write the expression for order of Butterworth filter?

The expression is N=log (7 f€) “/log (1/k)
22. Write the expression for the order of chebyshev filter?

N=cosh™ (i /e yicosh™{ 1/k)
23. Write the various frequency transformations in analog domain?

LPF to LPF:s=s/Sic
LPF to HPF:s=Qc/s
LPF to BPF:s=s2xIxw/s(xu-xl)
LPF to BSF:s=sixu-xl)?s2=xlxu. X=Q
24. Write the steps in designing chebyshev filter?
1. Find the order of the filter.
2. Find the value of major and minor axis.
3. Calculate the poles.
4. Find the denominator function using the above poles.
5. The numerator polynomial value depends on the value of n.

If n is odd: put s=0 in the denominator polynomial. If n is even put s=0 and divide it by ( 1+e2)1/2
25. Write down the steps for designing a Butterworth filter?

1. From the given specifications find the order of the filter

2 find the transfer function from the value of N

3. Find Q¢

4 find the transfer function has) for the above value of Qc by su s by that value,
26. State the equation for finding the poles in chebyshev filter.

sk=acos¢k+jbsingk,where ¢k=[]/2+(2k-1)/2n)[]

27. State the steps to design digital IIR filter using bilinear method.
Substitute s by 2/T (z- 1/z+1), where T=2/2 (tan (w/2) in h(s) to get h (z)

28. What is warping effect or frequency warping? (NOV/DEC-10)

For smaller values of w there exist linear relationship between w and but for Larger values
of w the relationship is nonlinear. This introduces distortion in the Frequency axis. This effect
compresses the magnitude and phase response. This Effect is called warping effect.

EC6502 —Principles of Digital Signal Processing UNIT I
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. 29. Write a note on pre warping or pre scaling. (APRIL/MAY 2011) (MAY/JUNE-2014)

The effect of the non linear compression at high frequencies can be compensated. When
the desired magnitude response is piecewise constant over frequency, this Compression can be
compensated by introducing a suitable rescaling or pre warping the critical frequencies.

30. Give the bilinear transform equation between s plane and z plane.
s=2/T (z-1/z+1)

31. Give hamming window function.(MAY/JUNE-14)
The equation for Hamming window is given by
WH(n)= 0.54-0.46 cos (2un/N-1) for 0 <n <N-1
0 otherwise
32. What is meant by impulse invariant method?

In this method of digitizing an analog filter, the impulse response of the resulting digital
filter is a sampled version of the impulse response of the analog filter. For e.g. if the transfer
function is of the form, 1/s-p, then

H (z) =1/1-e-pTz-1
33. What do you understand by backward difference?
One of the simplest methods of converting analog to digital filter is to approximate the differential i
equation by an equivalent difference equation.
d/dt(y(t)/t=nT=(y(nT)-y(nT-T))/T
34. What are the significance of chebyshev filter? (NOV/DEC-10)

1. The magnitude response of the chebysheyv filter exhibits ripple either in the stop band or
the pass band.

2. The poles of this filter lies on the ellipse. :
35. Give the Butterworth filter transfer function and its magnitude characteristics for |
Different orders of filter.

The transfer function of the Butterworth filter is given by

H (jQ) =1/14j (Qc) N
36. Give the equation for the order N, major, minor axis of an ellipse in case of chebyshev
filter?

The order is given by N=cosh™((( 10''%P)-1/10"*-1)1/2)¥cosh " Qs/Qp

iy

A= ("N "™ynop
B=0Qp (u"N+ '"™y2

37. How can you design a digital filter from analog filter?
Digital filter can de designed from analog filter using the following methods
1. Approximation of derivatives
2. Impulse invariant method (IIM)
3. Bilinear transformation (BLT)
38. What is a disadvantage of BLT method?
The mapping is non-linear and because of this, frequency warping effect takes place.
39. List the Butterworth polynomial for various orders. !
N Denominator polynomial ‘
1).S+1 |
2).82+.707s+1 |
3). (s+1)(s2+s+1) )
4). (s2+.7653s+1)(s2+1.84s+1) |
5)-(s+1)(s2+.6183s+1)(s2+1.618s+1) ‘
6). (s2+1.93s+1)(s2+.707s+1)(s2+.5s+1)
7). (s+1)(s2+1.809s+1)(s2+1.24s+1)(s2+.48s+1)
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40. Differentiate Butterworth and Chebyshev filter.

Butterworth damping factor 1.44 and chebyshev is 1.06.Butterworth is flat response .but
chebyshev is damped response.
41. What is filter?

Filter is frequency selective devices, which amplify particular range of frequencies and
attenuate particular range of frequencies.
42. What are the types of digital filter according to their impulse response?

IIR (Infinite impulse response) filter

FIR (Finite Impulse Response) filter.
43. How phase distortion and delay distortion are introduced?

1. The phase distortion is introduced when the phase characteristics of a filter is Nonlinear
within the desired frequency band

2. The delay distortion is introduced when the delay is not constant within the desired
frequency band
44. Define IIR filter.

The filters designed by considering all the infinite samples of impulse response are called
w IIR filter.
‘ 45. What is the limitation of approximation of derivative method?

It is suitable only for designing of low pass and band pass IIR digital filters with relatively
small resonant frequencies.

EC6502 —Principles of Digital Signal Processing UNIT II
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PART-B

1. 1) Explain the procedure for designing analog filters using the Chebyshev
dpPproxind L1011

i1) Convert the followingz analog transfer function in to digital using impulse 1avariant
mapping with T=1sec
3

H(S)_(s+3)(s+5)

'

i) Design a digital second order low pass Burtterworth filter with cut off frequency 2200
Hz using bilinear trtansformation. Sampling rate is 8000 Hz

i1) Determine the cascade form and parallel form implementation of the system
govemned by the transfer function

SN L
e

3. Design a digital Butterworth filter using impulse invariance method satsfying the
constraints .Assume T=1scc

[

08< |H(e/")|)<1 :0€w< 02
|HEe™)|)<02:06r< ws

4. Qbrtain the direct form I .direct form II and cascade form realization of the following
system functions

vin)=0 Ivin-1)+0.2v(n-2)+3x(n)+3 6x(n-1)+0.6x(n-2)

A

Determine the system function H(z) of the chebyshevs low pass digital filter with the
specifications

l. @, =1dB ripple in the pass band 0< w < 0.27
2 e.~ldBrippleinthestopband 0.3r <w < 7w
Using bilinear ransformation (assume T=1s2c¢)
6. Obtain the dircet form I, direct form 11 .cascade. parallel form realization for the system
y(ni= -0.1v(n-1)+0 2v(n-2)+3x(n)+3 6x(n-1)+0.6xn-2)
7. Explain in detail Butterworth filter approximaticn

8. Explain the bilincar transform method of IIR filter design. What is wrapping cffect?
Explain the poles and zeros mapping procedure clearly.

EC6502 —Principles of Digital Signal Processing UNIT 2
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9. {)Obtain the cascade form realization of the digital system
yin=3/4 y(n-1)- (118)y(n-2) +1/3x(n-1)-x(n)
aa - P = 3 ey 4 3 2 N
ii) Convert the given analog filter with transfer function H{s)=————mtoa digital
(s+1)(s+2) *
[IR filter using bilinear transformation. Assume T=1sec.

10. Discuss the steps in the design of IR filter using bilinear transformation for any one
type of filter?

11. Apply Bilinear Transformation to H(s) =2/($+2) (S+3) with T=0.1 sec.

12. Design a analog Butterworth filter that has a 2db pass band attenuation at a frequency of
20 1/sec & at least 10dD stop band attenuaticn at 30 1/sec?
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PART A
; UNIT III FIR FILTERS

1. What are FIR filters?

The filter designed by selecting finite number of samples of impulse response (h(n)
obtained from inverse fourier transform of desired frequency response H(w)) are called FIR filters
2. Write the steps involved in FIR filter design?

1. Choose the desired frequency response Hd(w)

2. Take the inverse fourier transform and obtain Hd(n) ‘

3. Convert the infinite duration sequence Hd(n) to h(n) ,

4. Take Z transform of h(n) to get H(Z) }

3. What are advantages of FIR filter? (University)
Linear phase FIR filter can be easily designed. Efficient realization of FIR filter exists as

both recurrisive and non recursive structures. FIR filter realized non recursively are stable. The

round off noise can be made small in non recursive realization of FIR filter

4. What are the disadvantages of FIR Filter? (University)

The duration of impulse response should be large to realize sharp cutoff filters. The non
integral delay can lead to problems in some signal processing applications. ‘
5. What is the necessary and sufficient condition for linear phase characteristic in FIR
filter? (University)

The necessary and sufficient condition for linear phase characteristic in FIR filter is, the
impulse response h(n) of the system should have the symmetry property i.e., H(n) = h(N-1-n)

where N is the duration of the sequence.

6. List the well known design technique for linear phase FIR filter design?
(University)

1. Fourier series method and window method

2. Frequency sampling method.

3. Optimal filter design method.

7. Distinguish between FIR filters and IIR filters.

FIR filter , IR filter
1. These filters can be easily designed to | These filters do not have linear phase.
2. FIR filters can be realized recursively IR filters are easily realized recursively.

and non-recursively.

3. Greater flexibility to control the shape | Less flexibility, usually limited to specific

of their magnitude response. kind of filters. -
4. Errors due to round off noise are less The round off noise in IIR filters is
severe in FIR filters. mainly because more,

feedback is not usad.

8 What is Gibb’s Phenomenon?(MAY/JUNE-12)

One possible way of finding an FIR filter that approximates H(ejw) would be to truncate
the infinite Fourier series at n=+(N-1/2).Direct truncation of the series will lead to fixed
percentage overshoots and undershoots before and after an approximated discontinuity in the
frequency.response.

9. List the steps involved in the design of FIR filters using windows.

1. For the desired frequency response Hd(w), find the impulse response hd(n) using

Equation

EC6502 —Principles of Digital Signal Processing UNIT III
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T =¥
hgn)=1/27 [ Ha(w)e"dw !
-
2. Multiply the infinite impulse response with a chosen window sequence w(n) of length N
to obtain filter coefficients h(n).i.e.,

h(n)= hg(n)w(n) for Inl<(N-1)/2
=0 otherwise

3. Find the transfer function of the realizable filter (N-1)/2
(N-1)/2 '
Hz)=z™" 0wy h(n)z+z")] !
n=0
10. What are the desirable characteristics of the window function? ,

The desirable characteristics of the window are
1. The central lobe of the frequency response of the window should contain most of the

energy and should be narrow.
2. The highest side lobe level of the frequency response should be small.

3. The side lobes of the frequency response should decrease in energy rapidly as o tends to i

IT
11. Give the equations specifying the following windows.
a. Rectangular window: |

The equation for Rectangular window is given by ’

il

Win)=1 0<n<M-1
0 otherwise
b. Hamming window:

The equation for Hamming window is given by L
Whin)= 0.54-0.46 cos 2m/M-1  0<n < M-] |:
0 otherwise ?I

c. Hanning window: ‘

The equation for Hanning window is given by ;
Wi(ni= 0.5[1- cos 2nn/M-1 | (<n<M-1

0 otherwise

d. Bartlett window: |

The equation for Bartlett window is given by ;‘

Wr(n)= 1-2In-(M-1)/21 0<n=<M-1 |

M-1 |

0 otherwise i

e. Kaiser window:
The equation for Kaiser window is given by

Wi(n)= LoV 1-( 2n/N-1 r| for Inl < N-1 ‘
I(a) 2 '
0 otherwise

where a is an independent parameter.

12. What are the advantages of Kaiser window?
« It provides flexibility for the designer to select the side lobe level and N

« It has the attractive property that the side lobe level can be varied continuously from the
low value in the Blackman window to the high value in the rectangular window.

EC6502 —Principles of Digital Signal Processing UNIT III
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13. What is the principle of designing FIR filter using frequency sampling method?

In frequency sampling method the desired magnitude response is sampled and a linear
phase response is specified .The samples of desired frequency response are identified as DFT
coefficients. The filter coefficients are then determined as the IDFT of this set of samples.

14. Draw the direct form realization of FIR system.

il } _______

A 4 , 4
s
o h 7N f
o 5 M) »
15. Draw the direct form realization of a linear Phase FIR system for N even

e

16. Draw the direct form realization of a linear Phase FIR system for N odd

e

-

17. State the equations used to convert the lattice filter coefficients to direct form

FIR Filter coefficient.
asih =1

Om(m) = Ky

am(k) o Qm-l(k) F Om(m) * U«m-](m'k)
18. State the equations used to convert the FIR filter coefficients to the
lattice filter Coefficient.

EC6502 —Principles of Digital Signal Processing UNIT III
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Foran M stage filter . 0up-1(0) =1 and kg, = om(m)

Om-1(k) = Om(K) - m(m) * Om(m-k) , 1=k=m-1

| -arn: { m)
19. Compare Hamming window with Kaiser window.

Hamming window Kaiser window

1.The main lobe width is equal t087/N The main lobe width the peak side lobe
and the peak side lobe level is —41dB. | level can be varied by varying the
parameter o and N,
2.The low pass FIR filter designed will The side lobe peak can be varied by
have first sice lobe peak of =33 dB varying the parameter c.

20. What are the advantages and disadvantages of FIR filters? (University)
Advantages:

1. FIR filters have exact linear phase.

2. FIR filters are always stable.

3. FIR filters can be realized in both recursive and non recursive structure.

4. Filters with any arbitrary magnitude response can be tackled using FIR sequence.
Disadvantages:

1. For the same filter specifications the order of FIR filter design can be as high as 5 to 10
times that in an IIR design.

2. Large storage requirement is requirement

3. Powerful computational facilities required for the implementation.

21. What is the condition for linear phase FIR filter? (APRIL/MAY 2011)

Linear phase is a property of a filter, where the phase response of the filter is a linear
function of frequency. The result is that all frequency components of the input signal are shifted in
time (usually delayed) by the same constant amount, which is referred to as the phase delay. And
consequently, there is no phase distortion due to the time delay of frequencies relative to one

another.

A filter with linear phase may be achieved by an FIR filter which is either symmetric or
antisymmetric.
EC6502 —Principles of Digital Signal Processing UNIT III
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PART -B
1. Design a high pass filter with a frequency response
n
1 for =<lolsn

Hq(e) = v

0 for lw| =—

Find the values of fi(z) for N — 11 using hanuning window. Find H(z) aud deteriue the
magnitude response.

9

(1) Determine the coefficients {/i(n1)} of a linear phase FIR filter of length M = 15 which
has a symmetric unit sample response and a frequency response that satisfies the
condition

(z_r'f) & {l for =012
L\t T For k=45,67

(11) Obtain the linear phase realization of ths system function

;i : Pl | 1 : Bl ) B
H(2) = -+ 52'1 +z72+ 12_3 +z7%+ gE =z6
- -

3. Realize the system function by linear phase FIR structure

2 2 1
H(Z)= §Z+ 1+ gZ
4. Explain the dssigning of FIR filters using windows?

5. Design an ideal high pass filter using hanning window with a frequency response

7 1 for Zi’ lwl<n
Ha(e¥) = -
O o |ew] =—

AssumeN=11.

6. Design a FIR low pass filter havingz the following specifications using Hanning window

T s
e 1 S PR

He () = e
0 for otherwise

-

Assume N —7

7. Design an FIR low pass digital filter using the frequency sampling method for the
following specifications

Cut off frequency = 1500Hz

EC6502 —Principles of Digital Signal Processing UNIT 11}
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e et e (AL e ']

Sampling frequency = 15000Hz
Order of the filter N =10
Filter Length required L = N+1 =11

(1) Explain with neat sketches the implementation of FIR filters in direct form and Latrice
form

o

(ii) Design a digital FIR band pass filter with lower cut off frequency 2000Ez and upper
cut off frequency 3200 Hz using Hamming window of length N =7 Sampling rate is
10000Hz.

9. (i)Determine the frequeney responsc of FIR filter defined by
Y(n)=025xn) -x(n—-1) + 0.25x(n-2)
(i1} Discuss the design procedure of FIR filter using frequency sampling method.

10. Design an FIR filter using hanning window with the following specification

s g
1 for —=w=-
(oo 4 4
H; (&%) =
S -2 i
¢ Jor 2 = |w] < x

Assume N =3,
11. (i) Explain briefly how the zeros in FIR filter is located.

(ii) Using a rectangular window technique, design a low pass filter with pass band gain of
unity cut off frequency of 1000Hz and working at a sampling fraquency of 5 kHz. The
length of the impulse response should be 7.

12. Consider an FIR lattice filter with coefficients k; = 1/2 : k> = 1/3 : k; = 1/4. Determine
the FIR filter coefficients for the direct form structure

EC6502 —Principles of Digital Signal Processing UNIT 11l
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PART A
UNIT IV FINITE WORD LENGTH EFFECTS

1. What are the different types of arithmetic in digital systems?
There are three types of arithmetic used in digital systems. They are
o fixed point arithmetic
e floating point
e block floating point arithmetic
2. What is meant by fixed point number? (University)

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.

3. 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

e sign magnitude
e 1’s complement
e 2’s complement
4. 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.
5. 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.

6. 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.

7. What is meant by floating point representation? (University)

In floating point form the positive number is represented as F =2CM,

where M is mantissa, is a fraction such that1/2<M<land
C is the exponent can be either positive or negative.
8. What are the advantages of floating point representation?

1. Large dynamic range

2. Overflow is unlikely.

9. What are the quantization errors due to finite word length registers in digital
filters?(University)

1. Input quantization errors

2. Coefficient quantization errors

3. Product quantization errors
10. 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.

11. What is product quantization error?

The product quantization errors arise at the output 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 a bit which produces the error.

EC6502 —Principles of Digital Signal Processing UNIT IV
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12. What are the different quantization methods? (University)

1. Truncation

2. Rounding
13. What is truncation? (University)

Truncation is a process of discarding all bits less significant than LSB that is retained
14. What is rounding? (University)

Rounding a number to b bits is accomplished by choosing a rounded result as the b bit
number closest number being unrounded.
15. What are the two types of limit cycle behavior of DSP?

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

16. What are the methods to prevent overflow?
1. Saturation arithmetic and
2. Scaling

EC6502 —Principles of Digital Signal Processing UNIT IV
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PART -B

Discuss in detail the errors resulting from rounding and truncation?
(1) Explain the limit cycle oscillations due to product round off and overflow errors?
(ii) Explain how reduction of product reund-off error is achievad in dig:tal filters?
(i) Explain the effects of co-efficient quantization in FIR filters?
(if) Distinguish between fixed point and floating point arithmetic
With respect to finite word length effects in digital filters, with examples discuss about
(1) Over flow limit cycle oscillation
(i1) Signal scaling
Consider a second order IIR filter with

1.0
(1-0.52"1(1 —045Z-1).

Find the effect on quantization on pole locations of the given system function in direct
form and in cascade form. Assume b = 3 bits.

H(z) =

What is called quantization noise? Derive the expression for quantization noise power.

(i) Compare the truncation and rounding errors using fixed point and floating point
representation.

(ii) Represent the following numbers in floating point format with five bits for mantissa
and three bits for exponent.

(@) 710

(b) 0.2510

(c) -710

(d) -0.2510

Determine the dead band of the system y(n) = 0.2y(n— 1) + 0.5v(n— 2) + x(n)

Assume 8 bits are used for signal representation.

(a) 1) Explain the characteristics of limit cycle oscillation with respect to the systen
described by the difference equation : y(n) = 0.95 y(n-1) +x (n) : x(n)= 0 and y(n-1)= 13.
Determine the dead range of the system.

1i) Explain the effects of coefficient quantization in FIR filters.

1) Derive the signal to quantization noise ratio of A/D converter.

ii) Compare the truncation and rounding errors using fixed point and floating point
representation. *

EC6502 ~Principles of Digital Signal Processing UNIT IV
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PART A |
- UNIT V MULTIRATE SIGNAL PROCESSING

1. State some applications of DSP?

1. Speech processing

2. Image processing

3. Radar signal processing.

2. Define sampling rate conversion.

Sampling rate conversion is the process of converting the sequence x(n) which is got from
sampling the continuous time signal x(t) with a period T, to another sequence y(k) obtained from sampling
x(t) with another period T".

3. State the methods to convert the sampling rate.
There are two methods:

e Resampling after reconstruction

e Conversion in digital domain
4, What is multirate signal processing?

Multirate signal processing is the technique of processing the signal with multiple sampling rates.

Advantages:
Computational complexity is less
Finite arithmetic effects are less
Filter order required are low
e Sensitivity to filter coefficient lengths is less
5. State the applications of multirate signal processing.
e Sub-band coding
e Voice privacy using analog phone lines
e Signal compression by subsampling
e A/D and D/A convertors
The above applications come under the areas given below:
e Communication Systems
e Speech and audio processing systems
e Antenna systems
e Radar Systems
6. What is decimation?

Decimation is the process of reducing the sampling rate of the signal. It is otherwise called down-
sampling or sampling rate compression.
7. What is interpolation?

Interpolation is the process of increasing the sampling rate of the signal. It is otherwise called
down-sampling or sampling rate expansion.
8. Give short note on sub-band coding?

signals which occupy contiguous frequency bands analysis filter bank. These signals are down-
sampled, yielding sub- band signals, which are then compressed using encoders. The compressed signals
are multiplexed and transmitted. On the receiving side, reverse operations are carried out. This process
yields better compression ratio, because each sub-band signal can be represented using a different number
of bits.

9. Give brief not on Speech Processing.

Speech processing includes processing like encoding, synthesis and recognition.

Encoding is performed to remove the redundant signal in a speech signal.

Compression/coding is performed in transmitter side and thus synthesis is required in
receiver side.

Recognition is used to recognize both the speech and the speaker.

EC6502 —Principles of Digital Signal Processing UNIT V
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10. What are the different techniques of voice compression and coding?

«  Waveform coding

o Transform Coding

+  Frequency band encoding

«  Parametric methods
11. Give short notes on image enhancement.

Image enhancement focuses mainly on the features of an image. The various feature enhancements
are sharpening the image, edge enhancement, filtering, contrast enhancement, etc.

12. Give short notes on adaptive filters.

Adaptive filters are linear filters used in various areas where the statistical knowledge of the
signals to be filtered/analyzed are not known a priori or the signals may be slowly time variant. Both IIR
and FIR filters can be used in adaptive filtering, but FIR filters are mostly used due to its simplicity and
adjustable zeros.

13. State the applications of adaptive filtering.

«  Adaptive noise cancelling

« Line Enhancing

«  Frequency Tracking

+ Channel Equalization

»  Echo cancellation
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PART-B

L. Explain the poly phase structure of decimator and interpolator?(Nov2010)

o

Discuss the procedure to implement digital filter bank using multi rate s:gnal processing?
(Nov2010]

(O9)

(i) Explain how various sound =ffects can be generated with the help of DSP?
(ii) State the applications of multirate signal processing? (May2011)
4. (1) Explain how DSP can be used for speech processing?

(i) Explain in detail about decimation and interpolation? (May2011)

n

For the multi rate system shown in figure, find the relation between x(n)and v(n)
(Nov2011)
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Explain the efficient transversal structure for decimator and interpolator? (Nov2011)

7. Explain sub band coding in detail (May2012)

oo

Explain sampling rate conversion by a rational factor and derive mput and output relation
in both time and frequency domain (Nov2012)

9. Explain the design of narrow band filter using sampling rate conversion(Nov2012)

10. Explain the design steps involved in the implementation of multistage sampling rate
converter. (Nov2013)

!1. Explain the implementation steps in speech coding using transform coding?(Nov2013)
12. A signal x(n) 1s given by x(n) = {0,1,2,3.4.5,6,0.1,23....}
(1) Obtain the decimated signal with a factor of 2.

(i1)  Obtain the inrerpolated signal with a factor of 2. (May2013)
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