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4. L5 FFT Algorithms BB 
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7. L8&T4 Overlap Add &Save Method BB 
Tx 4/pp 552-559, Tx1/pp430-431, Ex1/pp 2.82-2.96, 
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24.  L25&T12 Realization of FIR Filters 
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25. L26 
Linear and Polyphase Filter 
structures 

Ex1/pp  3.100-3.101, 

26. L27 
Triangular and Raised Cosine 
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BB Ex2/pp6.33-6.36,Ex4/pp2.14-2.15. 

UNIT IV FINITE WORD LENGTH EFFECTS AND MULTIRATE SIGNAL PROCESSING 

26 L28 
Quantization noise, Derivation for 
quantization noise power 

BB 
Tx 1/pp569-575,  Ex1/pp 8.22-8.29, Ex2/pp7.14-
7.29. 

27 L29&T13 
Binary Fixed point and floating point 
number representation-Comparison 

BB 
Tx 1/ pp556-564,  Ex1/pp 2.8-8.15, Ex2/pp7.1-
7.8,Tx 2/pp 646-648. 

28 L30 Truncation and rounding error BB Ex1/pp  8.18-8.21, Ex2/pp6.27-6.33, Ex3/pp498-499. 

29 L31&T14 
Input quantization error 

BB 
Ex1/pp  8.37-8.38, Ex2/pp6.58-6.70, Ex3/pp499-502. 

Co-efficient quantization error Ex1/pp  8.39-8.52,Ex2/pp7.29-7.30, Ex3/pp505-507. 

30 L32 Limit cycle oscillations BB 
Ex1/pp  8.53-8.62,Ex2/pp7.30-7.32, Ex3/pp510-
512,Tx 2/pp 639-645. 

31 L33 Dead band BB Ex1/pp  8.72,Ex2/pp6.37-6.58, Ex3/pp511-512. 

32 L34&T15 Signal scaling  & Overflow error BB 
Ex1/pp  8.62-8.72Tx 1/pp588-589, Ex3/pp518-
521,Tx 6/pp 829-835. 

33 L35 

Introduction to Multirate Signal 
Processing 

BB 
Tx1 pp 751-754, Ex1/pp 9.1-9.2 
Ex2/pp 8.1-8.2. 

Decimation& Interpolation BB Tx1 pp 755-761, Ex1/pp 9.2-9.23, Ex2/pp 8.2-8.14 

34 L36 Problems BB -- 

UNIT V DIGITAL SIGNAL PROCESSORS 

35 L37 Introduction to DSP architecture BB Tx 4/pp814-815,  Rx 1 11.1-11.2, Rx 2 11.1-11.5. 

36 L38, L39 Bus architecture and memory BB Tx 4/pp 816-820, Rx 1 11.8-11.11, Rx 2 11.3-11.5 

37 L40 Multiplier–Shifter– MAC unit BB Tx 4/pp 815-816,  Rx 1 11.11-11.13, Rx 2 11.5-11.6 

38 L41 Pipelining BB Tx 4/pp 820, Rx 1 11.63, 11.13-11.15. 

39 L42 Architecture of TMS320C6747 BB Manual 

41 L43 Addressing modes of TMS320C6747 BB Manual 

42 L44 , L45 Instruction set and Simple program. BB Manual 

  Lecturer  = 45  Hrs 
    Tutorial=15  Hrs 
  Total=  60 Hrs (45+15) 
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UNIT - I   DISCRETE FOURIER TRANSFORM AND FAST FOURIER TRANSFORM 

TWO MARKS 

1. Define DFT and IDFT (or) what are the analysis and synthesis equations of DFT? (or)DFT pairs

(or) Write down the equations for forward and inverse DFT?( June 2007) (June 2010) (Dec 2010) (May

2011) (Dec 2015) (June 2016) (Dec 2016) (Remembering)

DFT (Analysis Equation)

𝑿(𝒌) = ∑ 𝒙(𝒏)𝒆
−𝒋𝟐𝝅𝒏𝒌

𝑵  ,      𝒌 = 𝟎 𝒕𝒐 𝑵 − 𝟏

𝑵−𝟏

𝒏=𝟎

 

IDFT (Synthesis Equation) 

𝒙(𝒏) =
𝟏

𝑵
∑ 𝑿(𝒌)𝒆

𝒋𝟐𝝅𝒏𝒌

𝑵  ,      𝒏 = 𝟎 𝒕𝒐 𝑵 − 𝟏

𝑵−𝟏

𝒌=𝟎

 

2. Relate z transform with DTFT. (Analysis)(June 2018)

 DTFT of a sequence x(n) is  

𝐗(𝐰) = ∑ 𝐱(𝐧)𝐞−𝐣𝛚𝐧

∞

𝐧=−∞

, 

 Similarity Z.T of a sequence x(n) is 

𝐙[𝐱(𝐧)] = 𝐗(𝐙) = ∑ 𝐱(𝐧)𝐙−𝐧,

∞

𝐧=−∞

  𝐰𝐡𝐞𝐫𝐞    𝐙 = 𝐫𝐞𝐣𝐰,   𝐫 → 𝐫𝐚𝐝𝐢𝐮𝐬 𝐨𝐟 𝐚 𝐜𝐢𝐫𝐜𝐥𝐞 

𝐗(𝐙) = 𝐗(𝐫𝐞𝐣𝐰) = ∑ [𝐱(𝐧)𝐫−𝐧]𝐞−𝐣𝛚𝐧

∞

𝐧=−∞

 

So, we can say that the z-transform of x(n) is same as the DTFT of x(n) r−n.For DTFT to exist =>
x(n) absolutely summable i.e   

∑ |𝐱(𝐧)|

∞

𝐧=−∞

< ∞ 

For Z Transform to exist => x(n)r−n  must be absolutely summable i.e 

∑ |𝐱(𝐧)𝐫−𝐧|

∞

𝐧=−∞

< ∞ 

3. How can we calculate IDFT using FFT algorithms? ?(May/June 2010)(Remembering)

The inverse DFT of an N point sequence X(K); k = 0,1,2, …..(N-1) is defined as 

x (n) =   
N

1





1

0

)(
N

k

kX WN 
–nk …..(1) If we take complex conjugate and multiply by N, we get

Nx*(n) =  




1

0

)(
N

n

nx WN
nk. ….(2)The right hand side of the above equation is DFT of the sequence X*(k) 

and may be computed using any FFT algorithm. The desired output sequence x(n) can then be 

obtained by complex conjugate the DFT of Eq.(2) and dividimg  by N to give 

x(n) =
N

1
[ 





1

0

)(
N

k

kX  WN nk ]* 

4. The first five DFT Coefficients of a sequence x(n) are  X(0) = 20 ,X(1) = 5+j2,X(2)= 0,

X (3) = 0.2+j0.4, X (4) = 0 (May/June 2007) (Nov/Dec 2009)(Applying) (CO1)

We have X (k) = X*(N-K)  , The first five samples of X (k) are given, the remaining samples are

 X (5) = X*(8-5) = X*(3) = 0.2-j0.4,  X (6) = X*(8-6) =X*(2) =0 

 X (7) = X*(8-7) = X*(1) = 5- j2 

5. Distinguish between DTFT and DFT. (May 2004)(Dec 2011)(May 2014)(Analyzing) (CO1)

S.No DTFT DFT 

1. X(ω) = ∑ 𝑥(𝑛)𝑒−𝑗𝜔𝑛∞
𝑛=−∞  

𝑿(𝒌) = ∑ 𝒙(𝒏)𝒆
−𝒋𝟐𝝅𝒏𝒌

𝑵  ,      𝒌 = 𝟎 𝒕𝒐 𝑵 − 𝟏

𝑵−𝟏

𝒏=𝟎

 

2. X(ω) is continuous functions of 

frequency ω 

X(k) is evaluated at discrete values of 

frequency k. 

3. X(ω) repeats after 2π X(k) repeats after N 
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6. State and  Parseval’s relation for DFT (Nov/Dec 2004)(Remembering)(CO1)

The average power in the signal is the sum of the powers of the individual frequency components.

 P = 

21

0

)(
1





N

n

nx
N

 = 
𝐼

𝑁

21

0

)(




N

n

kX

  Proof:  ∑ |𝑥(𝑛)|𝑁−1
𝑚=0

2   = ∑ 𝑥(𝑛)
1

𝑁
𝑁−1
𝑛=0  ∑ 𝑋𝑁−1

𝑘=0 (𝑘)𝑒𝑖2𝜋𝑛𝑘/𝑁

= 
1

𝑁
∑ 𝑋(𝑘) ∑ 𝑥(𝑛)𝑒𝑗2𝜋𝑛𝑘/𝑁𝑁−1

𝑘=0
𝑁−1
𝑘=0 = 

1

𝑁
∑ 𝑋(𝑘)𝑋 ∗ (𝑘) =  

1

𝑁
𝑁−1
𝑘=0 ∑ |𝑋(𝑘)|𝑁−1

𝑘=0
2

7. The first five DFT Coefficients of a real valued sequence of length 8 is {2, 3+2j, 1-6j, 4,-3}

determine the remaining DFT coefficients. (May/June 2010)(Applying)(CO1)

Ans: Given N=8, we have X (k) = X*(N-K)

 The first five samples of X (k) are given, the remaining samples are 

 X (5) = X*(8-5) =X*(3) = 4,  X (6) = X*(8-6) =X*(2) = 1+6j  ,   X (7) = X*(8-7) =X*(1) =3-2j 

8. State the two properties of Twiddle factor. (Apr 2019) (Remembering)(CO1)

Symmetry Property :

 Periodicity Property  :
9. List any four properties of DFT.(Nov/Dec 2005) (Apr/May 2011)(Analyzing)(CO1)

1. Periodicity:  If X(k) is N-point DFT of a finite duration sequence x(n), then

x(n+N)=x(n) for all n , X(k+N)= X(k) for all k 

2. Linearity : If X1(k)=DFT[x1(n)] and  ,   X2(k)=DFT[x2(n)]

Then DFT[a1x1(n)+a2x2(n)]=a1X1(k)+a2X2(k) 

3. Time reversal of a sequenceIf DFT[x(n)]=X(k),

 then  DFT[x((-n))N]=DFT[x(N-n)]=X((-k))N=X(N-k) 

4. Circular time shifting of a sequence

If DFT[x(n)]=X(k),  Then, DFT[x((n-l))N]=X(k)e^(-j2πkl/N) 

10. Define twiddle factor of FFT.(N0v/Dec 2009)(Remembering)(CO1)

The DFT of a sequence [x (n)] of length N is given by a complex valued sequence [X (k)]

X (k) =  




1

0

)(
N

n

nx e-j2πnk/N  0 ≤ k ≤ N-1 

Let WN be complex valued phase factor or twiddle factor of DFT, which is an Nth root of unity 

expressed by WN = e-j2π/N .Hence X(K) becomes X(k)  =  




1

0

)(
N

n

nx WN
nk 0 ≤ k ≤ N-1 

Similarly, IDFT becomes x (n) =   
N

1





1

0

)(
N

k

kX WN 
-nk 0 ≤ n ≤ N-1 

11. What is zero padding? What are its uses?(Dec 2004,2009,2011,2013)(Remembering)(CO1)

Let the sequence x (n) has a length L. If we want to find the N-point DFT (N>L) of the sequence x (n), 

we have to add (N-L) zeros to the sequence x (n). This is known as zero padding. The uses of zero padding 

are1) we can get better display of the frequency spectrum.2) with zero padding the DFT can be used in linear 

filtering. 

12. Why FFT is needed?(Nov/Dec 2003)(Remembering)(CO1)

The direct evaluation DFT requires N2 complex multiplications and N2 –N complex additions. FFT 

algorithms require N/2 log2N complex multiplications and Nlog2N 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. 

13. Define FFT?(Remembering)(CO1)

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. 

14. Estimate how many multiplications and additions are required to compute N point DFT using radix-2

FFT? (May/June 2010)(Evaluating)(CO1)

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. 
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15. What is meant by radix-2 FFT?(Nov/Dec 2012)(Remembering)(CO1)

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. 

16. What is DIT algorithm? (Apr/May 2005)(Remembering)(CO1)

Decimation-In-Time algorithm is used to calculate the DFT of an 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. 

17. What is DIF algorithm? (Apr/May 2005)(Remembering)(CO1)

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. 

18. What are the differences and similarities between DIF and DIT algorithms? (APR/MAY

2008)(Remembering)(CO1)

Differences: 1) The input is bit reversed while the output is in natural order for DIT, whereas for DIF 

the output is bit reversed while the input is in natural order.2) The DIF butterfly is slightly   different from the 

DIT butterfly, the difference being that the complex multiplication takes place after the add-subtract operation 

in DIF. Similarities: Both algorithms require same number of operations to compute the DFT. Both algorithms 

can be done in place and both need to perform bit reversal at some place during the computation. 

19. What do mean by the term “bit reversal” as applied to FFT?(May 2014)(Remembering)(CO1)

“Bit reversal” as applied to FFT, Re – ordering of input sequence is required in decimation   in 

time. When represented in binary notation sequence index appears as reversed – bit order of the 

row number. 

20. What are the applications of FFT algorithm? (Nov/Dec 2010)(Remembering)(CO1)

The applications of FFT algorithm includes 

1) Linear filtering 2) Correlation 3) Spectrum analysis

21. Why the computations in FFT algorithm is said to be in place? Or Illustrate In-Place computation in

using FFT algorithm.(Dec/Jan-2016) (Remembering)(CO1)

 Once the butterfly operation is performed on a pair of complex numbers (a,b) to produce (A,B), there 

is no need to save the input pair. We can store the result (A,B) in the same locations as (a, b ). Since the same 

storage locations are used throughout the computation we say that the computations are done in place. 

22. Consider the length 8 sequence, defined for 0≤ n ≤7, x(n)= {3, -1, 2, 4, -3, -2, 0, 1}.

Write 8 point DFT X(k), Find X(0). (Apr 2019)(Analysing)(CO1)

X(0)= 4

23. Find the DFT of {1,2,3,4} using FFT. (Applying)(CO1) (Apr 2019)

Twiddle factor 𝑊4
0 =  1   , 𝑊4

1 =  −j  ,   X(k)= {10+0j, -2+2j, -2, -2-2j}

24. What is the speed improvement factor in calculating 64-point DFT of a sequence using

direct computation and FFT algorithms? (Dec 2009,Dec 2012)(Remembering)(CO1)

The number of complex multiplications required using direct computation is

N2 = 642= 4096 

The number of complex multiplications required using FFT is 
𝑁

2
log2N = 

64

2
log2 64 =192   ,   Speed improvement factor = 

4096

192
 = 21.33 

25. Calculate the number of multiplications needed to compute DFT of 64 & 4 point sequence

using direct method and FFT algorithm.(Nov 2010,2012)(June 2013.2014,2016,2018) (Applying)(CO1)

DFT FFT 

No of multiplications 

N=64 

N=4 

N2 = 642 = 4096 

N2 = 42 = 16 
N/2 log2 N = 64/2 log264 =32 log2 64   =192 

N/2 log2 N = 4/2 log2 4 =2 log24   =4 

No of additions 

N=64 

N=4 

N(N-1)= 64X63 = 4032  

N(N-1)= 4X3 = 12 

N log2 N = 64 log2 64 = 64 log2 64 = 384 

N log2 N = 4 log2 4 = 8 
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26. Draw 2 point DIT- FFT butterfly structure. (Nov/Dec 2010)(Applying)(CO1)

27. Draw 2point DIF- FFT butterfly structure .(Nov/Dec 2010)(Applying)(CO1)

28. Calculate the number of multiplications needed in the calculation of DFT and FFT with 64

point sequence. (Nov/Dec 2009)(Applying)(CO1)

DFT FFT 

No of multiplications N2 = 642 = 4096 N/2 log2N = 64/2log264  =32log226 =192 

29. How many multiplications and additions are required to compute N – point DFT using radix

– 2FFT? (Dec 2004))(Dec 2013)(Remembering)(CO1)

No of multiplications 
2

N
log2N,   No of additions N log2 N 

30. Find the values of WN
K when N = 8 and K = 2 and also for k = 3. (May 2007)(Remembering)(CO1)

 WN
K  = e N

kj 2
 ,   For k = 2, N = 8, W8

2 = e
8

22j
 = -j 

For k = 3 N = 8, W8
3 = e

8

32j
 = - 0.707 – j 0.707  

31. Compare the DIT and DIF radix-2 FFT?(June 2010) (June 2013)(June 2014,2015)(Evaluating)(CO1)

DIT radix-2 FFT DIF radix-2 FFT 

1.  The time domain sequence is decimated The frequency domain sequence is decimated 

2. When the input is in bit reversed order, the output 

will be in normal order and vice versa. 

When the input is in normal order, the output 

will be in bit reversed order and vice versa 

3. In each stage of computations , the twiddle factors 

are multiplied before add and subtract operations 

In each stage of computations , the twiddle 

factors are multiplied after  add and subtract 

operations 

4. The value of N should be expressed such that N=2m  

and this algorithm consists of m stages of 

computations 

The value of N should be expressed such that 

N=2m  and this algorithm consists of m stages 

of computations 

5. Total number of arithmetic operations are Nlog2N 

complex additions and (N/2)log2N complex 

multiplications 

Total number of arithmetic operations are 

Nlog2N complex additions and (N/2)log2N 

complex multiplications 

32. The N point DFT of a sequence x(n) is    (Remembering)(CO1)

 𝑿(k) = ∑ x(n)e−j2πkn/N

N−1

n=0

 k = 0,1,2,3 … … N − 1 

33. The N point DFT of a sequence X(k) is    (Remembering)(CO1)

 𝑥(𝑛) =
1

𝑁
∑ 𝑋(𝑘)𝑒𝑗2𝜋𝑘𝑛/𝑁

𝑁−1

𝑘=0

𝑛 = 0,1,2,3 … … 𝑁 − 1 

34. Assume two finite duration sequences x1(n) and x2(n) are linearly combined. Let  x3(n) 

= ax1(n)+bx2(n). What is the DFT of x3(n)?(Analyzing)(CO1)

Given x3(n) = ax1 (n) +bx2 (n)

Let DFT [x1(n)] = X1(k) and  DFT [x2(n)] = X2(k) , then

DFT [x3(n)] = DFT [ax1 (n) +bx2 (n)] = a DFT[x1(n)] +b DFT[x2(n)] = a X1(k) + b X2(k)

-1 

𝑊𝑁
𝐾

B 

𝐶 = 𝐴 + 𝐵𝑊𝑁
𝐾

𝐷 = 𝐴 − 𝐵𝑊𝑁
𝐾

B 
𝑊𝑁

𝐾

-1 

𝐶 = 𝐴 + 𝐵 

𝐷 = (𝐴 − 𝐵)𝑊𝑁
𝐾

A 
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35. Compute the DFT of 𝒙(𝒏) =  𝜹(𝒏 − 𝒏𝟎)(Evaluating)(CO1)

Given 𝑥(𝑛) =  𝛿(𝑛 − 𝑛0)

 𝑿(k) = ∑ x(n)e−
j2πkn

N

N−1

n=0

=  ∑ 𝛿(𝑛 − 𝑛0)

N−1

n=0

e−
j2πkn

N ∴ 𝜹(𝒏 − 𝒏𝟎) = 1  for  n = n0 

 = 0 𝑓𝑜𝑟𝑛 ≠ n0 

= 𝑒−𝑗2𝜋𝑛𝑘/𝑛 

36. Find the DFT of the following  𝒊)𝒙(𝒏) =  𝜹(𝒏)  𝒊𝒊)𝒙(𝒏) =  𝒂𝒏(Evaluating)(CO1) 

𝑖)𝒙(𝒏) =  𝜹(𝒏) 

𝑿(k) = ∑ x(n)e−
j2πkn

N

N−1

n=0

=  ∑ 𝜹(𝒏)e−
j2πkn

N = 1

N−1

n=0

∴ 𝜹(𝒏) = 1  for  n = n0 

 = 0 𝑓𝑜𝑟𝑛 ≠ n0 

𝒊𝒊)𝒙(𝒏) =  𝒂𝒏 

𝑋(k) = ∑ x(n)e−
j2πkn

N

N−1

n=0

=  ∑ a(n)e−
j2πkn

N

N−1

n=0

=  ∑ (ae−
j2πnk

N )
n

N−1

n=0

∴ ∑ an

N−1

n=0

 =  
1 − 𝑎𝑁

1 − 𝑎
 =

1 − 𝑎𝑁𝑒−𝑗2𝜋𝑘

1 − 𝑎𝑒−𝑗2𝜋𝑘/𝑁

37. Calculate the DFT of the sequence (𝑛) =  (
1

4
)

𝑛
for𝑁 = 16 .(Applying)(CO1) 

𝑿(k) = ∑ x(n)e−j2πkn/N

N−1

n=0

 k = 0,1,2,3 … … N − 1 

𝑿(k) = ∑ (
1

4
)

𝑛

e−
j2πkn

N

15

n=0

 =   ∑ (
1

4
)

𝑛

e−j
πkn

8

15

n=0

 = ∑ [
1

4
e−

jπk

8 ]
n15

n=0

=  
1 − [

1

4
]

16
e−

(
jπk

8
)

16

1 −
1

4
e−

jπk

8

 =  
1 − [

1

4
]

16
e−(j2πk)

1 −
1

4
e−

jπk

8

 k = 0,1,2, … … . ,15 

38. Find the DFT of the sequence x(n) = {1,1,0,0}(Remembering)(CO1)

𝑿(k) = ∑ x(n)e−j2πkn/N

N−1

n=0

 , k = 0,1,2,3 … … N − 1𝑿(k) = ∑ x(n)e−
jπkn

2

3

n=0

 , k = 0,1,2,3 

 𝑿(0) = ∑ x(n) = {1 + 1 + 0 + 0} = 2

3

n=0

𝑿(1) = ∑ x(n)e−jπn/2 =  {1 − j + 0 + 0} = 1 − j

3

n=0

 

𝑿(2) = ∑ x(n)e−jπn = {1 − 1 + 0 + 0} = 0

3

n=0

𝑿(3) = ∑ x(n)e−jπn3/2 = {1 + j + 0 + 0} = 1 + j

3

n=0

 

Ans:  𝑿(k) = { 2, 1 − j, 0 , 1 + j} 

39. Find the IDFT of the sequence x(n) = {1,0,1,0}(Remembering)(CO1)

x(n) =
1

N
∑ X(k)ej2πkn/N

N−1

k=0

𝑛 = 0,1,2,3 … … 𝑁 − 1 

x(n) =
1

4
∑ X(k)ejπkn/2

3

k=0

 n = 0,1,2,3 

𝑥(0) =
1

4
∑ 𝑋(𝑘) =

3

𝑘=0

1

4
[1 + 0 + 1 + 0] =  

2

4
 =

1

2
 = 0.5 

 x(1) =  
1

4
[1 + 0 + 1(−1) + 0] = 0 

x(2) =
1

4
∑ X(k)ejπk3

k=0 =  
1

4
[ X(0)e0 + X(1)ejπ + X(2)ej2π  + X(3)ej3π =  

1

4
[1 + 0 + 1 + 0]=0.5 
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 x(3) =
1

4
∑ X(k)e

j3πk

2

3

k=0

=  
1

4
[ X(0)e0 + X(1)e

j3π

2 + X(2)ej2π  + X(3)e
j5π

2

 x(3) =  
1

4
[1 + 0 + 1(−1) + 0] = 0  

     𝐱(𝐧) = [𝟎. 𝟓 , 𝟎, 𝟎. 𝟓, 𝟎 ] 

40. Given x1[n]=x2[n]={2,2,2} circularly convolve x1[n] and x2[n] (Remembering)(CO1)  JAN 2016





















































12

12

12

2

2

2

2 2 2

2 2 2

2 2 2

 x2[n]x1[n]

41. When sequence is called circularly even? (May/June 2010)(Remembering)(CO1)

A sequence is said to be circularly even if it is symmetric about the point zero on the circle,

x(N-n) = x(n)   1≤n≤N-1. Example: Consider the sequence x(n) = {4,6,8,6}

Here x(4-1) = x(1) ie, x(3) = 1, x(4-2) = x(2), x(4-3) = x(3). Thus the sequence is circularly even

42. What are the reliability conditions of transfer function? (May/June 2007) (Remembering)(CO1)

1. The Transfer function must rational polynomial
)(

)(

zD

zN

2. All poles must lie inside unit circle 3.Coefficients of N(z) and D(z) must be real.

43. When the DFT  X(k) of a sequence x(n) is imaginary ?(May/June2012)  (Remembering)(CO1)

If the sequence x(n) is real and odd (or) imaginary and even , then X(k) is purely imaginary. 

44. When the DFT  X(k) of a sequence x(n) is real ?(May/June2012)(Remembering)(CO1)

If the sequence x(n) is real and even (or) imaginary and odd , then X(k) is purely real. 

45. Define sectional convolution.(Remembering)(CO1)

If the data sequence x(n) is of long duration it is very difficult to obtain the output sequence 

y(n) due to limited memory of a digital computer. Therefore, the data sequence is divided up into 

smaller sections. These sections are processed separately one at a time and controlled later to get 

the output. 

46. What are the two methods used for the sectional convolution?(Dec 2009)(May 2010)(May

2011)(Remembering)(CO1)

The two methods used for the sectional convolution are

1) Overlap-add method and 2) Overlap-save method.

47. Importance of overlap-save method?(Evaluating)(CO1)

In this method the data sequence is divided into N point sections xi (n).Each section contains 

the last M-1 data points of the previous section followed by L new data points to form a data sequence 

of length N=L+M-1.In circular convolution of xi (n) with h (n) the first M-1 points will not agree with 

the linear convolution of xi (n) and h (n) because of aliasing, the remaining points will agree with 

linear convolution. Hence we discard the first (M-1) points of filtered section xi (n) N h (n). This 

process is repeated for all sections and the filtered sections are abutted together. 

48. Distinguish between linear convolution and circular convolution of two sequences.

(Analyzing)(CO1)

S.no Linear convolution Circular convolution 

1. If x(n) is a sequence of L number of 

samples and h(n) with M number of 

samples, after convolution y(n) will have 

N=L+M-1 samples. 

If x(n) is a sequence of L number of 

samples and h(n) with M samples, after 

convolution y(n) will have N=max(L,M) 

samples. 

2. It can be used to find the response of a 

Linear filter. 

It cannot be used to find the response of 

a filter. 

3. Zero padding is not necessary to find the 

Response of a linear filter. 

Zero padding is necessary to find the 

response of a filter. 

circular convolution Example: x(n)={1, 2,1}; h(n)={1,-2, 2}= y(n)={3,2,-1}(Dec 2010,June 2015)
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49. List the differences between overlap-save and overlap-add methods.(Remembering)(CO1)

S.no Overlap-save method Overlap-add method 

1. In this method the size of the input data 

block is N=L+M-1 

In this method the size of the input data 

block is L 

2 Each data block consists of the last M-1 

data points of the previous data block 

followed by L new data points 

Each data block is L points and we 

append M-1 zeros to compute N point 

DFT 

3. In each output block M-1 points are 

corrupted due to aliasing as circular 

convolution is employed 

In this no corruption due to aliasing as 

linear convolution is performed using 

circular convolution 

4 To form the output sequence the first 

M-1 data points are discarded in each

output block and the remaining data are

fitted together

To form the output sequence the last M-1 

points from each output block is added to 

the first M-1 points of the succeeding 

block 

50. Determine the circular convolution of {1,2,2,1} and {1,2,3,4}. (Applying)(CO1) (Apr 2019)

Y(n)= {17, 15, 13, 15}

51. Given the sequence 𝒙𝟏(𝒏) = {𝟏, 𝟐, 𝟑, 𝟒} , 𝒙𝟐(𝒏) = {𝟏, 𝟐, 𝟏}. Implement Linear Convolution using

circular convolution. (Dec 2017)(Analyzing)(CO1)

Length of 𝑥1(𝑛)=4, 𝑥2(𝑛) = 3 ;    output length of linear convolution is (L+M-1) = (4+3-1=6)

Zero padding of both sequences, which is the length into 6

𝑥1(𝑛) = {1,2,3,4, 𝟎, 𝟎}  , 𝑥2(𝑛) = {1,2,1, 𝟎, 𝟎, 𝟎}.

𝒂𝒑𝒑𝒍𝒚 𝒄𝒊𝒓𝒄𝒖𝒍𝒂𝒕 𝒄𝒐𝒏𝒗𝒐𝒍𝒖𝒕𝒊𝒐𝒏 𝒚(𝒏) = {𝟏, 𝟒, 𝟖, 𝟏𝟐, 𝟏𝟏, 𝟏𝟒} 

52. Calculate the DFT of x(n)=𝟐𝜹[𝒏 − 𝟏].  (Dec 2017)(Analyzing)(CO1)

𝑋(k) = ∑ x(n)e−
j2πkn

N

N−1

n=0

=  ∑ 2𝛿(𝑛 − 1)e−
j2πkn

N

N−1

n=0

∴ 𝛿(𝑛) = 1  for  n = 0 

 = 0  for  n ≠ 0 

𝑿(𝐤) = 𝟐 

16 MARKS 

1. Illustrate the concept of circular convolution property of DFT. (May 2008)(Understanding)(CO1)

2. a)Discuss the property of DFT. (June 2018) (Understanding)

b) Discuss the FFT algorithm in linear filtering (Nov/Dec 07)(CO1)(Understanding)(CO1)

3. By means of DFT and IDFT , determine the sequence x3(n) corresponding to the circular convolution

of the sequence x1(n) = {2,12,1} x2(n) = {1,2,3,4} (Nov/Dec 07)(Applying)(CO1)

4. Perform the circlar convolution of the following sequences using matrix method x1(n) = {2,1,2,1},

x2(n)= {1,2,3,4} (Nov/Dec 2009)(Applying)(CO1)

5. Derive 8 point radix –2 DIT-FFT algorithm. (Dec 2012) (June 2013)(Applying)(CO1)

6. Compute IDFT for X(k) = {1,1+j,1-2j,1,0,1+2j,1+j,1} using DIF FFT algorithms. Compute the DFT of the

sequence {1,2,0,0,0,2,1,1} using radix 2 DIF FFT algorithm.(Nov/Dec 08)(May/June 2013)(CO1)

7. Compute IDFT for X(k) ={7,0.707-j0.707,-j,0.707-j0.707,1,0.707+j0.707,j,-0.707+j0.707} using radix 2 DIF FFT

algorithm. (Dec/Jan-2016) (Applying)(CO1)

8. Derive 8 point radix-2 DIF and DIT FFT algorithm (May 2008) (Jan-2016) (Understanding)(CO1) (or)

Recommend the method to compute the DFT of given sequence with minimum number of additions and

multiplications . Besides compute the Fourier coefficients x(n)={1  2   3   4   0   4   3   2} (or)

Compute the8 point DFT of the sequence x(n) = {1,2,3,4,4,3,2,1}.(May 2008) (June 2013,2016,2018)

(DEC  2015)  (Understanding)(CO1)

9. Find the 8-point DFT of the sequence

X(n)= {
1  0n7
0  otherwise

 , using Decimation-In-Time FFT algorithm. (Nov/Dec 03)(Remembering)(CO1) 

10. a)Given x(n) ={2n ; 0<n<7} find X(k) using DIT- FFT algorithm

b)State and prove circular convolution property of DFT. (Nov/Dec 2010)(Remembering)(CO1)
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11. Show that DTFT, X (w) of real discrete-time sequence, x(n) is conjugate symmetry.

(ii) Find the 8-point DFT of the given sequence x(n)={0,1,2,3,4,5,6,7} using DIF,radix-2 FFT

algorithm.(Nov/Dec 2009)(Applying)(CO1) 

12. (i) Compute the DFT of the sequence ,X(n) ={ 1,0,1,0,1,0,1,0}and hence find X(Z). (Apr/May 05)

(Applying)(CO1)

(ii) Draw the FFT flowchart for radix –2, DIT algorithm (assume N=8).(CO1)(Applying)(CO1)

13. (i)Calculate the percentage of saving in calculation in computing a 512 –point using radix-2 FFT

when compared to direct DFT . (Applying)(CO1)

(ii)Draw and explain the basic butterfly diagram of DIF RADIX -2 FFT. (May/June

2010)(Applying)(CO1)

14. An 8-point sequence is given by x(n) = {2,2,2,2,1,1,1,1} compute 8 point DFT of x(n) is given by

(i)Radix-2 DIT-FFT (ii)Radix- 2 DIF-FFT .Also sketch the magnitude and phase spectrum.(Nov/Dec

2009) (Nov/Dec 2012)(June 2015)(CO1)

15. Let x[k] denote the N point DFT of an N point sequence x[n]. if the DFT of an x[k] is computed to

obtain a sequence x1[n].determine x2[n] in terms of x[n].(Applying)(CO1)

16. Explain the algorithm for computing convolution using overlap add method with a numerical example.

(Dec 2015/Jan 2016)  (Understanding) (CO1)

17. a)Calculate the DFT of the sequence x(n) = {1,1,-2,-2} (May/June 2010)(Applying)(CO1)

b) Find the output y (n) of a filter whose impulse response is h (n) = {1, 1, 1} and input signal

x(n) = {3,-1,0,1,3,2,0,1,2,1} using overlap save method. (Or) x(n)={-1,2,-1,0,1,3,-2,1,-3,-2,-1,0,-2}

and h(n)={1,1} using overlap save method. (Dec 2009) (June 2010)( Dec 2010) (May 2011) (Dec 2012) (June

2013, June 2015) (Dec 2016)  (June 2016,2018) (CO1)(Applying)

18. Determine the 8 point DFT of the signal x(n)= {1,1,1,1,1,1,0,0} and sketch its magnitude and

phase(Nov/Dec 2009)(June 2015)(CO1)

19. An LTI system has the input x(n) = { 1, 1, 1} and the impulse response h(n) {-1,-1} . Determine the

response of LTI system by radix -2 DIT FFT. (Applying)(CO1)

20. Compute the 8-point DFT of the sequence x[n] = {1,1,1,1,1,1,1,1} by using decimation in time FFT

algorithm (May/June 2010)(Apr/May 2011) (May/June 2016) (Applying) (CO1)

21. a)Suppose)we have two 4-point sequences x[n] and h[n] as follows x[n] = cos (nπ/2), n=0,1,2,3

h[n] = 2n,  n= 0,1,2,3 Compute the response y[n] by doing circular convolution of x[n] and h[n]

(May/June 2010)(Apr/May 2011)(CO1)

b) Compute 4-point IDFT of X(k) = {0,4j,0-4j} using decimation in frequency fast Fourier

transformation(May/June 2010)(Applying)(CO1)

UNIT II  -  INFINITE IMPULSE RESPONSE DIGITAL FILTERS 

TWO MARKS 

1. What are the different types of filters based on impulse response?(May 2014) (Remembering) (CO2)

Based on impulse response the filters are of two types

1. IIR filter2. FIR filter

The IIR filters are of recursive type, whereby the present output sample depends on the

present input, past input samples and output samples. The FIR filters are of non recursive type, 

whereby the present output sample depends on the present input sample and previous input 

samples. 

2. What is impulse invariant mapping? What is its Limitations?(Apr/May 2005) (Remembering)(CO2)

1. This is not suitable for designing high pass filter

2. It is many to one mapping

3. Impulse response of the digital filter is sampled version of analog response.

3. How one can design digital filters from analog filters?(Remembering)(CO2)

 Map the desired digital filter specifications into those for an equivalent analog filter.

 Derive the analog transfer function for the analog prototype.

 Transform the transfer function of the analog prototype into an equivalent digital filter transfer

function.
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4. What is transposition theorem & transposed structure?(Remembering)(CO2)

*The transpose of a structure is defined by the following operations, *Reverse the directions of all

branches in the signal flow graph, *Interchange the input and outputs, *Reverse the roles of all

nodes in the flow graph, *Summing points become branching points, *Branching points become

summing points. According to transposition theorem if we reverse the directions of all branch

transmittance and interchange the input and output in the flow graph, the system function remains

unchanged.

5. What is meant by impulse invariant method of designing IIR filter?(June 2015)(Remembering)(CO2)

In this method of digitizing an analog filter, the impulse response of resulting digital filter is 

a sampled version of the impulse response of the analog filter. The transfer function of analog filter 

in partial fraction form, 

6. Mention the procedures for digitizing the transfer function of an analog filter.  (Dec 

2009)(Remembering)(CO2)

The two important procedures for digitizing the transfer function of an analog filter are

i) Impulse invariance method. ii) Bilinear transformation method.

7. Distinguish between FIR filters and IIR filters.  (Dec 2007)(Analyzing) (CO2)

No FIR filter IIR filter 

1 These filters can be easily designed to have 

perfectly linear phase 

These filters do not have linear phase. 

2 FIR filters can be realized recursively and non-

recursively. 

IIR filters are easily realized recursively. 

3 Greater flexibility to control the shape of their 

magnitude response. 

Less flexibility, usually limited to specific 

kind of filters. 

4 Errors due to round off noise are less severe in 

FIR filters, mainly because feedback is not used. 

The round off noise in IIR filters is more 

5 Depends on present ,past values of input and 

output. 

Depends on present, past values of input 

and output. 

8. Distinguish between analog and digital filters.  (Dec 2009) (June 2016) (Analyzing) (CO2)

No Analog Filter Digital filter 

1 Constructed using active or passive components 

and it is described by a differential equation 

Consists of elements like adder, subtractor and 

delay units and it is described by a difference 

equation 

2 Frequency response can be changed by changing 

the components 

Frequency response can be changed by 

changing the filter coefficients 

3 It processes and generates analog output Processes and generates digital output 

4 Output varies due to external conditions Not influenced by external conditions 

9. Find the digital Transfer Function H(z) by using impulse invariant method for the transfer

function 𝑯(𝒔) =
𝟏

𝒔+𝟐
  Assume T = 0.1 sec. (Dec 2007) (Dec 2009)(Dec 2015 /JAN 2016)(Applying) (CO2)

Using impulse invariant method,

𝐻(𝑧) =  
1

1 − 𝑒−2×0.1𝑧 − 1
 =  

1

1 − 0.8187𝑧 − 1

10. Give the transfer function of an analog filter as  𝑯(𝒔) =
𝟏

𝒔−𝟎.𝟓
   Obtain the digital filter transfer

function using impulse invariant transformation Assume T = 0.1 sec.  (Dec 2007) (Dec

2009)(DEC 2015 /JAN 2016)(Applying) (CO2)

Using impulse invariant method,

15.0
1

1
)(




Ze
zH

ST

11. What is bilinear transformation?(Remembering) (CO2)

The bilinear transformation is a mapping that transforms the left half of S-plane into the unit 

circle in the Z-plane only once, thus avoiding aliasing of frequency components. The mapping from 

the S-plane to the Z-plane is in bilinear transformation is S=2/T (1-Z-1/1+Z-1) 
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12. What are the properties of bilinear transformation?(Remembering) (CO2)

 The mapping for the bilinear transformation is a one-to-one mapping that is for   every point

Z, there is exactly one corresponding point S, and vice-versa.

 The j -axis maps on to the unit circle |z|=1, the left half of the s-plane maps to    the interior

of the unit circle |z|=1 and the half of the s-plane maps on to the exterior of the unit circle

|z|=1.

13. What are the advantages & disadvantages of bilinear transformation?(Dec 2007) (Remembering)

(CO2)

Advantages:

 The bilinear transformation provides one-to-one mapping.

 There is no aliasing and so the analog filter need not have band limited frequency response.

 The effect of warping on amplitude response can be eliminated by prewarping the analog

filter.

 The bilinear transformation can be used to design digital filters with prescribed magnitude

response with piecewise constant values.

 Stable continuous systems can be mapped into realizable, stable digital systems.

 There is no aliasing.

Disadvantage: 

 The mapping is highly non-linear producing frequency, compression at high frequencies.

 The nonlinear relationship between analog and digital frequencies introduces frequency

distortion which is called frequency warping.

 Neither the impulse response nor the phase response of the analog filter is preserved in a

digital filter obtained by bilinear transformation.

14. What is warping effect? What is its effect on magnitude and phase response?

(June 2007) (May 2011) (June 2013)(June 2015)(Remembering) (CO2)

The relation between the analog and digital frequencies in bilinear transformation is given 

by Ω = 2/T tan-1 /2. For smaller values of exist linear relationship between  and Ω. But for large 

values of  the relationship is non linear. This non linearity introduces distortion in the frequency 

axis. This is known as warping effect. This effect compresses the magnitude and phase response 

at high frequencies. 

15. Why impulse invariant method is not preferred in the design of IIR filters other than low

pass filter? (Apr/May 2014)(Remembering) (CO2)

In this method the mapping from s plane to z plane is many to one. Thus there are an infinite 

number of poles that map to the same location in the z plane, producing an aliasing effect. It is 

inappropriate in designing high pass filters. Therefore this method is not much preferred. 

16. State the properties of Butterworth filter. (May 2006),(Dec 2009) (May 2011)(Dec 2011)(Remembering) (CO2)

1. The Butterworth filter is all pole system 2. The magnitude function is maximally flat at the Origin

and monotonically decreasing with frequency. 3. All poles of butter worth filter lies on the circle

of radius equal to cut off frequency in the s – plane. 4. The filter order completely specifies the

filter.

17. What are the properties of chebyshev filter?(Nov/Dec 2007)(Nov/Dec 2011)(Nov/Dec 2012)(Remembering)

1. The magnitude response of the chebyshev filter exhibits ripple either in the stop band

or the pass band.

2. The poles of this filter lies on the ellipse

3. All pole system

18. By impulse invariant method obtain the digital filter transfer function and differential

equation of the analog filter H(s) = 1/s+1  (Dec 2007) (Dec 2010)(Applying) (CO2)

 𝑯(𝒛) =  
𝟏

𝟏−𝒆𝒔𝑻𝒛−𝟏If T= 1 is     ⇒
1

1−0.3678𝑧−1

19. Give the square magnitude function of Butterworth filter?(Nov/Dec 2010) (Remembering)(CO2)

The magnitude function of the Butterworth filter is given by

 |𝐻(𝑗Ω)| =
1

[1+(
Ω

Ω𝑐
)

2𝑁
]

1/2  N= 1,2,3…..Where N is the order of the filter 
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20. List the Butterworth polynomial for various orders.(Analyzing) (CO2)

N Denominator polynomial 

1. s+1 

2 . s2+.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) 

21. Determine the order of the analog butterworth filter that has a -2db pass band attenuation

at a frequency of 20 rad/sec and atleast -10 db stop band attenuation at 30 rad / sec. (Nov/Dec

2007) (Dec/Jan-2016) (Applying) (CO2)

Ans :𝑁 ≥
𝑙𝑜𝑔𝐴

𝑙𝑜𝑔
1

𝑘

 

𝐴 =
⋋

𝜀
=(

100.1𝛼𝑠−1

100.1𝛼𝑝−1)
0.5

= (
103−1

100.1−1)
0.5

= 62.115 

𝑘 =
Ω𝑝

Ω𝑠
=  

200

600
= 

1

3
𝑁 ≥

𝑙𝑜𝑔62.115

𝑙𝑜𝑔3
 ≥ 3.758 =4 

22. What is prewarping? Why it is needed? or Define warping and how it can be avoided? (June

2010) (Jan 2016) (June 2016) (Dec 2017) (Apr 2019) (Remembering) (CO2)

The effect of the non-linear compression at high frequencies can be compensated. When the

desired magnitude response is piece-wise constant over frequency, this compression can be

compensated by introducing a suitable pre-scaling, or pre-warping the critical frequencies by using

the formula.

or 

The distortion in frequency axis introduced, when the s-plane is mapped into z-plane using the 

bilinear transformation due to non-linear relation between analog and digital frequencies is called 

frequency warping. 

Using pre-warping frequency, the analog filter function is designed and then it transformed into 

digital filter transfer function.   

23. Find digital filter equivalent for 𝑯(𝒔) =
𝟏

𝑺+𝟖
 . (May 2007) (Dec 2012) (Dec 2016) (Applying) (CO2) 

Ans: Using impulse invariance method

 𝑯(𝒛) =  
𝟏

𝟏−𝒆𝒔𝑻𝒛−𝟏  If T= 1 is⇒
1

1−3.354−4𝑧−1

24. Write the expressions for locations of poles of normalized Butterworth filter(May/June 2007)

(Nov/Dec 2010)(Remembering) (CO2)

Sk = ejφk        k=1,2,….N  ,    Φk= π/2 + (2k-1)/2Nπ  ,        Where N is the order of the filter

25. How many number of additions, multiplications and memory locations are required to

realize a system H(z) having M zeros and N poles in a)direct form- 1 realization b) direct

form II realization?  (Nov/Dec 2010)(Remembering) (CO2)

a)The direct form I realization M+N+1 multiplications, M+N additions and M+N+1 memory locations

b)The direct form II realization requires M+N+1 multiplication, M+N additions and the maximum

of(M,N) memory locations.

26. Distinguish between the frequency response of Chebyshev Filters type I for N odd and N

even.(May/June 2013)(Analyzing) (CO2)

The frequency response curve starts from unity for odd values of N, and starts from 
1

√1+𝜀2
 for even

values of N.

27. What is the relationship between analog and digital frequencies in impulse invariant

transformation?  (Nov/Dec 2012)(Remembering) (CO2)

The relation between analog and digital frequencies in impulse invariant transformation by 

Digital frequency = analog frequency x Sampling time period (𝜔 = Ω𝑇 ). 
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28. Give the bilinear transform equation between s-plane and Z plane. (May/June 2012)

(Remembering) (CO2)

The relation between the analog and digital frequencies in bilinear transformation is given 

by Ω = 2/T tan /2. The bilinear transformation is a mapping that transforms the left half of S-plane 

into the unit circle in the Z-plane only once, thus avoiding aliasing of frequency components. The 

mapping from the S-plane to the Z-plane is in bilinear transformation is S=2/T (1-Z-1/1+Z-1). 

29. Compare Butterworth and chebyshev filter. (Apr 2019) (Remembering) (CO2)

S.No Butterworth Chebyshev 

1. All pole design All pole design 

2. The poles lie on a circle in S-plane. The poles lie on ellipse in S-plane. 

3. The magnitude response is maximally 

flat at the origin and monotonically 

decreasing function of Ω. 

The magnitude response is equiriple in 

passband and monotonically decreasing in 

the stopband. 

4. The normalized magnitude  

response has a value of 1/ √2 at the 

cutoff frequency Ω𝑐 . 

The normalized magnitude response has a 

value of 1
√1 + 휀2⁄    at the cutoff frequency

Ω𝑐. 

5. Only few parameters has to be 

calculated to determine the transfer 

function 

A large number of parameter has to be 

calculated to determine the transfer function 

30. Differentiate Butterworth filter and chebyshev filter design techniques based on its

response. (Apr 2019)(Analyzing)(CO2)

 The Chebyshev response. Chebyshev filters achieve a faster roll-off by allowing ripple in the

passband.

 When the ripple is set to 0 %, it is called a maximally  flat or Butterworth ftlter.

 Consider using a npple of 0.5% in designs; this passband unflatness is so small that it

cannot be seen io this graph, but the roll-off is much faster than the Buttenvorth.

31. Distinguish between  butterworth and chebyshew filter.(June 2012,16 & 18)  (Analyzing) (CO2)

Magnitude response vs frequency curve: The magnitude response  |H(jw)| of thebutterworth

filter decreases with increase in frequency from 0 to infinity, while the magnitude response of the

Chebyshev filter fluctuates or show ripples in the passband and stopband depending on the type

of the filter.

Width of Transition band: The width of the transition band is more in Butterworth filter compared

to the Chebyshev filter.

Location of the poles: The poles of a Butterworth filter lies only on a circle while that of the

Chebyshev filter lies on an ellipse, which can be easily concluded on looking at the poles formula

for both types of filters.

No. Of Components required for implementing the filter: The number of poles in Butterworth

filter is more compared to that of the Chebyshev filter of same specifications, this means that the

order of Butterworth filter is more than that of a Chebyshev filter. This fact can be used for practical

implementation, since the number of components required to construct a filter of same specification

can be reduced significantly.
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32. Give the equation for the order N, major, minor axis of an ellipse in case of

chebyshev filter? (May/June 2013) (CO2)

The order is given by N=cosh-1(((10.1αp)-1/10.1αs-1)1/2))/cosh-1Ώs/Ώp

A= (µ1/N-µ-1/N)/2Ωp 

B=Ωp (µ1/N+ µ-1/N)/2 

33. Sketch the frequency responcy response of an odd and an even order Chebyshev low

pass filters.(Apr/May 2011)(Applying) (CO2)

34. Give the Steps in the design of a digital filter from analog filter?(Dec 2013)(Remembering) (CO2)

For designing a digital filter IIR, i) an equivalent analog filter is designed using any one of 

the approximation technique and given specifications. ii) The result of the analog filter design will 

be an analog filter transfer function H(s). iii) The analog filter transfer function is transformed to 

digital filter transfer function H(z) using either Bilinear or Impulse invariant transformation. 

35. What are the disadvantages of direct form realization?( Dec 2013)(Remembering) (CO2)

i) Since the number of delay elements used in diect form-I is more than the order of the difference

equation,, it is not effective. ii)  It lacks hardware flexibility.

iii). There are chances of instability due to the quantization noise.

36. Construct the direct form I structure for the second order system function

H(Z) = b0+b1z-1+b1z-2/1+a1z-1+a2z-2 (Nov/Dec 2011) (Applying) (CO2)

37. List the three elements required for realization of digital filters. (Apr 2019) (Remembering) (CO2)

 Adders

 Multiplier

 Delay

38. Outline the effect of many to one mapping in Impulse Invariant Technique. (Dec/Jan-

2016)(Analysis)(CO2)

 In Impulse Invariant Technique, there is many to one mapping of frequency axis. Hence

high frequencies are mapped on low frequencies. Therefore this technique is not suitable

for high pass filters or band pass filters of high cutoff frequencies.

 −
𝜋

𝑇
≤ Ω ≤

𝜋

𝑇
of jΩ axis maps on the unit circle.  Similarly, 

2𝑘−1

𝑇
𝜋 ≤ Ω ≤

2𝑘+1

𝑇
𝜋 𝑜𝑓 jΩ axis all 

map on unit circle. Hence there is many to one mapping. This creates aliasing. 

39. A first order lowpass filter with a cutoff frequency 0.25𝝅 radian/Sec has the transfer

function 𝑯𝒂(𝒔) =
𝟏

𝟏+
𝒔

𝟎.𝟐𝟓𝜋 

 . Convert this into a high pass filter. (Dec 2017)(Applying)(CO2) 

LPF→HPF = 𝑠 →  
Ω𝑐

𝑠

𝐻𝑎(𝑠) =
1

1+
𝑠

0.25𝜋 

 ; 𝑠 →  
Ω𝑐

𝑠
→ 𝐻𝑎(𝑠) =

𝑠

𝑠+1

40. Recommend the steps involved to avoid warping effect in bilinear transformation. (June

2018)(understanding)(CO2)

Step 1: convert the analog frequency from digital frequency specification.

1 
x (n) 

Z-1 

Z-1 

-a1 

-a2 

Z-1 

Z-1 

1 

b1

b2 
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Ω = 2/T tan-1 /2   to avoid warping effect 
Step 2: To determine the transfer function of the analog filter Ha(s) to H(z) 

 S=2/T (1-Z-1/1+Z-1). 

16 MARKS 

1. a)Describe the procedure for the design of digital filters from analog filters and advantages and

disadvantages of digital filter). Design a Butterworth filter using impulse invariance method for the

following specifications

   0.8 |H(ej)| 1.0 ; 00.2 

 H(ej)|  0.2 ; 0.6    (Apr/May 04),(May/June 2010)(June 2015)(Applying)  (CO2) 

  0.8 |H(ej)| 1.0 ; 00.2 

 |H(ej)|  0.2 ; 0.5    (June 2018)(Applying)  (CO2) 

2. The specifications of the desired low pass filter is

0.8 |H()| 1.0 ; 00.2

  |H()|  0.2 ;   0.32 

3. Design a butterworth digital filter using impulse invariant transformation T=1sec. (May/June 2016)

(Applying)  (CO2)

4. Design a digital chebychev filter to meet the constraints

 1/2H(w) 1 for 0   w  0.2 

   0H(w) 0.1  for 0.5  w  

by using bilinear transformation and  assume sampling period T=1 sec. Realize the designed with 

direct    form-1 structure. (Nov/Dec 2010) (Nov/Dec 2012) (Dec/Jan-2016) 

5. a)Design a digital filter corresponding to an analog filter H(s) = 0.5(s+4)/(s+1)(s+4) using impulse

invariant method to work at a sampling freq of 100 samples/sec.

b) Determine the direct form 1, Direct form II , cascade & parallel structure for the system y(n) = -

0.1 y(n-1)+0.72 y(n-2) +0.7 x(n) -0.25 x(n-2). (Nov/Dec08)(June 2015)(Applying)  (CO2)

6. An all pole analog filter has transfer function H(s) = 1/ S2+5S+6 ,find H(Z) by impulse invariant tech

Assume T=1 sec (Apr/May 05)(Applying)  (CO2)

7. a)Realize the system with difference equation y(n)= 3/4 y(n-1) -1/8 y(n-2)+x(n)+1/3 x(n-1) in

cascade form.(Remembering) (CO2)

b) Describe the method to obtain the state equation Q(n+1) and o/p equation y(n) from the transfer

function of the given system (Nov/Dec 04)(Remembering) (CO2)

8. Design a chebyshev Low Pass Filter with the specifications p=1 db ripple in the pass band

00.2, s=15 db in the stop band 0.3 using bilinear transformation.(May/June 2013)

(Remembering) (CO2) .

9. i)Determine H(z) using impulse invariant method for given transfer function H(s) = 1/(s+1)(s+2),

 Assume T=1 sec. (Remembering) (CO2) 

ii)Use the backward difference for the derivative to convert the analog low pass filter with system

function H(S)= 1/S+2  (Nov/Dec 2008)(Understanding) (CO2)

10. a)Determine H(z) using impulse invariant method for given transfer function H(s) = 2/(s+1)(s+2),

 Assume T=1 sec. (Nov/Dec 2012)(Remembering) (CO2) 

b) Explain the method approximation derivatives for digitizing the analog filter into a digital filter

(Nov/Dec 2004)(Remembering) (CO2)

11. a) Apply bilinear transformation to H(s) = 2/ (s+1)(s+2) with T=1 sec and find H(z). May/June

06)(Apr/May 2011) (May/June 2013)

b) Determine the order and poles of Low pass butter worth filter that has 3db attenuation at 500Hz

an attenuation of 40db at 1000Hz. (May/June 2013)

12. Derive the expression for impulse invariance method.(Remembering)(CO2)

13. Derive the equations for designing an analog low pass Butterworth filter?(Remembering)(CO2)

14. Draw the structures of IIR filters.(Understanding) (CO2)
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15. The normalized T.F of an analog filter is given by Ha(Sn) = 1/Sn
2+1.414Sn+1. Convert the analog

filter to digital filter with a cutoff frequency of 0.4π using bilinear transformations (May/June

06)(Understanding) (CO2)

16. Derive the equation for designing IIR filter using bilinear transformation.(Understanding) (CO2)

17. Obtain the cascade and parallel realization of the system described by

y(n) = - 0.1 y(n-1) + 0.2 y(n-2) + 3 x(n) + 3.6 x(n-1) + 0.6 x(n-2)  (Apr/May 2008) (Nov/Dec 2009)

(May/June 2016) (Applying)  (CO2)

18. Develop the structure for the following system using cascade, parallel and lattice from
y(n)=0.5y(n-1)+0.25y(n-2)+ x(n)+ x(n-1). (June 2018) (Applying)  (CO2)

19. Find the structure in 1) direct form-I 2) cascade form 3) parallel form for H(Z) = Z-1 – 1/1-0.5Z-

1+0.06Z-2 (May/June 07)(Applying)  (CO2)

20. The Analog transfer function 𝐻(𝑠) =
1

(𝑠+1)(𝑠+2)
Determine H(z) using Impulse Invariant 

Transformation. Assume   T=1 sec (Apr/May 2011).  (Applying)  (CO2) 

21. Apply Bilinear transformation to 𝐻(𝑠) =
1

(𝑠+2)(𝑠+3)
 with T=0.1 sec  (May 2011)(Applying)  (CO2) 

22. Using bilinear transformation, design a digital low pass filter that satisfies the following specification

Passband 0 -500 Hz; Stopband 2-4 KHz

Passband ripple 3 dB ; Stopband attenuation 20 dB

Sampling Frequency 8 KHz (Applying)(CO2) (Dec/Jan 2016)

23. Convert the analog filter with system function Ha(s) into a digital filter using bilinear transformation

Ha(s) = s+0.3/(s+0.3)2+16  (Nov/Dec06)(Applying)  (CO2)

24. a)Realize the given Transfer function using direct form I & parallel methods

H(z) = 4Z2+11Z -2/(Z+1)(z-3)(Applying)  (CO2)

b) If H(s) = 1/(s+1)(s+2) find H(z) using impulse invariance method for sampling freq of 5

samples/sec(May/June 07)   (Applying)  (CO2)

25. Obtain the direct form I, direct form II realization for the discrete time system described by the

following difference equation. y[n + 0.5 y[n-1] – 0.3y[n-2] = 2x[n]+0.2x[n-1 + 0.6x[n-2]  (Applying

CO2) (Dec 2015/Jan 2016)

26. Obtain the direct form I ,direct form II , cascade & parallel realizations for the following system

y(n)=-0.1y(n-1)+0.2y(n-2)+3x(n)+0.6x(n-2). (Nov 2007) (Dec 2012)(June 2013) (Dec 2016) (Applying)(CO2)

27. Convert the analog filter H(s) = 0.5(S+4)/(s+1)(s+2) using impulse invariant method using

T = 0.31416 sec (Nov/Dec 07)(Applying)  (CO2)

28. With help of suitable mathematical equations briefly explain impulse invariant design technique,

which is used to convert analog filters into digital filters, Also explain the mapping between s-plane

and z-plane during this transformation.(May/June2010)(Understanding)(CO2)

29. A low pass filter is to be designed with the following frequency response (Applying)  (CO2) 0.707 ≤

|𝐻(𝑒𝑗𝜔)| ≤ 1    𝑓𝑜𝑟 0 ≤ 𝜔 ≤
𝜋

2

≤ |𝐻(𝑒𝑗𝜔)| ≤ 0.2  𝑓𝑜𝑟
3𝜋

2
≤ 𝜔 ≤ 𝜋   Using bilinear transformation with T = 1 sec 

30. A cascade realization of the two first- order digital filter is shown below. The system functions of the

individual sections are  H1 (z)= 1/1-0.5Z-1 and H2 (z)= 1/1-0.3Z-1.(Applying)  (CO2)

28. a)What is the main drawback of impulse invariant method. How this overcome by bilinear

transformations?(Understanding)(CO2)

b) Design a digital Butterworth filter satisfying the following constraints with T = 1 sec using Bilinear

transformation. Realize the designed filter with canonic form structure

0.707≤ |𝐻(𝑒𝑗𝜔)| ≤ 1     𝑓𝑜𝑟 0 ≤ 𝜔 ≤
𝜋

2

|𝐻(𝑒𝑗𝜔)| ≤ 0.2   𝑓𝑜𝑟
3𝜋

4
≤ 𝜔 ≤ 𝜋, (Nov/Dec 2008),(Nov/Dec 2009,2010)(Applying) (CO2) 
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UNIT III FINITE IMPULSE RESPONSE DIGITAL FILTERS 

TWO MARKS 

1. What is filter?(Remembering)(CO3)

Filter is a frequency selective device, which amplifies particular range of frequencies and 

attenuate particular range of frequencies. 

2. What are the types of digital filter according to their impulse response? (Remembering)(CO3)

1. IIR (Infinite impulse response) filter   2. FIR (Finite Impulse Response)filter.

3. What are the different types of filters based on impulse response?(Remembering)(CO3)

Based on impulse response the filters are of two types

1. IIR filter    2.FIR filter

    The IIR filters are of recursive type, whereby the present output sample depends on the 

present input, past input samples and output samples. The FIR filters are of non recursive type, 

whereby the present output sample depends on the present input sample and previous input 

samples. 

4. How phase distortion and delay distortion are introduced?(Remembering)(CO3)

The phase distortion is introduced when the phase characteristics of a filter is nonlinear with 

in the desired frequency band. The delay distortion is introduced when the delay is not constant with 

in the desired frequency band. 

5. What is the necessary and sufficient condition for the linear phase characteristic of  a FIR

filter? (Nov/Dec 2009) (Nov/Dec 2012)(June 2015) (May/June 2016) (Applying)(CO3)

The conditions are 

1. Symmetric condition h(n)=h(N-1-n)  2. Antisymmetric condition h(n)=-h(N-1-n)

6. List the well-known design technique for linear phase FIR filter design? (Dec 2009) (/Dec

2010)(Remembering)(CO3)

1. Fourier series method 2. window method

3.Frequency sampling method. 4.Optimal filter design method

7. What is meant by FIR filter?(Remembering)(CO3)

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. 

8. Mention various methods available for the design of FIR filter. Also list a few window for

the design of FIR filters? (May/June 2010)(Remembering)(CO3)

i) Fourier series method and window method ii) Frequency sampling method.iii) Optimal filter design

method and1) Rectangular window 2) Hamming window 3) Hanning window                            4)

Kaiser window 5)Triangular window.

9. Write the steps involved in FIR filter design(Remembering)(CO3)

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).

10. Under what conditions a finite duration sequence h(n) will yield constant group delay in its

frequency response characteristics and not the phase delay?(Understanding)(CO3)

  If the impulse response is anti-symmetrical, satisfying the condition h(n) =-h(N-1-n).The 

frequency response of FIR filter will have constant group delay and not the phase delay . 

11. Compare the symmetric and asymmetric linear phase conditions in FIR filter design.

(Apr 2019) (Remembering)(CO3)

 Symmetric linear phase conditions in FIR filter design, h(n)=h(N-1-n)

 application to design a low, high, Band stop and band pass filter (All type filter)

 Asymmetric linear phase conditions in FIR filter design, h(n)= - h(N-1-n) ,

 design a filter such as Hilbert and Differentiators

12. Under what conditions an FIR filter will exhibit linear phase response?  (Dec 2015) (June

2016) (Remembering)(CO3)

Ans:   )1()( nNhnh 

13. What is the reason that FIR filter is always stable?  (Remembering)(CO3)

FIR filter is always stable because all its poles are at the origin. 

14. State the advantages of FIR filters over IIR filters. (Apr 2019) (Remembering)(CO3)
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 FIR filter have linear phase characteristics whereas IIR are nonlinear.

 IIR filters can become difficult to implement, and distort adjustments (because of feedback) can

alter the poles & zeroes, which make the filters unstable, whereas FIR filters remain stable

(absence of feedback).

 because of feedback present in IIR, they are somewhat difficult to control as compare to FIR.

 IIR filters require more adders and multipliers as compare to FIR, hence IIR are costlier.

 FIR filter consume low power and IIR filter need more power due to more coefficients in the

design.

15. Distinguish between FIR filters and IIR filters. (Dec 2007)(May 2011)(Analyzing)(CO3)

S.No FIR filter IIR filter 

1 These filters can be easily designed to have 

perfectly linear phase 

These filters do not have linear phase. 

2 FIR filters can be realized recursively and 

non-recursively. 

IIR filters are easily realized recursively. 

3 Greater flexibility to control the shape of 

their magnitude response. 

Less flexibility, usually limited to specific 

kind of filters. 

4 Errors due to round off noise are less 

severe in FIR filters, mainly because 

feedback is not used. 

The round off noise in IIR filters is more 

5 Depends on present ,past values of input 

and output 

Depends on present,past values of input 

and  

16. Distinguish between analog and digital filters  (Dec 2009)(Analyzing)(CO3)

S.No Analog Filter Digital filter 

1 Constructed using active or passive 

components and it is described by a 

differential equation 

Consists of elements like adder, 

subtractor and delay units and it is 

described by a difference equation 

2 Frequency response can be changed by 

changing the components 

Frequency response can be changed by 

changing the filter coefficients 

3 It processes and generates analog output Processes and generates digital output 

4 Output varies due to external conditions Not influenced by external conditions 

17. What are the advantages and disadvantages of FIR filters? (Nov/Dec 2010) (Remembering) (CO3)

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

18. What are the properties of FIR filter?(Nov/Dec 2013)(Remembering)(CO3)

1. FIR filter is always stable.  2. A realizable filter can always be obtained.

2. FIR filter has a linear phase response

19. State the condition for a digital filter to be causal and stable?(Remembering)(CO2) (Dec/Jan

2016)

 A digital filter is causal if its impluse response h(n)=0 for n<0. 

 A digital filter is stable if its impulse response is absolutely summable ,i.e, 

∑ |ℎ(𝑛)| < ∞

∞

𝑛= −∞

 

20. Mention some realization methods available to realize FIR filter? (Nov/Dec 2010)

(Remembering)(CO3)

1) Transversal structure 2) cascade realization 3)lattice realization 4)Polyphase realization
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21. What are the desirable and undesirable features of FIR filter?(May/June 2006)(Nov/Dec 2009)

(Remembering)(CO3)

Desirable features of FIR filter: (a) FIR filter have exact linear phase (b) FIR filter are always

stable.  

Undesirable features of FIR filter: (a) For the same requirements the order of FIR filter may be 

very high as compared with IIR filter (b) It needs large memory requirements 

22. What are the disadvantage of Fourier series method?(Remembering)(CO3)

In designing FIR filter using Fourier series method the infinite duration impulse response is 

truncated 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 . 

23. What are the merits and demerits of FIR Filters? (Apr/May 2008)(Remembering)(CO3)

Merits of FIR

*Linear phase    *Always stable

Demerits of FIR 

*The duration of impulse response should be large *Non integral delay

24. Compare Hamming window with Kaiser Window.(May/June2012)(Analyzing)(CO3)

S.NO Hamming window Kaiser window 

1. The main lobe width is equal to8p/N 

and the peak side lobe level is –41dB. 

The main lobe width ,the peak side lobe 

level can be varied by varying the 

parameter α and N. 

2. The low pass FIR filter designed will 

have first side lobe peak of –53 dB 

The side lobe peak can be varied by varying 

the parameter α
25. What is Gibb’s phenomenon? Or What are Gibbs oscillations? Or What is Gibb’s

phenomenon, how it can be reduced in FIR filter design? (May/June 2007),(Nov/Dec 2009)(May/June

2010)(May/June2012)(Nov/Dec 2012)(May/June 2014) (May/June 2016)(Apr 2019) (Understanding)(CO3)

  The abrupt function of the Fourier series results in oscillations in the pass band and stop 

band. These oscillations are due to slow convergence of the Fourier series, particularly near points 

of discontinuity. This effect is known as Gibb’s phenomenon. It can be shown that the undesirable 

oscillations can e reduced by multiplying the desired impulse response coefficients by an 

appropriate window function. This leads to the method of FIR filter design using windows. 

26. What are the desirable characteristics of the window function?(May/June 2005),(Nov/Dec 2009) (Nov/Dec

2011)(Nov/Dec 2013) (Dec/Jan-2016)(Dec 2017) (Remembering)(CO3)

 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 ω tends to Π.

27. Convert the low pass filter with system function 𝑯(𝒔) =
𝛀𝐩

𝒔+𝛀𝐩
 into a band pass filter with

upper and lower cutoff frequencies𝛀𝐮 and 𝛀𝐥 respectively. (May/June 2010)(Analyzing)(CO3)

 Ans: 𝐻(𝑠) =  
Ω𝑝

𝑠+Ω𝑝

𝐻(𝑠) =
1

𝑠

Ω𝑝
+ 1

 =  
1

𝑠2+Ω𝑙Ω𝑢

𝑠(Ω𝑢−Ω𝑙)
+ 1

=
𝑠(Ω𝑢 − Ω𝑙)

𝑠2 + Ω𝑙Ω𝑢 + 𝑠(Ω𝑢 − Ω𝑙)

28. In the design of FIR digital filters, how is Kaiser Window different from other windows?

(Nov/Dec 2007) (May/June 2013)(Understanding)(CO3)

1.In all other windows a trade- off exists between ripple rate and main lobe width.

2.In Kaiser Window both ripple ratio and main lobe width can be varied independently

29. Give the equations specifying the following windows. (Apr/May 2011)(Remembering)(CO3)

a. Rectangular window:

The equation for Rectangular window is given by 

WR(n)= {1 for – (N-1)/2 ≤n ≤ (N-1)/2 

={0 otherwise 

16EC512 - Digital Signal Processing



b. Hamming window:

The equation for Hamming window is given by 

Whamm(n) = 0.54+ 0.46 cos
2𝜋𝑛

𝑁−1
for 

−𝑁−1

2
≤ 𝑛 ≤

𝑁−1

2

 = 0     otherwise 

c. Hanning window:

The equation for Hanning window is given by 

Whann(n) = 0.5 [1 + 𝑐𝑜𝑠 (
2𝜋𝑛

𝑁−1
)] for  |𝑛| ≤ 

𝑁−1

2

 = 0  otherwise 

30. What is the necessary and sufficient condition for linear phase characteristic in FIR filter?

(Dec 2009)(Remembering)(CO3)

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. 

31. Define Hanning window and Hamming window functions.(May/June 

2006)(Remembering)(CO3) 

Hanning Window: 

Whann(n) = 0.5 [1 + 𝑐𝑜𝑠 (
2𝜋𝑛

𝑁−1
)] for  |𝑛| ≤ 

𝑁−1

2

     = 0      otherwise 

Whamm(n) = 0.54+ 0.46 cos
2𝜋𝑛

𝑁−1
for 

−𝑁−1

2
≤ 𝑛 ≤

𝑁−1

2

 = 0  otherwise 

32. What are the advantages of Kaiser Window? (May/June 2013)(Remembering)(CO3)

 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.

33. What is the principle of designing FIR filter using frequency sampling method?(May/June 

2014)(Remembering)(CO3)

     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. 

34. State the equations used to convert the lattice filter coefficients to direct form FIR Filter

coefficient.(Remembering)(CO3)

αm(0) = 1  ,  α m(m) = km   ,  α m(k) = α m-1(k) + α m(m) *α m-1(m-k).

35. For what type of filters frequency sampling method is suitable?(Remembering)(CO3)

     Frequency sampling method is attractive for narrow band frequency selective filters where 

only a few of the samples of the frequency response are non zero. 

36. When cascade form realization is preferred in FIR filters?(Remembering)(CO3)

     The cascade form realization is preferred when complex zeros with absolute magnitude is less 

than one. 

37. The first four values of the impulse response of the linear phase FIR filter are {4,-1, 7, 0}.

If the order of the filter is 7, then determine the remaining values. (May/June

2010)(Applying)(CO3)

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) ,  h(4) = h(7-1-4) = h(2) =7, h(5) = h(7-1-5) = h(1) = -1, 

h(6)= h(7-1-6) = h(0)    = 4 Ans:{7,-1,4} 

38. State the equations used to convert the FIR filter coefficients to the lattice filter

Coefficient.(Remembering)(CO3)

For an M_stagefilter , α m-1(0) =1 and km = α m(m) 

αm-1(k)   =   α m(k) – α m(m)* α m(k) 

1-α m2(m)
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39. State the effect of having abrupt discountiunity in frequency response of FIR

filters.(May/June 2014) (Remembering) (CO3)

Fourier representation of Hd(𝜔), the multiplication of hd(n) with w(n) is identical totruncating 

the Fourier series of the desired filter characteristic. But direct truncation of infinite Fourier series 

leads to the well-known Gibbs phenomenon, which manifests itself as a fixed percentage of 

overshoot and ripple before and after an approximated discontinuity in the frequency response due 

to the non-uniform convergence Fourier series at the discontinuity. 

The effects of truncating the Fourier coefficients on the frequency response of the designed 

Filter is as follows: 

i. The discontinuities in the desired frequency response become transition bands between

values in either side of the discontinuity

ii. The window function produce ripples in the resulting frequency response H(𝜔) for all 𝜔.

40. Define group delay and phase delay with relevant expression. (Dec/Jan-2016)

Phase Delay

The phase response  𝜃(𝜔) of an LTI filter gives the radian phase shift added to the phase of each
sinusoidal component of the input signal. It is often more intuitive to consider instead the phase
delay, defined as

𝑷(𝝎) ≜  −
𝜽(𝝎)

𝝎
The phase delay gives the time delay in seconds experienced by each sinusoidal component of 
the input signal. 
Group Delay  
A more commonly encountered representation of filter phase response is called the group delay, 
defined by  

D(ω) ≜ −
d

dω
θ(ω) 

For linear phase responses, i.e., for some constant θ(ω) = −αω, the group delay α and the phase 

delay are identical, and each may be interpreted as time delay (equal to α samples when ω ∈
[−π, π]). If the phase response is nonlinear, then the relative phases of the sinusoidal signal 
components are generally altered by the filter. A nonlinear phase response normally causes a 
“smearing” of attack transients such as in percussive sounds. Another term for this type of phase 
distortion is phase dispersion.  

41. Realize the FIR filter using transversal structure H(z)=1+𝒛−𝟏+0.5𝒛−𝟐+0.6𝒛−𝟒+𝟎. 𝟓𝒛−𝟔+𝒛−𝟕+𝒛−𝟖.

(Evaluate) (Dec 2017) (CO3)

42. Justify if “Hamming window is better to reduce stopband ripples than rectangular

window”. (June 2018) (CO3)(Evaluate)

 In rectangular window ,large amount of ripple visible on the non-db(stopband) due to the
rather crude approach of truncating the infinite ideal impulse response.

 In Hamming window,sinc function weights provides extra control over the characteristics
of the filter.

16 MARKS 

1. Explain the steps involved in the design of FIR filter using window technique. (Nov/Dec

2012)(Remembering) (CO3)

2. Describe the method of design of FIR filters using window technique (Nov/Dec 07)(Understanding) (CO3)

3. a) Elaborate the method of designing FIR filter using Frequency  sampling method . (Nov/Dec 08)

(Dec/Jan-2016) (Understanding) (CO3)

b) Compare the frequency domain characteristics of various window functions. Explain how a linear

phase FIR filter can be used using window method (Nov/Dec 08). (Understanding) (CO3)

4. a)Design an FIR linear phase digital filter approximating the ideal frequency response

Hd(ω) =   1 for|𝜔| ≤
𝜋

6

     0    for π/6< |𝜔| ≤ 𝜋  .Determine the coefficient of a 11 tab based window using a 

rectangular window and hamming window.(Applying)(CO3)  
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b) Obtain direct form and cascade form realizations for the transfer function of the system given by

H(z) = (1+ 1/4Z-1+3/8Z-2)(1-1/8Z-1-1/2Z-2)  (Nov/Dec 08))(Applying)(CO3)

Explain the steps involved in the design of FIR filter using Kaiser window. (Understanding) (CO3)

5. Obtain the direct form-I, cascade and parallel realization structure for the system

y(n) = 3/4y(n-1)-1/8 y(n-2) +x(n) +1/2 x(n-1). (Applying) (CO3)

6. Realize the FIR system in i) Direct form ii) cascade form H(z) = (1+1/2 Z-1) (1+1/2Z-1+1/4 Z-2)

(Nov/Dec 05)(Applying) (CO3)

7. Draw the structures of FIR filters.(Applying) (CO3)

8. Design an FIR filter  where characterstics

 H (ejω)=    1, π/4 ≤ω≤3π/4 

     0, |𝜔|< 3π/4. Calculate the value of h(n) for N = 11and hence find H(z).(Apr/May 05) 

(May/June 2016) (Applying) (CO2)  

9. Design an ideal band pass filter using Blackman window .Assume order  of the filter N=7. (June
2018) (Applying) (CO2)

𝐻𝑑(𝑒𝑗𝜔) = {
1      ,

𝜋

4
≤  |𝜔| ≤

3𝜋

4

0  ,    𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒

10. Design an ideal low pass filter with frequency response using hamming window. Assume order of
the filter N=11. (June 2018)(Applying) (CO3)

𝐻𝑑(𝑒𝑗𝜔) = {
1      , −

3𝜋

4
 ≤ 𝜔 ≤

3𝜋

4

0  ,  
3𝜋

4
≤ |𝜔| ≤ 𝜋

11. Design a nine tab linear phase filter having the ideal response(Nov/Dec03)(Applying) (CO3)

Hd(ejω) = 1 , |𝜔| ≤
𝜋

6

 0,   
𝜋

6
≤ |𝜔| <

𝜋

3

1, 
𝜋

3
≤ |𝜔 ≤ 𝜋|   using Hamming window and draw the realization for the same. 

a) Derive the frequency response of linear phase FIR filters impulse response is symmetrical & N

is odd b) How is design of linear phase FIR filter done by frequency sampling method? Explain

(May/June 2006)(May/June 2010) (Nov/Dec 2012)(Understanding) (CO3)

12. Design a linear phase FIR digital filter for the given specifications using Hamming window of length M=7

Hd(ω) =  e-j3ω  for |𝜔| ≤
𝜋

6

 0  for π/6< |𝜔 ≤ 𝜋|    (May/June 07)(Jun e2015)(Applying) (CO3) 

13. a)Design a filter with Hd(ω) = e-j3ω ,  -π/4≤ω≤π/4

0  ,  π/4≤ |𝜔| ≤π. Determine the filter coefficient if the window

function is defined as ω(x) =  1  0 ≤ x ≤5 

 0  otherwise.(Applying) (CO3) 

b) List the various steps designing FIR filters.   (May/June 06)(Applying) (CO3)

14. Design a filter with Hd(e-jω)= e-j3ω   -π/4≤ω≤π/4(Nov/Dec04) (May/June 2013)

 0  π/4≤ |𝜔| ≤π using a Hanning window with N=7,Design and 

implement linear phase FIR filter of length N=15 has following unit sample sequence  

 H(k)  =  1  k= 0,1, 2, 3 

 0  k= 4,5,6,7    (May/June07)(Applying) (CO3) 

15. Determine the coefficients of a linear phase FIR filter of length N=15 has a symmetric unit  sample

response and a frequency response that satisfies the condition

H(2π k/15) = 1  k= 0,1, 2, 3 

 0  k= 4,5,6,7  (Nov/Dec 2010) (May/June 2016) (Applying) (CO3) 

16. Design a digital Butterworth filter satisfies the constraints

Hd(ejω) =  e-j3ω, 0 ≤ 𝜔 ≤
𝜋

2

 0, 
𝜋

2
≤ 𝜔 ≤ 𝜋.  Determine the filter coefficients h(n) for M=7 using frequency sampling 

technique (Nov/Dec 07)(June 2015)(May/June 2013) (CO3) 

16EC512 - Digital Signal Processing



17. Discuss about any three functions used in the design of FIR filters.(AprMay 2008)(Understanding) (CO2)

18. A cascade realization of the two first- order digital filter is shown below. The system functions of the

individual sections are  H1 (z)= 1/1-0.5Z-1 and H2 (z)= 1/1-0.3Z-1. (Applying) (CO6) 

19. a)Prove that an FIR filter has linear phase if the unit sample response satisfies the condition

h(n) = ±h(M-1-n), n= 0,1,2,…..M-1 .Also discuss symmetric and antisymmetric cases of FIR 

filter(Nov/Dec07)(Applying) (CO3) 

b) Explain the need for the use of window technique in the design of FIR filter .Describe the window

sequences generally used and compare their properties. (Dec 07)(Understanding) (CO3)

20. (i)Determine the magnitude response of an FIR filter (M=11) and show that the phase and group

delays are constant H(z) = ∑ ℎ(𝑛)𝑧 − 𝑛𝑀−1
𝑛=0

(ii) Design a low pass filter using window technique to meet the following constraints

 Hd (𝑒−𝑗𝜔)=  𝑒−𝑗3𝜔,   
−3𝜋

4
≤ 𝜔 ≤

3𝜋

4

     0   Otherwise. Use a Hamming window of length 7.Realize the 

 a filter with   minimum number of multipliers   (Nov/Dec 2010)(Applying) (CO3)  

21. Obtain direct form II realization for n th system characterized by the difference equation

𝑦[𝑛] +
3

4
𝑦[𝑛 − 1] +

1

8
𝑦[𝑛 − 2] = 𝑥[𝑛] +  𝑥[𝑛 − 1]   (May/June 2010)(Applying) (CO3)

22. Design a High pass Filter  with Hamming window, with a cut off frequency of 1.2 radians /sec and

N=9 (Nov/Dec 2009)(Applying) (CO3)

23. a) Design a linear phase low pass FIR filter of order 7 and cutoff frequency 1 rad/sec. Use

rectangular window. Also plot the magnitude response of the filter

b) Briefly explain the procedure of designing FIR filter using frequency sampling technique 

(May/June 2010) (Nov/Dec 2012)(Applying) (CO3)

24. From the first principles derive the conditions for achieving linear-phase in FIR

filters.(Nov/Dec2009)(Understanding) (CO3)

A Low Pass Filter is to be designed with the following frequency response. Determine the filter

coefficient if hamming window is used.(Applying) (CO3)

𝐻𝑑(𝑒𝑗𝜔) =  {

𝑒𝑗2𝜔, |𝜔|<
𝜋

4

 0, 
𝜋

4
< |𝜔| < 𝜋 

25. Design an ideal Hilbert transformer having frequency response

𝐻(𝑒𝑗𝜔) =    𝑗 𝑓𝑜𝑟 − 𝜋 ≤ 𝜔 ≤ 0 

 = −𝑗 𝑓𝑜𝑟     0 ≤ 𝜔 ≤ 𝜋 .Using rectangular window for 

N=11. (Nov/Dec 2009)(Applying) (CO3) 

26. Design an ideal BPF with a frequency response with a frequency response

Hd(ej) =  1 for /4 |𝝎| ≤ 𝟑/4

0 otherwise. Find the values of h(n) for N= 11 and plot the frequency response 

(Nov/Dec04)(Applying)  (CO2) 

27. Design an ideal high pass filter using Hanning window with a frequency response

)( jeH 1 



4

0
4


   (Applying) (CO3)(Dec 2015/Jan 2016) 

28. Realize the following FIR filter with impulse response h[n] = {1,2,3,4,3,2,1} using transversal and

linear phase realization   (Applying) (CO2)(Dec 2015/Jan 2106)

29. Realize the  following system function using minimum number of multipliers

𝐻(𝑧) = 1 +
1

3
𝑧−1 +

1

4
𝑧−2 +

1

4
𝑧−3 +

1

3
𝑧−4 + 𝑧−5   (Nov/Dec 2009) (Nov/Dec 2012)(Applying) (CO3)

30. Design a low pas filter using hamming window with pass band gain of unity, cutoff frequency of

100HZ and working at a sampling frequency of 5KHz. The length of the impulse response is 11.

(Dec/Jan-2016)
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UNIT IV FINITE WORD LENGTH EFFECTS AND MULTIRATE SIGNAL PROCESSING 

2 MARKS 

1. What are the different types of arithmetic in digital systems.?(Remembering)(CO4)

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

floating point, block floating point arithmetic. 

2. What do you understand by a fixed-point number?(Remembering)(CO4)

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

the fractional part of the number & those to the left represent the integer part. For example, the 

binary number 01.1100 has the value 1.75 in decimal. 

3. What are the different types of fixed point arithmetic?(Remembering)(C04)

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 

4. What is meant by sign magnitude representation?(Remembering)(C04)

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 are the advantages of floating point arithmetic?(Nov/Dec 2011)(Remembering)(C04)

1. Large dynamic range    2. Over flow in floating point representation is unlike.

6. What is meant by 1’s complement form?(Remembering)(C04)

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. 

7. What are the different quantization methods? ?(Nov/Dec 2010)(Remembering) (C04)

Truncation and Rounding

8. What is meant by 2’s complement form?(Remembering)(C04)

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. 

9. What is meant by floating pint representation? (Dec 2012)(Remembering) (Jan-2016) (C04)

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

a fraction such that 1/2<M<1 and C the exponent can be either positive or negative 

10. What is meant by block floating point representation? What are its advantages?(Remembering)(C04)

In block point arithmetic the set of signals to be handled is divided into blocks. Each block 

have the same value for the exponent. The arithmetic operations within the block uses fixed point 

arithmetic & only one exponent per block is stored thus saving memory. This representation of 

numbers is more suitable in certain FFT flow graph & in digital audio applications. 

11. Predict two methods for quantization and compare them. (Apr 2019) (Creating)(CO4)

 Truncation

 Rounding

S.No Truncation Rounding 

1. Truncation is a process of discarding all 

bits less significant than LSB that is 

retained 

Rounding a number to b bits is 

accomplished by choosing a rounded 

result as the b bit number closest number 

being unrounded 

2. Example  :  (25.678)T2=25.67 Example  :  (25.678)R2=25.68 

12. Compare the fixed point and floating point arithmetic.(June 2006),(Dec 2009)(Understanding)(C04)

s.no Fixed Point Arithmetic Floating point arithmetic 

1. Fast Operation Slow operation 

2. Relatively economical More expensive because of costlier hardware 

3. Small dynamic range Increased dynamic range 

4. Round off error occur only for 

addition 

Round off errors can occur with both addition and 

multiplication 

5. Overflow occur in addition Overflow does not arise 

6. Used in small computers Used in large, general purpose computers 
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13. What are the three-quantization errors to finite word length registers in digital filters? (Dec

2009) (Dec 2010)(Remembering)(C04)

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

14. What is input quantization error?(Dec 2013)(Remembering)(C04)

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. 

15. What is product quantization error?(Remembering)(C04)

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 bits which produces the error.. 

16. Express the fraction 7/8 and -7/8 in sign magnitude, 2’s complement and 1’complement. (Dec 

2006)(Analyzing)(C04)

Fraction 7/8 = (0.111)2 in sign magnitude, 2’s complement and 1’s complement

Fraction -7/8 =(1.111)2 in sign magnitude , (1.000)2 in 1’s comp, (1.001)2 in 2’s complement

17. How the multiplication & addition are carried out in floating point arithmetic?(June 2013)(June

2015)(Remembering)(C04)

In floating point arithmetic, multiplication are carried out as follows, 

Let f1 = M1*2c1 and f2 = M2*2c2. Then f3 = f1*f2 = (M1*M2) 2(c1+c2) 

That is, mantissa is multiplied using fixed-point arithmetic and the exponents are added. The sum 

of two floating-point numbers is carried out by shifting the bits of the mantissa of the smaller number 

to the right until the exponents of the two numbers are equal and then adding the mantissas. 

18. What is truncation? (May/June 2016) (Remembering)(C04)

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

19. What is Rounding? (May/June 2016) (Remembering)(C04)

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

number closest number being unrounded. 

20. Why rounding is preferred than truncation for quantization?(Understanding)(CO4) (2015/Jan 2016)

Ans: Quantization error will be less in rounding than in truncation

21. What are the two types of limit cycle behavior of DSP?(Nov/Dec 2010)(Remembering)(C04)

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

22. Express the fraction (-7/32) in signed magnitude and two’s complement notations using 6

bits (Nov/Dec 2007) (Applying) (C04)

Ans: Insigned magnitude 1.001110  ,           In two’s complement 1.110010

23. Represent the number -0.87510 in sign magnitude representation and two’s complement (Dec

2017) (Applying)  (C04)

Ans: In signed magnitude 1.1112  ,           In two’s complement 1.0012 

24. Solve the addition of the following two floating numbers  201X0.110, 211X0.101. (June 2018)(Evaluate)(CO4)

EA=1 & EB=3 ---------- EA=3

A=0.00110x211

B=0.10100x211                   ------->>A+B=0.11010

Step 1 – A=201x0.110 --- 21x0.110 

Step 2 – B=211x0.101      --- 23x0.101 

Step 3 – C= 211x0.00101 --- 23x0.00101 (A exponent equal to B exponent) and Add B & C 

 Ans = 23x0.11101 

25. Convert the number 0.21 into equivalent 6-bit fixed point number. (June 2007)(Applying)(C04)

0.21 x 2 = 0.42 0 

0.42 x 2 = 0.84 0 

0.84 x 2 = 1.68 1 

0.68 x 2 = 1.36 1 

0.36 x 2 = 0.72 0 

0.72 x 2 = 1.44 1 

0.44 x 2 =  0.88 0 

 Ans:    (0.21)10 = 0.0011010 
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26. Explain briefly the need for scaling in the digital filter realization.(Dec 2007)(May 2014)(Understanding)(C04)

     To prevent overflow, the signal level at certain points in the digital filter must be scaled so 

that no overflow occurs in the adder. To prevent 1) over flow error 2) Product quantization error 3) 

Saturation noise 

27. What is meant by A/D conversion noise?(Remembering)(C04)

A DSP contains a device, A/D converter that operates on the analog input x(t) to produce  xq(t) 

which is binary sequence of 0s and 1s.At first the signal x(t) is sampled at regular intervals to 

produce a sequence x(n) is of infinite precision. Each sample x(n) is expressed in terms of a finite 

number of bits given the sequence xq(n). The difference signal e(n)=xq(n)-x(n) is called A/D 

conversion noise. 

28. Give the expression for signal to quantization noise ration and calculate the improvement

with an increase of 2 bits to the existing bits. (Nov/Dec 2010)(Applying)(C04)

SNR = 6B – 1.24db, with an increase of 2 bits, increase in SNR is approximately 12db

29. During the truncation process, identify  the range of the relative error for positive number in

fixed point representation. (Apr 2019)(Understanding)(C04)

The range of the relative error for positive number in fixed point representation

𝟎 ≤ 𝒆 ≤ 𝟐−𝒃, 𝒙 < 𝟎 

30. What is meant by dead band? (Nov/Dec 2009)(June 2015)(Remembering)(C04)

The limit cycle occur as a result of quantization effect in multiplication. The amplitudes of 

the output during a limit cycle are confined to a range of values called the dead band of the filter. 

31. Define coefficient quantization error with example. (Apr 2019)(Remembering)(C04)

Quantization of coefficient in digital filters lead to slight changes in their value. This change in values
of filter coefficient modifies the pole-zero locations. Sometimes the pole locations will be changed
in changed in such a way that the system may drives into instability.
Example:(0.673)10 = (0.1010110…)2

(-0.673)10 = (1.1010110…)2.

After truncating to 6 bits we get (1.101011)2 = (-0.671875)

Error = xT – x = (-0.671875) – (-0.673) = 0.001125

32. What do you meant by overflow oscillations? What are the methods to prevent it? (Apr/May

2005),(Nov/Dec 2009)(Nov/Dec 2011)(May/June 2013)(Remembering)(C04)

The addition of two fixed point numbers cause overflow when the sum exceeds the word 

size available to store the sum. Thisoverflow caused by adder make the filter output to oscillate 

between maximum amplitude limits. Such limit cycles have been referred to as overflow oscillations. 

There are two methods used to prevent overflow i) saturation arithmetic ii) Scaling 

33. What is limit cycle oscillation? (Nov/Dec 2012)(Apr/May 2014)(Remembering)(C04)

For an IIR filter, implemented with infinite precision arithmetic, the output should approach 

zero in the steady state if the input is zero, and it should approach a constant value if the input is 

zero, and it should approach a constant. However, with an implementation using finite length 

register an output can occurs even with zero input if there is an non zero initial condition on one of 

the registers. The output may be a fixed value or it may oscillate between finite positive and negative 

values. This effect is referred to as limit cycle oscillations and is due to the nonlinear nature of the 

arithmetic quantization.   

34. The filter coefficient H = -0.673 is represented by sign – magnitude fixed point arithmetic. If

word length is 6–bits, compute the quantization errors due to truncation.(Nov/Dec

2009)(Analyzing)(C04)

Ans:

0.673  x 2 = 1.346  1 

0.346 x 2 = 0.692 0 

0.692 x 2 = 1.384 1 

0.384 x 2 = 0.768 0 

0.768 x 2 = 1.536  1 

1.536 x 2 = 1.072  1 

1.072 x 2 = 0.144 0 

(0.673)10 = (0.1010110…)2
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(-0.673)10 = (1.1010110…)2. After truncating to 6 bits we get (1.101011)2 = (-0.671875) 

 Error = xT – x = (-0.671875) – (-0.673) = 0.001125 

35. What is the effect of quantization on pole location??(May/June 2012)(Remembering)(C04)

Quantization of coefficient in digital filters lead to slight changes in their value. This change 

in values of filter coefficient modifies the pole-zero locations. Sometimes the pole locations will be 

changed in changed in such a way that the system may drives into instability. 

36. Why is rounding preferred to truncation for quantizing the product?(Apr/May 2014) (Dec/Jan

2016) (Remembering)(C04)

In the digital system the product quantization is performed by rounding due to the following 

desirable characteristics of rounding i) The rounding error is independent of the type of arithmetic 

ii) The mean value of rounding error signal is zero, iii) The variance of the rounding error signal is

least.

37. State the methods used to prevent overflow.(Nov/Dec 2013)(Remembering)(C04)

i) Saturation arithmetic   ii) Scaling the input signal.

38. What is Product round of noise?(Remembering)(C04)

Product of two W-bit fixed-point fractions is a (2W-1)bit number. This product must 

eventually be quantized to W-bits byrounding or truncation, which results in round-off noise. 

39. What is multirate DSP?(Nov/Dec 2011)(Apr/May 2014)(Remembering)(C04)

The processing of discrete time signals of different sampling rate in different parts of a 

system is called multirate DSP.  

40. What is a multirate DSP system?(Remembering)(C04)

The discrete time system that employs sampling rate conversion while processing the 

discrete time signal is called multirate DSP system. 

41. What are the various basic methods of sampling rate conversion in digital

domain?(Remembering)(C04)

The basic methods of sampling rate conversion are decimation and interpolation. 

42. What is decimation? (Nov/Dec 2011)(Remembering)(C04)

Decimation is the process of reducing the sampling rate by an integer factor D. 

43. What is interpolation? (Nov/Dec 2011)(Remembering)(C04)

Decimation is the process of increasing the sampling rate by an integer factor I. 

44. Given any two applications of multirate DSP system. (May/June 2016) (Dec/Jan-2016)

(Applying)(C04)

(i) Sub-band coding, (iii) Signal compression by sub-sampling,

(ii) Voice privacy using analyzing phone lines. (iv) A/D, D/A convertors etc.

45. Write some advantages of multirate processing.(Remembering)(C04)

(i) Computational requirements are less. (iv) Filter order required in multirate application are low.

(ii) Storage for filter co-efficients are less. (v) Sensitivity to filter co-efficient lengths are low.

(iii) Finite arithmetic effects are losses.

46. Criticize up sampling is better than down sampling. (Apr 2019) (Evaluating)(CO4)

Up sampling increases resolution, improves anti-aliasing filter performance and reduces 

noise. Some image or sound processing operations need high-resolution data to reduce errors 

47. What is an anti-image filter?(Remembering)(C04)

The low pass filter used at the output of an interpolator is called anti-imaging filter. It is used 

to eliminate the multiple images in the output spectrum of the interpolator. 

48. What is the need for anti-aliasing filter prior to down sampling?(Remembering)(C04)

The spectra obtained after downs amp ling a signal by a factor M is the sum of all the 

uniformly shifted and stretched version of original spectrum scaled by a factor 1/M. If the original 

spectrum is not band limited to π/M, then down sampling will cause aliasing.  In order to avoid 

aliasing the signal x (n) is to be limited to ± π/M. This can be done by filtering the signal x (n) with 

a low pass filter with a cut-off frequency of π/M. This filter is known as              anti-aliasing filter. 

49. What is the need for multirate digital signal processing?(Remembering)(C04)

Multirate digital signal processing is required in digital systems where more than are 

sampling rate is required. For example in digital audio, the different sampling rates used are 32 
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kHz for broadcasting, 44.1 kHz for compact disc and 48 kHz for audio tape. Different sampling 

rates can be obtained using an up-sampler and down sampler. The basic operations in multirate 

processing to achieve this are decimation and interpolation. Decimation is used for reducing the 

sampling rate and interpolation is used for increasing the sampling rate. Due to this reason we 

need multirate signal processing.  

50. Draw the system which will change the sampling rate of the input signal x(n) by a factor of

5/3. (Dec 2017)(Evaluate)(CO4)

51. What is subband coding?(Remembering)(C04)

The analysis filter bank splits the broadband input signal x (n) in to M non-overlapping 

frequency band signals Xo(z), Xl(z) ... Xm-I (z) of equal bandwidth. These outputs are coded and 

transmitted. The synthesis filter bank is used to reconstruct output signal x^(n) which should approximate 

the original signal. 

Diagram of Subband coding filter bank

52. What is echo cancellation?(Remembering)(C04)

Echo cancellation involves first recognizing the originally transmitted signal that re-appears, 

with some delay, in the transmitted or received signal. Once the echo is recognized, it can be 

removed by 'subtracting' it from the transmitted or received signal. 

53. Write a short note on sampling rate conversion by a rational factor.(Remembering)(C04)

When sampling rate conversion is required by a non-integer factor, then sampling rate 

conversion is performed by the rational factor 1/D. In this method, the signal is first interpolated by 

an integer factor I, then passed through a low pass filter with bandwidth minimum of (π/I , π/D) and 

finally decimated by an integer factor, D. 

54. What do you mean by sub band coding'?(Remembering)(C04)

Sub band coding is a method where speech signal is sub-divided into several frequency 

bands and each band is digitally encoded and separated by allocating different bits per sample to 

the signal of different sub-bands. We can achieve a reduction in a bit rate of the digitalized bit 

signal. It is very useful to reproduce speech signal efficiently. 

55. Define down sampling.(Remembering)(C04)

Downsampling a sequence x( n) by a factor M is the process of picking every  sample and 

discarding the rest. 

56. What is an anti-imaging filter?(Remembering)(C04)

The filter which is used to remove the image spectra is known as anti-imaging filter. 

57. Write the need for decimation.(May 2014)(Remembering)(C04)

Reduce the sampling rate of a discrete-time signal. Low sampling rate reduces storage and 

computation. 

y(n) 
Sampled 
at (L/M) 

x(n) 
Sampled 

at fx 
Up sampling 

L 

Anti-Imaging 

filter 

Anti-Aliasing 
filter 
L

Down sampling 
M 
L

5/3=1.67 ratio

X(n) (n) 
h(n) 

(n)
W(n

M 
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58. Give the steps in multistage sampling rate converter design.(Dec 2013)(Applying)(C04)

59. Down sample x(n)={1,2,3,5,3,-2,3} by a factor of 2. (Jan 2016) (Applying) (CO4)

Ans: x[zn] = {1,5 3}

60. Identify which filter is used for avoid aliasing effect during down sampling operation.(June

2018)(Understanding)(C04)

Anti-aliasing or pre-low pass filter are used to avoid aliasing effect during down sampling.

16 MARKS 

1. a) Draw the circuit diagram of a sample and hold circuit and explain its operations. (Remembering)

(C04)

b) The input to the system y(n)=0.99y(n-1)+x(n) is applied to an ADC What is the power produced

by the Quantization Noise at the output of the filter if the i/p is quantized to (i) 8 bits(ii)16 bits (Dec

2007)(Dec 2009) (Dec 2012)(Applying)(C04)

c) Compare fixed point and floating point arithmetic (Nov/Dec 2009)

2. Explain the different types of representations in digital systems.(Remembering)(C04)

3. a)Two first order LPF whose functions are given below connected in cascade .Determine the overall

o/p Noise power,H1(z)= 1/1-0.9 Z-1  & H2(Z)  = 1/1-0.8 Z-1

b) Describe the quantization errors that occur in rounding &truncation in 2’s complement. (Nov/Dec

2008) (May/June 2016) s(Applying)(C04)

4. Briefly explain Quantization (Apr/ May 2008).(Remembering)(C04)

5. Derive the expressions to obtain quantization noise power. (Dec/Jan-2016) (Remembering)(C04)

6. Discuss limit cycle oscillations in digital filters?(Dec 2008)(Dec 2012).

7. Explain in detail about finite word length effects in the filter design. (May/June 2007)

8. State and explain the possible errors that occur due to finite word length in a DSP system design.

(Remembering)(C04) (Dec 2015/Jan 2016)

9. Comment on the non- linearities that occur in registers due to finite precision arithmetic. (Remembering)(C04)

(Dec/Jan-2016)

10. With examples illustrate (i)fixed point addition (ii)floating point multiplication (iii)truncation

(iv)rounding.(May/June 2006)  (Remembering)(C04)

11. Derive the steady state noise power at the output of an LTI system due to quantization at the input.

(Nov/Dec 2012) (June 2015)(Remembering)(C04)

12. Draw the product quantization noise of the system and determine the overall output noise power.

(June 2018)(Remembering)(C04)

13. Determine the dead band of the system Y(n)=0.65Y(n-2 )+0.5 Y(n-1)+X(n). (May/June 2013)

14. a).Explain in detail the product quantization error and coefficient quantization error.

b). Find the steady state variance of the noise in the output due to quantization of input for the first

order filter y (n)=ay (n-1)+x (n). (Apr/May08)(Applying)(C04)

15. Discuss the effect of coefficient quantization on pole locations of the following IIR system, When it

is realized in direct form I and cascade form. Assume a word length of4bits through truncation

16. H (z)=1/1-0.75Z-1+0.12Z-2 (Applying)(C04) (Jan-2016)

17. Consider a second order IIR filter with system function   H (z)=1/1-0.85Z-1+0.175Z-2 Determine the

effect of quantization on pole locations of the given system function in direct form and cascade form

with b= 4 bits. (Applying)(C04)

18. Draw the quantization noise model for a second order system with system function

H(z)=1/(1-2rcosz–1+r2z-2) and determine the steady state output noise power. (Dec2009)(June

2013)(Applying)(C04)

19. Explain the characteristics of Limit cycle oscillation with respect to the system described by the

difference equation y(n)=0.95y(n-1)+x(n).Determine the dead band of the filter.(Dec 2009)(Dec

2010) (Nov/Dec 2012)(June 2015, 2018) (Applying)(C04)

Y (n)Y r(n) q X(n)
  L h(n)     D 
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20. A digital system is characterized by the difference equation y (n) = 0.9y (n-1) +x (n) with x (n) =0

and initial condition y (-1) =12. Determine the dead band of the system(May08) (June 2016)

(Remembering)(C04)

21. Consider the transfer function H (Z) =H1 (Z) H2 (Z) where H1 (Z) =1/1-a1z-1 , H2(z) =1/ 1-a2z-1. Find

the output Round of noise power Assume a1=0.5 and a2= 0.6 and find  the output round off noise

power (Nov/Dec 2009)(Applying)(C04)

22. With help of suitable  mathematical equations and diagram briefly explain various number

representation and its truncation and rounding errors.(June 2010)(June 2018)(Remembering)(C04)

23. Consider a first filter with difference equation y(n) = x(n) + 0.5 y(n-1) assume that the data register

length is three bits plus sign bit. The input x(n) = 0.875e(n).Explain the limit cycle oscillations in the

above filter, if quantization is performed by means of rounding and signed magnitude

representations is used.(May/June 2010)(Remembering)(C04)

24. a)write a brief note on coefficient quantization error

b) Examine limit cycle behavior of the system y(n)=0.78 y(n-2)+ 0.52y(n-2) +x(n). (Applying)(C04)

25. Find the effect of co-efficient quantization on the pole locations of second order IIR filter system is

given by H(z)=1.0/(1-0. 5Z-1) (1-0. 45Z-1)  when it is realized in direct form-1 and in cascade form.

Assume a word length of 3 bits (Dec 2009) (June 2013)(Applying)(C04)

26. What is signal scaling? Find scaling factor S0  to avoid overflow in adder1 of the digital filter with transfer

function 𝐻(𝑧) = (0.5 + 0.4𝑧−1)/(1 − 0.312𝑧−1). (June 2016)

27. For the multirate system shown in figure, find the relation between x(n) and y(n). (DEC 2011)

28. Explain briefly  (i)Multi Rate Signal Processing   (ii)Vocoder.(Remembering)  (C04)

29. Describe how multirate Digital Signal Processing concepts are applied to basic musicprocessing.

[June '06](Remembering)(C04)

30. Discuss the need for multirate signal processing. Illustrate the decimation by a factor

D.[Dec'06](Remembering)(C04)

31. Describe a single echo filter used in musical sound processing. [May '05][Dee '06, 07, 08 &May '07]

32. Explain about multistage implementation of sampling rate conversion.(Remembering)(C04)

33. Write any two applications of multi rate signal processing.(Remembering)(C04)

34. Explain the design of narrow band filters?(Remembering)(C04)

35. Explain the efficient transversal structure for decimator and interpolator.(DEC 2011)(Remembering)(C04)

36. Explain the polyphase structure of decimator and interpolator. (DEC 2010)(Remembering)(C04)

37. Discuss the procedure to implement digital filter bank using multirate signal processing. (DEC

2010)(Remembering)(C04)

38. Explain Upsampling and downsampling both in time and frequency domain with necessary

illustrations. (Dec 2015/Jan 2016) (June 2016, 2018) (Remembering)(C04)

39. Explain how various sound effects can be generated with the help of DSP.
(April/May2011)(Remembering)(C04)

40. State the applications of multirate signal processing. (April/May 2011)(Remembering)(C04)

41. Explain how DSP can be used for speech processing. (April/May 2011)(Remembering)(C04)

42. Explain in detail about decimation and interpolation. (April/May 2011)(Remembering)(C04)

UNIT V DIGITAL SIGNAL PROCESSORS 

2 Marks 

1. What are the classification digital signal processors? (Nov/Dec 2010)(Remembering)(C05)

The digital signal processors are classified as (i) General Purpose digital signal processors (ii)

Special Purpose digital signal processors

2. Give some examples for fixed point DSPs.(Understanding)(C05)

TMS320C50, TMS320C54, TMS320C55, ADSP-219x, ADSP-219xx.

   2 

   2 

   2 

Z-1Z-1

   2 

X(n)

Y (n) 
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3. Give some examples for floating point DSPs.(Understanding)(C05)

TMS320C3x, TMS320C67x, ADSP – 21xxx.

4. What are the applications of PDSPs?(Remembering)(C05)

Digital cell phones, automated inspection, voice mail, motor control, video conferencing,

Noise cancellation, Medical imaging, speech synthesis, satellite communication etc.

5. Define linear and circular addressing in TMS32067X processor.(Remembering)(C05)

The addressing modes on C67X can be linear or circular. While any register can be used for linear

addressing, only A4-A7 and B4-B7 can be used for circular addressing. The address mode

register(AMR), belonging to the control register file, specifies the addressing mode for each of the

eight registers mentioned above. Different fields in AMR, specifying mode select, register used for

circular addressing and circular buffer size(BK0 and BK1) are shown in table below.

Bits Description Bits Description 

31(MSB)-26 Reserved 9-8 B4 mode 

25-21 BK1 7-6 A7 mode 

20-16 BK0 5-4 A6 mode 

15-14 B7 mode 3-2 A5 mode 

13-12 B6 mode 1-0(LSB) A4 mode 

11-10 B5 mode 

The mode bits in AMR and the corresponding modes selected are shown in the table below. 

Mode bits 00 01 10 11 

Mode selected Linear addressing 
Circular addressing 

(BK0 field is used) 

Circular addressing 

(BK1 field is used) 
Reserved 

6. What are the elements that the central processing unit of TMS32067X?(Remembering)(C05)

The C674x Central Processing Unit (CPU) consists of eight functional units, two register files,

and two data paths.

7. List out the addressing modes supported by TMS32067X processors? (Nov/Dec 2009)(May/June

2010)(Understanding)   1. Linear and circular addressing 2. Indirect addressing

8. What are the different buses of TMS32067X?(Nov/Dec 2009)(Apr/May2011)(Remembering)

(C05)

The buses include a program address bus(32 bit), a program data bus(256 bit for fetching 8

instructions at a time), two data address buses(32 buses each), two data buses(64 bit each) each

capable of loading two 32-bit values into register files and two 64-bit store buses. Moreover, there

are two 32-bit DMA address and two 32-bit DMA data buses. Hence, it is possible to have program

fetch, data read and write and DMA operations simultaneously.

9. List the on chip peripherals in TMS32067X. (Apr/May 2011)(C05)

The on chip peripherals include i) Timers(2 32-bit timers), ii)Multichannel Buffered Serial

port(McBSP), iii) Direct Memory Access Controller(DMA)

10. What is meant by Pipelining?(Nov/Dec 2009)(May/June2010)(Apr/May 2014) (May/June 2016)

(Dec/Jan-2016) (Remembering)(C05)

Pipelining a processor means breaking down its instruction into a series of discrete pipeline stages

which can be completed in sequence by specialized hardware.

11. What is the advantage of pipelined architecture? (Dec 2015/Jan 2016)(Remembering)(C05)

Pipelining increases instruction throughput by performing multiple operations at the same time.

12. What is pipeline depth?(Remembering)(C05)

The number of pipeline stages is referred to as the pipeline depth.

13. What is pipeline depth of TMS32067X?(Remembering)(C05)

The pipeline phases in a C67X processor are divided into three stages- fetch, decode and execute.

14. How pin multiplexing is controller in TMS320C6747  digital signal processor? (Dec 2015/Jan

2016) (Understanding) (CO5)

Pin multiplexing is controlled  using a combination of hardware configuration at device reset and

software programmable register settings.

15. What are general purpose I/O pins?(Remembering)(C05)

i) Branch control input ii) External Flag(XF)
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16. List the addressing modes of DSP processors.(Apr 2019) (Remembering)(CO5)

 Immediate addressing

 Absolute addressing

 Direct addressing

 Indirect addressing by register

 circular addressing

 Bit reversal addressing

17. What are the advantages and disadvantages of VLIW architecture?  (Remembering)(C05)

Advantages of VLIW architecture:i) Increased performance ii) Better complier targets

iii) Potentially easier to program iv) potentially scalable v) Can add more execution units, allow

more instructions to be packed into the VLIW instruction.

Disadvantages of VLIW architecture : i) New kind of programmer/compiler complexity ii) Program

must keep track of instruction scheduling iii) Increased memory use iv) High power consumption

v) Misleading MIPS ratings.

18. What is the Principle feature of the Harvard architecture?(Remembering)

The program and data memories lie in two separate spaces, Permitting full overlap of instructions.

19. What are the arithmetic instructions of C67X?(Remembering)   (Nov/Dec 2009)(C05)

ADD, SUB, MPY, MPYH

20. What are the Move instructions of C67X?(Remembering)   MVKL, MVKH

21. What are the Load and store instructions in C67X? (Dec 2010) (Apr/May 2011)(C05)(Remembering)

LDB, STW

22. What are the compare instructions of ’ C67X?(Remembering)(C05)CMPGT

23. What are the various interrupt types supported by TMS320C67X processor?(Remembering)(C05)

There are 16 interrupts which can be split into three groups. i)RESET, ii)NMI iii) INT4-INT15

24. Mention the function of the program controller of the DSP Processor TMS320C67X.

(Understanding)(C05)

Program Controller decodes the instructions, manages the CPU Pipeline, Store the status of CPU

Operations and decodes the conditional operations.

25. What are the factors that may be considered when selecting a DSP processor for an

application? (Nov/Dec 2008)(C05)

1) Low power requirement 2) cost 3) High speed on chip memories 4) Real time I/O capability.

26. State the merits and demerits of multiport memories. (Nov/Dec 2008)(C05)

Merits  :No need of storing program and data in two different memory chips in order to permit

simultaneous access to both program and data memory.

De-Merits:  Increased number of pins and large area hence higher cost.

27. Differentiate between Von Neumann and Harvard architectures.(June 2016)(Dec 2017)(June 2018)  (Analyzing)(C05) 

Von Neumann :A single address bus and a single data bus for accessing the program as well as

data memory 

Harvard :Two separate buses for the program and data memory. Hence the contents of program 

memory and   data memory can be accessed in parallel. 

S.No Von Neumann architecture Harvard architecture 

1. Same memory holds data & 
Instructions are used  

Separate memories for data & instructions are used 

2. A single set of address/ data buses 
between CPU & memory. 

Two set of address data bus between CPU & 
memory  
Greater memory Bandwidth 

28. Predict the characteristics of DSP processors that are used to select the suitable

processors for real time applications. (Apr 2019)( Evaluating )(C05)

 Arithmetic Format  Data Width  Speed

 Memory
Organization

 Multiprocessor Support  Power Consumption
and Management

 Cost
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29. What are the features of TMS320C67X DSP Processors?(June 2015) (Remembering)  (C05)

*Uses advanced VLIW(Very Long Instruction Word) architecture. *The CPU fetches eight

instructions at the same time and executes upto eight instructions per cycle.

30. What is the need for MAC unit DSP?(Apr/May 2012) (Dec/Jan-2016) (Remembering)   (C05)

The MAC unit in DSPs is capable of performing multiply-add operations involved in convolution and

correlation. A typical MAC unit consists of a multiplier, a temporary register, a product register, an adder and

an accumulator. Initially the product register and accumulator are cleared and then MAC instruction is

executed, a number of times required to compute one data of convolution. The execution of MAC instruction

will add the content of P-register to accumulator and multiply two memory data and store the product in P-

register.

31. List out the applications of TMS320C6747 DSP Processor. (Remembering)  (June 2015)(C05)

 Range from Professional Audio to Audio Conferencing

 Low Power signals processing Applications

32. What are the stages of pipelining? (Remembering) (CO5)

Fetch, Decode, Read, Execute

33. Define pipelining and mention its stages. (Apr 2019) (Remembering) (CO5)

An instruction is broken into a number of steps, a separate unit performs each step at the same

time usually working on different stage of data. This can be done by processing number of

instructions simultaneously.

There are three stages of pipelining: – program fetch, decode, and execute.

34. What is meant by Triple Buffering? (Dec 2017)(Remembering) (CO5)

 Multi-buffering can be taken further, this made three times as large as the incoming data,

and data can be received, processed and sent in parallel. This is triple buffering.

 It increases the buffer memory & improved performance.

16 Marks 

1. Draw an describe the architecture diagram of TMS320C5X processor and 6747.(June 2015)(Jan 2016)

(June 2016) (Jan-2016) (June 2018)(Remembering) (C05)

2. With examples explain various addressing modes of TMS320c6747 digital signal processor.(Dec 2015/Jan

2016) (May/June 2016) ((Dec/Jan-2016) (June 2018)( Remembering)(CO5)

3. Using TMS320c6747 processor performs a 16-bit by 32 bit – multiply. The upper half of src1 is used as a

signed 16-bit input. The value in src2 is treated as a signed 32 bit value. The result is written into the lower

48 bits of a 64 bit register pair, dst_ o:dst_e, and sign extended to 64 bits.(June 2015)(C05)

4. List and describe the various data addressing in TMS320C5X processor. (Remembering)(C05)

5. Write a shirt note on pipeline operation in TMS320C5X processor. (May/June 2016) (Understanding)(C05)

6. Explain about pipeline instruction and its conflicts in TMS320C5X processor. (Remembering)(C05)

7. Draw the block diagram of Harvard architecture of a DSP and explain its blocks. (Remembering)(C05)

8. Enumerate VLIW architecture and its advantages(Dec/Jan-2016) (Remembering)(C05)

9. List and Explain the Various instructions in TMS320C5X processor. (Remembering)(C05)

10. Explain various addressing modes of TMS processor. (Remembering)(C05)

11. Explain various arithmetic instruction of TMS processor. (Remembering)(C05)

12. a)With a neat block diagram explain in detail the architecture of TMS320C50. (Nov/Dec 2009)(May/June

2010)(Nov/Dec 2010) (Remembering)(C05)

13. b) Write short notes on pipelining. (Nov/Dec 2009) (May/June 2016) (Remembering)(C05)

14. Give a detailed note on direct memory access controller in TMS320C54X processor.(Remembering)(C05)

15. Discuss the characteristics features of TMS320C50 (Nov/Dec 2008) (Understanding) (C05)

16. Draw the structure of a shifter unit and explain. .(Remembering)(C05) (June 2018)

17. Explain the importance of MAC unit in this processor. .(Remembering)(C05) (June 2018)
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