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I. COURSE OVERVIEW: 

This course will introduce the basic concepts and techniques for processing signals on a 

computer. By the end of the course, you be familiar with the most important methods in DSP, 

including digital filter design, transform-domain processing and importance of Signal 
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Processors. The course emphasizes intuitive understanding and practical implementations of 

the theoretical concepts. 

II. PREREQUISITE: 

The knowledge of following subjects is essential to understand the subject 

 Familarity with Signals and Stochastic Process 

 Knowledge of Mathematics-III 

III. COURSE OBJECTIVE: 

1 This gives the Signal Processing Category and Methods and transformation techniques 

required for all Electrical Engineering related courses. 

2 This gives concepts of Digital signal processing Algorithms used in real time 

environment. 

3 This gives basic understanding of Analog and digital Filter realization techniques and 

importance of filter. 

IV. COURSE OUTCOME: 

S.No. Description Bloom’s Taxonomy Level 

1 The students will be able to identify the characteristics 

of different digital systems like linear time-invariant 

systems and others. 

Knowledge, 

Understand(Level1, 

Level2) 

2 The students will be able to describe both the analog 

and digital systems in frequency domain-Anlysis, 

realization and implementation 

Understand , Apply 

(Level 2, Level 3) 

3 The students will be able to realize different signal 

Processing algorithms. 

Apply (Level 3) 

4 The students will be able to determine the various 

important characteristics of different transformation 

Techniques used in Digital Signal processing. 

Apply, Analyze (Level 3, 

Level 4) 

5 The students will be able to design and simulate 

different systems for real time applications. 

Apply (Level 3) 

V. HOW PROGRAM OUTCOMES ARE ASSESSED: 

 

Program Outcomes (PO) 

Leve

l 

Proficiency 

assessed by 

 

  

  

PO1 

Engineering  knowledge:  Apply  the  knowledge  of  

mathematics, science, engineering fundamentals, and an 

engineering specialization to the solution of complex 

engineering problems related to Computer                                    

Science and Engineering. 3 

Assignments, 

     Tests 

 

 

 

 

  

PO2 

Problem analysis: Identify, formulate, review research 

literature, and analyze complex engineering problems related 

to Computer Science and Engineering and reaching 

substantiated conclusions using first principles of 

mathematics, natural sciences, and engineering sciences. 

3 

Assignments, 

    Tests 

 

 

 

  

  

PO3 Design/development of solutions:  Design  solutions  for  3 Assignments  
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complex engineering problems related to Computer Science 

and Engineering and design system components or processes 

that meet the specified needs with appropriate consideration 

for the public health and safety, and the cultural, societal, and 

environmental considerations. 

 

 

 

 

PO4 Conduct investigations of complex problems: Use research-

based knowledge and research methods including design of 

experiments, analysis and interpretation of data, and synthesis 

of the information to provide valid conclusions. 

2 Assignments, 

Experiments 

 

 

 

 

 

PO5 

Modern tool usage: Create, select, and apply appropriate 

techniques, resources, and modern engineering and IT tools 

including prediction and modeling to complex engineering 

activities with an understanding of the limitations. 
2 Assignments 

 

 

 

 

 

PO6 

The engineer and society: Apply reasoning informed by the 

contextual knowledge to assess societal, health, safety, legal 

and cultural issues and the consequent responsibilities 

relevant to the Computer Science and Engineering 

professional engineering practice. - -- 

 

 

 

 

 

PO7 

Environment  and  sustainability:  Understand  the  impact  

of  the Computer Science and Engineering professional 

engineering solutions in societal and environmental contexts, 

and demonstrate the knowledge of, and need for sustainable 

development. - -- 

 

 

 

 

 

PO8 

Ethics: Apply ethical principles and commit to professional 

ethics and responsibilities and norms of the engineering 

practice. - -- 

 

 

 

PO9 

Individual and team work: Function effectively as an 

individual, and as a member or leader in diverse teams, and in 

multidisciplinary settings. - -- 

 

 

 

PO10 

Communication:  Communicate effectively on complex 

engineering activities with the engineering community and 

with society at large, such as, being able to comprehend and 

write effective reports and design documentation, make 

effective presentations, and give and receive clear 

instructions. 

 

-- 

 

- 

 

 

 

 

PO11 

Project  management  and  finance:  Demonstrate  

knowledge  and understanding of the engineering and 

management principles and apply these to one’s own work, as 

a member and leader in a team, to manage projects and in 

multidisciplinary environments. 

 

 

-- 

 

- 

 

 

 

 

PO12 Life-long learning: Recognize the need for, and have the - Assignment  
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preparation and ability to engage in independent and life-long 

learning in the broadest context of technological change. 

 

 

 

1: Slight (Low)             2: Moderate (Medium)            3: Substantial (High)      - : None 

VI. HOW PROGRAM SPECIFIC OUTCOMES ARE ASSESSED 

Program Specific Outcomes (PSO) Level Proficiency  

assessed by 

PSO1 Talented to analyze, design, and implement electrical 

& electronics systems and deal with the rapid pace of 

industrial    innovations and developments. 

  

 

2 

Assignments, 

Tests 

PSO2 Skillful to use application and control techniques for 

research and advanced studies in Electrical & 

Electronics Engineering domain. 

 

2 Assignments, 

Tests 

1: Slight 

(Low) 

2: Moderate 

(Medium) 3: Substantial (High)  

- : 

None 

VII. SYLLABUS: 

Unit-I: INTRODUCTION:  

Introduction to Digital Signal Processing: Discrete time signals & sequences, linear shift 

invariant systems, stability, and causality. Linear constant coefficient difference equations. 

Frequency domain representation of discrete time signals and systems. 

REALIZATION OF DIGITAL FILTERS:  

Applications of Z – transforms, solution of difference equations of digital filters, System 

Function, Stability Criterion, Frequency Response of Stable systems, Realization of Digital 

Filters- Direct, Canonic, Cascade and Parallel forms. 

Unit-II: DISCRETE FOURIER SERIES:  

DFS representation of periodic sequences, Properties of discrete Fourier series, Discrete 

Fourier transforms: Properties of DFT, linear convolution of sequences using DFT, 

Computation of DFT: Over-lap Add Method, Over-lap Save Method, Relation between 

DTFT, DFS, DFT, and Z-transform. 

FAST FOURIER TRANSFORMS:  

Fast Fourier transforms (FFT) - Radix-2 decimation-in-time and decimation-in-frequency 

FFT Algorithms, Inverse FFT, and FFT with general radix-N. 

Unit-III: IIR DIGITAL FILTERS:  

Analog filter approximations – Butterworth and Chebyshev, Design of IIR Digital filters 

from analog filters, Step and Impulse Invariant Techniques, Bilinear Transformation method, 

Special Transformations. 

Unit-IV: FIR DIGITAL FILTERS:  
Characteristics of FIR Digital Filters, frequency response. Design of FIR Filters: Fourier 

method, Digital Filters using Window Techniques, Frequency Sampling technique, 

Comparison of IIR & FIR filters. 

Unit-V:MULTIRATE DIGITAL SIGNAL PROCESSING:  

Introduction, down sampling, decimation, up sampling, interpolation, sampling rate 

conversion.  



 

EEE IV Yr  I Sem Page 5 
 

FINITE WORDLENGTH EFFECTS: Limit cycles, overflow oscillations, round off noise 

in IIR digital filters, computational output round of noise, methods prevent overflow, trade of 

between round of and overflow noise, dead band effects. 

SUGGESTED BOOKS: 

TEXT BOOKS 

1. Digital signal processing , principles , Algorithms and applications : john G.Proakis , 

Dimitris G . Manolakis , Pearson Education / PHI , 2007. 

2. Discrete time signal processing – A.V Oppenheim and R.W. Schaffer , PHI , 2009s 

3. Fundamentals of Digital Signal Processing –Loney Ludeman , John Wiley , 2009 

REFERENCE BOOKS 

1. Digital signal processing – Fundamentals and applications –Li Tan , Elsevier , 2008 

2. Fundamentals of digital signal processing using Matlab –Robert J.Schilling , Sanda L. 

Harris , Thomson , 2007  

3. Digital signal processing – S.Salivahanan , A.Vallavaraj and C.Gnanapriya, TMH , 2009 

4. Discrete systems and digital signal processing with MATLAB –Taan S. EIAli , CRC 

press , 2009  

5. Digital Signal Processing – a Practical approach , Emmanuel C. Ifeachor and Barrie W 

.Jervis , 2nd edition ,Pearson education ,2009 

NPTEL Web Course: 

1. nptel.ac.in/courses/117101055/, http://nptel.ac.in/syllabus/117102060/ 

NPTEL Video Course: 

1. nptel.ac.in/courses/117104074/ 

2. http://nptel.ac.in/courses/108102045, http://nptel.ac.in/courses/117102060/ 

GATE SYLLABUS:  

Classification of digital systems: System modeling in terms of differential and difference 

equations; State variable representation; Fourier series; Fourier transforms and their 

application to system analysis; Laplace transforms and their application to system analysis. 

Linear Convolution and application of circular convolution properties. Z-transforms and their 

applications to the analysis and characterization of discrete time systems. 

ESE SYLLABUS:    

Continuous-time signals, Fourier Series, Fourier transform, representations, Discrete-time 

signals, DFT, FFT,  Z- transform, Interpolation of signals, representation of systems, LTI 

systems, Definitions, realization structures of systems, Direct form-I, direct form-II, cascade 

and parallel realization structures, group delay, phase delay, digital filter design structures, 

IIR/ FIR filter design, Bilinear transformation. 

 

 

VIII. COURSE PLAN (WEEK -WISE): 

Lecture 

No. 
Week Unit Topics 

Course 

Learning 

Outcomes 

Reference 

1.  1 1 UNIT-1: Introduction to Digital Define Signals T1,R1 
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Signal Processing: and systems, 

2.  Introduction to Digital Signal Processing-

Total Energy, Average Power Calculation  Signal space T1,R1 

3.  Discrete time signals and 

sequences  Know systems 
T1,R1,T3R2 

4.  

Linear shift Invariant systems, 

Discrete time signals & sequences  

Know about 

DSP 

Application 

T1,R1 

5.  DSP Applications, Advantages 

and disadvantages  
T1,R1,T3R2 

6.  

2 

Stability and causality. 
Understand 

Properties 
T1,R1,T3R2 

7.  

Linear constant coefficient 

difference equations 

Know the 

system and 

Properties 

T1,R1 

8.  Frequency domain representation 

of discrete time signals and 

systems. 

Understand the 

domain 
T1,R1 

9.  

REALIZATION OF DIGITAL 

FILTERS: Applications of Z – 

transforms 

Gathering 

Knowledge 

about 

transform 

T1,R1 

10.  
Solution of difference equations of 

digital filters, system function 

Understand the 

system 

condition 

T1,R1,T3R2 

11.  

3 

 Stability criterion 

Understand the 

system 

condition 
T1,R1 

12.  Frequency Response of Stable 

Systems 

Gathering 

Knowledge 

About different 

form 

 

T1,R1 

13.  Realization of Digital filters- 

Direct form 

T1,R1 

,T3R2 

14.  Realization of Digital filters- 

Canonic form 
T1,R1 

15.  Realization of Digital filters- 

Cascade form 
T1,R1 

16.  

4 

Realization of Digital filters- 

Parallel form 
T1,R1,T3R2 

17.  Mock Test-1 Know about the T1,R1 

18.  

2 

UNIT-2: DISCRETE FOURIER 

SERIES: DFS representation of 

periodic sequences,  Time invariance 
T3R2,T1,R1 

19.  Bridge Class-1   T1,R1 



 

EEE IV Yr  I Sem Page 7 
 

20.  Properties of Discrete Fourier 

Series  

Understanding 

transfer 
T1,R1,T3R2 

21.  

5 

Discrete Fourier transforms  

function, 

bandwidth 
T1,R1,T3R2 

22.  Properties of DFT  

Understand 

different 

|Transforms 

T1,R1 

23.  Linear convolution of sequences 

using DFT  
T1,R1 

24.  Computation of DFT: Overlap add 

method  
T1,R1,T3R2 

25.  Computation of DFT: Overlap 

save method. 
T1,R1 

26.  

6 

Relation between DTFT, DFS, 

DFT and Z-transform. 
T1,R1 

27.  Fast Fourier transforms (FFTs): 

Introduction 

Know the 

Algorithms 

T1,R1,T3 

28.  Fast Fourier transforms-Radix-2 

decimation in time  
T1,R1,T3 

29.  Fast Fourier transforms-Radix-2 

decimation in time  
T1,R1,T3 

30.  Fast Fourier transforms-

Decimation in frequency FFT 

Algorithms, 

T1,R1,T3 

31.  

7 

Bridge Class-2 

Know the 

Algorithms, 

Understand and 

implement 

T1,R1 

32.  Fast Fourier transforms-

Decimation in frequency FFT 

Algorithms, 
T1,R1 

33.  Inverse FFT, FFT with general 

Radix – N 
T1,R1,T3 

34.  FFT with general Radix – N T1,R1 

a.  Bridge Class-3 T1,R1 

35.  

8 

3 

UNIT3: IIR Digital filters: 

Analog filter approximations-

Butter worth 

Understand  the 

Filters 

T1,R1,T3 

36.   Analog filter approximations-

Chebyshev 
T1,R1T2 

37.  Design of IIR Digital filters from 

analog filters 
T1,R1T2 

38.  Step and impulse invariant 

techniques 
T1,R1 T2 

a.  Bridge Class-4 Design, 

understand and 

implement the 

T1,R1 T2 

39.  
9 

Bilinear transformation method,  T1,R1 T2 

40.  Special transformations.  T1,R1 
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IX. MAPPING COURSE OUTCOMES LEADING TO THE ACHIEVEMENT OF 

PROGRAM OUTCOMES AND PROGRAM SPECIFIC OUTCOMES: 

41.  

4 

UNIT-4: FIR DIGITAL 

FILTERS: Characteristics of FIR 

Digital Filters 

filter 

T1,R1 

42.  Frequency response. T1,R1 

43.  Bridge Class-5 T1,R1 T2 

44.  

10 

Design of FIR Digital Filters-

Fourier method 
T1,R1 T2 

45.  Digital filters using Window 

Techniques 

Design, 

understand and 

implement the 

filter 

T1,R1 

46.  Digital filters using Window 

Techniques 
T1,R1,T3 

47.  Frequency Sampling technique, T1,R1 

48.  Bridge Class-6 T1,R1 

49.  

11 

Comparison of IIR & FIR filters. T1,R1 

50.  Mock Test-2 T1,R1 

51.  

5 

UNIT-5: MULTIRATE 

DIGITAL SIGNAL 

PROCESSING: Introduction ,  

Down sampling 

T1,R1 

T1,R1 

52.  Bridge Class-7 

Understand the 

Transmission 

and Reception 

T1,R1 T2 

53.  Decimation, Up sampling, 

Interpolation 
T1,R1 

54.  

12 

Problems on interpolation T1,R1 T2 

55.  Problems on Decimation T1,R1 

56.  Sampling rate conversion, T1,R1 T2 

57.  Bridge Class-8 T1,R1 

58.  Problems on Sampling rate 

conversion 
T1,R1 

59.  

13 

5 

FINITE WORDLENGTH 

EFFECTS: Limit cycles 

Know and 

understand the 

coding and 

noise analysis 

T1,R1 T2 

60.  Overflow oscillations   T1,R1 T2 

61.  Round –off noise in IIR digital 

filters , 
T1,R1 

62.  Bridge Class-9 T1,R1 

63.  Computational output round –off 

noise 
T1,R1 

64.  

14 

Methods to prevent overflow,Dead 

band effects. 
T1,R1 

65.  Tradeoff between round off and 

overflow noise  
T1,R1 
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     Program 

Outcomes 

    Program 

Specific 

Outcomes 

 

          

              

 PO1 PO2 PO3 PO4 PO5 PO6 PO7 PO8 PO9 

PO1

0 

PO1

1 

PO1

2 PSO1 PSO2  

                

CO1 3 - 3 2 - - - - - - - - 2 2  

                

CO2 3 3 3 2 - - - - - - - - 2 2  

                

CO3 3 3 3 2 - - - - - - - - 2 2  

                

CO4 2 2 3 2 2 - - - - - - - 2 2  

                

CO5 2 2 3 2 2 - - - - - - - 2 2  

                

AVG 2.6 2 3 2 0.8 - - - - - - - 2 2  

                

X. QUESTION BANK (JNTUH) 

UNIT I 

Long Answer Questions- 

S.No Question Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

   

1 

Discuss by writing short notes on the 

following:  

a) System bandwidth b) Paley-wiener criteria Understand 1 

 

 

2 Explain about LTI systems.  Derive an 

expression for the transfer function of an LTI 

system. Understand 1 

 

  

3 Explain the concept of orthogonality in 

complex functions and derive the expression 

for component vector of approximating the 

function f
1
(t) over f

2
(t) in case of complex 

functions. Understand 1 

 

  

4 

Discuss about the requirements to be satisfied 

by an LTI system to provide distortion less 

transmission of a signal Understand 1 

 

 

  

5 Illustrate with neat diagrams, the ideal 

characteristics of Low-pass, high-pass and 

band-pass filters Apply 1 

 

  

6 Evaluate the linearity, causality, time-variance, 

stability of following systems given by:  Evaluate 1 
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i) y(n) = ax(n) + b;  ii) y(n) = n.cos[x(n)] 

Short Answer Questions- 

S.No Question 

Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

 

1 

Define Unit impulse function in continuous time. Knowledge 1 

 

  

2 Explain  With appropriate example explain a linear 

system. Understand 1 

 

  

3 Discuss Distinguish the performance of the digital 

signal processing over analog signal processing. Understand 1 

 

  

4 Define Give a mathematical expression for Z-

transform Knowledge 1 

 

  

5 Define Mathematically express the first order and 

second order difference equations. Knowledge 1 

 

  

6 Explain about stable systems Understand 1  

  

7 Discuss Mention the condition for a system to be 

stable Understand 1 

 

  

UNIT II 

Long Answer Questions- 

S.No Question 

Blooms 

Taxonomy 

Level 

Course 

Outcome 

 

 

  

1 Discuss What is FFT? Calculate the 

number of multiplications needed in the  

calculation of DFT using FFT algorithm 

with 32 point sequence. Understand 2 

 

  

2 

Explain any five properties of 

Exponential 

Fourier  Series 

Understand 2  

 

  

       3 Describe a) Let x(n) and X(ejw) denote 

a sequence and its Fourier transform. 

Show that 

                π 

X(n) x * (n)=1/2π∫X(ejw) dw 

             - π 

This is one form of Parseval’s theorem 

(b) For a real sequence show that 

magnitude spectrum is even and phase 

spectrum is odd.                  Apply 

               

2 

 

  

4 Explain (a) Define DFT of a sequence 

x(n) obtain the relationship between Understand 2 
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DFT   and DTFS. 

 (b) Consider a sequence x(n) = [2, -1, 

1,1] and T = 0.5 compute its DFT and 

compare it with DTFT. 

5 Define Implement the decimation in 

time FFT algorithm for N=16. Apply 2 

 

  

Short Answer 

Questions-    

S.No Question 

Blooms 

Taxonomy 

Level 

Course 

Outcome 

 

 

   

1 Define Give the formula for DTFT. 

With suitable mathematical expression, 

define discrete Fourier transform. Knowledge 2 

 

  

2 Define What is twiddle factor? Knowledge 2  

   

3 Define Fourier transform and FFT Knowledge 2  

  

4 Discuss Discuss the computational 

complexity of DFT. 

Understanding 2  

  

5 Explain Prove any two properties of 

DFT. 

Understanding 2  

 

UNIT III 

Long Answer Questions- 

SL.No Question Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

   

 
Discuss Design a digital filter that will pass a 1Hz 

signal with attenuation less then 2 dB and suppress 

4Hz signal down to at least 42 dB from the magnitude 

of the 1Hz signal  

Understand & Apply 

                       3 

 

        1  

  

  

        2 Determine the system function H(z) of the lowest 

order Chebyshev and Butterworth digital filter with 

the following specification.  

(a) 3 db ripple in pass band   2.00   

(b) 25 db attenuation in stop band 0.45 
                 Understand              3 

 

  

        3 Explain Using Bilinear transformation convert  

)(SH  = 
)1()2(

1
2  SS

 into )(ZH  
Understand, Apply              3 

 

  

4 Discuss about any five properties of Bilateral 

Laplace transform Understand       3 
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5 Explain various properties of ROC of Bilateral 

Laplace transform Understand       3 

 

  

Short Answer Questions    

     

S.No. 

Question 

Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

  

1 State List the limitations of impulse invariance method? Knowledge 3  

  

2 Define List the procedure for designing a digital filter 

using bilinear transformation. Knowledge 

3  

   

3 Determine Give the transformation using bilinear 

transformation. Apply 3 

 

  

4 Discuss Discuss the Aliasing effect due to impulse 

invariance transformation (IIT). Understand 3 

 

  

5 Explain the relation between analog and digital filters 

poses in IIM of transformation Understand 3 

 

  

UNIT IV 

Long Answer Questions- 

S.No Question 

Blooms Taxonomy Course  

Level Outcome 

 

   

1 Explain Find the frequency response of a rectangular 

window. Understand 4 

 

  

2 Explain Describe the FIR filter characteristics in time 

domain. Understand 4 

 

  

3 

Describe Write the magnitude and phase function of 

FIR filter when impulse response is antisymmetric and 

N is odd function. Analyze 4 

 

 

  

4 Design a band stop filter to reject frequencies in the 

range 1-2 radians/sec using rectangular window N=7. Apply 4 

 

  

5 Compare various window functions. Evaluate 4  

 

  

Short Answer Questions-    

     

S.No Question 

Blooms Taxonomy Course  

Level Outcome 

 

   

1 Define What do you mean by gibb’s phenomenon? Knowledge 4  
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2 Discuss Give the classification of truncating an infinite 

length impulse response to finite length. Understand 4 

 

  

3 Explain Give the mathematical expression for hanning 

window. Understand 4 

 

  

4 

Discuss What do you understand by main lobe and side 

of a response? 

Understand 4  

 

  

 Define Give the formula for barlet window. Knowledge 4  

5  

  

UNIT V 

Long Answer Questions- 

 

 

S.No Question Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

  

1 

Calculate Design one stage and two stage interpolators 

to meet following specifications. I = 20 

                (a) Pass band: 0 ≤ F ≤ 90 

                           (b) Transition band: 90≤F ≤ 100 

                           (c) Input sampling rate : 10,000HZ 

                           (d) Ripple: δ1= 10-2, δ2= 10-3        
Apply 5 

 

 

  

2 

Describe What is truncation? What is the error that 

arises due to truncation in floating point numbers? 

(b) What are the three quantization errors due to finite 

word length registers in digital filters. Apply 5 

 

 

  

  Explain about the “dead band” of the filter. 

A digital system is characterized by the difference 

equation y(n) = 0.95 y(n-1) + x(n). Determine the dead 

band of the system when x(n)=0 and y(-1)= 13. 

   

3 

Understand 5 

 

  

4 Explain multi rate digital signal processing. Understand 5  

  

5 

Discuss the applications of multi rate digital signal 

processing. 

Understand 5  

 

  

Short Answer Questions- 

S.No 

Question 

Blooms Taxonomy 

Level 

Course 

Outcome 

 

 

  

1 Define Define interpolation. Give its 

mathematical expression. Knowledge 5 

 

  

2 Discuss Discuss Pass Band and Stop Band of 

filter and filter approximations Understand 5 
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3 

Define What is dead band of a filter? Knowledge 5 

 

  

4 

Discuss Discuss on various truncation errors. Understand 5 

 

  

5 

List Different types of interpolation techniques Knowledge 5 

 

 

  

OBJECTIVE QUESTIONS: 

UNIT I 

1. Basically signals can be broadly classified as ............. & ................. 

2. The equation for energy of a signal is given as.  

a)∑ x(n)              (b) ∑ x(n) .n               (c)∫ x2(t)dt  

3. The condition for Orthogonality between two time domain signals is.............. 

4. The condition for periodicity of a continuous time signal is............... 

5. The equation for finding the power of discrete time signal is................. 

6. A unit step signal is denoted as.  

(a) u(t),  (b) r(t),  (c) eat ,  (d) abt     

7. The Exponential Fourier Series of a continuous time signal is given by formula 

............. 

8. Fourier series is used to analyze any signal in frequency domain only if the signal is : 

 (a) periodic,  (b) nonperiodic,   (c) symmetrical,  (d) energy signal 

9. The equation for Trigonometric Fourier series of a function x(t) is given as................  

10. Convolution in time domain is .......... in frequency domain. 

UNIT II 

1. The Fourier transform of x(t) is given by formula …….. 

2. Fourier transform is used to analyze a ………..signal in frequency domain. 

3. The inverse Fourier transform of X(w) is given by……. 

4. The Fourier transform of a delta function is : 

(a) 1,  (b) u(w),  (c) ew,  (d) None of above 

5. According to sampling theorem, if maximum signal frequency is W, then the 

frequency of sampling fs should be 

(a)< 2W,  (b) <W,  (c) >W,  (d)≥2W 

6. Aliasing is an effect of ……. Sampling. 

7. The Nyquist rate should be equal to…… 

8. Aperture effect attenuates the ……. Portion of the message spectrum. 

9. Two types of sampling techniques are ……. and …….. 

10. Reconstruction filter is otherwise called ……. Filter. 

UNIT III 

1. A continuous time system is time ………if the time shift is reflected in the output 

signal also. 

2. The given system y(t)=tx(t) as per linearity test, is ……. 

3. The equation for transfer function of a system is given by the ratio of ……& ……. 

4. As per linearity test, the following discrete time system y(n)=x(n2) is 



 

EEE IV Yr  I Sem Page 15 
 

a) Linear, b) Nonlinear,  c) Both linear and nonlinear, d) None of above 

5. Impulse response of a continuous time system is defined as ………… 

6. If  a system is causal then the condition in terms of the impulse response h(t) is…. 

7. The linearity test for the system y(n)=x2(n) reveals that the system is ……… 

8. The condition for distortionless transmission through a system is ……… 

9. The system bandwidth is given by ………. 

UNIT IV 

1. If y=X1+ X2 +………….. +Xn , where X1, X2,……………. Xn are statically independent 

random variables, then fy(y) is     

 (a) fx1(x1)+ fx2(x2)+………+ fxn(xn)  (b) fx1(x1)- fx2(x2)+………+ fxn(xn) 

      (c) fx1(x1)* fx2(x2)*………*fxn(xn)  (d) fx1(x1) - fx2(x2) - ………- fxn(xn)  

2. The distribution function of one random variable  X conditioned by a second random 

variable Y with interval {ya ≤ y ≤ yb} is known as  

(a) Moment generation           (b) Point Conditioning  

(c) Expectation             (d) Interval conditioning   

3. Fx ( x2 / B) – Fx ( x1/ B) is 

     (a) P( x1/B < x ≤ x2)     (b) P((x1< x ≤ x2)/B)  

    (c) P(x2 /B < X)                (d) P {( x1< x ≤ x2)/B} 

4. Joint Distribution Function FXY (∞, ∞) is ………….. 

5. X and Y are said to be statistically independent RV’s when P(X<x, Y<y) is  

(a) P(X<x)             (b) P(X>x) P(Y<y) (c) P(X<x) P(Y>y)   (d) P(X<x) P(Y<y)    

6. In an electrical circuit both current and voltage can be ……….. Variable. 

7. If events A and C are mutually exclusive P( (AUC) / B ) is equal to ……………….  

8. Let S1 and S2 be the sample space of the sub experiments. If S1 has M elements and S2 has 

9. N elements, then combined sample space S will have ………….. elements. 

UNIT V 

1. If g(x, y) is some function of two R.V's X and Y the expected value of g(x, y) is  

(a)             (b)  

(c)        (d)   

2. The (n + K)th order joint moment of two R.V's X and Y is defined as ………….. 

3. The (n + K)th order joint central moment of the random variables X and Y is defined as  

(a)     (b)  

(c)     (d)  

4. Which of the following Relation is correct  

a. (a)      (b)  

b. (c)      (d)  
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5. The joint characteristic function of two random variables X and Y is given as  

 φX,Y(w1,w2)=exp  Then the means of X and Y are respectively ……. and ……… 

6. The joint characteristic function of two R.V's X and Y is defined by X,Y (w1, w2) =  

(a)  (b)  (c)  (d)  

7. The expression for joint characteristic function of two random variables X and Y in 

integral form is X,Y (w1, w2), given as ………… 

8. The expression for joint characteristic function Ф X,Y (w1, w2) is recognized as the two 

dimensional  

a. Fourier transform of joint density function  

b. Fourier transform of joint distribute function  

c. Inverse Fourier transform of joint distribute functions  

d. Inverse Fourier transform of joint density function 

9. The probability density function of Gaussian random variable X is given by …………….. 

XI. GATE QUESTIONS:  

1. Two systems with impulse responses h1(t) and h2(t) are connected in cascade. Then the 

overall impulse response of the cascaded system is given by 

(A) Product of h1(t) and h2(t)                (B) Sum of h1(t) and h2(t) 

(C) Convolution of h1(t) and h2(t)         (D) Subtraction of h1(t) and h2(t) 

2. For a periodic signal v(t) = 30sin(2*pi*100t) + 10cos(2*pi*300t) + 6 sin(2*pi*500t), the 

fundamental frequency in rad/s 

(A) 100             (B) 300   (C) 500  (D) 1500 

3. A band-limited signal with a maximum frequency of 5 kHz is to be sampled. According 

to the sampling theorem, the sampling frequency which is not valid is 

(A) 5 kHz            (B) 12 kHz  (C) 15 kHz     (D) 20 kHz 

4. Which of the following statements is NOT TRUE for a continuous time causal and stable 

LTI system? 

(A) All the poles of the system must lie on the left side of the jw axis 

(B) Zeros of the system can lie anywhere in the s-plane 

(C) All the poles must lie within |s| <= 1 

(D) All the roots of the characteristic equation must be located on the left side of the jw       

      axis 

5. The impulse response of a continuous time system is given by h(t) = δ(t-1) + δ(t-3) . The 

value of the step response at t = 2 is 

(A)0             (B)1               (C)2               (D) 3 

6. A system described by a linear, constant coefficient, ordinary, first order differential 

equation has an exact solution given by y(t) for t>0, when the forcing function is x(t) and 

the initial condition is y(0). If one wishes to modify the system so that the solution 

becomes -2y(t) for t>0, we need to 

(A) Change the initial condition to –y(0) and the forcing function to 2x(t) 

(B) Change the initial condition to 2y (0) and the forcing function to −x (t) 

(C) Change the initial condition to j √2√y(0) and the forcing function to j √2√x(t) 

(D) Change the initial condition to -2y(0) and the forcing function to −2x (t) 
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7. If x[n] = (1/3)|n| -(1/2)n u[n], then the region of convergence (ROC) of its Z-transform in 

the Z-plane will be  

(A) 1/3 < |Z| < 3 (B) 1/3 < |Z| < 1/2 (C) ½ < |Z| < 3  (D) 1/3 < |Z|                                                                                     

8. Let y[n] denote the convolution of h[n] and g[n], where h[n] = (1/2)nu[n] and g[n] is a 

causal sequence. If y[0] = 1 and y[1] = 1/2, then g[1] equals 

(A) 0   (B) ½  (C) 1  (D) 3/2 

9. The differential equation   describes a system with an input 

x(t) and an output  y(t) . The system, which is initially relaxed, is excited by a unit step 

input. The output y(t) can be represented by the waveform 

 
10. The trigonometric Fourier series of an even function does not have the 

(A) dc term  (B) cosine terms (C) sine terms  (D) odd harmonic terms 

11. Two systems H1(z) and H2(z) are connected in cascade as shown below. The overall 

output y(n) is the same as the input x(n) with a one unit delay. The transfer function of the 

second system H2 (z) is 

  
 

12. The first six points of the 8-point DFT of a real valued sequence are 5, l-j3, 0, 3-j4, 0 and 

3+j4. The last two points of the DFT are respectively 

(A) 0, l-j3   (B) 0, l+j3   (C) l+j3, 5   (D) l-j3, 5 

 

13. Tile trigonometric Fourier series for the waveform f(t) ,shown below contains, 
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(A) Only cosine terms and zero value for the dc component 

(B) Only cosine terms and a positive value for the dc component 

(C) Only cosine terms and a negative value for the dc component 

(D) Only sine terms and a negative for the dc component 

14. Consider the z-transform X(z) = 5z2 + 4z-1 +3; 0 <|z| < ∞ . The inverse z-transform x[n] is 

(A) 5δ[n + 2] + 3δ[n] + 4δ[n – 1]  (B) 5δ[n - 2] + 3δ[n] + 4δ[n + 1] 

(C) 5 u[n + 2] + 3 u[n] + 4 u[n – 1]  (D) 5 u[n - 2] + 3 u[n] + 4 u[n + 1] 

15. Two discrete time systems with impulse responses h1[n] = δ[n -1] and h2[n] = δ[n– 2] are 

connected in cascade. The overall impulse response of the cascaded system is 

(A) δ[n - 1] + δ[n - 2]     (B) δ[n - 4] (C) δ[n - 3]       (D) δ[n - 1] δ[n - 2] 

16. For an N-point FFT algorithm with N = 2m , which one of the following statements is 

TRUE? 

(A) It is not possible to construct a signal flow graph with both input and output in normal 

order 

(B) The number of butterflies in the  stage is N/m 

(C) In-place computation requires storage of only 2N node data 

(D) Computation of a butterfly requires only one complex multiplication 

17. The Fourier series of a real periodic function has only 

P. cosine terms if it is even            Q.  sine terms if it is even 

R.  cosine terms if it is odd             S.  sine terms if it is odd 

Which of the above statements are correct? 

(A) P and S  (B) P and R  (C) Q and S  (D) Q and R 

18. A system with transfer function H(z) has impulse response h(·) defined as h(2) = 1, h(3) = 

-1 and h(k) = 0 otherwise. Consider the following statements. S1: H(z) is a low-pass filter.   

S2: H(z) is an FIR filter.  Which of the following is correct? 

(A) Only S2 is true            (B) Both S1 and S2 are false 

(C) Both S1 and S2 are true, and S2 is a reason for S1 

(D) Both S1 and S2 are true, but S2 is not a reason for S1 

19. The 4-point Discrete Fourier Transform (DFT) of a discrete time sequence {1, 0, 2, 3) is 

(A) [0, -2 + 2j, 2, -2 -2j]  (B) [2, 2 + 2j, 6, 2 - 2j]  

(C) [6, 1-3j, 2, 1 + 3j]  (D) [6, -1 + 3j, 0, -1 -3j] 

20. The input and output of a continuous time system are respectively denoted by x(t) and 

y(t). Which of the following descriptions corresponds to a causal system? 

(A)   y (t) =  x(t − 2) + x(t + 4)  (B) y (t) = (t − 4) x(t + 1) 

(C)   y (t) = (t + 4) x(t − 1)   (D) y (t) = (t + 5) x(t + 5) 
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21. The impulse response h(t) of a linear time-invariant continuous time system is described 

by h(t) =   exp(t).u(t) + exp (bt).u(−t) , where u(t) denotes the unit step function, and a and b 

are real constants. This system is stable if 

(A) a is positive and b is positive (B) a is negative and b is negative 

(C) a is positive and b is negative (D) a is negative and b is positive 

22. A continuous time system will be BIBO stable if all the Eigen values are 

(a) one   (b) distinct and their real parts negative  (c) negative  (d) zero 

21. The ramp function can be obtained from the unit impulse at t = 0 by  

(a) differentiating unit impulse function once 

(b) differentiating unit impulse function twice 

(c) integrating unit impulse function once 

(d) integrating unit impulse function twice 

22. The signal x(n) show in the below figure is a 

(a) periodic discrete time signal  

(b) periodic signal           (c) non-periodic signal 

(d) periodic discrete time signal consisting of 3 non-zero samples 

23. Which of the following Dirichlet’s conditions are correct for convergence of Fourier 

transform of the function x(t)? 

1. x(t) is square integrable 

2. x(t) must be periodic 

3. x(t) should have finite number of maxima and minima within any finite interval  

4. x(t) should have finite number of discontinuities within any finite interval 

(a) 1, 2, 3 and 4 (b) 1, 2 and 4 only (c) 1 , 3 and 4 only (d) 2 , 3 and 4 only 

24. If f(t) is a real and odd function, then its Fourier transform F(w) will be 

(a) real and even function of w             (b) real and odd function of w 

(c) Imaginary and odd function of w   (d) Imaginary function of w 

25. For certain sequences which are neither absolutely-summable nor square-summable, it is 

possible to have a Fourier Transform (FT) representation if we 

(a) Take short time FT                       (b) Evaluate FT only the real part of the sequence 

(c) Allow DTFT to contain impulses (d) Evaluate FT over a limited time span 

26.  a) Give the advantages and disadvantages of DSP over ASP.  

b) Derive an expression for Parseval’s relation for discrete time periodic signals.  

(c) Check whether the following systems are linear 

y(n) = 






1

0

)(
1 N

m

mnx
N  

y (n) = [x (n)]2                  

27. Check the following systems for linearly, causality, time invariance and stability 

using appropriate tests.  

y(n) = n e
nx )]([
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b. y(n) = an Cos  N

n2
                           

             

28. How will you test the stability of a digital filter? Discuss the stability of a digital 

filter? Discuss the stability of the system described by  

21

1

1
)(








ZZ

Z
ZH

 
29. Determine the frequency, magnitude and phase responses and time delay for the 

system. )1()()1(25.0)(  nxnxnyny  

30. Compute the 16-point DFT of x(n) = cos 
n

2



when 0 < n < 15 using Radix – 2 DIF 

algorithm. 

31. Design a  digital Chebyshev  IIR filter having the specifications -0.5 dB pass band 

ever 0 to 800 HZ, - 45 dB stop band for 1250f HZ and  5000ef HZ  

     Consider signal x(n)=an u(n),  ІaІ<1 

a) Determine the spectrum of a signal. 

b) The signal is applied to an Interpolator that increases sampling rate by a factor 

by ‘2’.  Determine its output spectrum. 

c) Show that the spectrum in part (ii) is simply Fourier transform of x(n/2). 

XII. WEBSITES: 
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XV. LIST OF TOPICS FOR STUDENT SEMINARS: 

1. Signal approximation using orthogonal functions. 

2. Fourier series representation of periodic signals. 

3. Fourier series properties. 

4. Fourier transforms properties. 

5. Signal transmission through linear systems. 

6. Parseval's theorem and its applications. 

7. Auto correlation function and energy/power spectral density function. 

8. Sampling theorem. 

9. Comparison of Fourier Transform, Laplace Transform and Z Transform. 

10. Detection of periodic signals in the presence of noise using correlation. 

XVI. CASE STUDIES / SMALL PROJECTS: 
1. Estimation of audio signal characteristics using DFT. 

2. Calculating the output of LTI System for various input signals using convolution. 

3. Frequency analysis of voice signal using Matlab. 

4. Audio compression using symmetry properties of DFT. 

5. Noise reduction of communication signal using spectral subtraction. 

6. Estimation of multidimensional signal characteristics using DFT. 

7. Designing different filters for various pass band and stop band 

 

 

 

 

 

 

 

 

 

 

 

 

 

 


