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Aim of the Course

Study the following general topics
1. Signal analysis
2. Linear system analysis
3. Filter design 
4. Discrete Fourier transform 
5. Sampling theorem 
6. Z-transform and discrete Fourier transform 
7. Design and implementation of digital filters 
8. MATLAB Signal Processing Tools



General Introduction



Signal Processing Applications



Smart grid architecture highlighting communication, control and signal processing



A signal is defined as any physical quantity that varies

with time, space, or any other independent variable or

variables. Mathematically, we describe a signal as a

function of one or more independent Variables.

𝑠1 𝑡 = 5𝑡 𝑠2 𝑡 = 𝑒6𝑡

Linear Non-Linear



Analog VS Digital Signal



A. PIR Sensor: The PIR Motion Sensor Module allows you to 
sense motion. It is almost always used to detect the 
motion of a human body within the sensor’s range. 

B. IR Sensor: The IR Proximity Sensor module has great 
adaptive capability of the ambient light

C. DHT11 Temperature Sensor: The module can detect the 
surrounding environment of the humidity and 
temperature and gives the output from the digital output.

D. HCSR04 Ultrasonic Sensor: This HC-SR04 Ultrasonic 
Range Finder is a very popular sensor that is found in 
many applications

E. MQ2 Gas Sensor: The MQ-2 Smoke LPG Butane Hydrogen 
Gas Sensor Detector Module is useful for gas leakage 
detection.

F. LDR sensor module: The LDR sensor Module is used to 
detect the presence of light and measure the intensity of 
light. 

Sensors

A B

C D

E
F

https://robocraze.com/products/hcsr501-pir-motion-sensor-passive-infrared-sensor
https://robocraze.com/products/ir-proximity-sensor-1
https://robocraze.com/products/dht11-humidity-temperature-sensor-module
https://robocraze.com/products/hc-sr-04-ultrasonic-sensor
https://robocraze.com/products/mq-2-gas-sensor-module
https://robocraze.com/products/ldr-sensor-module


Sensor Signal

System
Other 
SignalSignal



Gas 
Pedal

Car Velocity

CD
CD 

Player
Sound





𝑠1 𝑥, 𝑦 = 5𝑥 + 6𝑦

𝑠2 𝑥, 𝑦 = 5cos(𝑥) + 6sin(𝑦)

𝒔𝟑 𝒕 = 

𝒊=𝟏

𝑵

𝑨𝒊 (𝒕)𝐬𝐢𝐧([𝟐𝝅𝑭𝒊 𝒕 𝒕 + 𝜽𝒊(𝒕)])

Spatial VS Temporal & 1 Var VS 2 Var



RGB Color Image Signal

𝑰 𝑥, 𝑦, 𝑡 =

𝑰𝑟(𝑥, 𝑦, 𝑡)
𝑰𝑔(𝑥, 𝑦, 𝑡)

𝑰𝑏(𝑥, 𝑦, 𝑡)









𝑥 𝑛 = ቊ
0.8𝑛 𝑖𝑓 𝑛 ≥ 0
0 𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒

𝑥 𝑡 = 0.8𝑡

Discrete Signal

Continuous Signal



Continuous VS Discrete Signal

X(t)

t

X(n)

X



Signal Classification 



















List of References for More information

1. https://hcis-journal.springeropen.com/articles/10.1186/s13673-018-
0126-9

2. https://community.arm.com/arm-community-blogs/b/embedded-
blog/posts/signal-processing-capabilities-of-cortex-m-devices

3. https://blogs.mathworks.com/deep-learning/2019/05/13/deep-
learning-for-signal-processing-applications/

4. https://spie.org/news/0592-ultrafast-all-optical-signal-processing-
and-packet-switching?SSO=1

https://hcis-journal.springeropen.com/articles/10.1186/s13673-018-0126-9
https://hcis-journal.springeropen.com/articles/10.1186/s13673-018-0126-9
https://community.arm.com/arm-community-blogs/b/embedded-blog/posts/signal-processing-capabilities-of-cortex-m-devices
https://community.arm.com/arm-community-blogs/b/embedded-blog/posts/signal-processing-capabilities-of-cortex-m-devices
https://blogs.mathworks.com/deep-learning/2019/05/13/deep-learning-for-signal-processing-applications/
https://blogs.mathworks.com/deep-learning/2019/05/13/deep-learning-for-signal-processing-applications/
https://spie.org/news/0592-ultrafast-all-optical-signal-processing-and-packet-switching?SSO=1
https://spie.org/news/0592-ultrafast-all-optical-signal-processing-and-packet-switching?SSO=1


Course References Can Be 
Downloaded Here

Ref 1

Ref 2

https://drive.google.com/file/d/1xmoNnn1ddyk8PQv13VWGd1kTVnvkXsGe/view?usp=drive_link
https://drive.google.com/file/d/17uLopxKTkp9gnhDC_VylNTyC2tisb_Yz/view?usp=drive_link


Home Work (Due date 14-10-2024)

1. Prepare a report on DSP applications in Laser 
Engineering (3 Pages) 

2. Install MATLAB and Use the link below to simulate 
the same example 
https://www.mathworks.com/videos/how-to-
process-signals-as-frames-in-simulink-
1605770729615.html

https://www.mathworks.com/videos/how-to-process-signals-as-frames-in-simulink-1605770729615.html
https://www.mathworks.com/videos/how-to-process-signals-as-frames-in-simulink-1605770729615.html
https://www.mathworks.com/videos/how-to-process-signals-as-frames-in-simulink-1605770729615.html


HW Form



Telegram Group
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Basic Signals



Unit Sample (Delta)

Unit Ramp

Unit Step





Amplitude

Phase

Real

Imaginary



The power of 
unit step is 

1\2









Example 1







Example 2



(b)

(c)

(d)



(e)

(f)





Block Diagram Representation

Summation
Multiplication

Integer Multiplication
Negative Shifting (Delay)

Positive Shifting (Advancing)



Example 3



Y(n) - 3*Y(n+4) = 5*X(n-2) +X(n)

+

𝐙𝟒

X(n)

Y(n)
5

𝐙−𝟐

+

3

Example 4



𝑦 𝑛 = 𝑥1 𝑛 ∗ 6𝑥2 𝑛 − 3𝑦(𝑛 − 4)

X

𝐙−𝟒

𝑥1(𝑛)

Y(n)
+

-3

𝑥2(𝑛)

6

Example 5



Systems

Static Dynamic

Time-
Invariant

Time-
Invariant

Time-
Variant
Time-

Variant

Causal Noncausal

Stable Unstable

Linear Nonlinear

No Delay (Memoryless) Delay (Memory) 

Differentiator Modulator

Superposition

Present and Past Present, Past and Future

BIBO



Signal Representation



Home Work

1 Given the sequence x(n) make a sketch of the following
(a) 𝑦1 𝑛 = 𝑥 6 + 𝑛
(b) 𝑦2 𝑛 = 𝑥 𝑛 − 7



Home Work
Write the equation of the system below2

𝑍2

𝑍2𝑍2𝑍2

𝑍2

𝑥(𝑛) 𝑌(𝑛)x x+



Home Work
Write the equations below as a sum of weighted impulse 
responses

3

𝑥1 𝑛 = {6 5 − 1 0 2 2}

𝑥2 𝑛 = {8 − 5 0 0 0 4}
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Convolution



Interchange



Properties





System Response



Finding the h(n) signals

ℎ −𝑘

ℎ 𝑛 − 𝑘

ℎ −𝑛 − 𝑘

FoldingFolding

Shifting Plot RightShifting Plot Right

Shifting Plot LeftShifting Plot Left



Finding the y(n) Response

𝑥(𝑘)ℎ 𝑘

𝑦 𝑛 = { }

MultiplicationMultiplication

SummationSummation

WritingWriting



Impulse Response Input Signal

𝑦 +𝑛 = 2 + 3 = 5
𝑦 −𝑛 = 1

𝑦 +𝑛 &𝑦 −𝑛 &𝑦(0) = 7



𝑦 −1 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(−1 − 𝑘)

𝑦 0 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(−𝑘)

𝑦 1 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(1 − 𝑘)

𝑦 2 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(2 − 𝑘)

𝑦 3 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(3 − 𝑘)

𝑦 4 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(4 − 𝑘)

𝑦 5 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(5 − 𝑘)



Folding

ℎ −𝑁 ⇒ ℎ(𝑁)

ℎ 𝑁 ⇒ ℎ(−𝑁)

ℎ −1 ⇒ ℎ(1)



Multiplication

Summation



Shifting

ℎ −𝑘 = {−1 1 2 1} ℎ 1 − 𝑘 = {−1 1 2 1}



√

0  1  2



?

ℎ 1 − 𝑘 = {−1 1 2 1} ℎ −1 − 𝑘 = {−1 1 2 1}



√



ℎ 1 − 𝑘 = {−1 1 2 1} ℎ 2 − 𝑘 = {−1 1 2 1}-2

-1

0

1

2

3

-3 -2 -1 0 1 2 3 4

h(2-k)

𝑦 2 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ(2 − 𝑘)



-2

-1

0

1

2

3

-3 -2 -1 0 1 2 3 4

h(2-k)

-2

-1

0

1

2

3

4

5

6

7

-3 -2 -1 0 1 2 3 4

V(2)

𝑦 2 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ 2 − 𝑘 = −1 + 2 + 6 + 1 = 8



-2

-1

0

1

2

3

-3 -2 -1 0 1 2 3 4 5

h(3-k)

-3

-2

-1

0

1

2

3

4

-3 -2 -1 0 1 2 3 4

V(3)

𝑦 3 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ 3 − 𝑘 = −2 + 3 + 2 = 3



-2

-1

0

1

2

3

-3 -2 -1 0 1 2 3 4 5

h(4-k)

-4

-3

-2

-1

0

1

2

-3 -2 -1 0 1 2 3 4

V(4)

𝑦 4 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ 4 − 𝑘 = −3 + 1 = −2



-2

-1

0

1

2

3

-3 -2 -1 0 1 2 3 4 5

h(5-k)

-2

-1

0

-3 -2 -1 0 1 2 3 4V(5)

𝑦 5 = 

𝑘=−∞

∞

𝑥 𝑘 ℎ 5 − 𝑘 = −1



The system response y(n)

-3

-2

-1

0

1

2

3

4

5

6

7

8

9

-3 -2 -1 0 1 2 3 4 5 6 7

y(n)



Home Work
Compute and plot the system response for input signal 
x(n) and the impulse response h(n)

Input Signal 𝑥𝑖𝑛 𝑛 = 𝑥 𝑛 − 2

Impulse Response ℎ𝑖𝑛 𝑛 = ℎ 2𝑛



Additional Questions and 
Examples

To be self Studied



Q1: Compute and plot the system response for input 
signal x(n) and the impulse response h(n)

ANS



Q2



ANS



ANS
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Correlation

Attenuation Factor Round trip delay

Transmitted Signal

Received Signal

Noise

The correlation of two functions or signals or waveforms is defined as 
the measure of similarity between those signals.



Radar / Electronic

Optical

Correlator



A correlator works by

comparing signals from

two sensors positioned

along the line of existing

pipe work either side of

the suspected leak and

picks up noise created by

the leak as it escapes

from the pipe under

pressure.

Applications of Correlator



Officials of the U.S. Air 
Force Research 
Laboratory at Wright-
Patterson Air Force 
Base, Ohio, announced 
a $5.4 million contract 
to Epirus on Tuesday 
for the Massive 
Cross-Correlation 
(MAX) project.

Applications of Correlator



𝑟𝑥𝑦(𝑙) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦(𝑛 − 𝑙)

𝑟𝑥𝑦(1) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦(𝑛 − 1)

Cross Correlation

𝑟𝑥𝑦(𝑙) = 𝑟𝑦𝑥(−𝑙)



Example

Solution
Use the crosscorrelation formula until the product of
X(n) . Y(n-k) =0 in both directions (-ve & +ve) 



𝑟𝑥𝑦(𝑙) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦(𝑛 − 𝑙)



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 1 = 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = −1 − 3 14 − 2 8 − 3

𝑟𝑥𝑦(1) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 1 = 13



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 2 = 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 3 − 7 2 − 4 − 12

𝑟𝑥𝑦(2) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 2 = −18



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 3 = 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 7 − 1 4 6

𝑟𝑥𝑦(3) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 3 = 16



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 4 = 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 1 − 2 − 6

𝑟𝑥𝑦(4) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 4 = −7



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 5 = 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 2 3

𝑟𝑥𝑦(5) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 5 = 5



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 6 = 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = − 3

𝑟𝑥𝑦(6) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 6 = −3



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 − 7 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 0

𝑟𝑥𝑦(7) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 − 7 = 0



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 + 1 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = −2 − 2 − 6 28 1 − 4 − 15

𝑟𝑥𝑦(−1) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 1 = 0



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 + 2 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 4 2 12 7 − 2 10

𝑟𝑥𝑦(−2) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 2 = 33



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 + 3 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = −4 − 4 3 − 14 5

𝑟𝑥𝑦(−3) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 3 = −14



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 + 4 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0

𝑣 𝑛 = 8 − 1 − 6 35 0

𝑟𝑥𝑦(−4) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 4 = 36



𝑥 𝑛 = 0 2 − 1 3 7 1 2 − 3 0 0

𝑦 𝑛 + 5 = 0 0 0 1 − 1 2 − 2 4 1 − 2 5 0 0

𝑣 𝑛 = 2 2 15 0

𝑟𝑥𝑦(−5) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 5 = 19



𝑟𝑥𝑦(−6) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 6 = −9

𝑟𝑥𝑦(−7) = 

𝑛=−∞

∞

𝑥 𝑛 𝑦 𝑛 + 7 = 10

𝑟𝑥𝑦(𝑙) = 10 − 9 19 36 − 14 33 0 7 13 − 18 16 − 7 5 − 3



𝑟𝑥𝑥(𝑙) = 

𝑛=−∞

∞

𝑥 𝑛 𝑥(𝑛 − 𝑙)

Autocorrelation
A signal with delayed version of it



Correlation and Convolution



Home Work

𝑥 𝑛 = 0 2 3 7 1 2 − 3 0 0

𝑦 𝑛 = 0 − 2 − 3 1 − 3 0 0
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The Z transform is a mathematical technique used to
transform sequences of discrete-time data, from the time
domain (n) to the complex frequency domain (Z). Its main
purpose is to simplify the analysis and design of digital
systems.

Z-Transform

𝑋 𝑧 = 

𝑛=−∞

∞

𝑥(𝑛)𝑧−𝑛 = 𝒁(𝑥 𝑛 )



Discrete-Time Data, 
Signal
Input

Discrete-Time Data, 
Signal
Input

Discrete-Time Data, 
Signal

Output

Discrete-Time Data, 
Signal

Output

Z  TransformZ  Transform 𝒁−𝟏 Transform𝒁−𝟏 TransformProcessing made easierProcessing made easier

Processing is so complexProcessing is so complex

Time 
Domain 

Input

Time 
Domain 

Input

Time 
Domain 
Output

Time 
Domain 
Output

Complex 
Frequency 

Domain

Complex 
Frequency 

Domain

ProcessingProcessing

?

Why Z Transform?



𝑿 𝒛 = 𝒁(𝒙 𝒏 ) = 

𝒏=−∞

∞

𝒙(𝒏)𝒛−𝒏

𝒙(𝒏) 𝑿(𝒛)

𝑿(𝒛) 𝒙(𝒏)

𝒙 𝒏 = 𝒛−𝟏(𝑿 𝒛 ) =
𝟏

𝟐𝝅𝒋
ර
𝒄

𝑿 𝒛 𝒛𝒏−𝟏𝒅𝒛

We Have We Want

Z Transform

We Have We Want
𝒛−𝟏 Transform



How do we find X(z)?

1. Direct Application of the X(z) equation
2. Power Series Expansion
3. Z-Transform Table
4. Z-Transform Properties

How do we find x(n)?

1.Power Series

2.Partial Fraction Expansion

3.Residue Theorem

4.Complex Inversion Integral 



𝑋 𝑧 = 

𝑛=−∞

∞

𝑥(𝑛)𝑧−𝑛 = 𝒁(𝑥 𝑛 )

𝑋 𝑧 = 

𝑛=0

𝑁

𝑥(𝑛)𝑧−𝑛 = 𝑥 0 𝑧0 + 𝑥 1 𝑧−1 + 𝑥 2 𝑧−2 +

𝑥 3 𝑧−3 +⋯ .+𝑥(𝑁) 𝑧−𝑁

𝑋 𝑧 = 

𝑛=−𝑁

𝑁

𝑥(𝑛)𝑧−𝑛 = 𝑥 −𝑁 𝑧𝑁 +⋯+ 𝑥 −2 𝑧2 + 𝑥 −1 𝑧1

+𝑥 0 𝑧0 + 𝑥 1 𝑧−1

+ 𝑥 2 𝑧−2 +⋯ .+𝑥(𝑁) 𝑧−𝑁

General formulaGeneral formula

From 0 to NFrom 0 to N

From -N to NFrom -N to N



𝑋1 𝑧 = 

𝑛=−∞

∞

𝑥1(𝑛)𝑧
−𝑛 = 

𝑛=−∞

∞

𝑢(𝑛)𝑧−𝑛

𝑥1 𝑛 = 𝑢 𝑛 𝑥2 𝑛 = 𝛼𝑛𝑢 𝑛

𝑋2 𝑧 = 

𝑛=−∞

∞

𝑥2(𝑛)𝑧
−𝑛 = 

𝑛=−∞

∞

𝛼𝑛𝑢(𝑛)𝑧−𝑛

Example 1Example 1

SolutionSolution

Find the Z-Transform of the following signalsFind the Z-Transform of the following signals



𝑋1 𝑧 = 

𝑛=−∞

∞

𝑢(𝑛)𝑧−𝑛 = 

𝑛=0

∞

(𝑧−1)𝑛 = 1 + 𝑧−1 + 𝑧−2 +⋯

1 + 𝑟1 + 𝑟2 +⋯ =
1

1 − 𝑟

𝑋1 𝑧 =
1

1 − 𝑧−1
=

1

1 −
1
𝑧

=
𝑧

𝑧 − 1

Geometric SeriesGeometric Series

𝑋2 𝑧 = 

𝑛=−∞

∞

𝛼𝑛𝑢(𝑛)𝑧−𝑛 = 

𝑛=0

∞

(𝛼𝑧−1)𝑛 = 1 + (𝛼𝑧−1)1+(𝛼𝑧−1)2+⋯

𝑋2 𝑧 =
1

1 − 𝛼𝑧−1
=

1

1 −
𝛼
𝑧

=
𝑧

𝑧 − 𝛼

Z-Transform of x1(n)Z-Transform of x1(n)

Z-Transform of x2(n)Z-Transform of x2(n)



Z-Transform TableZ-Transform Table





Z-Transform PropertiesZ-Transform Properties



𝑋1 𝑧 = 

𝑛=−∞

∞

10 sin(0.25𝜋𝑛) 𝑢 𝑛 𝑧−𝑛

𝑥1 𝑛 = 10 sin(0.25𝜋𝑛) 𝑢 𝑛

𝑋2 𝑧 = 

𝑛=−∞

∞

𝑒−0.1𝑛 cos(0.25𝜋𝑛) 𝑢 𝑛 𝑧−𝑛

Example 2Example 2

SolutionSolution

Find the Z-Transform of the following signalsFind the Z-Transform of the following signals

𝑥2 𝑛 = 𝑒−0.1𝑛 cos(0.25𝜋𝑛) 𝑢 𝑛

Use the Properties and TableUse the Properties and Table



𝑋1 𝑧 = 

𝑛=−∞

∞

10 sin(0.25𝜋𝑛) 𝑢 𝑛 𝑧−𝑛

= 10.
𝑧 sin 𝑎

𝑧2−2𝑧 cos 𝑎+1

= 10.
𝑧 sin 0.25𝜋

𝑧2−2𝑧 cos 0.25𝜋+1
=

7.07𝑧

𝑧2−1.414𝑧+1

𝑋2 𝑧 = 

𝑛=−∞

∞

𝑒−0.1𝑛 cos(0.25𝜋𝑛) 𝑢 𝑛 𝑧−𝑛

=
𝑧(𝑧−𝑒−𝑎 cos(𝑏))

𝑧2+(2𝑒−𝑎 cos(𝑏))𝑧+𝑒−2𝑎
=

𝑧(𝑧−𝑒−0.1 cos(0.25𝜋))

𝑧2+(2𝑒−0.1 cos(0.25𝜋))𝑧+𝑒−0.2

=
𝑧(𝑧 − 0.6397)

𝑧2 − 1.2794𝑧 + 0.8187

𝑎 = 0.25𝜋

𝑎 = 0.1

𝑏 = 0.25𝜋



Example 3Example 3 Find the Z-Transform of the following signalFind the Z-Transform of the following signal

𝑥 𝑛 = 3 0 0 0 0 6 1 − 4

SolutionSolution



Example 4Example 4 Find the Z-Transform of the following signal’s ConvolutionFind the Z-Transform of the following signal’s Convolution

SolutionSolution



Example 5Example 5 Prove thatProve that

SolutionSolution

𝑎𝑧 sin 𝑏

𝑧2 − 2𝑎𝑧 cos 𝑏 + 𝑎2
=

𝑎𝑧−1 sin 𝑏

1 − 2𝑎𝑧−1 cos 𝑏 + 𝑎2𝑧−2

⇒
𝑎𝑧−1 sin 𝑏

1 − 2𝑎𝑧−1 cos 𝑏 + 𝑎2𝑧−2
𝑥
𝑧2

𝑧2

=
𝑎𝑧−1+2 sin 𝑏

1𝑧2−2𝑎𝑧−1+2 cos 𝑏+𝑎2𝑧−2+2

=
𝑎𝑧1 sin 𝑏

𝑧2 − 2𝑎𝑧1 cos 𝑏 + 𝑎2𝑧0
=

𝑎𝑧 sin 𝑏

𝑧2 − 2𝑎𝑧 cos 𝑏 + 𝑎2



Inverse Z-TransformInverse Z-Transform

Example 6Example 6

SolutionSolution

Find the Inverse Z-Transform of the followingFind the Inverse Z-Transform of the following



Example 7Example 7

SolutionSolution

Find the Inverse Z-Transform of the followingFind the Inverse Z-Transform of the following



Example 8Example 8

SolutionSolution



Example 9Example 9 Find x(n) Find x(n) 
𝑋 𝑧 =

𝑧2

(𝑧 − 2)(𝑧 − 3)

SolutionSolution

𝐴 = 𝑧 − 2 ඐ
𝑧

𝑧 − 2 𝑧 − 3 𝑧=2

: 𝐵 = 𝑧 − 3 ඐ
𝑧

𝑧 − 2 𝑧 − 3 𝑧=3

𝐴 = ቕ
𝑧

𝑧 − 3 𝑧=2
: 𝐵 = ቕ

𝑧

𝑧 − 2 𝑧=3
𝐴 = −2:𝐵 = 3

𝑋 𝑧

𝑧
=

𝑧

(𝑧 − 2)(𝑧 − 3)
=

𝐴

𝑧 − 2
+

𝐵

𝑧 − 3

𝑋 𝑧

𝑧
=

−2

𝑧 − 2
+

3

𝑧 − 3
⇒ 𝑋 𝑧 =

−2𝑧

𝑧 − 2
+

3𝑧

𝑧 − 3



𝑋 𝑧 =
−2𝑧

𝑧 − 2
+

3𝑧

𝑧 − 3

𝑥 𝑛 = 𝒛−𝟏 (
−2𝑧

𝑧 − 2
) + 𝒛−𝟏(

3𝑧

𝑧 − 3
)

𝑥 𝑛 = −2𝒛−𝟏 (
𝑧

𝑧 − 2
) + 3𝒛−𝟏(

𝑧

𝑧 − 3
)

𝑥 𝑛 = −2𝑥2𝑛𝒖(𝒏) + 3𝑥3𝑛𝒖(𝒏)

𝑥 𝑛 = −2𝑛+1𝒖(𝒏) + 3𝑛+1𝒖(𝒏)



Example 10Example 10

SolutionSolution



r = √(x2 + y2) 
θ = tan-1 (y/x)



Example 11Example 11

SolutionSolution

Find the Inverse Z-Transform of the followingFind the Inverse Z-Transform of the following

+





𝑥 𝑛 =
1

𝑚 − 1 !

𝑑𝑚−1

𝑑𝑧𝑚−1
ቚ((𝑧 − 𝑎)𝑚𝑧𝑛−1𝑋(𝑧))
𝑧=𝑎

𝑥 𝑛 =𝑟𝑒𝑠𝑖𝑑𝑢𝑒𝑠 𝑜𝑓 𝑋 𝑧 . 𝑋(𝑧) ቚ𝑧𝑛−1
𝑎𝑡 𝑡ℎ𝑒 𝑝𝑜𝑙𝑒

Multiple poles (m)

Simple pole



𝑋 𝑧 =
𝑧18

(𝑧 − 1/2)(𝑧 − 1)(𝑧 − 4)
𝑅𝑂𝐶 = 𝑍 = 1

Example 12Example 12

SolutionSolution

Find the x(-16) valueFind the x(-16) value

Using the Residue MethodUsing the Residue Method

𝑥 𝑛 =𝑟𝑒𝑠𝑖𝑑𝑢𝑒𝑠 𝑜𝑓 𝑋 𝑧 . 𝑋(𝑧) ቚ𝑧𝑛−1
𝑎𝑡 𝑡ℎ𝑒 𝑝𝑜𝑙𝑒

𝑥 𝑛 = 𝑧 −
1

2 එ
𝑧18𝑧𝑛−1

𝑧 −
1
2

𝑧 − 1 𝑧 − 4
𝑧=

1
2

+ 𝑧 − 1 එ
𝑧18𝑧𝑛−1

𝑧 −
1
2

𝑧 − 1 𝑧 − 4
𝑧=1

+ 𝑧 − 4 
𝑧18𝑧𝑛−1

𝑧−
1

2
𝑧−1 𝑧−4

𝑧=4



𝑥 𝑛 = ቕ
𝑧18𝑧𝑛−1

𝑧−1 𝑧−4 𝑧=
1

2

+ 
𝑧18𝑧𝑛−1

𝑧−
1

2
𝑧−4

𝑧=1

+ 
𝑧18𝑧𝑛−1

𝑧−
1

2
𝑧−1

𝑧=4

Since Since 𝑅𝑂𝐶 = 𝑍 = 1

𝑥 𝑛 = එ
𝑧18𝑧𝑛−1

𝑧 −
1
2

𝑧 − 4
𝑧=1

=
1181𝑛−1

(1 − 1/2)(1 − 4)
=
1𝑛−1

3/2

We want x(-16)We want x(-16)

𝑥 −16 =
1−16−1

3/2
=
2

3



Example 13Example 13 Find x(n) Find x(n) 

𝑋 𝑧 =
2𝑧2 + 11𝑧

2𝑧2 − 3𝑧 − 2

SolutionSolution

𝑋 𝑧 =
2𝑧2 + 11𝑧

2𝑧2 − 3𝑧 − 2
=

𝑧(2𝑧 + 11)

(2𝑧 + 1)(𝑧 − 2)

𝑥 𝑛 =𝑟𝑒𝑠𝑖𝑑𝑢𝑒𝑠 𝑜𝑓 𝑋 𝑧 . 𝑋(𝑧) ቚ𝑧𝑛−1
𝑎𝑡 𝑡ℎ𝑒 𝑝𝑜𝑙𝑒



𝑥(𝑛) =
𝑧(2𝑧 + 11)

(2𝑧 + 1)(𝑧 − 2)

𝑥 𝑛 = 2𝑧 + 1 
𝑧(2𝑧 + 11)𝑧𝑛−1

2𝑧 + 1 𝑧 − 2
𝑧=−

1
2

+ 𝑧 − 2 
𝑧(2𝑧 + 11)𝑧𝑛−1

2𝑧 + 1 𝑧 − 2
𝑧=2

𝑥 𝑛 = 𝑧𝑛
(2𝑧 + 11)

𝑧 − 2
𝑧=−

1
2

+ 𝑧𝑛 
(2𝑧 + 11)

2𝑧 + 1
𝑧=2

𝑥 𝑛 = −1/2𝑛
(2𝑥 −

1
2
) + 11

−
1
2
− 2

+ 2𝑛
2𝑥2 + 11

2. 𝑥2 + 1
= −1/2𝑛

10

−2.5
+ 2𝑛

15

5

𝑥 𝑛 = 3. 2𝑛 − 4 −
1

2

𝑛

𝑢(𝑛)



Home Work (Due date 18-11-2023)
Q1: Find the Z-Transform of the Signals

1 𝑥 𝑛 = 1 0 1 0 1 0

𝑥 𝑛 = −1 0 1 0 − 1 02



Home Work

Q2: Find the x(1) 

𝑋 𝑧 =
𝑧4

(𝑧 − 4) (𝑧 + 3)

Q3: Find the Inverse Z-Transform for



Extra Home Work (Choose either Q4 or Q5)

Q4: Find the Inverse Z-Transform Using Partial Fraction 
Method

Q5: Compute the unit step response of the system with 
impulse response

ℎ 𝑛 = ቐ
3𝑛 𝑛 < 0

(
2

5
)𝑛 𝑛 ≥ 0



Digital Signal Processing I

Lec. Dr. Taif Alawsi

University of Technology

Laser & Optoelectronics 

Engineering Department

Lec. 6: Discrete-Time Fourier Transform (DTFT): 2024-Nov-03



Lecture Outline

2

1. DTFT
2. Table & Properties
3. Inverse DTFT Methods
4. Frequency Response
5. Group Delay
6. HW



DTFT-Transform

𝑋 𝑒𝑗𝜔 = 

𝑛=−∞

∞

𝑥(𝑛)𝑒−𝑗𝑛𝜔

𝑋 𝑒𝑗𝜔 = 

𝑛=−𝑁

𝑁

𝑥(𝑛)𝑒−𝑗𝑛𝜔

= 𝑥 −𝑁 𝑒𝑗𝑁𝜔 + 𝑥 −(𝑁 − 1) 𝑒−𝑗(𝑁−1)𝜔 +⋯+ 𝑥 0 𝑒0

+ 𝑥 1 𝑒−𝑗𝜔 + 𝑥 2 𝑒−𝑗2𝜔 +⋯+ 𝑥 𝑁 𝑒−𝑗𝑁𝜔

General Formula

From –N to N



𝑋 𝑒𝑗𝜔 = 

𝑛=0

𝑁

𝑥(𝑛)𝑒−𝑗𝑛𝜔

= 𝑥 0 𝑒0 + 𝑥 1 𝑒−𝑗𝜔 + 𝑥 2 𝑒−𝑗2𝜔 +⋯+ 𝑥 𝑁 𝑒−𝑗𝑁𝜔

From 0 to N



EX-1: Find the DTFT for the following signal

𝑥 𝑛 = {1 3 − 2 5 2}

𝑋 𝑒𝑗𝜔 = 

𝑛=0

4

𝑥(𝑛)𝑒−𝑗𝑛𝜔

= 𝑥 0 𝑒0 + 𝑥 1 𝑒−𝑗𝜔 + 𝑥 2 𝑒−𝑗2𝜔 + 𝑥 3 𝑒−𝑗3𝜔 + 𝑥 4 𝑒−𝑗4𝜔

𝑋 𝑒𝑗𝜔 = 1𝑒0 + 3𝑒−𝑗𝜔 − 2𝑒−𝑗2𝜔 + 5𝑒−𝑗3𝜔 + 2𝑒−𝑗4𝜔

𝑋 𝑒𝑗𝜔 = 1 + 3𝑒−𝑗𝜔 − 2𝑒−𝑗2𝜔 + 5𝑒−𝑗3𝜔 + 2𝑒−𝑗4𝜔

Solution



EX-2: Find the DTFT for the following signals

Solution Solution



DTFT TABLE



DTFT PROPERTIES



INVERSE DTFT

EX-3



EX -4

EX -5



EX -6



SOL



EX -7



SOL

EX-8



Sol



EX-9



Sol



EX-10



EX-11



Sol



EX-12 FIND THE GROUP VELOCITY

SOL



EX-13 FIND THE DTFT

SOL



Home Work
Q1: Find the DTFT of the Signal

Q2: Find the Group delay

3M

3M



Home Work
Q3: Find the frequency response for the below system

ℎ1(𝑛)ℎ1(𝑛)

ℎ2(𝑛)

ℎ3(𝑛) ℎ4(𝑛) ℎ5(𝑛)

ℎ6(𝑛)

𝑥(𝑛)

𝑦(𝑛)

ℎ1(𝑛) = 𝛿 𝑛 − 2 + 𝛿(𝑛 + 4)

ℎ2(𝑛) = 4𝛿 𝑛 − 2 + 3𝛿(𝑛 + 3)

ℎ3 𝑛 = ℎ4 𝑛 = (0.2)𝑛𝑢(𝑛)

ℎ5 𝑛 = ℎ6 𝑛 = (0.1)𝑛𝑢(𝑛)

10M



Digital Signal Processing I

Lec. Dr. Taif Alawsi
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Engineering Department

Lec. 7: Sampling and Quantization: 2024-Nov-10



Lecture Outline

2

1. Sampling
2. Recovering
3. Aliasing
4. Bandpass Signal
5. Quantization
6. HW



SamplingSampling
Is the Process of Reduction of a Continuous-Time Signal to a 
Discrete-Time Signal



m(t)

t

M(𝝎)

𝝎
0 𝝎𝒎−𝝎𝒎

Bandlimited Signal: The 
Message have a Non-Zero 
Fourier Transform for a 
limited Period

𝝎𝒎: Maximum Frequency 
Component of the Message 
Signal

M(𝝎): Fourier Transform of the 
Original Message m(t)

0



m(t)

t

SamplerSampler

c(t)

t

0

0 𝑻𝒔 𝟐𝑻𝒔 𝟑𝑻𝒔−𝟑𝑻𝒔−𝟐𝑻𝒔−𝑻𝒔

𝑻𝒔: Sampling 
Period \ Sampling 
Interval

c(t): Periodic 
Impulse Train

Sampling 
Frequency

𝜔𝑠 =
2𝜋

𝑇𝑠𝑐 𝑡 = 

𝑛=−∞

∞

𝛿(𝑡 − 𝑛𝑇𝑠)



m(t)

t

SamplerSampler
c(t)

t

0

0 𝑻𝒔 𝟐𝑻𝒔 𝟑𝑻𝒔−𝟑𝑻𝒔−𝟐𝑻𝒔−𝑻𝒔

s(t)=m(t) . c(t)

t0 𝑻𝒔 𝟐𝑻𝒔 𝟑𝑻𝒔 𝟒𝑻𝒔 𝟓𝑻𝒔−𝑻𝒔−𝟐𝑻𝒔



We want to evaluate the Fourier Transform of the Sampled Signal

𝑠 𝑡 = 𝑚 𝑡 . 𝑐(𝑡)

𝑆 𝜔 =
1

2𝜋
(𝑀 𝜔 ∗ 𝐶 𝜔 )

𝐶 𝜔 = 𝜔𝑠 

𝑛=−∞

∞

𝛿(𝜔 − 𝑛𝜔𝑠)

𝑆 𝜔 =
1

2𝜋
(𝑀 𝜔 ∗ 𝜔𝑠 

𝑛=−∞

∞

𝛿(𝜔 − 𝑛𝜔𝑠))

𝑆 𝜔 =
𝜔𝑠
2𝜋

(𝑀 𝜔 ∗ 

𝑛=−∞

∞

𝛿(𝜔 − 𝑛𝜔𝑠))

𝑆 𝜔 =
1

𝑇𝑠
( 

𝑛=−∞

∞

𝑀 𝜔 ∗ 𝛿(𝜔 − 𝑛𝜔𝑠))

𝑆 𝜔 =
1

𝑇𝑠
( 

𝑛=−∞

∞

𝑀 𝜔 − 𝑛𝜔𝑠 )

1

2

3

4

5

6

7



The Fourier Transform of the Sampled Signal

𝑆 𝜔 =
1

𝑇𝑠
(…+ 𝑀 𝜔 + 𝜔𝑠 +𝑀 𝜔 +𝑀 𝜔 −𝜔𝑠 +⋯)8

S(𝝎)

𝝎
0 𝝎𝒎−𝝎𝒎 𝝎𝒔

𝝎𝒔 −𝝎𝒎 𝝎𝒔 +𝝎𝒎

−𝝎𝒔

−(𝝎𝒔 −𝝎𝒎)−(𝝎𝒔 +𝝎𝒎)

𝝎𝒔 −𝝎𝒎 > 𝝎𝒎𝝎𝒔 −𝝎𝒎 > 𝝎𝒎 𝝎𝒔 > 𝟐𝝎𝒎𝝎𝒔 > 𝟐𝝎𝒎

𝑩𝒂𝒏𝒅 𝑮𝒂𝒑𝑩𝒂𝒏𝒅 𝑮𝒂𝒑
𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅

𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅



𝑆 𝜔 =
1

𝑇𝑠
(…+ 𝑀 𝜔 + 𝜔𝑠 +𝑀 𝜔 +𝑀 𝜔 −𝜔𝑠 +⋯)

S(𝝎)

𝝎
0 𝝎𝒎−𝝎𝒎 𝝎𝒔

𝝎𝒔 −𝝎𝒎 𝝎𝒔 +𝝎𝒎

−𝝎𝒔

−(𝝎𝒔 −𝝎𝒎)−(𝝎𝒔 +𝝎𝒎)

𝝎𝒔 −𝝎𝒎 = 𝝎𝒎𝝎𝒔 −𝝎𝒎 = 𝝎𝒎

𝝎𝒔 = 𝟐𝝎𝒎𝝎𝒔 = 𝟐𝝎𝒎

𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅

𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅



𝑆 𝜔 =
1

𝑇𝑠
(…+ 𝑀 𝜔 + 𝜔𝑠 +𝑀 𝜔 +𝑀 𝜔 −𝜔𝑠 +⋯)

S(𝝎)

𝝎
0 𝝎𝒎−𝝎𝒎 𝝎𝒔

𝝎𝒔 −𝝎𝒎 𝝎𝒔 +𝝎𝒎

−𝝎𝒔

−(𝝎𝒔 −𝝎𝒎)−(𝝎𝒔 +𝝎𝒎)

𝝎𝒔 −𝝎𝒎 < 𝝎𝒎𝝎𝒔 −𝝎𝒎 < 𝝎𝒎

𝝎𝒔 < 𝟐𝝎𝒎𝝎𝒔 < 𝟐𝝎𝒎

𝑶𝒗𝒆𝒓𝒍𝒂𝒑𝒑𝒊𝒏𝒈𝑶𝒗𝒆𝒓𝒍𝒂𝒑𝒑𝒊𝒏𝒈 𝑨𝒍𝒊𝒂𝒔𝒊𝒏𝒈𝑨𝒍𝒊𝒂𝒔𝒊𝒏𝒈 𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒏𝒐𝒕 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅

𝑺𝒊𝒈𝒏𝒂𝒍 𝑪𝒂𝒏 𝒏𝒐𝒕 𝒃𝒆
𝑹𝒆𝒄𝒐𝒗𝒆𝒓𝒆𝒅



𝑩𝒂𝒏𝒅𝒑𝒂𝒔𝒔 𝑺𝒊𝒈𝒏𝒂𝒍𝑩𝒂𝒏𝒅𝒑𝒂𝒔𝒔 𝑺𝒊𝒈𝒏𝒂𝒍
M(f)

f0

A Bandpass Signal can be recovered from its Sampled Signal if

𝑓𝑠 =
2𝑓𝐻
𝑘

𝒇𝑳 𝒇𝑯−𝒇𝑯 −𝒇𝑳
𝐵𝑊 = 𝑓𝐻 − 𝑓𝐿𝐵𝑊 = 𝑓𝐻 − 𝑓𝐿

𝑘 =
𝑓𝐻
𝐵𝑊

𝑓𝑠 = 2𝐵𝑊



𝑬𝒙𝒂𝒎𝒑𝒍𝒆𝑬𝒙𝒂𝒎𝒑𝒍𝒆

A Bandpass message signal extends from 4-6 KHz. What is the smallest 
sampling frequency required to retain the signal completely?

𝐵𝑊 = 𝑓𝐻 − 𝑓𝐿 = 6 𝐾𝐻𝑧 − 4 𝐾𝐻𝑧 = 2 𝐾𝐻𝑧𝐵𝑊 = 𝑓𝐻 − 𝑓𝐿 = 6 𝐾𝐻𝑧 − 4 𝐾𝐻𝑧 = 2 𝐾𝐻𝑧

𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

𝑓𝑠 = 2𝐵𝑊 = 2𝑥2𝐾𝐻𝑧 = 4𝐾𝐻𝑧𝑓𝑠 = 2𝐵𝑊 = 2𝑥2𝐾𝐻𝑧 = 4𝐾𝐻𝑧



𝑸𝒖𝒂𝒏𝒕𝒊𝒛𝒂𝒕𝒊𝒐𝒏𝑸𝒖𝒂𝒏𝒕𝒊𝒛𝒂𝒕𝒊𝒐𝒏

Is the Process of Fixating the Amplitude values of Sampled Signal for a 
specified number of Bit Depth



𝑸𝒖𝒂𝒏𝒕𝒊𝒛𝒂𝒕𝒊𝒐𝒏 𝑷𝒓𝒐𝒄𝒆𝒅𝒖𝒓𝒆𝑸𝒖𝒂𝒏𝒕𝒊𝒛𝒂𝒕𝒊𝒐𝒏 𝑷𝒓𝒐𝒄𝒆𝒅𝒖𝒓𝒆

1- Sample the Signal for Ts Period

2- Find the Corresponding X values for each selected sample

3- Define the Bit Depth (n)

4- Calculate the number of Quantized levels (L) 𝑳 = 𝟐𝒏

5- Calculate the Step-Size (𝚫) 𝚫 =
𝑿𝒎𝒂𝒙−𝑿𝒎𝒊𝒏

𝑳

6- Evaluate the Index Value (I) 𝑰 = 𝑹𝒐𝒖𝒏𝒅(
𝑿−𝑿𝒎𝒊𝒏

𝚫
)

7- Calculate the Quantized Magnitude 𝑿𝒒= 𝑿𝒎𝒊𝒏 + 𝑰𝚫

8- Repeat Step 6 and 7 for each X value



𝑬𝒙𝒂𝒎𝒑𝒍𝒆𝑬𝒙𝒂𝒎𝒑𝒍𝒆

For the Analog Signal X(t) find the Quantized Digital Signal 
for Bit depth of 2 and Sampling Time = 1 Sec
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-0.8

-0.6

-0.4

-0.2

0

0.2

0.4

0.6

0.8

1

0 1 2 3 4 5 6

SIne Wave
𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

𝑥(𝑡)

𝑡

𝑺𝒕𝒆𝒑 #𝟏𝑺𝒕𝒆𝒑 #𝟏



𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

t x(t)

0 0

1 0.84

2 0.90

3 0.14

4 -0.75

5 -0.95

6 -0.27

𝑺𝒕𝒆𝒑 #𝟐𝑺𝒕𝒆𝒑 #𝟐



𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

1- 𝒏 = 𝟐

2- 𝑳 = 𝟐𝒏 = 𝟐𝟐 = 𝟒

3- 𝚫 =
𝑿𝒎𝒂𝒙−𝑿𝒎𝒊𝒏

𝑳
=

𝟏−(−𝟏)

𝟒
= 𝟎. 𝟓

4- 𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅

𝟎− −𝟏

𝟎.𝟓
= 𝑹𝒐𝒖𝒏𝒅 𝟐 = 𝟐

5- 𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓 ∗ 𝟐 = 𝟎

𝒇𝒐𝒓 𝒕 = 𝟎; 𝒙 = 𝟎𝒇𝒐𝒓 𝒕 = 𝟎; 𝒙 = 𝟎



𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅

𝑿+𝟏

𝟎.𝟓
= 𝑹𝒐𝒖𝒏𝒅 𝟑. 𝟔𝟖 = 4
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = 𝟏

𝒇𝒐𝒓 𝒕 = 𝟏; 𝒙 = 𝟎. 𝟖𝟒𝒇𝒐𝒓 𝒕 = 𝟏; 𝒙 = 𝟎. 𝟖𝟒

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅 𝟐(𝒙 + 𝟏)

= 𝑹𝒐𝒖𝒏𝒅 𝟑. 𝟖 = 4
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = 𝟏

𝒇𝒐𝒓 𝒕 = 𝟐; 𝒙 = 𝟎. 𝟗𝒇𝒐𝒓 𝒕 = 𝟐; 𝒙 = 𝟎. 𝟗



𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅 𝟐(𝒙 + 𝟏)

= 𝑹𝒐𝒖𝒏𝒅 𝟐. 𝟐𝟖 = 2
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = 𝟎

𝒇𝒐𝒓 𝒕 = 𝟑; 𝒙 = 𝟎. 𝟏𝟒𝒇𝒐𝒓 𝒕 = 𝟑; 𝒙 = 𝟎. 𝟏𝟒

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅 𝟐(𝒙 + 𝟏)

= 𝑹𝒐𝒖𝒏𝒅 𝟎. 𝟓 = 1
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = −𝟎. 𝟓

𝒇𝒐𝒓 𝒕 = 𝟒; 𝒙 = −𝟎. 𝟕𝟓𝒇𝒐𝒓 𝒕 = 𝟒; 𝒙 = −𝟎. 𝟕𝟓



𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏𝑺𝒐𝒍𝒖𝒕𝒊𝒐𝒏

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅 𝟐(𝒙 + 𝟏)

= 𝑹𝒐𝒖𝒏𝒅 𝟎. 𝟏 = 0
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = −𝟏

𝒇𝒐𝒓 𝒕 = 𝟓; 𝒙 = −𝟎. 𝟗𝟓𝒇𝒐𝒓 𝒕 = 𝟓; 𝒙 = −𝟎. 𝟗𝟓

𝑰 = 𝑹𝒐𝒖𝒏𝒅
𝑿−𝑿𝒎𝒊𝒏

𝚫
= 𝑹𝒐𝒖𝒏𝒅 𝟐(𝒙 + 𝟏)

= 𝑹𝒐𝒖𝒏𝒅 𝟏. 𝟒𝟔 = 1
𝑿𝒒 = 𝑿𝒎𝒊𝒏 + 𝑰𝚫 = −𝟏 + 𝟎. 𝟓𝑰 = −𝟎. 𝟓

𝒇𝒐𝒓 𝒕 = 𝟔; 𝒙 = −𝟎. 𝟐𝟕𝒇𝒐𝒓 𝒕 = 𝟔; 𝒙 = −𝟎. 𝟐𝟕
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Home Work
Q1: Sketch with numbers the sampling signal for           
𝑇𝑠 =

𝜋

2
sec

5M
M(𝝎)

𝝎
0 10-10



Home Work
10MQ2: For the Analog Signal X(t) find the Quantized Digital 

Signal for Bit depth of 4 and Sampling Time = 0.25 Sec
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Digital Signal Processing I

Lec. Dr. Taif Alawsi

University of Technology

Laser & Optoelectronics 

Engineering Department

Lec. 8: Digital Filtering: 2024-Nov-17



Lecture Outline

2

1. Digital Filtering
2. Filter Types
3. Window Functions
4. Low Pass Filter
5. Kaiser Filter
6. Butterworth Filter
7. Chebyshev Filter



Digital FilteringDigital Filtering



MATLABMATLAB



Filter TypesFilter Types



Filter ShapesFilter Shapes





Filter EquationsFilter Equations







Digital WindowsDigital Windows



Window ParametersWindow Parameters



Ex-1Ex-1



Kaiser Window

Design EquationsDesign Equations





+

Ex-2Ex-2





Design EquationsDesign Equations



ProcedureProcedure

Design EquationsDesign Equations





Ex-3Ex-3





Procedure 2 PolesProcedure 2 Poles

Design EquationsDesign Equations



Ex-4Ex-4



Chebyshev filter



Design EquationsDesign Equations



Design EquationsDesign Equations



Ex-5Ex-5





Home Work
Q1: Design a Low-Pass Butterworth Filter with 
𝛿𝑝 = 𝛿𝑠 = 0.2 and fs = 35 KHz, fp=5 KHz 10 M

Q2: Determine the poles of type I low pass 
Chebyshev Filter that has 0.2 dB ripple in the 
bandpass, cutoff frequency 200 𝜋 stopband 
frequency 400 𝜋 and attenuation of 60 dB for 
Ω ≥ Ω𝑠

10 M
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Signal processing is everywhere

Plot Symbols

Signal Generation

Why MATLAB

Subplot

Z-Transform Convolution

MATLAB Simulink



Signal processing is everywhere
Communication &Radar Medical Devices GPS

Audio
Financial Analytics



Easy to use

Why MATLAB?

Visualization

DSP Toolbox
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t=0:1:10

xt=sin (2*pi*t);

plot(t,xt);

Signal Generation   Signal Generation   

t=0:0.01:10

xt=sin (2*pi*t);

plot(t,xt);



t=0:0.01:10

xt=sin (2*pi*t);

yt=cos (2*pi*t);

plot(t,xt);

hold on

plot(t,yt);

hold off

t=0:0.01:10

xt=sin (2*pi*t);

yt=cos (2*pi*t);

plot(t,xt);

hold on

plot(t,yt);

legend('sin', 'cos');

hold off



t=0:0.01:10

xt=sin (2*pi*t+pi);

yt=cos (2*pi*t);

plot(t,xt);

hold on

plot(t,yt);

xlabel('-->t');

ylabel('--> Amplitude');

title('signals');

legend('sin', 'cos');

axis([t(1) t(end) -1.2 1.2]);

hold off



Plot symbols and colors may be obtained with

PLOT(X,Y,S) where S is a character string made from one element from 

any or all the following 3 columns:



t=0:0.01:10

xt=sin (2*pi*t);

yt=cos (2*pi*t);

plot(t,xt,'go:');

hold on

plot(t,yt,'kx-.');

xlabel('-->t');

ylabel('--> Amplitude');

title('signals');

legend('sin', 'cos');

axis([t(1) t(end) -1.2 1.2]);

hold off



t=0:0.01:10

xt=sin (2*pi*t);

yt=cos (2*pi*t);

plot(t,xt,'go:','Linewidth',12);

hold on

plot(t,yt,'kx-.');

xlabel('-->t');

ylabel('--> Amplitude');

title('signals');

legend('sin', 'cos');

axis([t(1) t(end) -1.2 1.2]);

hold off



Subplot(m,n,p) 

t=0:0.01:10

xt=sin (2*pi*t);

yt=cos (2*pi*t);

subplot(1,2,1);

plot(t,xt);

subplot(1,2,2);

plot(t,yt);



clc

syms z

F = 1/4^n;

X=ztrans(F)

%x=z/(z - 1/4)

%a=[1 0]

%b=[1 -1/4]

%zplane(a,b)

Z-Transform



x=[21 12 30 6 -10 1];

x_x=-3:2; % x_x=Min:Max value

h=[-1/3 1 1/4];

x_h=3:5; % x_h=Min:Max value

y=conv(x,h);
x_y= (x_x(1)+x_h(1)):(x_x(end)+x_h(end));

figure

subplot(3,1,1)

stem(x_x,x)

subplot(3,1,2)

stem(x_h,h)

subplot(3,1,3)

stem(x_y,y)

Convolution



MATLAB Simulink 

1=Sum (Gain & Delay)

2=Original Signal

3=Delay

4=Gain

1

2

3

4



Simulink Result 



Home Work

1- Use MATLAB Code to Generate a Convolution Operation

x={25 16 -30 6 -1 19 5}

h={1/3 0 -1/4}

2- Use MATLAB Code to Generate Z-Transform Operation

F = 1/3^n  

X z =
−2𝑧

𝑧 − 2
+

3𝑧

𝑧 − 3

3- Use MATLAB Code to Generate Inverse Z-Transform
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