NEUB CSE 431 Lecture 6: Intro to Digital Signal Processing and Sampling
Signals Systems and Signal Processing
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If a continuous time analog signal is discretized in time axis signal becomes Discrete Time Analog
(DTA) signal.
Analog signal can take any value in the y-axis in a given range.
Signals can be also classified as
• Natural signal
• Synthetic signal
According to dimension signal can be classified as
• 1D , 2D, 3D, 4D
See details about
Signal can also be
signals and systems
• Periodic or Aperiodic
from lecture 1
• Energy signal or Power signal
• Deterministic or Probabilistic
• Even or Odd
• Casual, Anti-Causal or Non-Causal
A system is a practical device that performs an operation on a signal to modify the signal or extract
additional information from it. A system may be electrical, mechanical, thermal, hydraulic or an
algorithm.
By signal processing we mean the type of operations that is performed by the system to the signal.
Digital signal processing is concerned with the digital representation of signals and the use of digital
processors to analyze, modify, or extract information from signals. The signals used in most DSP are
derived from analog signals which have been sampled at regular intervals and converted into a
digital form. DSP is now used in many areas where analog methods were previously used and in
applications which are difficult or impossible with analog method.
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A signal is a function of one or more independent variables that usually represent time and/ or
space. A signal contains some kind of information that can be conveyed, displayed, or manipulated.
Examples of signals of particular interests are:
• Speech, which we encounter in telephony, radio, and everyday life.
• Biomedical signals, such as electrocardiogram
• Sound and music, such as reproduced by CD player
• Video and image, which people watch on television
• Radar signals, which are used to determine the range and bearing of distant targets
Broadly signal can be classified as
• Analog signal
• Digital signal
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Signal processing is broadly classified into three areas
• Analog Signal Processing (ASP)
• Digital Signal Processing (DSP)
• Mixed Signal Processing (MSP)
Signal processing involves many mathematical operations.
For Analog Signal Processing operations includes
• Time shifting
• Time Scaling
• Time reversal
For Digital Signal Processing operations includes
• Addition
• Multiplication
• Delay
• Time reversal (Folding)
Application of DSP
Application area of DSP includes
• Manipulation of video or audio
• Editing a photo
• Editing a video
• Manipulation and predicting weather data
• Computer operation
DSP has revolutionized many areas of science and engineering. They are summarized below:
➢ Measurements and analysis: Preconditioning the measured signal by rejecting the
disturbing noise and interference. The digital filters can be found in ECG and EEG equipment
to record the weak signals in the presence of heavy background noise and interference. DSP
techniques are also used for the analysis of radar and sonar echoes. In most GPS receivers
today advanced DSP techniques are employed to enhance resolution and reliability. [+
patient monitoring, X-ray storage, enhancement]
➢ Telecommunications: DSP is used in telephone systems for DTMF (dual-tone multifrequency) signaling, echo cancelling of telephone lines, equalizers for high-speed telephone
modems, etc. Error-correcting codes are used to protect digital signals from bit errors during
data trans-missions. Data compression algorithms are utilized to reduce the number of data
bits to represent given information. DSP is used for speech coding in GSM (global system for
mobile communication) telephones, in modulators and demodulators etc. [+video
conferencing, data communication]
➢ Audio and television: Digital signal processing is mandatory in CD players, digital audio tape
(DAT) and digital compact cassette (DCC) recorder. Digital methods are also used in digital
audio broadcasting (DAB). HDTV systems are utilizing lots of digital image processing
techniques.
➢ Digital image processing: Digital image processing is used for restoring blurred or distorted
images, data compression, identification and analysis of pictures and photos. [+pattern
recognition, satellite weather map, facsimile]
➢ Automotive: In automotive business DSP is used for control purposes. For example, ignition
and injection control system, intelligent suspension system, anti-skid brakes, climate control
systems, intelligent cruise controllers, airbag controllers etc. Some speech recognition and
speech synthesis are being tasted in automobiles. Experiments have been performed for
background noise cancellation in cars using adaptive digital filters.
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Advantage of DSP over ASP
The main attractions of DSP are due to the following advantages:
• Digital signal can withstand channel noise and distortion much better than analog signal.
• Repeaters can be used for long distance digital communication
• Digital system can be easily modified with software that implements the specific
applications.
• Digital signals can be coded to reduce error rate.
• Storage of digital signal is easy and inexpensive and does not deteriorate with age.
• Reproduction of digital messages is extremely reliable without distortion
• DSP allows sophisticated applications such as speech recognition and image compression to
be implemented with low power portable devices
• The accuracy is only determined by the number of bits used.
• No drift in performance with temperature or age
• Linear phase response can be achieved and complex adaptive filtering algorithms can be
implemented using DSP techniques.
Disadvantages of DSP
DSP designs can be expensive when large bandwidth signals are involved. The ADCs/ DACs may not
have sufficient resolution for wide bandwidth DSP applications. In some DSP systems if an
insufficient number of bits are used to represent variables serious degradation in system
performance may result.
Analog Signal Processing and Digital Signal Processing
The block diagram below shows the general scheme of analog signal processing where analog signal
processor directly works on analog signal to produce output which is also an analog signa.

Figure 1 Analog signal processing

Real life signals are all analog signals so using Digital Signal Processor means we have to somehow
convert the analog signal to digital signal and vice versa. For this purpose, we need to use ADC
(Analog to Digital Converter) and DAC (Digital to Analog Converter).
The block diagram below shows the general scheme for a digital signal processing system which
operates on analog signal.

Figure 2 Block diagram of a digital signal processing system.

Figure 3 Basic parts of an analog to digital converter
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Generation of Digital signal
The block diagram below shows the steps in generation of digital signal form an analog signal
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The block diagram below shows the steps in digital signal processing of analog signa
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Figure 4 Digital signal processing of analog signal

Digital Signal
A digital signal can be represented by
𝑥[𝑛] = {… , −1, 0, 1, 2, 3, 4, … }

If the length of a sequence is the total number of samples in the sequence. If n goes from -ve infinity
to +ve infinity, then it is called infinite sequence.
IF length of a sequence is definite it is called a finite length sequence.
If a signal is only present in the right side, it is called a Right sided signal (Sequence) (RSS)
If a signal is only present in left side, it is called Left sided signal (Sequence) (LSS)

Figure 5 Right sided and Left sided signal

Even and odd signal
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Figure 6 Even and Odd signal

An even sequence is one whose left side is the mirror image of the right side. If centering at n = 0,
you have the same amplitude at n = 1 and n = –1, same amplitude at n = 2 and n = – 2, and so on,
then it is an even signal. In other words, an even signal xe(n) is the same as xe(–n). On the other hand
an odd signal is one in which the signal xo(n) is the negative of xo(–n).
𝑥𝑒 [𝑛] = 𝑥𝑒 [−𝑛]
and
𝑥𝑜 [𝑛] = −𝑥𝑜 [−𝑛]
Any signal can be decomposed into odd and even part
𝑥[𝑛] = 𝑥𝑒 [𝑛] + 𝑥𝑜 [𝑛]
The even and the odd part can be found using the following formula.
𝑥[𝑛] + 𝑥[−𝑛]
𝑥[𝑛] − 𝑥[−𝑛]
𝑥𝑒 [𝑛] =
and
𝑥𝑜 [𝑛] =
2
2
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Periodic signal
A signal x(n) is said to be periodic if x(n) = x(n + kN) where N is the smallest positive integer; it means
that x(n) repeats after every N samples. And the smallest N for the validity of this relation is called
the period.
Why is it the smallest N? Suppose 20 is the period then repetition will occur after 40 samples, 60
samples and so on, but the repetition will not occur for 10. So the smallest value of N for which this
relationship is valid is called the period of the periodic signal or sequence.
Bounded signal
|𝑥[𝑛]| ≤ 𝑀 < ∞ 𝑓𝑜𝑟 𝑎𝑙𝑙 𝑛
Absolute summable sequence
∞

∑ |𝑥[𝑛]| ≤ 𝑃 < ∞
𝑛=−∞

Square summable sequence (Finite Energy Sequence)
∞

∑ |𝑥[𝑛]|2 ≤ 𝑄 < ∞
𝑛=−∞

Energy of a sequence can be found using the formula
∞

∑ |𝑥[𝑛]|2
𝑛=−∞

Average power of a sequence can be found using the formula
𝐾

1
𝑃𝑎𝑣 = lim
∑ |𝑥[𝑛]|2
𝑘→∞ 2𝐾 + 1
𝑛=−𝐾

For periodic signal average power becomes
𝑁−1

1
𝑃𝑎𝑣 = ∑|𝑥[𝑛]|2
𝑁

𝑁 → 𝑝𝑒𝑟𝑖𝑜𝑑

𝑛=0

Elementary Digital signals
1. Unit Impulse (Unit sample) sequence
1, 𝑓𝑜𝑟 𝑛 = 0
𝛿(𝑛) = {
0, 𝑓𝑜𝑟 𝑛 ≠ 0

2. Unit step sequence
1, 𝑓𝑜𝑟 𝑛 ≥ 0
𝑢(𝑛) = {
0, 𝑓𝑜𝑟 𝑛 < 0
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3. Unit Ramp signal
𝑛, 𝑓𝑜𝑟 𝑛 ≥ 0
𝑢𝑟 (𝑛) = {
0, 𝑓𝑜𝑟 𝑛 < 0
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4. Exponential signal
𝑥(𝑛) = 𝑎𝑛
𝑓𝑜𝑟 𝑎𝑙𝑙 𝑛
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Review
Representation of different discrete signal using impulse and step function from lecture 2
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If the parameter a is a real, then x(n) is a real signal. The figure above illustrates x(n) for various
values of the parameter a.
If a>1 → unbounded signal
If a<1 → bounded signal
When the parameter a is complex valued, it can be expressed as
𝑎 = 𝑟𝑒 𝑗𝜃
Where r and θ are now the parameters. Hence we can express x(n) as
𝑥(𝑛) = 𝑟 𝑛 𝑒 𝑗𝜃𝑛 = 𝑟 𝑛 (cos 𝜃𝑛 + 𝑗 sin 𝜃𝑛)
Since x(n) is now a complex valued, it can be represented graphically by plotting the real part
𝑟ℛ (𝑛) = 𝑟 𝑛 cos 𝜃𝑛
As a function of n, and separately plotting the imaginary part
𝑟𝑖𝑚 (𝑛) = 𝑟 𝑛 sin 𝜃𝑛
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Discrete time sinusoid signals
A continuous-time sinusoidal signal is defined as, 𝑥(𝑡) = 𝐴 𝑐𝑜𝑠( 𝛺0 𝑡 + 𝜃). A discrete-time sinusoid is
obtained by sampling a continuous-time sinusoid with sampling interval, Ts as,
𝑥(𝑛) = 𝑥(𝑛𝑇𝑠 ) = 𝐴 𝑐𝑜𝑠( 𝛺0 𝑛𝑇𝑠 + 𝜃) = 𝐴 𝑐𝑜𝑠( 𝜔0 𝑛 + 𝜃)
2𝜋𝐹0
where, 𝛺0 𝑇𝑠 =
= 2𝜋𝑓0 = 𝜔0 is called the digital frequency.
𝐹𝑠

1. A discrete-time sinusoid is periodic only if its frequency is a rational number.
By definition, a discrete-time signal x(n) is periodic with period (N>0) if an only if
𝑥(𝑛 + 𝑁) = 𝑥(𝑛)
𝑓𝑜𝑟 𝑎𝑙𝑙 𝑛
The smallest possible value of N for which the equation above is true is called Fundamental period.
For a sinusoid with frequency 𝑓0 to be periodic, we should have
cos[2𝜋𝑓0 (𝑁 + 𝑛) + 𝜃] = cos[2𝜋𝑓0 𝑛 + 𝜃]
This relation is true if an only if there exists an integer k such that
2𝜋𝑓0 𝑁 = 2𝑘𝜋
Or
𝐾
𝑓0 =
𝑁
2. Discrete-time sinusoids whose frequencies are separated by an integer multiple of 2π are identical.

are indistinguishable (i.e. identical)
3. The highest rate of oscillation in a discrete-time sinusoid is attained when 𝜔 = 𝜋(or 𝜔 = −𝜋). Or
1
1
equivalently, 𝑓 = 2 (or − 2).

Page

7

Hence 𝜔2 is an alias of 𝜔1 . If we have used sine function instead of cosine function, the result would
be basically same.
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Sampling
There are many ways of sampling a signal. We will discuss only periodic or uniform sampling.
Periodic sampling is mostly used in practice.
This is described by the relation
𝑥(𝑛) = 𝑥𝑎 (𝑛𝑇),
−∞<𝑛 <∞
(1.4.1)
Here, x(n) is the discrete time signal after sampling 𝑥𝑎 (𝑡) every T seconds.
1
The time interval between sampling T, is called the sampling interval or sampling period. And 𝐹𝑠 = ,
𝑇
is called the sampling rate (Samples per seconds) or sampling frequency (Hertz).
The relationship between time variables t and n of continuous & discrete time signals are as follows
𝑛
𝑡 = 𝑛𝑇 =
(1.4.2)
𝐹𝑠
As a consequence of the above equation, there lies a relationship between frequency variable F (or
Ω) in frequency domain and frequency variable f (or ω) in time domain.
For an analog signal
(1.4.3)
𝑥𝑎 (𝑡) = 𝐴 cos(𝜔𝑡 + 𝜃) = 𝐴 cos(2𝜋𝐹𝑡 + 𝜃)
1
If sampled periodically at a rate 𝐹𝑠 = samples per seconds.
𝑇
2𝜋𝑛𝐹
𝑥𝑎 (𝑛𝑇) ≡ 𝑥(𝑛) = 𝐴 cos(2𝜋𝐹𝑛𝑇 + 𝜃) = 𝐴 cos (
+ 𝜃)
(1.4.4)
𝐹𝑠

Figure 7 Periodic Sampling of analog signal

We can see that
𝑓=

𝐹
𝐹𝑠

(1.4.5)

Or equivalently
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𝜔 = Ω𝑇
(1.4.6)
The relationship in 1.4.5 justifies the name relative or normalized frequency, which sometimes used
to describe the frequency variable f. As equation 1.4.5 implies, we can use f to determine the
frequency F in hertz if sampling frequency 𝐹𝑠 is known.
Relationship among different frequency variables are summarized in the table below
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The criterion that sampling frequency must be twice of the maximum available frequency is called
Nyquist criterion and the rate is known as Nyquist rate.

Aliasing

To avoid aliasing, sampling must be done at more than or equal to twice the maximum frequency
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Aliasing is the effect in which after sampling, a signal disguises as another signal.
Below is an example of aliasing

NEUB CSE 431 Lecture 6: Intro to Digital Signal Processing and Sampling
Folding frequency
Folding frequency is the maximum frequency of signal that can be sampled at a certain sampling
frequency without the effect of aliasing.
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Sampling theorem
Sampling theorem states that information can be retrieved from a signal if it is sampled at a
sampling frequency of twice the maximum frequency of the signal.
𝐹𝑆 > 2𝐹𝑚𝑎𝑥
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Quantization

The error due to quantization is called quantization noise.
The figure in the next page shows the sampling and quantization of a sinusoidal signal.
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Figure 8 Illustration of quantization
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Quantization is the process of converting a discrete time continuous amplitude signal to a digital
signal by expressing each sample value as finite (Instead of an infinite) number of digits.
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Figure 9 sampling and quantization of a sinusoidal signal

𝑥𝑚𝑎𝑥 − 𝑥𝑚𝑖𝑛 𝑟𝑎𝑛𝑔𝑒
(1.4.27)
=
𝐿−1
𝐿−1
𝑟𝑎𝑛𝑔𝑒 = 𝑥𝑚𝑎𝑥 − 𝑥𝑚𝑖𝑛
𝐿 = 𝑛𝑢𝑚𝑏𝑒𝑟 𝑜𝑓 𝑞𝑢𝑎𝑛𝑡𝑖𝑧𝑎𝑡𝑖𝑜𝑛 𝑙𝑒𝑣𝑒𝑙
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Δ=
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Operations on Digital Sequence
Four operation of digital sequence are
1. Addition
2. Multiplication
3. Delay
4. Folding (Time reversal)
Details of these operations are already studied previously. If you forgot, review them at your own
pace.
Block diagram representation of the operations are shown below.
1. Addition

2. Multiplication
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Constant multiplication:
Signal multiplication:
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3. Delay

Delay:
Advance:
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4. Folding (Time reversal)
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Examples
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Correlation (Section 2.6.3)
Cross correlation

=
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Auto correlation
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Review yourself‼!
Section 2.2.3 from Proakis: Classification of Discrete-Time Systems

1. Proakis exercise: 1.11

Reference books
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The following Books are main textbooks that will be followed throughout the course
1. Signal Processing and Linear Systems - B. P. Lathi
2. Digital Signal Processing: Principles, Algorithms, and Applications - John G. Proakis
3. Digital Signal Processing: A Practical Approach - Emmanuel C. Ifeachor
4. Schaum’s Outlines of Digital Signal Processing - Monson H. Hayes

Prepared BY
Shahadat Hussain Parvez

