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APPLICATION IN RADAR
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APPLICATION TO IMAGE PROCESSING CH PHOCESS'NG



APPLICATION TO IMAGE PROCESSING

Mripulaton of two-imensional sigrl with the el of (]igital compute 15 called "Im;ge
Processing”. Its purpose is toimprove the visual appeatance of mage
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A Digital Image is digtalization of picture. Normally two-dimensional image has resolution
128 x 128, 256X 256, S12x 512 So, image can be processed using two-dimensional signal

processing.



The image processing includes the followiﬁg steps :

"(

L \a | L —

a ( ) lmage Formahon and Recordingﬂf
\ (b ) Image Sampling and Quantization
'\1\ (c) lmage Compression ‘

\
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(1) Image Formation and Recording

The two dimensional signal of image can be expressed by image function as

accumulation of energy from the object’s radiant energy distribution.

-womajor technologies are used for image sensing and recording,

photo-chemical] "=<°¥ding and photo-electronic recording.



RgETReIna! (b) Image Sampling and Quantization

a spot of light with intensity I, incident on a film

intensity , REFLECTED from the film and collected by photo-multiplier.

. . . =— compute optical density.
transmittance is defined by 4 I, PUREORAE y

a spot of light, moves in a raster to sample the film is given by

p J. J @ X = .\'1, l/ Y }/1) 8 (x[l yl) dx] d!/]

- 00 = 00

www.mycsvtunotes. in

Intensity profile of the spot of light projected an film.
' 81 18 actual sampled image.

The sample matrix 31 (k Ax, I Ay)is the sampled oF DIGITAL

IMAGES
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() Image Coﬁpreésion

In a Digital Image 10° to 10° data are there.

Image compression is a science of efficiently coding a digital image to reduce the number of bits,
which required to represent it.

Types of redundancy: €Ot lation neighbouring pixels.
a) Spatial redundancy,

b)Spectral redundancy| Correlation between various color plans =
c)Temporal redundancy. ., cjation between differerframs in an image sequen%
ngitol Pecomposed signal Quantized ?

\ Signal into Parallel channels Output %

pul (UriginQ L |
2y AlD SIP 1 / Lossless | (Uuiput
g - Converter [~ | Converter [ Quantizer Coding ‘_’\C.ompresse:
= Technique Digital Image

Signal )
Block diagram of Image compression system.




Thre re iy e ypesofcompresionetue s n e e o rdindan
Geeton:
1) Dietdta compresion b

() Trasfomnaion metod

Www.mycsvtunotes. in

() Parametc xrcion method.



(d) Image Restoration

¢ It is used for correcting imaging effect to recover an

original signal.
¢ The process of image restoration is to attempt a image
which should be sharp, clean and free from degradation.

»» The restoration process is also called Image Deblurring.

R is the response characteristic of the recording process

J Ihx =1, Y=y f (xy, 1) dxy

w00 =

¥ (v, y) is the actial image, additive noise source.



In the restoration of digital image following equation can be expressed in discrete form

N-1 N-1

¢ma)=L L faphip-iq-))
i=0 j=0
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large set of simultaneous linear equations can be solved by DSP techniques

such as imear filters

T alporibms which ar computationly et tos o solving these



() Image Enhancement

O This technique improves the appearance of image for human
perception by choosing some image features like edges or

contrast etc.
O It is used in biomedical engineering field for computer aided

mammographic studies.
U Finger prints etc.
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LAPPLICATION IN RADAR |

URADAR is an acronym for Radio Detection and
Ranging.

1 RADAR system requires seven basic components
Transmitter

Receliver

Power supply

Synchronizer

Duplexer

Antenna

Display
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O Radar is used to detectsationary and moving objects.




d Major components are Antenna(6), the tracking
computer and signal processor.
1 Heart of the RADAR s tracking computer which
schedules the appropriate antenna position and
transmitted signals which is a function of time by
keeping track of important targets and running the
display system(7).
 The main functions of signal processor are matched
filtering and removal of useless information by
threshold detection(4).
 IEEE standard RADAR frequencies are
VHF:30-300MHz
UHF:300-1000MHz
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‘B.’{}ck Diagram of a Modern Radar System
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important radar parameters are

[1] Antenna Beamwidth

A
po—

where
b - beamwidth

L. - wavelength

D - antenna width
For a pencil beam, the antenna geometry is symmetric, B is the same

in hoth the horizontal and vertical dimensions.

[2] Range The maximum unambiguous range is

cT

R = —
max 2

where
e - velocity of light = 3 x 10° m/s

T - pulse repetition interval
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3] Range Resolution

If two targets are present near each other, then the ability of the radgy
to detect these targets are measured by the range resolution AR. If the
signal is of constant frequency, then AR is determined by the pulg
width. If the pulse width is narrowed, then range resolution can bt
improves but the maximum range is reduced by decreasing the averag,

power,

MY csvtu Notes

[4] Doppler Filtering

‘.Im 1ng targets can be identified by using the Duppler effect.

ﬂf‘:“c—vfu

_2v
A

where [, - carrier frequency
v - target velocity

A - wavelength
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Example 01.:
Calculate the range of a target if the time taken by the radar
signal to target and back is 100 ps.

Solution: R= 15km

0
[}
)
o
Z
S
=
>
0
O
>—
p=

Example 02:

Determine the maximum unambiguous rang and range
resolution of a pulse radar having pulse width is 5 us at a PRF
of 1000 Hz.

Solution:

Pulse repetition frequency............... fr
Rmax(unamb)=150km ----e—- Rmax=c/2fr
Range resolution=750m




Example 03:
A radar is to have a maximum range of 250 km .Determine the

maximum allowable PRF for unambiguous reception.

Solution:
Fr=600hz.
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Example 04:
The maximum unambiguous range of 1000 km, calculate the

PRF required for the radar.
Solution:
1500 km.




APPLICATION TO SPEECH PROCESSING ‘

» The signals of speech are one dimensional.
»DSP is applied to speech such as vocoders,
spectrum analysis etc.

» Speech processing can be divided in to three
categories:

(1)Speech analysis,

(2) Speech synthesis,

(3) Speech compression.

0
[}
)
o
Z
S
=
>
0
O
>—
p=




Model of Speech Production
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In normal speech production of human speech
production system. The chest cavity expands and
contacts to force air from the lungs out through
the trachea past the glottis.

The mechanism is:

ochematicdiagram of human sosech

" ”.‘ ML -




Larynx
tube

—-4+— Trachea

Lungs
(It has some
volumetric
space)

Force appled
by muscle




There are two types of speech sound,

Rich melodies

This type of sound is produced due to air
forced through glottis with the tension of
vocal card so adjusted that they vibrate in
the mode of relaxation oscillator in the
vocal tracts.

Due to repetitive nature of voiced speech,
it contains high energy.

| Pitchperiod |

Waveform for voiced speech
(short segment = 25 ms).

Hissing sound
This type of sounds are generated by
forcing air through a constriction in
the vocal tract, thereby creating
turbulence, which produces a source
of noise to excite vocal tract.

Natures of these sounds are random
and non-repetitive,

BiITY NIV T

Waveform of unvoiced
speech (short segment =
25 ms).




In a vocal tract system if the input iIs periodic on short time basis
for voiced speech the output to corresponding fundamental
frequency is also periodic. The Fourier Transform of speech

waveform is the product of Fourier Transform of excitation
function and impulse response of vocal tract system.

y(t)=s(t)*v(t)

s(t) vocal tract system
L—T——.‘ |

(a)

) 36 f V(@ Y (@)= Sw)V(w)
I /:\/;\/\/\ AT
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T (b)
(a) Time domain and (b) Frequency domain characterization of

vocal tract system.
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Short-Time Fourier Transform and Synthesis of Speech

If we consider speech signal, to be sampled, is a sequence x (1) then the short-time
transform X (@, n) is defined as

Xn)= X x(khn-ke™

k:-oo
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Toimplement STFT, if we have h (n) i impulse response of vocal tract and x (1) i input
signal. The convolution of x () and h (1) multiplied by ¢ o gives STFT 1.,

X(O),ﬂ): ¥ x(k)h (n_k)e-)'n*

k==




X (@, ) =€ [x (n) * [h (m) &™)

We can represent this Short-Time Fourier Transform (STFT) in block diagram

-jwn

s(n)

e
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Speech Synithesis

A system for speech analyss separates the excitaton function x(f) from vocal trac
characteistic which can be represented by samples of it spectrum ot n terms of & parametn

Formant Parameters
Unvoiced | J-’
5Vo-ced§
: ' ! Input Source : Radiation &a&v———
AAA ! et ShApINg Fol IR | IR |F ——
Filter  f B § A Load | Qutput
V(z)




DIGITAL SINUSOIDAL OSCILLATOR

INTRODUCTION: A digital resonator is a special two pole band
pass filter with pair of complex conjugate poles located near the
unit circle. It is called resonator because the filter has large
magnitude response (i.e. it resonates) near the vicinity of pole
location. Digital resonators are useful in many applications
Including simple band pass filtering & speech generation. A
digital sinusoidal oscillator is a limiting form of a two-pole
resonator for which the complex-conjugate poles lie on the unit

circle.
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[RASFER FUNCTION: The systern has followng transter function

o) = —

140477 40577

)
ndparameters & =2r cos @y and ;=1

s corples-conjugate poles a p=r & and a unit sample response

i )=b“—7ﬂ sin(n + 1), u(n)

SNty




s complex-conjugate poles at p=r &™ and a unit sample response

h(n):b”—rn sin(n+ 1), u(n)

SN @y

[Fthe poles areplaced on the unit circle (1=1) and by 15 52t o & s @y fhen

N4, sin (et Do)

Thus the trmpulse response of the second-order systern with complez-congate poles on the uny
circle 5 & smsoid and the system 15 called a digital swwsodal oscillator or & digttal smusoids
oenerator. A digital smusoudal generator 15 a bastc componert of a digtal frequency synthestzer




BLOCK DIAGRAM REALIZATION: The block diagram
realization of system function given by equation (1) is shown |
figure below. The corresponding difference equation for this
system Is

y(n)=-a,y(n-1) - y(n-2) + bd(n) ~ ---mmmmmmmmmome- (2
where the parameters are a,=-2cosw, and b,= Asinwgy,and the
Initial condition are y(-1)=y(-2)=0.
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By tterating the equation we obtam
y(0)=4 sin oy
y(1)=2 cos ag Vin=2A sin opcos o= sin 2oy

y(2)= 2 cos g y(1)-v(0)
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=2 003 (g 51 mg-A S1 g
=44 cog (g -1 )31 g
=34 sin mg< i (ig=£ 511 360g

And so forth. We note that the application of the impulse at n =0 serves the purpose of beginning
the siusoidal oscillation Thereafter, the oscillation is self-sustamed because the system has ne

dampimg (1.8 r=1;.

The smusoidal oscillation obtaned from the system 15 also be obtamned by setting the input tc
zero and setting the it 1al condition to y(-1)=0,y(-2)=-4 sin ap Thus the zero-mput response te
the second-order systemn described by the homogeneous difference equation




oD -y

i mtal condtons y-1=0 and yi-2 -Asingy, 15 exactly the same a5 the reponse o
equationZ) o an mpulse excation

COUPLED FORM OSSCILATOR REALIZATION. In some practical application
mvolving rmodulation of swuusoudal carier stonals 1nphase quackature there 152 need to generat
e simosonls Asiay and Acosiyn. These signals can be genenated from e couple-for
ogclabor, Which can be obtaimed fom the tponomelric frrmula




cos (ot )=cos ¢ cos B — s o sin P
sin (oHE=sm o cos P+ cos o sm P
wWhere, by definition, a=nog, P=wmg, and
Vel 1= Cos noguing
VL[ 1)= S11 noguin)
T'hus we obtain the two coupled difference equations
Ve(t)= (cos mp)y.(n-1) — (510 a)ys (-1
VL= (510 op)v(n-13 + (cos mp)v.in-1)
which can also be expressed m matreg form as:

Vein)) COS, —SITUy, *.}'Fr:{ﬂ— 1]
sm)|  Sinwyg COSWy Ts(m-1)

The structure for the realization of the coupled-form oscillator 15 1llustrated in figure We not
hat this 15 a two-output systemn which 1s not driven by any mput, but which requires the mitia
zonditions y.(-13=4 cos op and w.(-1)=2~ sin op m order to begin its self-sustamed oscillations.

The corresponds to vector rotation in the two-dimensional coordmate system with coordinates
7. and v.(n) As a consequence, the coupled-form oscillator can be implemented by use of the

so-called CORDIC algorithm . ‘




-sin v,

COS w,
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NOISE REMOVAL FROM PICTURES

Introduction: Digital images are prone to a variety of types of noise.
Noise is the result of errors in the image acquisition process that
result in pixel valves that do not reflect the true intensities of the
real scene. Noise can be introduced into an image, depending on
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how image is created.

For example:

If the image is scanned from a photograph made on film, the film
grain is a source of noise. Noise can also be the result of damage

the film, or be introduced by the scanner itself.

If the image is acquired directly in a digital format, the
mechanism for gathering the data (such as CD detector) can

Introduce noise.

Electronic transmission of image data can introduce noise.




To remove noise from image the

different methods available are
Using Linear filtering
Using median filtering.

Using Adaptive filtering




A) Using Linear Filtering:
Filtering is a technique for modifying or enhancing an

Image.
Linear filtering is filtering method in which the value of
an o/p pixel is a linear combination of the values of the
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pixels in the o/p pixel’s neighborhood.

The above stated noise can be removed by using linear
filtering. Certain filters such as averaging or Gaussian

filters are appropriate for this purpose.

An average filter is useful for removing grain noise from
a photograph, because each pixel gets set to the average
of the pixels in its neighborhood, local variation caused

by grain are reduced.




B) Using Median Filtering:
Median filtering is similar to using an average filter.

However with median filtering the value of an o/p pi
IS determined by the medium of the neighborhood

pixels, rater than the mean.

The median i1s much less sensitive than the mean to
extreme values (called outliers). Median filtering is
therefore better able to remove the outliers without

reducing the sharpness of the image.

Median filtering is a specific case of order-statistic
filtering, also known as rank filtering.




C) Using adaptive filtering:
Linear filters are used in many applications. A filter will be optimal only if it |
designed with some knowledge of input data. If this information is not known
adaptive filters are used. The adjustable parameters in the filter are assigned wi

values based on the estimated statistical characteristics of the signal.

A wiener filter (a type of linear filter) applies to an image adaptively, tailoring
itself to the local image variance. When the variance is large the filter perform
little smoothing of image & where the variance is small, it perform more
smoothing. This approach often produces better result than linear filtering; the
adaptive filter is more selective than a comparable linear filter, preserving edges
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%pd other high frequency parts of an image.

In addition, there are no design tasks, it handles all preliminary computation
iImplements the filter for an input image, however it does require more

cigmputation time than linear filtering.
It works best when the noise is constant-power (“white”) additive noise, such
Gaussian noise. Adaptive filters find applications in adaptive noise cancelling, li

enhancing, frequency tracking, channel equalizations, etc.
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