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Abstract

This paper presents an adaptive equalizer using finite impulse response (FIR) filter
and Least-Mean Square (LMS) algorithm. Herein, the variable step-size technique (VSLMS)
for compensating the amplitude of Chromfnance signal is utilized. The proposed equalizer
can be enhanced and compressed the chrominance signal at color sub-carrier. The LMS
algorithm employed in simplicity structure but gives slow convergence speed. Thus, the
variable step-size is very attractive algorithm due to its computational efficiencies and the
speed of convergence is improved. In addition, experimental results are carried out by using
the modulated 20T sine squared test signal. It is shown here that the adaptive equalized the
amplitude chrominance distortion in color television transmission without relati\)e delay

<
distortion.
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Abstract: This paper presents an adaptive equalizer using finite impulse response (FIR) filter and least-mean square (LMS)
algorithm. Herein, the variable step-size technique (VSLMS) for compensating the amplitude of chrominance signal is utilized.
The proposed equalizer can be enhanced and compressed the chrominance signal at color subcarrier. The LMS algorithm employed
in simplicity structure but gives slow convergence speed. Thus, the variable step-size is very attractive algorithm due to its
computational efficiencies and the speed of convergence is improved. In addition, experimental results are carried out by using the
modulated 20T sine squared test signal. Tt is shown here that the adaptive equalizer can be equalized the amplitude chrominance
distortion in color television transmission without relative delay distortion.

Keywords: Adaptive Equalizer, Adaptive step size, LMS algorithm, Chrominance Signal

1. INTRODUCTION

In recent years, adaptive filtering has been receiving a great
deal of attentions in the area of communications, sonar, radar,
mechanical design, and biomedical electronics [1]. Adaptive
filters are self-designing systems, which can adjust themselves
to different environments, so the use of adaptive filter
provides a significant performance over the use of a fix filter.
Basic classes of adaptive filtering applications are recognized,
namely adaptive equalizer. The linear distortions of a
communication channels may be, in turn, divided into the
amplitude and phase distortions parts. To compensate the later
distortions, an adaptive equalizer should be employed at the
receiver [2].

In this paper presents an adaptive equalizer consists of a
transversal (a finite impulse response-FIR) filter and their
corresponding  VSLMS algorithm is also proposed ' for
compensating the amplitude of chrominance. signal. The
chrominance-to-luminance gain inequality = (relative
chrominance level) can ~be separated low . gain

14y
-y -
where y is the normalized amplitude of the signal peak. The

(A<l),A,=:_y and high gain (A>1), A, =
+

proposed equalizer can be enhanced and compressed the
chrominance signal at color subcarrier 4.43 MHz and it is not
taken into account how the signal is distorted.

In addition, experimental results are carried out by using
the modulated 20T sine squared signal. It is shown here that
the adaptive equalizer can be equalized the distortion of the
chrominance amplitude in color television transmission
without relative delay distortion. The simulation result obtain
from experimentation is in good agreement.

2. FIR FILTER DESIGN BASED ON VARIABLE
STEP-SIZE LMS ALGORITHM

One of the most popular algorithms in adaptive signal
processing is the least mean square (LMS) algorithm
presented by Widrow and Hoff [3]. The LMS algorithm has
always been attractive to the researchers in adaptive signal

processing, because of its simplicity and its robustness to
numerical error [4]. The VSLMS algorithm has initially been
introduced as a technique for increasing the initial
convergence of the LMS algorithm, while achieving a small
steady-state misadjustment.

The most commonly used structure in the implementation
of adaptive filter is the transversal structure, depicted in Fig. 1.

x(n) :..| x(n-1) Z-I po l_. x(n-N+1)
W) () ., ()

..

Adaptation +

Algornithm

— 1y
e(n) ) d(n)
LN

Fig. 1 Adaptive transversal filter (as a FIR filter)

The output, (y(n)), is generated as a linear combination of
the delayed samples of the input sequence, (x(n)), according to
the equation [5].

N-1
y(n) = Z w; (n)x(n—1i) N

i=0
then the output of adaptive FIR filter can be expressed in
matrix form as:

y(n)=wT (n)x(n) @)

where superscript T denotes the vector or matrix transpose, N
is the filter length, w(n) is the tap-weight vectors

and x(n) is input vectors, respectively, and they are defined in

the column vectors form as follows:
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(3)
4

wy (m]”,
x(n-N+1)]"

w(n)=[wy(n) w(n)

x(n)=[x(n) x(n-1) ...
we drop the time index »n from the tap-weight vector
w(n) in the following discussion. If the desired output at the
d(n), the error

instant n s e(n) is written as

e(n) =d(n)-y(n) (%)
Eq. (2) can be substituted into Eq. (5), we get
e(n)=d(n)-w" (n)x(n) ©)

The conventional VSLMS algorithm is a stochastic
implementation of the steepest descent algorithm. It simply

replaces the cost function & = E[ez(n)] by its instantaneous

coarse estimate f(n) =e? (n) for & in the steepest descent
recursion Eq. (6), and replacing the iteration index & by the

time index », we obtain
wk+1)=wk)—uv &, (7
w(n+1)=w(n) — uVe*(n) (8)

where V is the gradient operator defined as the column
vector

(©)

we note that the ith element of the gradient vector Vez(n)
is
de*(n
() =2e(n)
ow;

1

Oe(n)
F. W

(10)

substituting Eq. (5) in the last factor on the right-hand side of

2
2P0 _ i 2

o, ow (11)
substituting for y(n) from Eq. (1), we get
agw—(i") =—2e(n)x(n—1i) (12)
using Eq. (9) and Eq. (12), we obtain
Ve? (n) = —2e(n)x(n) (13)
substituting this result in Eq. (8), we get
w(n+1)=w(n)+ 2ue(n)x(n) (14)

The VSLMS algorithm works on the basis of a simple
heuristic - that comes from the mechanism of the LMS
algorithm. Each tap of the adaptive filter is given a separate
time-varying step-size parameter and the LMS recursion is
written as

wi(n+1) = w; () + 21, (n)e(n)x(n —i)
for i=0,1,....,N-1  (I5)

where w;(n) is the ith  element of the tap-weight vector
w(n) and p;(n) is its associated step-size parameter at
iteration n. The VSLMS algorithm step-size parameters,
the 1¢; (n) , may be adjusted using the following recursion

#i(n) = p(n =) + psign[g;(n)]sign[g;(n —1)] (16)
where the gradient term g;(n) =e(n)x(n—i), and pis a
small position step-size parameter.

The set of update Eq. (14) may be written in vector form as
follows:

w(n+1) = w(n)+2p(n)e(n)x(n) (17)

Eq. (10) and noting that d(n) is independent of w;, we
obtain
1 0.8
1
08 06 s
506 2 306
E E 204
204 £ IS
3 < <02
* 0.2 :
02 ‘ 0
0 . 5 . . i
. 1 2 3 4 o 1 2 3 4 1 2 3 4
Time (us) Time (us) Time (us)
C) ®) ©

Fig. 2 shows the modulated 20T sine-square pulse signal
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3. DESCRIPTION OF CHROMINANCE SIGNAL

L2

119

Table 1. Summary of an implementation of VSLMS algorithm

AMPLITUDE

3.1 Definition

In this paper, we use the modulated 20T sine squared pulse
test signal can be obtained as follows: (see Fig. 2) [5].

As z(

—sin

> -1E—Jcosa%up|szor (18)

1. 2[ g ]
—smn’| —— [+
x(n)=1{2 40T 40T

0 il > 207
where A is the linear distorted chrominance signal amplitude,
T= 0.1 xS and for PAL system [ is instantaneous time,

@, = 27, and the color subcarrier f, =4.43 MHz.

Input: Tap-weight vector, w(n)
Input vector, x(n)
Gradient terms, g (n—1), g, (n=1),...,gy_, (n=1)
Desired output, d(n)
Output: Filter output, y(n)
Tap-weight vector update, w(n+1)
Gradient terms, g (n), g, (n),...,gn_; (n)
Updated step-size parameters,
Ho (n), gy (R)seny ryy_y (1)

Filtering:  y(n)=w’ (n)x(n)

Fig. 2(a) shows the undistorted modulated 20T test signal 1. Error estimation: e(n) = d(n)— y(n)
with A = 1, Fig. 2(b) shows the low gain chrominance ; >, .
distortion with A < 1, and Fig. 2(c) shows the high gain 2. Tap weights and step-size parameters adaptation:
chrominance distortion with A> 1. For i=0,l,....... N1
3.2 Design adapti lizer using VSLMS algorith Py =R )
.2 Design adaptive equalizer usin algorithm : .
£ ¢ My (ny= gy (n =)+ pignig, (m)]signlg, (n-1)
Fig. 3 shows block diagram of an adaptive equalization of i ;(n)> 0 i (1) = pay
chrominance signal amplitude, by using FIR filter and i ) < p1, (n)=
VSLMS algorithm. Herein, x(n)is input signal, which have 'l “"“”21 . Hmin
wi(n+1)=w,(n)+2u;(n)g;
been occurred the amplitude chrominance distortion; d(n) is A BN | @
e
the reference signal, y(n) is the output signal, which is
modified the amplitude chrominance, and e(n)is the error
signal. v LMS
d(n) 0.2t 1
Adapti /E' " A% |
aptive Equalizer = | y(n). 2
*W— "TFR stucture (6% 3 oel ]
o 1 1
[ g 0 500 1000 1500
o
VSLMS Algorithm . {« g0
S VSLMS
o 02t J
Fig. 3 shows block diagram of an adaptive equalization of E
chrominance signal amplitude. g 04r 1
In order to assure the theoretical results of the previous 061 ) ) 1
section, simulation results of an adaptive equalizer for 0 500 1000 1500

compensating the chroma amplitude distortion is carried out.
The procedure of an implementation of the VSLMS algorithm
is shown in Table 1.

4. EXPERIMENTS AND RESULTS

4.1 Comparison of the proposed algorithm

In this section, we used the single sinusoidal signal additive
white Gaussian noise as the input of FIR adaptive filter. The
performance of the proposed algorithm (VSLMS algorithm)
compared with LMS algorithm, assume data range N=1,500.

Fig. 4 shows the comparison of LMS algorithm and the
proposed algorithm in the noisy environment. The proposed
algorithm have fast convergence rate.

6738
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Number of iterations, (n)
Fig. 4 shows the learning curve of coefficient w ()

4.2 Simulation results

The Chrominance-to-Luminance ratio or gain inequality
(relative chrominance level)[7] can be separated low gain and
high gain. The gain inequality of high gain and low gain are
expressed as

(19)

)
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Fig. 5 shows the amplitude of chrominance signal equalized by adaptive equalization using VSLMS algorithm

(20)

where y is the normalized amplitude of the single peak. Hence

(21)

y=Y

max

From Fig. 5 shows the distortion of the modulated 20T
sine-squared pulse that the peak pulse height y =0.1148 .
Then the gain inequality of high gain in decibels,
A, =+2dB and low gain A, =-2dB in

Fig. 5(a) and 5(b) respectively. Fig. 5(c) and 5(d) show the
amplitude of chrominance signal is equalized by adaptive
equalization using VSLMS algorithm.

It is shown that from the experimental can be enhanced and
compressed the chrominance signal without impact of group
delay distortion. If the presence of group delays distortion, the
baseline of the modulated pulse is not flat or symmetrical
positive and negative peaks after it is equalized.

are shown
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Fig. 6 shows the distorted chrominance signal amplitude of the
modulated 20T sine-square pulse that low gain is —12 dB



, Fig. 6 shows the distorted chrominance signal amplitude of
he modulated 20T sine-squared pulse that low gain is —12dB.
n brief, the adaptive equalizer can be equalized the amplitude
chrominance distortion in color television transmission ‘with

relative delay distortion and the system design has complexity
less than analog filter.

5. CONCLUSIONS

The design of adaptive equalizer using FIR filter and the
variable step-size LMS (VSLMS) algorithm for compensating
ﬁhe amplitude of chrominance signal is utilized, which the
petformance of the proposed algorithm has fast convergence
speed better than the LMS algorithm. As the result, the
adaptive equalizer can be enhanced and compressed the
chrominance signal without impact of group delay distortion.
'I“he advantage of this system design has lowest complexity
and high flexible than analog filter, and iterative solutions can
find a good optimum performance without adjustable.

In brief, the results obtained from the simulation can be
equalized the amplitude chrominance distortion, low gain and
hjgh gain, in color television transmission without relative
dielay distortion,

|
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ADAPTIVE EQUALIZATION OF THE DISTORTED CHROMINANCE
SIGNAL USING VSQLMp ERROR CRITERION
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‘Abstract: This paper presents an adaptive equalizer using FIR Filter and variable step-size quantize least mean p-power
error criterion (VSQLMp) algorithm for compensating the amplitude of Chrominance signal. The proposed equalizer
‘can be enhanced and compressed the chrominance signal at color subcarrier and it is not taken into account how the
signal is distorted. In addition, experimental results are carried out by usmg the modulated 20T sine squared signal.

1. AMPLITUDE CHROMINANCE DISTORTION

In this paper, we use the modulated 20T sine
squared pulse test signal. That is

1 . of m A .,

—sin‘| — |+ — ;|7 < 20T
x(n)=12 (40T) 2" (407]‘308@ =207y

0 ije] > 207
where A s the linear distorted chrominance signal

amplitude, 7 = 0.1 usec . For the Phase Alternating Line
(PAL) system £ is instantaneous time, @.= 27f,, and

the color sub carrier f, =4.43 MHz.

Fig. 1(a) shows the undistorted modulated 20T test
signal with A = I. Fig. 1(b) shows the low gain
chrommance distortion with A < 1, and Fig. 1(c) shows
the high gain chrominance dlStOI‘thl’l with A > 1,
respectively.

T 08
|
8 08 © 08
506 3 N
E_ b
Y M <02 JJV%
A
' ¢ 1 2 3 4 0 1 2 3 4
Time (usec) Time(usec)
{a) (b)
1
L
he]
Z
. io.ﬁ
£
1 0 3
1 2 3 4
Time(usec)

i (c)

Fig. 1(a) shows the modulated 20T sine-square pulse. Fig. 1(b) and
1 Fig. 1(c) show the distortion cause by gain difference only.

2. ADAPTIVE FIR AND VSQLMp ALGORITHM

Fig. 2 shows block diagram of an adaptive
equalization of chrominance signal amplitude, by using
FIR filter and VSQLMp algorithm. Herein, x(n) is
input signal, which have been occurred the amplitude
chrominance distortion, d(#)is the reference signal,
y(n)is the output signal, which is modified the

amplitude chrominance, and e(#) is the error signal.

d(n)

P
Adaptive Equalizer |y(n).
FIR Stucture

C VSQLMp Algorithm

Fig. 2 shows block diagram of an adaptive equalization
of chrominance signal amplitude.

x(n)————| —— e(n)

.

The transfer function of the adaptive equalizer is
given by Eq. (2).

N-1 ,
H(z)= Y wi(mz™ (2)
i=0

The most commonly used structure in the
implementation of adaptive filter is transversal structure,
described by Eq. (3). From Eq. (2), the relationship
between input signal and output signal can be expressed
as: [1]

N-1
y(n)= Y w;(m)x(n—i) 3)

i=0

Eq. (3) can be expressed in matrix form as:

y(n) =w (mx(n) @)



. where,

é vy(n) =[wo(n) w(n) ... Wy M]7 (5)

and

x(n) =[x(n) x(n-1) x(n— N+ 1)]T (6)

where, W(n) is tap-weight vector of FIR filter, X(1) is
;input vector, and the error signal e(n) is written as:

‘ e(n)=d(n)-y(n) ™

In this paper, the filter parameters are adjusted

so that the mean p-power error is minimized. [2]

J=E(em)|") ©)

We will derive an adaptive algorithm to adjust
filter parameters W based on the least mean p-power
error criterion (LMP). One possible adaptive method is
the steepest descent algorithm.

wh+l)=wm) —p-sgn[afv'l(n)} )

where, sgn(x) = x/lxl, 4 is the step-size. Let us use
the instantaneous value of J to replace its ensemble-
averaged value, then we have

' 0 6|e (n)lp 10
i wn+l)=wm) —#'SgnT(n) (10)
r;noreover, because
{
‘ P =
: (n)P ={ (e(n)) ,P-ewn} (1)
i ) sgn(e (n)) (e (1) ;p :odd
In reference [3], , the value of p=1 is chosen.
le(m)| = sgn(e(n)) - e(n) (12)
b!’y substitution Eq. (12) into Eq. (10).
tw(n +D)=wmn) "P‘SSH[SSH(‘?(”))'Z‘Q—V(?”)—)} (13)
Moreover, the gradient vector
i Oe(n) _
) x(n) (14)

t

s!o that we have QLMP algorithm as

whn+l)=wmn)+p- sgn[sgn(e(n)) . x(n)] (15)

In the reference [3], it adapt the algorithm to find
optimal step-size or (7). The estimate is a time
average of output signal that is described as

y(m=a-y(r-D+(1-a)e(n) (16
Thus, the proposed step-size update is given by:
pn+D=x-p(m)+py’(m) (7

where « is positive constant in length (0,1) for the
quality of the estimation should be close to unity, g>0,
and a is positive constant in length (0<a <1) is an
exponential weighting parameter that governs the
averaging time constant, ie., the quality of the
estimation.

Form Eq. (15), a variable step-size p(n)instead of a
fixed p. So that we have VSQLMp algorithm as
follows:

win+1)=w() +p(n)-sgn[sgn(e(n)) -x(n)] (18)

3. THE SIMULATION RESULTS

— LMS Algorithm
- YSQLMp Algorithm

0 5I 1600

00 Iteration (n) 1500
Fig. 3 shows the leaning curves of coefficient w(n) .
1 -2dB 15 +2dB
1
3 05 B
h~ =
£ = 05
E o E
< < ¢
Y23 Y
Time {usec) Time{usec)
{a) (b)

Fig. 4 (a) and 4 (b) show the distortion of the modulated 20T sine-
squared pulse at —2dB and +2dB respective
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E E
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(c) (d)

Fig. 4 (c) and 4 (d) show the amplitude of chrominance signal is
equalized by adaptive equalization using VSQLMp algorithm

Fig. 3 shows the leaning curves of coefficient w (n) .
The LMS algorithm has a low computational complexity
but its convergence rate is not high. The VSQLMp
algorithm provides fast convergence speed.

Fig. 4 (a) and 4 (b) show the distortion of the
modulated 20T sine-squared pulse at —2dB and +2dB
respective. And Fig. 4 (c) and 4 (d) show the amplitude
of chrominance signal is equalized by adaptive
equalization using VSQLMp algorithm. In conclusion,
the results obtained from the experimentation show that
the proposed circuit works satisfyingly.

4. CONCLUSION

In this paper proposed an adaptive equalizer using
FIR filter and variable step-size quantize least mean p-
power error criterion algorithm for compensating the
amplitude of chrominance signal. From the simulation
results shown that the proposed equalizer can be
enhanced and compressed the chrominance signal at
color subcarrier 4.43 MHz.
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Abstract

This paper presents the Bernstein Filter, which can be
applied to video equalizer for compensating the amplitude
of chrominance signal in color television. By using a 20T
sine-square pulse test signal, this pulse is formed by the
linear addition of a 20T pulse to the pulse modulated on the
color subcarrier 4.43 MHz. The advantages of. the
Bernstein Filter are several parameters that control the
amount of phase and magnitude, and flexible for variable of
phase, when compared to the Thomson filter. As results, the
proposed equalizer is a new class of linear phase analog
filter. The approximation is based on the Bernstein
Polynomial. It is shown that can be equalized the amplitude
chrominance distortion in color television transmission.

Keywords:

Bernstein Polynomial, Bernstein Filter,

Amplitude Equalization

Analog Filter,

Introduction

The approximation of linear phase analog filters has been a
problem that usually is solved by using either a Thomson
linear phase approximation. In this paper we provides
through the use of the Bernstein Polynomials By (f;x), a

new insight into design of maximally flat (MAXFLAT)
filter. The Bernstein Filter design methods utilizes the
polynomial degree n to control the characteristic features,
while some use the two parameters available that control
the amount of phase and magnitude, a linear phase, and
flexible for variable of phase.

The Bernstein filter can be applied to analog equalizer for
compensating the amplitude of chrominance signal in color
television transmission. The chrominance-to-luminance
gain inequality (the amplitude chrominance distortion) can
be separated low gain (A <1), and high gain (A>1). In

addition, the use of the modulated 20T sine-square pulse
test signal at the color sub carrier 4.43 MHz is used to
investigate the characteristics of the designed equalizer.

The Bernstein Polynomial

The Bernstein polynomial arises in approximation theory
when we desire to find a uniform approximation by
polynomials to continuous functions over a closed interval

951

[1]. Let f(x)is a function defined in the interval (0,1). The
Bernstein polynomial Bp (f;x)of N degree and which
approximates f(x)is given by [1]-[3]

BN(fX)—Zf I }(1 A

(1)

As is obyvious from quiation (1), the interval (0,1) is
divided into N equal intervals and the values of f(x)at
these (N +1) points the
polynomial By (f;x). If we consider the approximation

problem of a low pass function and, shown in Figure 1.,
using the Bernstein polynomial. If K is the number of
points where the function is zero, then

et 0<i<N-—
/ N | o, - K1k

only are used to evaluate

2

[ s e H———d—+ r
0 1 2 N'K N K1 NK2 N 2 N1 N
~ I N N N N N N

Figure I — Low-pass function

Substituting (2) in (1), and using an additional subscript
K for By (f;x), we get

N-K(N) .
Byx(fin=Y [.}r‘(l—x)"" 3)
i=0 \!
Expanding the terms and simplifying (see [3]), we get
N=K(K+i-1);
By k(fin=0-0% ):[ ,- }' @)

i=0
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Using the transformation (3]

l+.Q2

(5)

p 4

the interval (0,1) for xis changed to (0,a) for £ and 4)
can be rewritten as

N-K N 2
L
By g(f;2)=—4=0\ J

(6)
a+ a4V

From (6), it is seen that “classical” analog MAXFLAT filter

formulation can be arrived at by the use of the Bernstein

polynomial.

Classical approximation theory for analog filters requires
first specifying the characteristic function. If the transfer
and characteristic functions are denoted by N(s) , then they

are related by

Hyg

0
N(j@) =——0 =
| | 1+e2K 2 (jo)

(7

If we want to use (6) as a low-pass magnitude characteristic

: =1
transfer function, we need to change 02 for 5 and
®

insert it in (7) to obtain

2
.2 H
IN(jo)|© = > (8)
NEK(NIIJZI'
~% e
1+e N\ =0 A
1 N
(l+_—7]
2
which can be reduced to
2\2N
o 12 1+
VG = Lot I —9)
N-K (N 2i
(+02)2N 424N y [ 1
i=0 L' A@

Equation (9) gives the transfer function magnitude squared
low-pass filter. To obtain poles and zeros we have to realize
analytic continuation on it, which is equivalent to change
@by s/jand then use a root-solving algorithm to find the
poles and zeros for the function. By selecting the poles in
the left-hand-side of the s-plane for stability, and also the
left-hand-side zeros for minimum phase we obtain a
transfer function whose form is

952

_90 +a15+a2S2 +...+an_|Sn—l +a,,S"
by +b1S+..+by_1S" 1 45"

N(s) (10)

We observe that there are three parameters that affect
N(s). These are N ,K and e. The magnitude and phase

characteristics of N(s) will be affected by the value chosen
for these three parameters.

Amplitude Chrominance Distortion

In this paper, we used the modulated 20T sine squared
pulse test signal can be obtained as follows [4]

lsin2 — +ﬁsin2 - Cos Wt ;|I|S2OT
x(n)=42 40T ) 2 40T
0 il > 207

(11)

where ~Ais the linear distorted chrominance signal
amplitude, 7 =0.14S . For the Phase Alternating Line

(PAL) system ¢ is instantaneous time, @, =27f., and the
color sub carrier f. =4.43MHz.
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(c) (d)

Figure 2 — The modulated 20T sine-squared pulse signal

Figure 2. shows the modulated 20T sine-square pulse signal
by Figure 2(a). shows the sine-square pulse signal, Figure
2(b). shows the undistorted modulated 20T test signal with
A=1, Figure 2(c). shows the low gain chrominance
distortion with A <1, and Figure 2(d). shows the high gain
chrominance distortion with A>1.
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minimum phase thus the numerator is given by (s+1
€=10, K =I[1]-{2]). Following the procedure described
abgve, we obtain the following transfer function.

The Chrominance-to-Luminance ratio or gain mequallty
i (relanve chrominance level) [5] can be separated low gain

d hlgh gain show in Figure 2(c) and 2(d), respectively.
eigam inequality of low gain and high gain are
pressed as

1

1-y

; Ay =—=— 12
i / vy (12)
% Ah=1+_y (13)
| I-y
Y
y= (14)
Ymax

where A is the low gain chrominance distortion

Ay, is the high gain chrominance distortion
y is the normalize amplitude of the single peak.

Hence the distortion cause by gain (relative chrominance
level)
I

£=1-A (15)

Design the Bernstein Filter
|Le
filter characteristic of 4™, choosing a value of s=-1for

us assume that we wish to obtain a low-pass Bernstein

)2N

I H *( 4
), s+1)
5% 4+3.153285> +2.9712952 +0.794335 +0.0995
(16)

s)=

i
where H , is the variable constant for magnitude

Figurle 3. shows magnitude low-pass of Bernstein filter at

dB. From Equation (16) convert to high-pass filter
(7] shown in figure 4. shows magnitude high-pass of
mnstein filter at -3 dB.

¢ Bernstein Filter can be applied to analog equalizer by
varymg a value of H,for enhance or compress the
amphtudc chrominance signal on the color sub carrier
4.43 MHz shown in Figure 5

From:Figure 5., we can be enhance and compress at +1dB,
2

lIE , 13dB by varying a value of H ,for compensating

the|amplitude of chrominance signal in color television. In
additi:on, the use of the modulated 20T sine-square pulse
test signal is used to investigate the characteristics of the
-desngriled equalizer by the Bernstein Filter.

IT(s)l [dB] [T(s)| [dB]

Amplitude Distartion [dB]
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Figure 3. - Magnitude low-pass of Bernstein filter.
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Figure 4. - Magnitude high-pass of Bernstein filter.
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Figure 5. - Equalizer of Amplitude signal by using the
Bernstein Filter.
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Figure 6(a) and Figure 6(b) show an equalizer can be
enhanced and compressed the chrominance signal by using
the; Bemstein Filter to obtain a high-pass and low-pass
analog transfer function respective. Figure 6(c) and Figure
6(d) the distortion of the modulated 20T sine-square pulse
that high gain +3 dB and low gain -3 dB, the peak pulse

height y=0.171.

Conclusion

Wi use the Bernstein filter to obtain a low-pass and high-
pass janalog transfer function, which can be applied to
eqial,izer. It is shown here that can be equalized the
distortion of the chrominance amplitude without relative
delay distortion. As the result, the design of equalizer can
be enhance and compress for compensating the amplitude
distortion of chrominance signal at color sub carrier 4.43
Mf-[zi in color television transmission. In addition, the use
of | the modulated 20T sine-square pulse test signal
examines the characteristics of the designed equalizer. It is
shown that the proposed amplitude chroma equalizer is
agreeing with the theoretical value.
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Equalization of the Distorted Chrominance
Signal using IIR Digital Filter with
the Bernstein Filter
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Abstract—In this paper, we present the use of the Bernstein
Polynomials to obtain an IIR digital filter transfer function,
which can be applied to video equalizer for compensating the
amplitude of chrominance signal in color television. In addition,
experimental results are carried out by using the modulated 20T
sine squared signal on the color sub carrier 4.43 MHz. It is shown
here that the proposed equalizer can either enhance or compress
the chrominance signal in color television transmission.

Keywords—Bernstein Polynomial, Bilinear Transform, Digital
Filter, Video Equalizer

8 INTRODUCTION

In digital filters can be realized in two forms, namely,
recursive and non-recursive ones, only non-recursive digital
filters can achieve a linear phase exactly. However, the
realization of recursive filters is less costly in terms of
hardware, although due to the feedback paths they can be
unstable. One of the techniques to design recursive digital filter
functions is by means of transformations. These
transformations preserve magnitude characteristics very well
and the behavior is not predictable for the phase characteristics.
In this paper we present a technique to design digital recursive
linear phase filters by means of the use of the Bemstein
Polynomials designed in the analog domain and then
transforms into the digital domain through the bilinear
transform.

The use of Bemnstein polynomials in filter design has the
advantages are several parameters that control the amount of
phase and magnitude, and flexible for variable of phase, when
compared to the Thomson filter. In this work, we use the
Bernstein filter to obtain a low-pass and high-pass analog
transfer function, which converted into the digital domain
through the bilinear transform.

The Bernstein Polynomials can be applied to IIR digital
equalizer for compensating the amplitude of chrominance
signal. The chrominance-to-luminance gain inequality (the
amplitude chrominance distortion) can be separated low gain
and high gain. In addition, the use of the modulated 20T sine-

0-7803-9312-0 /05/$20.00 ©2005 IEEE
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Dept. of Electronic and Telecommunication Engineering,
Faculty of Engineering, Rajamangala University of
Technology Thanyaburi (RMUTT), Pathumtanee, Thailand
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square pulse test signal at the sub-carrier 4.43 MHz is used to
investigate the characteristics of the designed equalizer.

II.  THE BERNSTEIN FILTER

A. The Bernstein Polynomial

The Bernstein polynomial arises in approximation theory
when we desire to find a uniform approximation by
polynomials to continuous functions over a closed interval.
Let f(x)is a function defined in the interval (0,1). The

Bernstein  polynomial By (f;x)of N degree and which
approximates f(x) is given by [1]-[3]

N i Y NY© ’
By(f3x)= Zf(-;VIi}"(l-x)N_' (1)
i=0

As is obvious from (1), the interval (0,1) is divided into N
equal intervals and the values of f(x) at these (N +1) points
only are used to evaluate the polynomial By (f;x). If we

consider the approximation problem of a low pass function
and, shown in Fig. 1, using the Bemstein polynomial. If K is
the number of points where the function is zero, then

I
4

} O——l——————— =

| It
0 1 2 NK NKINEK:? N 2 N1 N
N N N N N N N N
Figure 1. Low-pass Filter
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inverse of this mapping (and its first-order bilinear
:approximation) is
! ) 2z-1
Tz+1
If "we wish to implement this filter as a digital filter, we can
app ly‘rthe bilinear transform by substituting fors .
C D“esign the Bernstein Filter

Ltt:t us assume that we wish to obtain a low-pass Bernstein

characteristic of 4" order, choosing a value of s=-1 for
i

)2N

miriimum phase thus the numerator is given by(s+1
n=4(N=2),e=10, K=1{5]. Following the procedure

destribed above, we obtain the following transfer function.
!

4 ;
, H, *(s+1

NGY=— o (s+1) (14)

1‘ s +3.153285° +2.971295“ +0.794335+0.0995

where? H , is the variable constant for magnitude

Sdbstituting (13) in (14) and choose T" = 10, we obtain

|

'N(z);— Ho *(Z+1)4
1.6962z% —0.15362> +0.22922 +0.1424z +1.0513

(15)

Fié. 2. shows magnitude low-pass of Bernstein filter at +3
dB I:ohvert to high-pass filter [7][8] shown in Fig. 3. that shows
magnitude high-pass of Bernstein filter at —3 dB.

From Fig. 4., we can be enhance and compress at *1dB,
iZLT'B |, +3dB by varying a value of H o for compensating the
amplitude of chrominance signal in color television. In
addition, the use of the modulated 20T sine-square pulse test

signal is used to investigate the characteristics of the designed
equalizer by the Bernstein Filter.
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Figure 3. Magnitude high-pass of a 4" order Bernstein filter

N w Ry
T T
B i

—_
T
H

O L o
.
]

Amplitude Distortion (dB]

3

i
()
R
i

-4
107

f [MHz)
Figure 4. Equalizer of axﬁplitude signal by using the Bemnstein filter

III. AMPLITUTE CHROMINANCE SIGNAL

In this paper, we used the modulated 20T sine squared pulse
test signal can be obtained as follows [4]

lsin2 L QY +l4-sin2(i)cos Wl ;IIISZOT
x(n)=42 40T ) 2 40T
0 il > 207

. (16)

where A is the linear distorted chrominance signal amplitude,
T =0.145 . For the Phase Alternating Line (PAL) system 7 is

instantaneous time, @, = 27f., and the color sub carrier
Jo=443MHz .

Fig. 5. shows the modulated 20T sine-square pulse signal
by Fig. 5(a). shows the sine-square pulse signal, Fig. 5(b).
shows the undistorted modulated 20T test signal with 4=1,
Fig. 5(c). shows the low gain chrominance distortion with
A<l1, and Fig. 5(d). shows the high gain chrominance
distortion with 4>1.
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