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PROCESOR PRE POTLACANIE IMPULZOVEHO SUMU
V TELEKOMUNIKACNYCH KANALOCH

PROCESSOR FOR IMPULSIVE NOISE SUPPRESSION IN TELECOMMUNICATION CHANNELS

V ostatnom case bolo mnoho linedrnych filtrov nahradenych neli-
nedrnymi filtrami, obzvldst v pripade poskodenia signdlu impulzovym
sumom. Trieda kompozicnych filtrov, ktord patri medzi nelinedrne
filtre, je zauwjimava kvoli lahkej hardvérovej realizdacii a vlastnosti
nakladania. Rozvoj digitdalnej HDTV podporil technologicky vyvoj
v tejto oblasti. V mnohych aplikdcidch je vhodné pouZitie velmi ucin-
nych poriadkovo-statistickych filtrov, napr. medidanového alebo vyhla-
dzovacieho LUM filtra. Tieto filtre mézu byt realizované ako
kompozicné filtre, ktorymi sa zaoberdme v tomto krdatkom prehlade.

1. Uvod

Vicsina suc¢asnych komunikacnych systémov, systémov riade-
nia a systémov pre spracovanie signalov, je vyvijanych so zretelom
na odolnost vo¢i Gaussovmu sumu [2]. AvSak mnohé prostredia
su vhodnejSie modelované ako impulzové, nie gaussové distribucie
[16-18]. V praxi impulzovy Sum pochadza z atmosférického
rusenia, napr. atmosférické vyboje, vyzarovanie v radiokomunika-
ciach a Sum spinacich relé v telefonnych kanaloch. Okrem tychto
prirodzenych negausovskych zdrojov, existuje aj velké mnoZstvo
umelych zdrojov ako automatické vzplanutie, nednové svetla a iné
elektronické zariadenia.

Impulzovy Sum je vysoko zavisly od fyzikalneho prostredia
a moZe sa relativne zriedkavo vyskytovat vzhladom na nestacio-
naritu a nevhodny Statisticky popis.

Nie Gaussova podstata predurcuje na potlaéenie impulzového
Sumu nelinearne filtre s vlastnosfou robustnosti. Pre tieto vlast-
nosti sa Siroko pouzivaju kompozicné filtre.

Zvysok tohto Clanku je organizovany nasledovne. V prvej
Casti su popisané modely impulzového Sumu. Zakladné vlastnosti
procesora su nacrtnuté v druhej Casti. V dalSich Castiach je
opisana dvojrozmerna medianova filtracia, vyhladzovacie LUM
filtre, podstata kompozi¢nych filtrov a neuronové kompozicné
filtre. V zavere st zhrnuté zakladné myslienky.

* Csaba Stupak, Rastislav Luka¢, Stanislav Marchevsky

In recent years, many linear filters have been replaced by non-
linear filters, especially in case of impulse noise distorting. Stack filters,
the class of non-linear filters are very interesting for easy hardware
realisation and threshold decomposition property. The development of
digital HDTV gives technological push in this area. Various of very
efficient order-statistics filters such as median or LUM smoother are
useful in many applications. In addition, these filters can be realised
as stack filters. This paper gives a short review of the stack filter class.

1. Introduction

The majority of the present systems in communication,
control and signal processing are developed under the assumption
that the interfering noise is Gaussian [2]. However, many physical
environments are more accurately modelled as impulsive non-
Gaussian distributions [16-18]. In practice, sources of impulse
noise include atmospheric noise, such as lightning spikes and spu-
rious radio emission in radio communication, and relay switching
noise in telephone channels. In addition to these natural non-
Gaussian noise sources, there is a great variety of man-made
sources such as automatic ignition, neon lights, and other electro-
nic devices.

Impulse noise is highly dependent on the physical environ-
ment and may be relatively infrequently occurring and non-statio-
nary, which often renders it impossible to obtain an accurate
statistical description. The non-Gaussian nature of impulse noise
dictates that the suppression filter should be non-linear, and due
to the presence of impulses, it must be robust. For these proper-
ties, the stack filters are widely used.

The paper is organized as follows. In the first section, impul-
sive noise types are described. The second section outlines the
basic principle of the processor. The following sections describe
the two-dimensional median filtering, LUM smoothers, funda-
mentals of stack filters and neural stack filters. Conclusions are
drawn in the last section.
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2. Sumové modely

Rozoznavame dva druhy impulzového Sumu. V pripade 8 bi-
tového kvantovania impulzovy Sum s premenlivou hodnotou, jed-
noducho nazvany impulzovy Sum, znehodnoti vzorku signalu
nahodnou hodnotou s rovnomernym rozloZenim z intervalu (0,
255). Tento proces je mozné vyjadrif v tvare

X; 1 “Drna
L= 1
Vi {m d Doy (D
kde y je znehodnoteny signal, x je povodny nezaSumeny signal,
rnd nahodna hodnota, p,,, je pravdepodobnost vyskytu impulzu
a i je pozicia vzorky signalu.

x; 1= (po + pass)
y;=171255 Dass (2)
0 Do

Druhym sumovym modelom je impulzovy Sum s pevnou hod-
notou, tzv. Ciernobiely Sum, ktory znehodnoti signal mimolezia-
cimi prvkami. Pravdepodobnosti p, a p,ss su pravdepodobnosti
vyskytu impulzov s jasovymi uroviami ,,0“ a ,255%.

3. Procesor
Z modelu impulzového Sumu vyplyva, Ze len niektoré Casti

signalu budu znehodnotené (zvy-
¢ajne do 30 %). Z tohto dovodu

detector }—
by mali byt spracovavané len zne- y, {O_l_
hodnotené prvky, zatial Co zvy§né o

nezasumené vzorky by mali byt
ponechané bez zmeny. Avsak pod-
statna Cast sucasnych filtracnych
postupov spracovava kazdy signalovy prvok a to bez ohladu, ¢i je
tento prvok znehodnoteny alebo nie. Spominany procesor pozo-
stava z dvoch Casti (obr. 1).

Samotny princip je jednoduchy [7,8,10-12,14]. V prvej Casti
detektora su vyhodnotené vstupné data y,. V pripade detekcie
neznehodnoteného prvku, vystup filtra je rovny hodnote spraco-
vavaného prvku. Vykon detektora ovplyviuje mnozstvo faloSnych
detekcii. V pripade detekcie znehodnoteného signalového prvku
sa tento privadza na vstup estimatora, v ktorom sa koriguje
odchylka od povodnej vzorky.

Tento ¢lanok je zamerany na nelinearne estimatory. V nasle-
dujucich Castiach budu popisané typy estimatorov patriacich do
triedy kompozi¢nych filtrov.

4. Medianovy filter

Medianovy filter je najjednoduchs$im filtrom patriacim do
triedy kompozi¢nych filtrov [1]. Tento filter je Casto pouZivany
kvoli svojim vlastnostiam ako vyborné potlacanie impulzového
Sumu so sucasnym zachovanim hran. Navyse, tento filter je vysoko
robustny.
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2. Noise model

Two impulse noise models are usually used. The first one is
the variable valued impulse noise, simply called impulse noise,
where some of the signal elements are replaced by random value
with uniform distribution from interval (0, 255) in case of 8bit-
quantized signal. It is defined as follows:

Ji rnd

where y is the distorted signal, x is the original, noise-free signal,
rnd random value, p,,, probability of impulse occurrence and i is
position of the signal elements.

1 “Prna
1
Drna ( )

x; 1= (po + pass)
;=255 Dass 2)
0 Do

The second noise model (2) is the fixed value impulse noise,
or so-called salt and pepper noise, which distorts the signal by
outlier. The p, and p,ss are the probabilities of “0“ and “255¢
impulses, respectively.

3. The proposed processor

From the impulse noise model is clear that only few elements
of the signal, usually up to 30%,
/i
& O

are distorted. Therefore, only
distorted signal elements should

estimator

Obr. 1 Architektiira procesora
Fig. 1 Architecture of the processor

be filtered and the rest, noise-free
elements should be left without
filtering. However, the majority of
present filters process every
elements of the signal even the not distorted signal elements, too.
The proposed processor consists of two parts (Fig. 1).

Its principle is simple [7,8,10-12,14]. The first part of the
processor, the detector, investigates the input data y;. In the case
of noise-free detection, the processed sample is sent to the output
without change. The amount of false detection influences the
detector performance. In the case of impulse detection, the
distorted signal element is sent to the estimator that tries to
correct this element.

This paper is focused on non-linear estimators. The following
sections describe several type of estimators belong to class of
stack filters.

4. Median filter

The simplest filter belonging to the class of stack filter is the
median filter [1]. This filter is preferred in application because of
its performance. The MF well suppresses impulse noise and
maintains image edges at same time. Moreover, it is generally the
most robust filter.
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Princip filtracie je nasledovny. Operacné okno (OW) sa pohy-
buje po signale. Rozmer OW je zvyCajne voleny v rozmedzi od
troch do sedem. Vystup filtra je urCeny aplikovanim operatora
medidna (4) na data z OW. Medianovy operator zoradi data

v zostupnom poradi podla velkosti. Nech x|, x,, ..., x; su data
z operacného okna, potom zoradené vzorky su
X1y SX2) = ..o S Xy - (3

Znacenim x ;) sa oznaCuje i-ta poriadkova Statistika, a maxi-
malne a minimalne prvky z OW su uréené x,,, and x). V pripade
spracovania obrazov je velkost okna neparna.

(EMED
2 2 rozmer je nepdrny
med(x) = 2

) rozmer je pdrny

4

Za hlavny nedostatok medianového filtra je povazované roz-
mazavanie hran a odstranenie jemnych signalovych detailov.
Z tohto dovodu bolo vytvorenych niekol'ko dalSich filtrov zaloze-
nych na poriadkovych §tatistikach. Tieto filtre eliminuju tuto nevy-
hodu.

5. Vyhladzovaci LUM filter

MF vsak vo velkom pocte aplikacii vnasa privela vyhladzova-
nia, ¢o v praxi znamena rozmazanie hran a detailov. Rozmazanie
obrazu tak moze predstavovat vacsiu odchylku od originalneho
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Its principle is following. An operation window (OW) is
moved over the signal. Usually, the OW size varies from three up
to seven. The data from OW are sent to the median operator (4)
that calculates the filter output. The median operator arranges the

data of the OW in ascending order of magnitude. Let x;, x,, ..., X3
are the data of the OW, then the arranged data are
X1y SX2) = -oc =Xy - 3)

The x;, is called the ith order statistic, and the maximum and
minimum of the OW are denoted by x,, and xq,, respectively.
Usually, in the case of image processing the size of the OW is odd.

M OW size is even
med(x) = 2

x< Nl ) OW size is odd

C))

The main drawback of the MFis that it blurs signal edges and
removes fine details of the signal. On that account another filters
based on order statistic trying to eliminate those disadvantages
were developed.

5. LUM smoother

In many applications, the median introduces too much
smoothing that in the practice means the blurring of edges and
details. The LUM smoother [13,15], a subclass of a lower-upper-

(a)

middle (LUM) filters, achieves

the best balance between noise
= X(N-1+1) X(N-k+1)

obrazu, nez zaSumeny obraz. Rovno-
Xy X

(Lower Upper Middle) [13,15].
Vyhladzovaci LUM filter sa vyzna-

vahou medzi potlacenim Sumu
o IR

smoothing and signal-detail

tuning parameter k for the

Cuje jednoduchou struktirou, pricom

smoothing. Varying this para-

uroven vyhladenia je riadena ladia-
cim parametrom k na vyhladzova-

a ochranou signalovych detailov sa
(k) X
o[TFR

vyznacuju vyhladzovacie LUM filtre
X

I<_

meter changes the level of the
smoothing from no smoothing

preservation. A structure of
LUM smoother is based on
X(N-1+1) X(N-k+1)
X(N-H1Y XiALbany

. . Xir
nie. Zmenou ladiaceho parametra sa -

mozu ziskat rézne urovne vyhlade-
nia od identického filtra (pre k=1,
kde y=x) az po maximalne mnoz-
stvo vyhladenia vykonané MF (k = (N + 1)/2).

Vyhladzovacia funkcia LUM filtra je tvorend porovnanim
spracovavanej vzorky x, s vy§Sou a niZ§ou poriadkovou Statistikou.
Ak x4 patri do rozsahu vymedzenom tymito vzorkami, nie je
menené. V opacnom pripade je nahradené vzorkou lezZiacou blizsie
k medianu.

Vystup vyhladzovacieho LUM filtra je definovany
Q)

y = med {X(k), X4 X(N—kﬂ)}

kde 1 = k=[N + 1}/2, x4 @ X(y—s+1) VySSia poriadkova Statis-
tika zoradenej mnoziny.

Obr. 2 LUM filter ako: a) vyhladzovaci b) ostriaci c) hybridny filter
Fig. 2 LUM filter: a) smoother b) sharpener c) hybrid filter

(i.e. identity filter for k=1,
where y=x) to the maximum
amount of smoothing (i.e.
median, k = (N + 1)/2).

Thus, the smoothing function is created by a simply
comparing of the processed sample to the lower- and upper-order
statistics. If x, lies in a range formed by these order statistics, it is
not modified. If x, lies outside this range it is replaced by a sample
that lies closer to the median.

The output of LUM smoother is given by
(%)

y = med {x(k)’ X4 X(N—k+1)}

where 1 =k ={N+ 1}/2, X, a Xy 1) are lower and upper
order statistics of the ordered set.
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Trieda vyhladzovacich LUM filtrov je ekvivalentna so stredne
vazenymi medianmi (CWM - Center-Weighted Median), ktorych
vystup je medianom modifikovanej mnoziny mnohonasobnu spra-
covavanu vzorku. Implementacia CWM podla (5) pozaduje menej
operacii, nez (6), pretoze menej prvkov musi byt triedenych.

WU {xg, x4, ..., X4
y=med{ &,1_4,} (6)
e

V (6) w je vaha strednej vzorky, pricom sa uvazuje neparne
kladné celé Cislo. Vzajomny vztah medzi parametrom pri CWM
a parametrom k pri LUM filtri je dany

w=N-—-2k+2 (7

Proces zoradovania dat je vypoctovo velmi narocny. V dalSej
Casti je popisany filter ktory sa vyznacuje rychlou VLSI imple-
mentaciou.

6. Kompozicny filter

Medianova filtracia binarnych signalov je relativne jednodu-
cha a celkom dobre spracovana. Vypocet mediana sa da zjedno-
dusit na pocitanie jednotiek vo vnutri pracovného okna. Ak ich
pocet je Vvacsi alebo rovny ako (N + 1)/2, vystup medianového
operatora je jedna, v opacnom pripade je nula. Filtracia binarnych
signalov je atraktivna tak z praktického ako aj z teoretického hla-
diska.

Binarny signal sa ziska pomocou operatora prahovej dekom-
pozicie. Nech x je M uroviovy signal, v pripade 8 bitového signalu
M =256:0=<x= M — 1 apocet kvantizacnych urovni je M — 1:
1 =j=M — 1. Signal x moze byt rozlozeny do M — 1 kvanti-
zaénych trovni X, pomocou funkcie prahovej dekompozicie I(x)
nasledovne:

0 _ _ ) lifx=j
X —Tj(x)—{o ifx<j (8)

Takto rozlozené binarne signaly mozu byt filtrovany nezavisle
aj pomocou medianového filtra.

¥ = med(x, x9, ... xP) )

Rekonstrukcia vystupu filtra spociva v s¢itani vystupov medi-
anovych filtrov pre jednotlivé trovne.

M—1 .
y=>" (10)
j=1
Architektura kompozi¢ného l decomposition
filtra je znazornena na obr. 3. 0
X

000011000
Prahova dekompozicia ma

teoreticky aj prakticky vyznam

v oblasti medianovej filtracie. *

Pouziva sa na popisanie Statis-

tickych rozdeleni vystupu a na

najdenie korenov medianového

110233122 —> 111233222
)
—> 000011000 Y

000111011 PBF

110111111 PBF

Obr. 3 Kompozicny filter
Fig. 3 The stack filter
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This definition is equivalent to the centre-weighted median
that is given by the median over a modified set of observations
containing multiple processed samples. However, the implemen-
tation of the LUM smoother as shown in (5) requires fewer ope-
rations than that of (6), since fewer elements must be sorted.

WU {x4, X4, ..., X4
y:med{ %T,} ©
o

In (6) w is the weight of the central sample and is assumed to
be an odd positive integer. The relationship between the
parameter in the centre-weighted median and the parameter k in
the LUM smoother is

w=N-2k+2 7

The process of arranging the data needs high computational
demand. The next section describes a filter whose VLSI
implementation is fast.

6. Stack filter

Median filtering of binary signals is relatively easy and fairly
well understood. Its computation can be reduced to counting the
I’s inside the OW. If their number is greater than or equal to
(N + 1)/2, the output of the median is 1, otherwise is 0. The
filtering of the binary signal is attractive from both practical and
theoretical point of view.

The binary signal can be obtained by the operator of threshold
decomposition. Let x be an M - valued signal, in case of 8bit quan-
tized signal M = 256: 0 < x = M — 1 and consider the M — 1
thresholds: 1 = = M — 1. The signal x can be decomposed to
M — 1 binary valued signals x*, by using a threshold decomposi-
tion function /(x) as follows:

) 1 ifx=j

D = T(y) =
X T(x) {O ifx<j (8)
These M — 1 binary valued signals can be filtered

independently for example by MF.
y(j) = med(xY), x(zj), xE,’)) 9)

The output of the whole filter can be reconstructed by
summing the binary output signals.

M—1 .
y=>
=

The architecture of stack filter
is shown in Fig. 3.

(10)

summation T

@ The threshold decomposition
has both theoretical and practical
significance for median filtering. It
has been used to find the statistical
distribution of the output of the
median filter and of the roots of the

000111111 Y

(3)
trrrrirr Y
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filtra. Prahova dekompozicia je taktiezZ pouzita pri vyvoji architek-
tar na rychlu medianovu filtraciu.

Binarny medianovy filter mozZe byt nahradeny Boolovou funk-
ciou na kazdej kvantizaénej urovni. Vystupy tychto bindrnych
filtrov maju vlastnost nakladania, ak vystup y¥ 1 <j<k — 1
v Gase i sa sklada zo stipca jednotiek, na ktorych sa nachadzaju len
nuly. Filtre, ktoré maju vlastnost nakladania, sa nazyvaju kompo-
zicné filtre [1,5]. Vystup kompozic¢nych filtrov je dany:

M—1 . M—1
y=8=> = %( > E(x))
J=1 J=1

Do triedy kompozic¢nych filtrov platia aj také nelinearne filtre
ako medianovy filter alebo LUM filter. VLSI implementacia medi-
anovych filtrov zalozenych na prahovej dekompozicii sa velmi
zjednodusi nahradou medianového filtra Boolovymi funkciami.

Trieda kompozi¢nych filtrov je vel'mi Siroka. Ak velkost pra-
covného okna je n, pocet kompozi¢nych filtrov je viac ako 22",
Problém najdenia vhodnych kompozi¢nych filtrov sa redukuje na
problém najdenia Boolovych funkcii, ktoré spifiaju vlastnost
nakladania. Také funkcie su tzv. pozitivne Boolové funkcie.
Boolova funkcia je vtedy a len vtedy pozitivna, ak na vstupné
hodnoty nebol aplikovany operator inverzie.

Hlavnou tlohou navrharov je najst vhodnu pozitiviu Boolovi
funkciu, ktora dobre potlaca impulzovy Sum a sucasne zachovava
hrany a jemné detaily signalu. Pocet pozitivnych Boolovych
funkcii je vel'mi vysoky. V pripade, ak velkost pracovného okna je
pat, potom pocet funkcii je 7581, ak vel'kost okna je sedem, pocet
funkcii narasta na neskutocne velkd hodnotu > 2.4 10'?! Z toho
dovodu je potrené najst metodu, ktora za kratky ¢as najde vhodnu
funkciu z tej vel'kej mnoziny funkcii.

(11)

7. Neuronové kompozicné filtre

Neurdnové siete podstatne zjednodusili navrh kompozi¢nych
filtrov. V tomto pripade binarne medianové filtre na kazdej kvan-
tizacnej Urovni si nahradené neuronovou sietou. Podobne ako
v predchadzajucom pripade kompozicny filter, moze byt homo-
génny, ak na vSetkych kvantizanych urovniach si umiestnené
filtre s rovnakymi parametrami, alebo nehomogénny, ak na jed-
notlivych trovniach parametre filtrov mozu byt rozne. V skutoc-
nosti v§ak homogénny filter uz dosahuje uspokojujuce vysledky.

Struktura kompoziéného filtra je obzvlast vhodna pre neuro-
nové siete, nakol'ko vstupné udaje st {0,1}, a preto nie je potrebné
normalizovat vstupné hodnoty do neuronovej siete. Vystup neu-
ronovej siete mal by byt podobne ako vstup O alebo 1. Takyto
vystup je mozné dosiahnut len zavedenim prahu na vystup siete,
alebo pomocou prahovej aktivacnej funkcie.

1 ifx=05

y :fact(x) = {0 ifx <0.5 (]2)

kde x je vstup neuronovej siete a y je vystup siete.
Taka aktivacna funkcia by mala byt na vystupe neuronovej

siete. Neuronova siet sa moze nachadzat v dvoch stavoch. Prvy je
stav ucenia, ked parametre siete su nastavované, a druhy stav, ked’
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MF. It has also been used to develop architectures for fast median
filtering.

The binary median filters at each level can be replaced by
Boolean functions. The outputs of these binary filters possess
what is referred to as the stacking property if the binary output
signals y¥) 1 <j <k — 1, are piled and the pile of y at time i
consists of a column of 1’s having a column of 0’s on top. The
filters that support the stacking property are called stack filters
[1,5]. The output of a stack filter is given by:

M—1 . M—1
y=8m=> y°>=S,,-< > T.f(x)>
Jj=1 Jj=1

Stack filters constitute a broad class of non-inear filters
having median filters and LUM filters as special cases. The repla-
cement of MF by Boolean function greatly facilitates the VLSI
implementation of the MF based on threshold decomposition.

(11)

The class of stack filters is very large. Their number, when the
filter window is n, grows faster than 22" The problem of finding
them reduces to the problem of finding stackable Boolean
functions, or so-called positive Boolean functions (PBF). It has
been established that a Boolean function is stackable if and only
if it contains no complements of the input variables.

The main task of designers is to find a suitable PBF functions
that well suppress the impulsive noise and concurrently well
preserves signal edges and fine details. However, the amount of
PBF functions is very high. In case of OW of size five, there are
7581 functions and in case of size seven, the number of PBF is
tremendously high > 2.4 10'2! Therefore, it is necessary to find
methods that find the optimal PBF from such great set.

7. Neural stack filters

Neural networks (NN) [9] greatly simplified the design of the
stack filters. In this case, the binary median filters at each level are
replaced by neural networks. Similarly as in previous case the
stack filter can be homogenous, at each level are identical filters
with identical parameters, or non-homogenous, at each level the
parameters of the filters can vary. Usually, it a sufficient result can
be obtained by the homogenous representation.

The stack filter structure is useful in case of NN, because the
input data are {0,1} so it is not necessary to normalize the input
for the NN. The output of the NN should be also 0 or 1. Such
output can be obtained only by a hard limiter, or also called
threshold activation function.

1 ifx=05

¥ = faol®) = {0 x <03 (12)

where x is the input of the neuron and y is the neuron output.
Such activation function should be used at output layer of the

NN. There are two modes of the NN. The first one is the training
mode, where the weights of the NN are set up and the second one,
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neurénova siet spracovava vstupné data. V tomto stave vahy siete
su konstantné. AvSak v procese ucenia nemoze byt pouZzita
prahova aktivacna funkcia. Z toho dévodu pri uceni sa pouZiva
tzv. sigmoidalna aktivacna funkcia.

1

V= Jael¥) = 1 + wxp(—x)

(13)

Bolo ukazané, Ze neuronova siet s jednym neurénom dava
dobré vysledky [3,4]. Architektura siete je na obr. 4. Vystup siete
je ziskany vahovanym suctom
vstupov, pricom vysledok je pri-
vedeny do vhodnej aktivacnej
funkcie. Takato jednoducha
struktira moze vyrazne zlepsit
vlastnosti kompozicného filtra.

X
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where the NN processes the input data. In this case the NN
weights are fixed. However, the activation function of the neurons
cannot be hard limiter in training mode. Therefore, it must be
changed to sigmoidal function, also called the soft limiter.
_ _ 1

V= faekX) = T+ wp(—n) (13)

It was shown [3,4] that the NN with only one neuron gives
sufficient results. The architecture of the NN is shown in Fig. 4.

The output of the NN is obtained by

weighted summing the input data
% and applying the appropriate
O activation function on result. Such

a simple structure can greatly

improve the performance of the

S ()

NavySe neuronova siet moze
byt uCena pre rozne ulohy, fil-
tracia impulzov, zvyraznenie
hran atd. Jedina nevyhoda je

w, =1

Obr. 4 Neurdnovd siet' s jednym neurénom
Fig. 4 Neural network with one neuron

stack filter. Moreover, the neural
filter can be trained for an arbitrary
task, impulse noise suppression,
edge enhancement, etc. However,

VLSI realizacia siete, ktora je
zloZitejSia ako realizacia Boolovych funkcii.

8. Zaver

V tomto ¢lanku bol ukazany kratky prehlad triedy kompozic-
nych filtrov. Jednoduchost hardvérovej realizacie a vlastnost
potlacania impulzového Sumu je dovodom rozsirenia tejto triedy
filtrov. Dobre znamy medianovy filter a jeho vylepSenie vyhladzo-
vaci LUM filter mo6ze byt tiez realizovany kompozi¢nymi filtrami.
Navrh kompozi¢nych filtrov s optimalnymi Boolovymi funkciami
je casovo narocna uloha. Iny sposob navrhu ponukaju neurénové
kompozicné filtre. Vlastnosti neuronovych kompozi¢nych filtrov
su vel'mi zaujimavé najma kvoli jednoduchej architekture siete. Na
druhej strane vSak VLSI implementacia je zlozitejSia ako
v pripade Boolovych funkcii. Z tohto dévodu vyskum by sa mal
zamerat na zrychlenie hladania vhodnych Boolovych funkcii.
Permutacna teoria a genetické algoritmy su jednym z moznych
rieSeni ako zrychlit vyhladavanie [6].
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the VLSI realization of the NN is
more difficult than the realization of the Boolean functions.

8. Conclusion

This paper gave a short review of the class of stack filters. The
simplicity of hardware realisation and the performance of impulse
noise suppression make this class widely useful in many
applications. The well-known median filter and its improvement
the LUM smoother can be realised as the stack filters. The design
of stack filters with optimal Boolean function is very computation
demanding. An alternative way of design, the neural stack filters
were shown. The performance of the neural stack filters is very
interesting because of simple architecture of neural network.
However the VLSI implementation is more complicated than the
implementation of the PBF. Therefore, the future research should
be oriented to accelerate the search of suitable PBF. Permutation
theory gives one way of solving the problem and another way, the
genetics algorithm [6].
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