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Ivan Martincek - Ivan Turek - Milan Dado - Karol Grondzak - Slavomir Cernicky *

INTERFERENCIA MODOV V OPTICKYCH VLAKNACH

INTERMODAL INTERFERENCE IN OPTICAL FIBRES

V clanku sii popisané vysledky teroetickej analyzy a merani inter-
ferencie modov v malomodovych optickych vidknach. Je ukdzané, Ze
interferencia modov je citlivy parameter zavisiaci od profilu indexu
lomu a geometrickych vlastnosti optického vidkna. Porovnanie teore-
tickych a experimentdlnych hodnot interferencie modov ukazuje, Ze
meranie interferencie by mohlo byt pouZité na zistovanie miery kores-
pondencie profilu indexu lomu vySetrovaného vidkna a idedlneho
step-indexového vidkna.

Uvod

Monochromaticku elektromagneticki vinu Siriacu sa optic-
kym vlnovodom (vlaknom) je mozné popisat linedrnou kombina-
ciou istych ,vlastnych“ funkcii (alebo ,modov®). Parametre Sirenia
sa tychto modov (rychlost Sirenia sa, koeficient absorpcie, oblast
frekvencii pre ktoré jednotlivé mody existuji) su vo v§eobecnosti
odlisné. V dosledku toho zmena fazy signalu vyvolana prechodom
viny cez vybrany usek vinovodu zavisi nie len od toho, akym dlhym
usekom vina presla a aka je jej frekvencia, ale i od toho, ktorym
modom bol signal prenasany. V pripade, Ze na prenose signalu sa
podielalo viacero modov, dojde na konci vlakna k vytvoreniu
optického stavu zloZeného z odlisnych modalnych funkcii s odlis-
nymi fazami.

Pri zvazeni rozdielnosti faz jednotlivych modalnych funkcii
signal vytvoreny kvadratickym detektorom na konci vinovodu dizky
! mo6zeme vyjadrit nasledovne:

5= [ el i - X wrCenn) - dsdy (1)

kde c(x, y) je citlivost detektora, i(x,y,¢) st funkcie popisujuce
jednotlivé mody a rovnaju sa ¢, o(x.y) . exp (j(wt — B, 2)), kde ¥,
su modalne funkcie, 3; su fazové konstanty jednotlivych modov,
x a y su suradnice kolmo na os vinovodu, z je suradnica v osi vino-
vodu, S je plocha, na ktorej su modéalne funkcie s, odliSné od
nuly a ,,** oznacuje komplexne zdruzenu funkciu. Roznasobenim
naznacenych suctov a za predpokladu, ze k detekcii bol pouzity
detektor s citlivostou rovnou ¢, na celej ploche S, dostaneme po
jednoduchych upravach:

S= o [ thoey) Wiy ey + e |

In this paper the results of a theoretical analysis and practical
investigation of mode interference in single mode optical fibres are
described. It is shown that inter-modal interference is a sensitive
parameter depending on the quality of an index profile or geometrical
parameters of optical fibre. The comparison of experimental and
theoretical values of mode interference indicates that the measurement
of interference could be used for testing how the real refractive index
profile of investigated fibre corresponds with the refractive index profile
assumed at the calculation (step-index profile).

Introduction

The monochrome electromagnetic wave propagating through
the optic fibre can be described as a linear combination of eigen-
functions (modes) which are determined by the parameters of the
fibres. The propagation parameters of such modes (propagation
velocity, absorption coefficient, frequency band for which the
mode exists) are in general different. So the change of the signal
phase due to its passing through the fibre depends not only on the
frequency of the signal and the length of the optic fibre, but also
on the properties of the actual mode propagating through the
fibre. If more than one mode propagates, the optical stage at the
end of the fibre is a superposition of values with different phases.

Taking into account the different phase constants of the modes,
we can express the output of the quadratic detector located at the
end of the fibre of length / as follows:

5= [ et X ) - X wr e - s M

where c(x,p) is the detector sensitivity, ;(x,y,7) are the functions
describing the propagating modes and are equal to ;,(x.y) . exp
(j(wt — B;z)), where iy, ; are the modal functions, 3; are the phase
constants of particular modes, x and y are the coordinates per-
pendicular to the direction of the propagation, z is the coordinate
in the direction of propagation, S is an area in which the modal
functions are nonzero and “*“ denotes complex conjugation.
Assuming the constant sensitivity of detector ¢, on whole area
S after some manipulation we get:

> o (x) - Yo (x) - exp((B; — By) - dxdy 2)
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Prvy Clen pravej strany rovnice (2) predstavuje signal vytvo-
reny suctom intenzit prenesenych jednotlivymi modmi, nezavisi od
dizky vlnovodu a iba slabo zavisi od vinovej dizky svetla (od A
zavisi iba v dosledku zavislosti modalnych funkcii od vinovej dizky).

Druhy ¢len pravej strany rovnice (2) predstavuje ,interferenény*
Clen. Ako je z jeho tvaru uvedeného v rovnici (2) vidiet, jeho
hodnota je rovna nule, pretoze

J, vr0Ge) o) - dvdy =0 )

pre i#k (pretoze modalne funkcie su ortogonalne).

V pripade, Ze citlivost detektora nie je v celej oblasti S rovnaka,
interferencny €len sa nemusi rovnat nule. Jeho hodnota bude zavi-
siet od stupna a typu jeho symetrie a charakteru prislusnej dvojice
interferujicich modov ¢, a ;o a ked' fazové konStanty interfe-
rujucich modov nie su rovnaké, relativne prudko bude zavisiet od
dizky vlakna a od vinovej dizky svetla, ktoré vldknom prechadza.
Rovnaky vysledok by sme dosiahli, keby sa ortogonalita modov
narusila zaradenim vhodného priestorového filtra. Ako takyto
filter sa moze pouzit tienidlo s malou dierkou (pinhole) [1], vhodne
umiestnené medzi vySetrované vlakno a detektor, alebo dalSie
optické vlakno, ktorym sa
signal z konca vySetrovaného
vlakna privedie na povrch

—
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The first term on the right side of (2) represents the sum of
particular mode intensities and does not depend on the length of
waveguide and only weakly depends on the wavelength (the
dependence is only because of the dependence of the modal
functions on wavelength).

Second term on the right side of (2) is the interference term.
It is clear that its value is zero, because

fs Pio(xy) - Yio(xy) - dxdy = 0 (3)

for i#k (the modal functions are orthogonal).

In the case of non-uniform sensitivity of the detector the
interference term can have non-zero value. The value will then
depend on the symmetry of the interfering modes s, and i) .
When the phase constants (propagation velocity) of interfering
modes are different, then the value will depend also on the length
of the fibre and on the wavelength. For the detector with uniform
sensitivity the same result can be achieved when the orthogonality
of the modes is disturbed using a spatial filter which influences
the spatial distribution the of the optical field amplitude.
A pinhole located between the fibre and detector can be used as
such a filter. A piece of another
fibre transporting the signal from
the end of the investigated fibre to
the detector can be used for this

detektora [2]. Nestiosovym
ulozenim takéhoto priestoro-
vého filtra sa narusi ortogona-
lita symetrickych a antisyme-
trickych modov (takéto uspo-
riadanie je vhodné pri vySe-
trovani interferencie modov

' to detector

purpose too [2].

Non axisymmetrical location
of such a spatial filter will disturb
the orthogonality of symmetric and
anti- symmetric modes (such confi-
guration is useful when studying

: to detector

LP,, a LP,)). UloZenim filtra
suosovo, ale vo vicsej vzdiale-
nosti od konca vySetrovaného
vlakna sa narusi ortogonalita

)=
I
b{_’»Q::::

AN the interference of LP,, and LP;
modes). When locating the spatial

filter axisymmetrically, but further

symetrickych modov (usporia-
danie vhodné napriklad pri vy-
Setrovani interferencie modov
LPy, a LP,,), ako to ilustruju
schémy uvedené na obr. 1.

Urcenie fazovych konstant

Fazovu konsStantu modu pre vlakno so skokovym profilom
indexu lomu mozno podla [3] vyjadrit:

2 1
B—kPé—U;” —nm}
kde U? =7 (n?, k> =B, V> = k* * (n2, — n?) je normovana
frekvencia, k = 277/ A je konstanta Sirenia sa svetelnej viny vo vakuu,
n,, je index lomu jadra, 7., je index lomu plasta a r je polomer jadra.

Funkéna zavislost U(V ) sa ziska rieSenim charakteristickej
rovnice pre step-indexové vlakno. V pribliZeni slabovodivého vlakna
(n,, = n,) pre step-indexové vlakno ma tato charakteristickd rovnica
[4] tvar:

2
(%

C))

d

Obr. 1 Schéma usporiadania pre vySetrovanie interferencie
a) symetrického a asymetrického; b) dvoch symetrickych modov
Fig. 1 The set-up of investigation of intermodal interference of

a) symmetric and astisymmetric; b) two symmetric modes

N from the end of the fiber under
study, the orthogonality of symmet-
ric modes is disturbed (such confi-
guration is useful for studying the
interference of modes LP, and
LP,,), as can be seen in Fig. 1.

Mode phase constant determination

The mode phase constant for step-index optic fibre can be

expressed [3]:
U(v) 1

B = k|:n§o - V2 (ngo - ngl)
where U? =r* (n2, kK> —B%), V2 =1Kk* r* (n’,—n?) is the
normalised frequency, n,,, 1, are the refractive indices of the core
and the cladding respectively, r is the core radius and k = 27/A is
free-space propagation constant.

Function U(V) can be obtained by solving a characteristic
equation for the optic fibre. In a weakly-guided approximation
(n,, = n,) for step-index fibre it has the form [4]:

(C))
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ydmei@) _ K i (W) 5)
J.(U) K,.(W)

kde m = 0,1,2,..., J,, je Besselova funkcia 1. druhu, K,, je modifi-
kovana Besselova funkcia 2. druhu, kde W2 = /*(8* — n2, k),
VE=U+ W

Ako vyplyva z rovnice (2), hodnota integralu popisujiceho
interferencny ¢len dominantne zavisi od rozdielu fazovych kon-
Stant jednotlivych modov AB,(A) = B,(A) — B,(A), kde p, q su
rady modov (LP,, je mod 1. radu, LP;, 2. radu atd’) a dlzky
vlakna, na ktorej dochadza k interferencii. Rozdiel fazovych kon-
§tant AB,(A) pre mody LP,,, LP,; a AB,(A) pre mody LP,,
LP,,, vyplyvajice z rovnic (4) a (5) pre rozdielne parametre
vlakien, je znazorneny na obr. 2. Z tohto obrazku vidiet, ze rozdiel
fazovych konstant nadobuda extrém pre vinové dizky Ay Ako
vyplyva z rovnice (4), hodnota A, pre step-indexové vlakna zavisi
len od parametrov 7, n,,, n, prislusného vlakna.

yIni ) _ K O9)
J(U) K, (W)
where m = 0,1,2,..., J,, is Bessel function of the first kind, K, is

modified Bessel function of the second kind, W? = /(8> — n
K, V2 =U"+ W2

(%)

According to (2), the value of the interference term depends
dominantly on the difference of the phase constants of particular
modes AB,,(A) = B,(A) — B,(A), (p, q are orders of the modes:
1 for LPy,, 2 for LP,;, and so on) and on the length of the fibre.
The phase constant differences AB,,(A) and AB,(A) following
from a numerical solution of (4) and (5) for LPy,, LP;, modes
and LP,,, LP,, modes respectively for different fibre parameters
can be seen in Fig. 2. From this figure it is clear that there is an
extreme value for wavelength A, . It can be seen from (4) that this
value depends only on the parameters of the fibre (7, n.,, 7).

-1
ABiy [m7]
23000
Mg
22000 Mia
M4
21000
650 700 750 800 850

A[nm]

Obr. 2 Zavislost rozdielu fazovych konstdant modov a) LPy; a LP;; b) LPy; a LP,, od vinovej dizky
Fig. 2 Wavelength dependence of the phase constant difference for a) LPy, a LP,; b) LP,; a LP,, modes
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10500 A2

10000 | M Mo

9500

9000 |

800 900 1000 1100 1200 1300 1400  A[nm]
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950 1000 1050 1100 I [nm]

s
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Obr. 3 Zdvislost interferencného clena od vinovej dizky pri interferencii modov a) LP, a LP,; b) LPy, a LP,,
Fig. 3 Wavelength dependence of the interference term when interfering a) LPy, a LP,; b) LPy; a LP,,

Existencia extrému zavislosti ABM()\) sa prejavi i extrémom
zavislosti rozdielu fazy od vinovej dlzky, takze A, sa da chapat
i ako interferencny stred (obr. 3).

Pre step-indexové vlakno v pribliZzeni slabovodivého vlakna je
mozné rozdiel fazovych konstant vyjadrit ako sucin dvoch funkcii.
Prva z tychto funkcii zavisi len od parametrov vlakna r, n,, n,

The existence of an extreme of A, () causes the existence
of the extremal value of the phase difference as a function of
wavelength so A,, can be taken as a centre of the interference
(Fig. 3.).

In the weakly-guided approximation the phase constant
difference can be expressed as a product of two functions. The

6 ® KOMUNIKACIE / COMMUNICATIONS 2/2000



a druha funkcia zavisi iba od normovanej frekvencie V. Tak dosta-
neme:
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first one depends only on the fibre parameters (r, n,, n,) the
second one only on the normalised frequency (V):

2
2rn,,

nC()
AB,, = |:

kde p, q st rady modov.

Na obr. 3. je znazornena zavislost £, (V) pre mody LPy,, LP}
a LPy,, LPy,. Ako vidiet z tohto obrazku, prva funkcia nadobuda
extrém pre hodnotu V' = 3,029 [5] a druha pre hodnotu V=
4,448. Ak uvazime, Ze tieto extrémy zodpovedaju interferencénym
stredom prisluchajucich danej dvojici modov, pomocou normova-
nej frekvencie pre hodnoty A, dostavame:

2ar 2

A = 3.029 (n,, — ny)* pre LPy a LPy @)
2ar 9

Ay = 4.448 (ng, — nz)* pre LPy;, a LPy, (8)

Porovnanim rovnic (7) a (8) dostaneme stvis medzi interfe-
renénymi stredmi modov LPy;, LP,; a LP,, LP,:
An = 1,458 9)

14

Ako sme uz uviedli v prvom odseku, aby sme mohli pozoro-
vat interferenciu modov, je nutné porusit ortogonalitu jednotli-
vych modov. D4 sa to urobit viacerymi sposobmi [1, 3, 6]. Pri
naSich meraniach optické pole vySetrovaného vlakna snimame
dalS§im optickym vlaknom (detekénym), ktoré je pri vySetrovani
interferencie modov LP,, a LP,, osovo posunuté tak, ako ukazuje
obr. la. Pri vySetrovani interferencie modov LP,, a LP, je uloZené
suosovo, ale vzdialené tak, ako je zakreslené na obr. 1b.

Vysledky experimentu

Interferenciu modov optickych vlakien sme experimentalne
vySetrovali v usporiadani uvedenom v praci [3].

Vysledky ziskané pri vySetro-
vani 1nte,rferenc1e'prvy(7‘h dvoch Fu(P)
modov su uvedené v pracach [2,

- nd}z UX(V) — UXV)

= K(nep0 g, 1) Jo(V) (6)

where p, q are the orders of modes.

In Fig. 3. the function f,,(V) for LPy,, LPy; and LPy; ,LPy,
modes are presented. From this picture it can be seen, that the
extremal values for the first and second function are V' = 3,029
[5] and V = 4,448 respectively. If we assume the correspondence
of these extremal values with the interference centre of the cor-
responding modes, we obtain:

2ar .

Ap = 3.029 (n,, — ny)?* for LPy and LP; 7
2ar ) %

Ay = 4448 (ngy = ng)*  for LPy; and LP, ()

Comparing the equations (7) and (8) we obtain the relation
of the interference centres LP,;, LP,; and LP,;, LP,:
Ap = 1.458 9)

14

As it has been mentioned it is necessary to disturb the ortho-
gonality of the modes so that we observe the modes interference.
It can be done in different ways [1, 3, 6]. In our measurement
other fibre (detecting fibre) scans the optic field of the fibre under
study. When studying the LP,; and LP, interference, the detect-
ing fibre is located non-axisymmetrically (Fig. 1la) and when
studying the interference of LPy, and LP,, modes, the detecting
fibre is located as Fig.1b shows.

Results of the experiment

The interference of the fibres was investigated at the
experimental set up described in [3].

The results obtained when

Fu(?) the first two modes were interfer-

ing are published in [2, 3]. It

3], v ktorych bolo na zaklade 15
nameranych priebehov pouka-
zané na moznost ich pouzitia
pre urCovanie homogenity optic-
kych vlakien.

Vysledky ziskané pri vySetro-
vani interferencie vysSich modov
prezentujeme v tejto praci. Ide 12
o vysledky ziskané pri vySetrova-
ni interferencie dvojice modov

1.4

was noted there that the inter-
modal interference could be
used for investigation of homo-
genity of optic fibres. The infor-
mation obtained during investi-
gation of the interference of
higher modes is illustrated by
29 the results measured when inves-
tigating the interference of modes

LPy; - LPp> 3.2

3.1

LPo; - LPy

LPg, and LP, on telecommuni-

LPya LPy, na telekomunikac-
nych step-indexovych vlaknach
firmy Pirelli a ich porovnanie
s interferenciou modov LP,
a LP,,. Merania sme uskutocni-

25 3 35 4 s 5 55y

Obr. 4 K urceniu extrému AB pre dvojicu modov
LPy, - LP;; a dvojicu LP,, - LP,,
Fig. 4 On determination of extreme value of AB for modes
LPy, - LP;; and LPy; - LP,, respectively

cation step-index fibres of the
firm Pirelli are presented in this
paper together with their com-
parison with interference of
LPy,, LP,,. The measures were

KOMUNIKACIE / COMMUNICATIONS
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li na 6smich vlaknach vybranych z jedného telekomunikaéného
kabla. Z kazdého vlakna sme vybrali dve vzorky dizky =~ 30 cm,
a to zo zacCiatku a konca kabla (ich vzdialenost v kabli bola 6109
m), takzZe vysledky vypovedaju o pozdiznej homogenite vysetrova-
nych vlakien. Namerané hodnoty stredov interferencie, Ay, Ay
pre jednotlivé vlakna su uvedené v tab. 1., kde si uvedené
i hodnoty A"}, = 1,468 A,,, vypoéitané z nameranych hodnot A,
ktoré sa podla vztahu (9) maji rovnat hodnotam A, takZe
v tabulke uvedeny rozdiel A,, — A7), informuje o zhode resp.
nezhode nameranych hodnot s hodnotami vyplyvajucimi z teore-
tického popisu vlakien. Nepresnost nameranych hodnoét je po
riadku 1 nm, takZe i hodnoty vypoéitanych vinovych dizok uve-
denych v tab. 1. (pri ich vyjadreni v nanometroch) su zaokruhle-
né na celé Cisla.

carried out on eight fibre samples of length =~ 30 c¢cm picked up
from the beginning and the end of one telecommunication cable
(the distance of the samples in the cable was 6109 m) so the
results give us the information about the longitudinal homogenity
of the investigated fibres. The measured values of wavelengths A ,,
A4 (centres of interference) for particular fibres are given in Tab.
1. The values A7}, = 1,468 A,,, calculated from the experimental-
ly measured values A4, (Which, according (9), should be equal to
values (12 ) are also presented in Tab. 1. Thus the difference
A, — AT}, given inTab.1. informs about the agreement between
the measured values and the values coming from the theoretical
model of fibres. Inaccuracy of the measured values is of the order
of 1 nm, so even the calculated values expressed in nm are
rounded to integers.

Tab. 1.
Zaciatok vlakna Koniec vlakna
Beginning of the fiber End of the fiber
vlakno Ay A )\le Ap— )\le Ay A Ale Ap — /\le
fiber [nm] [nm] [nm] [nm] [nm] [nm] [nm] [nm]
hnedé brown 670 1013 984 +29 669 1009 982 +27
sivé gray 666 1048 978 +70 669 1051 982 +69
oranzové orange 666 1004 978 +26 668 1009 981 +28
biele white 6717 1051 994 +57 676 1051 992 +59
Cierne black 658 987 966 +21 655 982 962 +20
Cervené red 672 1055 986 +69 668 1053 981 +72
modré blue 691 1075 1014 +61 696 1087 1022 +65
zelené green 697 997 1023 26 700 1003 1028 25

Ako vidiet z tabulky, rozdiel medzi A, a A4 zo zafiatku
a konca vlakna je radovo niekol’ko nanometrov. Maximalny rozdiel
bol namerany pre modré vlakno, kde rozdiel medzi interferenc-
nymi stredmi prvého a Stvrtého modu nameranymi na vzorkach
vybranych zo zaciatku a z konca tohto vlakna bol 5 nm a v pripade
prvého a druhého modu tento rozdiel bol az 12 nm. Sved¢i to
o relativne vel'kej pozdiZnej nehomogenite tohto vlakna.

Zaver

Z matematického popisu Sirenia sa svetla v step-indexovom
optickom vlakne bol odvodeny suvis stredov interferencie zaklad-
ného modu a vysSich modov.

Rozdielne hodnoty interferen¢nych stredov (medzi jednotli-
vymi vlaknami) su podla teorie popisujicej step-indexové vlakna
sposobené rozdielnymi hodnotami r, n,, n, vlakien. Polohy
stredov interferencie ale moézu byt ovplyvnené i tym, Ze rézne
vlakna maju odlisné profily indexu lomu. V doésledku toho, pri
vlaknach s rovnakymi r, n,,, 1, rozdiel vinovej dizky prislichaju-
cej stredu interferencie prvych dvoch modov (A;,) a hodnoty )\Tl 5
vyplyvajucej z A4 (t. j. hodnoty A, — )\712) mozZe poskytovat
informaciu o tom, do akej miery sa profil indexu lomu prislusného
vlakna odlisuje od idealneho step-indexového profilu.

It can be seen from the table that the difference between the
values A, and A4 respectively measured at the beginning and the
end of the fibre is several nanometers. The blue fibre shows the
maximal difference: the difference between the interference
centres of LP,; and LP, modes at the beginning and the end of
the fibre is 5 nm and for LP,, and LP,; modes it is 12 nm which
indicates a relatively high longitudinal inhomogenity of this fibre.

Conclusion

The relation of the interference centres of the primary and the
higher modes was derived from the mathematical description of
the light propagation in the step-index fibres.

When assuming the theory of step-index fibres, different
values of the interference centres for particular fibres are caused
by different values of r, n,, n, of the fibres. But the interference
centres could be caused also by different refractive index profiles
for particular fibres. For the fibers with the same values , n,,, and
n, it means that the difference of interference center of the first
two modes A, and value A7}, coming from the interference center
of the first and the fourth mode (i.e. the value A, — A7), in
Tab. 1.) gives information about how the refractive index profile
of particular fibre differs from a step-index profile.

8 © KOMUNIKACIE / COMMUNICATIONS 2/2000



Experimentalne vySetrenie interferencie modov niekol'kych
optickych vlakien ukazalo, Ze jednotlivé vlakna iba priblizne
spihaju z tedrie step-indexového vlakna vyplyvajici sivis A,
a /\le. Rozdiely medzi nameranymi hodnotami stredov interfe-
rencie prvych dvoch modov A, a hodnotou A7}, vyplyvajicou zo
stredu interferencie prvého a Stvrtého modu sa liSia o hodnotu,
ktora sa pohybuje v rozpiti od - 26 aZ do +72 nm, takZe nemohla
byt désledkom chyb merania.

Pozorované rozdiely A, a A7, teda svedGia o tom, Ze meranie
interferencie modov bude mozné vyuzit na kontrolu toho, nakol’ko
je profil indexu lomu vySetrovaného vlakna zhodny, alebo odliSny
od priebehu so skokovou zmenou indexu lomu.
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The experimental investigation of mode interference carried
out on a series of optic fibres shows that particular fibres exhibit
the accordance with the step-index theory of optic fibres only
partially. The difference between the measured values A;, and
values A", range from -26nm up to +72nm, so it cannot be
a measurement error. So the observed differences indicate that the
telecommunication fibres exhibit a significant difference from the
ideal step-index fibre.

The observed disagreement of experimental and theoretical
values indicates that the measurement of interference could be
used to test the agreement of the refractive index profile of
investigated fibre with the refractive index profile of ideal step-
index fibre.
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Martin Klimo *

RIADENIE VYSTUPNE] PAMATE PRE CBR PREVADZKU

PLAYOUT BUFFER CONTROL FOR CBR TRAFFIC

Komunikacné siete zaloZené na principe prepojovania paketov pri-
ndsajui pri prenose novy druh skreslenia spojitého signalu, ktoré vznika
ndahodnym oneskorenim paketov. Na elimindciu tohto skreslenia sa
pouziva vystupnd pamdt. Tento cldnok ukazuje spésob, ako urcit zvys-
kové skreslenie vyjadrené odstupom signdlu od Sumu. Predpoklada sa
prevddzka typu CBR a statické riadenie vystupnej pamdite.

1. Uvod

Ak je signal prenasany sietou s prepojovanim kanalov, hlavna
Cast skreslenia je sposobena aditivnym Sumom. Vplyv aditivneho
Sumu na signal bol Studovany uz dlhu dobu nielen teoreticky, ale
aj prakticky. Pre hodnotenie kvality sluzby prenosu sa v§eobecne
pouziva odstup signalu od Sumu. V paketovych sietach, ktoré po-
uzivaju Statisticky multiplex, nevyhnutne vznika pocas prenosu
nahodné oneskorenie. Skusenosti z pocitacovych sieti ukazuju, ze
pre prenos dat je dostatocnou charakteristikou stredné oneskore-
nie. To vSak nie je dostatoéné v pripade prenosu hlasu, kedy
chvenie buniek alebo paketov prinasa novy druh skreslenia, ktoré
doposial nebolo teoreticky Studované. ViacSina literatury hlada
optimalnu stratégiu prevadzky vyrovnavacich paméti v uzloch.
V principe, zmeny oneskorenia nie je mozné Uplne eliminovat.
Nejaké chvenie celkového oneskorenia vZdy ostava a posledna
moznost, kde je mozné zmensit ho, je vystupna vyrovnavacia
pamaf a jej riadenie. Hlavny rozdiel medzi touto poslednou vyrov-
navacou pamifou a medzilahlymi paméatami v uzloch spociva
v tom, Ze jedine vystupna vyrovnavacia pamat spractiva koncovi
prevadzku. Tato ma vsak podstatne chudobnejSiu paletu riadia-
cich nastrojov. Nema k dispozicii moZnost pouZitia priorit, zmeny
poradia alebo smerovania. Jedinymi moznostami je vkladanie
a ruSenie buniek, pripadne zmena intervalu medzi vzorkami.
Tento typ vyrovnavacej pamite sa vola playout buffer a jeho ria-
denie zmenou intervalu medzi vysielanymi vzorkami je predme-
tom §tudia v tomto ¢lanku.

2. Chvenie oneskorenia

Uvazujme jednoduchy prenos signalu, v ktorom signal s(7) je
pravidelne vzorkovany (CBR) a vzorky s(n4) su prenasané (ne-
uvazujeme kvantizacné skreslenie) sietou ATM navzajom nezavisle.
Blizko k uvedenym predpokladom je napr. prenos reci, v ktorom

* Martin Klimo

Networks based on the packet switching principle introduce a new
type of the continuous signal distortion which is caused by a random
delay of packets. To eliminate this distortion, playout buffers are
introduced. The paper presents a method how to evaluate the rest of
this distortion in terms of Signal-to-Noise Ratio, when static policy is
used for sample rate control in the case of CBR traffic.

1. Introduction

When the voice signal is transmitted over a circuit switched
communication network, the main part of distortion is caused by
noise. The impact of noise to the signal has been studied
theoretically and in practice for a long time and the Signal-to-
Noise Ratio (SNR) is broadly used as the Quality of Service
(QOS) parameter. In the packet switched networks, where
statistical multiplexing is used, random delay is introduced during
the transmission. Experience in computer networks showed that
average delay is sufficient QOS parameter when data are
transmitted. But it is not sufficient, when voice is transmitted, and
cell delay variation introduces a new type of distortion, which has
not been theoretically studied yet. Anyway, a lot of strategies
reducing delay variation are studied in the literature. Most of them
are looking for optimal queueing strategy in node buffers. In
principle, there is no possibility to eliminate delay variation
totally. Some end-to-end delay variation remains and the last
possibility how to reduce it consists of the last output buffer and
its control. The main difference between this last buffer and
intermediate buffers in the nodes is that the last buffer handles
only one end-to-end traffic. It implicates only a limited palette of
control tools. There are no more available tools like a priority
system, sequencers, routers and the only control tools are cell
insertion/discarding and intersample interval control. This type of
buffer is called “playout buffer”, and its control by sample interval
tuning is studied in this paper.

2. Sample delay variation

We assume a simple signal transmission when signal s(¢) is
regularly sampled (CBR), and samples s(nA) are transmitted
independently (quantizing error is omitted) over ATM network.
Near these assumptions is for example PCM voice transmission,

University of Zilina, Department of Information networks, SK-01026 Zilina, Slovak Republic
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PCM kanal 2 Mbits/s (30 hlasovych kanalov) je mapovany do 47
bytov ATM bunky. Siet vnasa do prenosu nahodné oneskorenie
a vzorky nie su prijaté v spravnom case. Rozdiel medzi ekvidis-
tantnymi referencnymi okamzikmi a okamzikmi, kedy su vzorky
posielané posluchacovi, povazujeme za oneskorenie vzoriek.

Predpoklad 1
Nech je ergodicky nahodny proces stacionarny v §irSom zmysle s
e ohrani¢enou strednou hodnotou | es | = |E{s(t)] | < oo,

o kovarianénou funkciou R4(7) = E[s(0) s(1)}, t € N,
e ohranic¢enou strednou energiou o'f = R4(0) = E[s%(1)} < oo,
e ohrani¢enym vykonovym spektrom 5(w) = 0, |w| = >0,

kde §(w) f - Ry()e™ ™ dt, w € N je spektralna vykonova

hustota. Oznacenie N = (—oo, 0) Z = {.., —1, 0, 1, ...} znamena
mnoZzinu realnych resp. celych Cisel.

Vzorkovacia teoréma [2] pre centrovany nahodny proces:

Lim &
s(t) = N'_)'oo
=
sindt
d(r) =
(0 O

ukazuje, ako moze byt nahodny proces rekonstruovany zo vzoriek,
ktoré su z nahodného procesu odoberané pravidelne so vzorkova-
cim intervalom A. V takomto pripade ma chybovy signal nulova
strednu energiu. Ak su vSak vzorky prenasané sietou s komutaciou
paketov, ktora vnasa do prenosu nahodné oneskorenie, vzorky st
pouzivané pre rekonstrukciu signalu nepravidelne (prinajmensom
ak vystupna pamét je prazdna v okamZiku, kedy sa mala pouzit
vzorka na rekonstrukciu). Predpokladajme, Ze tato nepravidelnost,
ktort vyjadrujeme odchylkou (oneskorenim) od pravidelnych
vzorkovacich okamzikov, vytvara bodovy proces {7, k € Z}.

Predpoklad 2

Nech je {7, k € Z] ergodicky, stacionarny nahodny bodovy proces
s charakteristikami prvého radu:

e distribucna funkcia F(t) = p [, <1, t E N k E Z,

e charakteristicka funkcia G(w) = E[e/“"} = f T AR, 0 E N
ke Z -

Vysielany (rekonStruovany) signal bude r(r) = Zs(kA)(I)
x

(t — kA — 7k), a rozdiel medzi obnovenym a originalnym signa-
lom vytvori Sum

n(t) = n(t) —s(t) = Zs(kA)[CD(t — kA — k) — D(r — kA)].
%

Celkové hodnotenie kvality je zalozené na rozdiele povod-
ného s(z) a rekonStruovaného signalu r(z). Ak je miera tohto
hodnotenia linearna, potom celkova kvalita mozZe byt vyjadrena
charakteristikami n(7). Hlavné zjednodusSenie, ktoré pouzivame
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if 2 Mbps sample stream (30 voice channels) is mapped into 47
bytes payload of ATM cells. The network introduces a random
delay, and samples are received at improper time instants. The
difference between equidistant reference instants, and instants
when the samples are playing out are assumed as sample delays.

Assumption |

Let the second order be stationary ergodic stochastic process with
limited average |e5| = |E[s(t)] | < +oo,

o covariation function Rg(z) = E{s(0) s(1)}, t € N,

o limited energy o7 = Ry(0) = E[s*(1)} < +oo,

e limited bandwidth §(w) = 0, |w| = Q >0,

where §(w) f ” Ry()e ™ dt, € I is the power density function.

The notation ' = (—o0, ) Z=1{.., —1,0, 1, ...} and is used in
the paper.

The sampling theorem [2] for a zero-mean stochastic process:

> SA( — kA), A=

— 1 RS jowt _ 1 Q jowt 1
—ELWQD(w)e’ dw—ﬁf_ne’ dw, 1 € 9

shows how the random process can be reconstructed from the
samples shifted over time regularly with a sampling interval A. In
this case the error signal has zero energy. Due to a random delay
in the packet switched network the samples are taken irregularly
by the reconstruction procedure (at least, if the playout buffer is
empty at the regular interval). Let us suppose that this irregularity,
expressed by differences (delays) from regular sampling points,
creates the point process {7, k € Z}.

Assumption 2

Let {7, k € Z} be an ergodic, stationary, random point process
with first order characteristics:

o distribution F(t) = p {1, <1}, EN kE Z,

o characteristic function G(w) = E[e’“™«} = jm AR, w € N,
ke Z. o

The playout (reconstructed) signal will be r(r) = Zs(kA)q)
3

(t — kA — 7k), and the difference between the playout signal and
the original one creates the so-called noise

() = r(t) — s(t) = > s(kA)D( — kA — k) — Dt — kA)].
k

End-to-end quality measures are based on the difference
between the original signal s(z) and the playout signal 7(¢). If this
measure is linear, the end-to-end quality may be expressed in
terms of the noise n(7).

The main simplification used in this paper is based on the
sample independence assumption, when the original signal is
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v tomto ¢lanku spoCiva v predpoklade nezavislosti vzoriek t. j.
v predpoklade, Ze originalny signal tvori ,,biely Sum s ohrani¢enym
spektrom®. V skutocnosti ziadna aplikacia takyto signal nevytvara,
avsak toto zjednuSenie moze dat priamo pouzitelné vysledky
z dvoch dovodov: kompresia signalu zmenSuje korelaciu medzi
vzorkami a signal blizky bielemu Sumu sa ¢asto pouziva na ucely
testovania.

Nech s(7), t € M a {1, k € Z] su stochastické procesy podla
Predpokladu 1 a Predpokladu 2. Ak s(kA) a 7, k € Z su dvojice
nezavislych premennych a, {s(nA), s(mA) |n, m € Z, n # m} su
tieZ nezavislé premenné, t. j.

o'?,n=m

R[(n — m)A] = {0 ntm

potom [1] spektralna vykonova hustota n(w) = F Ry(D)e ™ dw,
Ry(®) = E{n(0)n(D)}, je
fi(w) = 202 D(w)[1 — Re G(w)], w € R (1)

1 =,
a stredny vykon sumu o% = E{n*(0)} = R\(0) = b j n(w)dw
. AT 7 —oo

je

o2 =202 (1— % f_ﬂﬂ Re G(w)dw) . )

Ako vidime, pouZitie ,,spektralne ohrani¢eného bieleho Sumu®
ako testovacieho signalu dava velmi jednoduchy vztah na vypocet
stredného vykonu Sumu. To moze byt zaujimavé pre inZinierske
vypocty, v ktorych sa odstup signalu od Sumu v§eobecne pouZziva
na hodnotenie kvality. Ak pouzijeme definiciu SNR

2
SNR = 10log—S-,  [dB] 3)
Oy

vo vzfahu (2), potom dostavame
SVR = —1010g2{ 1- — fﬂ Re G(w)dw | , [dB]
= - - e G(w)dw |, .
¢ 20 '-q

Nasledujuci priklad ukazuje vplyv nahodného oneskorenia
vzoriek na signal typu ,spektralne ohraniceny biely Sum*®, ak pred-
pokladame, Ze oneskorenie ma exponencialne rozdelenie. Takéto
rozdelenie je aproximaciou rozdelenia oneskorenia paketov vo
velkych datagramovych sietach s velkym poctom zdrojov, v ktorych
vystupny tok zo siete je blizky Poissonovmu procesu. Nech {s(nA),
s(mA)|n.m € Z, n # m} s nezavislé veliCiny, oneskorenie je
nahodna veli¢ina s exponencialnym rozdelenim s distribu¢nou

“band-limited white noise“. Of course, no real application can
produce such a signal. Anyhow, this simplification may be
interesting for two reasons: signal compression before sampling
decreases the covariation between samples, and it is also very
common to have a defined test input signal and the white noise is
often used for testing communication networks.

Let s(7), t € N and {7, k € Z] be the stochastic processes
according to Assumption 1 and Assumption 2 respectively. If s(kA)
and 7,, k € Z are pairs of independent variables, {s(nA),
s(mA)] n,m € Z, n # m} are independent variables, i.e.

af,n=m

R[(n — m)A] = {0 ntm

then [1] the power spectral density n(w) = r Ry(D)e ™" duw,

R\(0) = E{n(0)n(1)}, is
(w) = 202 D(w)[1 — Re G(w)], w € N (1)

I (o .
and the average noise powcro‘,zv = E{n*(0)} = Ry(0)= 2—[ n(w)dw
. AT/ —oo
is

o = 2q§<1— % ﬁlﬂ ReG(w)dw) . )

As we can see, the band-limited white noise as a test signal
leads to a very simple formula for the noise power calculations.
This makes it interesting for engineering calculations, where signal-
to-noise ratio (SNR) is broadly used as a signal quality measure.
By defining SNR

2
SNR = 10log—S-,  [dB] 3)
ON

formula (2) becomes to
SNR = —10l0g2| 1— — fﬂ Re G(w)dw | , [dB
= og 20 o Re (w)dw |, [dB].

The following example shows the impact of the sample delay
to the band-limited white noise-like original signal, when the
delay has an exponential distribution. This distribution is an
approximation of the packet delay in a large datagram network
loaded by many sources, where the output stream is near to the
Poisson process. Let {s(nA), s(mA)|n.m € Z, n+ m) be
independent variables, delay is exponentially distributed with

_ e . _ 1
funkciou F(f)=1—¢e ™, t=0, m =0 strednou hodnotou | distribution F(r) =1 —e¢ M=, n = 0 average value 7= —,
| 1
7 = —, a charakteristickou funkciou G(w) = Lt —, w € M. | and characteristic function G(w) = —M‘—, o € I
1 mtjo ntjo
Potom je spektralna vykonova hustota Sumu Then the noise power spectral density is
2 2
A _ 2/\ w A _ 2A w
n(w),, = 205P(w) ng e n(w),,, = 205P(w) 72 T
stredny vykon Sumu the average noise power
12 ¢ KOMUNIKACIE / COMMUNICATIONS 2/2000



s Ao A T
ONewp = 20| 1 — ; arctg T 4)

a odstup signalu od Sumu

A T
SNR,,, = 10log2| 1 — — arctg — |, [dB].
T A

3. Vystupna pamit

Vystupna pamét sa pouZiva na eliminaciu chvenia oneskore-
nia vzoriek. V zavislosti od akceptovateIného celkového onesko-
renia €akaju vzorky vo vystupnej paméti a potom su vysielané von
v pravidelnych Casovych intervaloch. Ak v okamziku, kedy mala
byt vysielana vzorka, je vystupna pamét prazdna, vznikne vypadok
signalu, aZ pokial nie je k dispozicii oneskorena vzorka. Toto zvys-
kové oneskorenie opatovne spdsobuje Sum a na jeho Studium
mozeme pouzit predchadzajice vysledky. Nech p, je pravdepo-
dobnost, Ze vystupna pamat je prazdna v Case, ked ma byt vzorka
hrana von. F,, a distribucna funkcia zvySkového oneskorenia
t.j. intervalu od okamziku, kedy vzorka mala byt vysielana do oka-
mziku, kedy je skutocne vysielana. Potom oneskorenie nadobuda
nulova hodnotu s pravdepodobnostou (1_,0), kladni hodnotu
zvyskového oneskorenia 7,,, s pravdepodobnostou p,, a spektralna

es

vykonova hustota Sumu a odstup signalu od Sumu su:

ﬁ(w) = poﬁ(w)res’
SNR = SNR,,, — 10log(p,) .

Index ,res“ oznacuje funkciu pocitanu pre pripad, Ze zvySkové
chvenie vznika s pravdepodobnostou 1.

4. Riadenie vystupnej pamite

Predchadzajuce vztahy ukazujt, ako sa zlepsi odstup signalu
od Sumu v pripade, Ze na oneskorené vzorky cakame, miesto toho,
aby sme chybajuce (oneskorené) vzorky sice vysielali vcas, ale
nahradené nulovou hodnotou. Existuje niekol'ko sposobov, ako
tento vysledok este zlepsit. Po prvé, mozeme pouZzit iné sposoby
nahrady chybajucej vzorky miesto nahrady nulovou hodnotou.To
ma zmysel v pripade, Ze zvySenie odstupu signalu od Sumu bude
vacsie, ako je prispevok SNR,,,. Po druhé, moze byt zmenSend
pravdepodobnost vyprazdnenia pamdte p, a to tak, Ze vzorky
budu vysielané von pomalSie ako udava vzorkovaci interval, ak sa
pamaét bliZi k vyprazdneniu. V tomto ¢lanku budeme uvazovat sta-
tické riadenie vystupnej rychlosti vzoriek, t. j. budeme predpokla-
dat, Ze bude pouzity interval medzi vysielanymi vzorkami A, =
A+§,n=1,2, .. ak v Case po odvysielani predchadzajucej
vzorky je v pamiti prave n vzoriek (predpokladame neohrani¢enti
vel'kost vyrovnavacej pamate). Ak je v okamziku, kedy mala byt
vysielana vzorka paméat prazdna, vzorka bude odvysielana von
akonahle pride, t. j. interval medzi vzorkami bude A, + 7.
Marginalna charakteristicka funkcia oneskorenia bude

G(w) = E[¢™) = > p,e’”" + py E[e’™], 0 € N
n=1
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s A A T
ONerp = 205 1 — E arctgf 4)

and then the signal-to-noise ratio is

A T
SNReXp = 10log2( 1 — —— arctg— |, [dB].
T A

3. Playout buffers

To eliminate sample delay variation, playout buffers are used.
Depending on an acceptable average delay, samples are waiting in
the output queue, and they are “played out” with regular intervals.
If the buffer is empty when a sample should be sent, a signal gap
occurs until the delayed sample is available. This residual delay
again produces noise, and the previous results may be applied. Let
Do be the probability that a buffer is empty when the sample
should be played out, and F(,)M the distribution of the residual
delay i.e. the interval since the sample should be played out. Then
the delay T takes a zero value with probability (1_,), value of the
residual delay 7,,, with probability p,, and

2((1)) = poﬁ(w)res s
SNR = SNR,,, — 10log(p,) .

Here “res” indexes functions, where only residual sample
jitter is taken into account.

4. Playout buffer control

The previous formula shows how waiting for the delayed
sample improves SNR, compared to the policy when the empty
buffer generates zero samples, but just in time. There are several
methods how to improve this result. Firstly, other lost sample
replacing methods bring an advantage, but of course, only if their
gain in SNR, compared to the zero stuffing is greater than SNR, ;.
Secondly, probability of an empty buffer p, can be decreased if
samples are played out slower than the sampling rate, when the
buffer is coming to be empty. In this paper we assume static
control policy of the playout sample rate, i.e. we assume that A, =
A+ 6, n=1,2,..intersample interval is used, when the sample
should be played out, and the buffer contains n samples (infinite
buffer capacity is assumed). If the buffer is empty at the playing
out instant, the sample will be played out as soon as it comes, i.e.
intersample interval A; + 7,,, occurs. The marginal characteristic
function of delay is

G(w) = E[¢} = > p,e/n + py E[e’ ], w € N

n=1
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a spektralna vykonova hustota Sumu ‘

and the noise power spectral density, is

n(w) = 2072 &)(w)[l —po — Z D cosw5n:| + Po(®),p5, @ € .
n=1

Stredny vykon Sumu (2) je
20_2 oo

2] S
n=1

sinre,
oy =)

}+A@hx ©)

TE,

0
kde €, = X" n =1, 2, ... je relativne oneskorenie vzorky.
Vztah (3) mdzeme pouzif pre vypocet odstupu signalu od Sumu.

Ako priklad uvazujme neohraniceni FIFO vyrovnavaciu
pamaét, do ktorej prichadzaju vzorky tak, ze vytvaraju Poissonov
proces s intenzitou 1/A vzoriek za sekundu, teda so strednym
intervalom medzi vzorkami 7 = A. Statické riadenie nech spociva
v tom, Ze je zadana hranica N = 1 nasledujuco:

5, =6n=1.,N
5, =—-6n=N+t1,N+2.

V tomto pripade aj zvySkové oneskorenie ma exponencidlne
rozdelenie so strednou hodnotou A. Pouzitim vztahu (4) v (5)
dostavame

ON

5 oo
kde e = A Formalne mozZeme pisat py=1—p=1— z D P>
n=1
A+4, . .
kde p, = A =1+ €, rozdelenie pravdepodobnosti p,,

n =0, 1, ... vSak musime aj tak vypocitat. Mozeme ho dostat ako
invariantné rozdelenie pravdepodobnosti stavov Markovovho
refazca vnoreného do okamzikov po odvysielani vzoriek. Moze
byt pocitané napriklad pomocou rekurzie

le 1 n
— Pn+ _ Ml pyt1—p _

Ppyr =€t p, cemt po Z
n k=1

oo

s pouZitim normujucej rovnice Z D, = 1, pricom predpokladdme
n=0

0=<p<Ltj0=p,—> pe <l
n=1

Je prirodzené ocakavat, Ze Sum sposobeny chvenim onesko-
renia bude tym mensi, ¢im je mensia pravdepodobnost vyprazd-
nenia vyrovnavacej pamaite. Znizovanie pravdepodobnosti
vyprazdnenia pamite sa da dosiahnut oneskorenim prvych
vzoriek v slove, to vSak moze sposobit neakceptovatelné stredné
oneskorenie pre aplikacie beZiace v realnom Case. Preto vysledok
(6) musi byt analyzovany sicasne so strednym oneskorenim,
ktoré vypocitame z Chincin-Pollaczekovej formuly

2 2 sinme 1
L ==(1- (1 —pg) + 2|1 ——arctgm |p,
os A TE ™

(n—k+1)

The average noise power (2) is

|:1 *PO*ZP’?
n=1

= n

2 .
, 203 sinre,,

Oy = A

}+mﬂhx ©)

[
where €, = X" n =1, 2, ... is a relative sample delay.
Formula (3) can be used for SNR calculation.

As an example we assume an infinite FIFO buffer with
Poisson input sample stream at the rate of 1/A samples per
second, with the average sampling interval 7 = A. The static
control strategy is given by threshold N = 1 as follows:

dn=1..,N
-6n=N+1N+2, ..

n

In this case, the rest delay has exponential distribution with
an average rest delay A. Then applying (4) in (5) gives

(6)

5 -
where € = A Formally, we can write py =1 —p=1— Z Dy P
=1
A+, o n.
where p, :_A =1+ ¢, anyhow, the distribution p,,
n=20, 1, .. should be calculated. It can be obtained as an

invariant distribution of an embedded Markov chain to the
instants when samples should be played out. It can be calculated,
for example, by recursion

pn:k+l
k - _
ePntl =Pk p n=0,1, ..,

oo

with the norm equation p, = 1. We also assume 0 = p < 1,
0

n=

ie. 0=p, — Z p,€, < L. It is quite natural that noise caused by
n=1

delay variation will be less when the buffer will be empty with very

low probability. On the other hand, it leads to a very high average

delay, which may be unacceptable for application. Then the result

(6) must be analysed together with the defined average delay,

which may be obtained from Khinchine-Pollaczek formula
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A 1
E(T,))=— — — 1 | = konst.,
2
Po — Z pnen
n=1
¢o v naSom pripade dava
A 1
ET)=—\——"—""——1|=konst.,
2\ po— (s —p)e

N oo
kdep+ = anapf = Z Pp-
n=1

n=N+1

5. Zaver

Potreba prenosu spojitych signalov paketovymi siefami
v realnom cCase vedie k rieSeniu problému, ako zabezpecCif prena-
Sany signal voci zhorSeniu kvality sposobenej nahodnym onesko-
renim vzoriek. Posledna moznost v informacnom refazci ako to
urobit je riadenie vystupnej vyrovnavacej pamite. Clanok uvadza
vztahy, ktoré mozu byt pouzité pri ladeni parametrov vystupnej
vyrovnavacej pamate, najma intervalu medzi vysielanim vzoriek
tak, aby sa maximalizoval odstup signalu od Sumu, ktory je
pouZity ako miera kvality prenosu signalu za podmienky, Ze vzorky
v povodnom signale st navzajom nezavislé.

Recenzenti: P Podhradsky, K. Blundar

Literatira - References

KOMNIKCCle

C O M M UNICATI ON:S

A 1
ET,}=— = — 1 | = konst.,
2
Po— Z pﬂeﬂ
n=1
or, in our particular case,
A 1
ET)=—|—————-1|=konst.,
2\ po—(py —p-)e

N oo
where p, = an and p_ = Z Dy-
n=1 n=N+1

5. Conclusions

A need for real-time transmission of continuous signals over
a packet-switched network leads to the problem how to save the
quality of the transmitted signal against the degradation caused by
the random delay of samples. The last possibility is to control the
playout buffer. There are several formulas presented in this paper,
which can be used for tuning parameters of static policy for
intersample intervals used by the buffer to play out the samples.
Signal-to-Noise Ratio is used as a Quality of Service parameter,
and signal with independent samples is taken as an original signal.

Reviewed by: P. Podhradsky, K. Blundr
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Milan Karpf - Boris Simak *

VPLYV SUMU TYPU SO A KORENIE NA KODOVANIE OBRAZU
ZALOZENOM NA STIEPENI OBRAZU

SALT & PEPPER NOISE IMPACT ON IMAGE CODING BASED ON IMAGE SPLITTING

Tento clanok sa zaoberd vplyvom Sumu a riadiacich parametrov (segmentacné kritérid) na zvolenii metodu segmentdcie. Boli pouZité dva
riadiace parametre. Dynamické kritérium a kritérium vyhodnocujiice varianciu oblasti. Ako segmentacnd metoda bolo pouZité Stiepenie
obrazu. Vplyv Sumu a riadiacich parametrov na segmentacnii metodu a kodovdnie bol vyhodnoteny pomocou objektivneho kritéria kvality
obrazu (vrcholovy odstup signdl sum) a poctu oblasti segmentovaného obrazu.

The paper deals with the influence of noise and two control parameters on a segmentation method for image coding. Dynamic min_max
criterion and variance criterion were used as segmentation control parameters. For the segmentation of images we have used the method of image
splitting. The influence of the value of variance and dynamic criterion on the quality of the segmentation coded image is demonstrated. We have
evaluated the objective criterion of the quality of the image (peak signal-to-noise ratio) and number of regions in the image for different values of

segmentation control parameters and noise density.

Introduction

During the segmentation for the segmentation-based coding
[3] we analyse a given image and we try to find areas homogenous
in a certain sense (for example colour or grey level). The internal
parts of certain areas (textures) and borders are coded separately.
These segmentation methods involve the region growing, combi-
nations of growing and splitting and a whole number of other
methods adopted from the scientific discipline of computer vision
and medical data processing.

/__,
<«

(b)

Figure 1 (a) Image Lena-original. (b) One splitting step of quadtree
decomposition algorithm.

* Ing. Milan Karpf, Doc. Ing. Boris Simak, CSc.

Quadtree decomposition

For the segmentation of image we have used the method of
quadtree decomposition which is one of image splitting methods.
The advantages of quadtree decomposition compared to other
segmentation methods are speed and simple coding of area borders
[2]. Quadtree decomposition divides a square image into four
equal-sized square blocks (see Figure 1 (b)) and then tests whether
each block fulfils the criterion of homogenity. If not, it is divided
again into four equal-sized square blocks. This procedure is repeated
again for every block in the image until the criterion for the tested
block is met or until the size of the block equals one pixel or a set
minimum value (our minimum set value is one pixel).

The first criterion of homogenity that we used (1) splits
a block when the difference between the maximum value of the
block pixels and the minimum value of the block pixels is greater
than the set value (threshold) (2). The threshold is specified as
a value between 0 and 1, where 1 corresponds to the maximal
possible value (255) for the eight bits representation of a grey
level image. Therefore, the threshold controls the segmentation
method. The splitting procedure is defined as follows:

Let X; be an area (block) of the image and x(m,n) are points
in this area x(m,n) € X. Then, the criterion of homogenity is
Y (<mn) ()

min_max(X;) = m)?x (x(m,n)) —

Department of Telecommunication Engineering, Faculty of Electrical Engineering, Czech Technical University, Technicka 2, CZ-16627 Praha 6,

Czech Republic; E-mail: karpf@feld.cvut.cz, simak@feld.cvut.cz
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and the splitting condition is

TRUE  split area X;

min_max(X;) > threshold, { FALSE do not split area X, 2)

This criterion is simple and fast and recommended in [1], [4].
We code the value of particular pixels by the mean value across the
area to which pixels were assigned by the segmentation algorithm.
The influence of the value of threshold for min_max criterion
(dynamic criterion [1]) on the quality of the segmentation coding

is depicted in Figure 2 (a).

The second criterion of homogenity that we used is the
variance of area. Variance is defined as follows.

1
Letx;, = ? Z x(m,n), where

i VxEX;

i =1, 2, ... number of areas in an image

3)

and S; = the number of pixels in area X;. Then, the variance of
area is

1
o;=o(X) = -

> (x(mn) =37 ©)
Si VxEX;
and the splitting condition is
o2(X;) > variance threshold
. TRUE  split area X;
unnormalized, { FALSE do not split area X, )

The variance threshold is specified as a normalized value €
(0, o), where 1 corresponds to the maximal possible value (255)
for the eight bits representation of a grey level image. In other
words:

variance threshold unnormalized
255

variance threshold = . (6)
The influence of the value of variance threshold on the quality
of the segmentation coding is depicted in Figure 2 (b).
When we code areas of image using the mean values of areas,
we calculate the value of PSNR. Given that MxN is the size of the
image and y(m,n) is the value of pixel of that processed image.

e(m,n) = y(m,n) — x(m,n)

KOMNIKOCIe
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dynamic criterion and the variance criterion each other. We have
calculated normalized # of areas.

(a) threshold = 0.3, PSNR = 26.96 dB

wherem = 1,2, ..,Mandn=1,2,..N. (7)
Mean — squared — error (b) variance threshold = 1.2745, PSNR = 27.01 dB
1 M N
eyseE = m Z z e(m,n)2 and (8) Fig. 2 Images segmented by (a) min_max criterion and
=1j=1 (b) variance criterion. In this figure, each region is filled
the peak signal — to — noise ratio with the corresponding grey level.
2552
PSNR = 10log,, P [dB] 9) # of areas
MSE normalized # of areas = ———————, (10)
maximal # of areas
The influence of the value of threshold and variance threshold where maximal # of areas = M*N. (11)
on the distribution of areas in segmented image Lena is depicted
in Table 1. We selected very closed values of PSNR to compare the In our case: maximal # of areas = 512%512 = 262144.
KOMUNIKACIE / COMMUNICATIONS 2/2000 o 17



[OMNIKOCIe

C oM M UNICAT

I o N S

The distribution of areas in the segmented image Lena for dynamic and variance criterions. Table 1
Dynamic criterion - threshold Variance - variance_threshold
Size of Area 0.1 0.3 0.5 0.2157 1.2745 3.4314
[pixels x pixels] (55) (325) (875)
512 x 512 0 0 0 0 0 0
256 x 256 0 0 0 0 0 0
128 x 128 0 0 0 0 0 2
64 x 64 0 4 14 3 11 16
32x32 14 65 98 30 69 79
16 x 16 166 283 234 207 215 161
8x8 1041 886 486 815 631 378
4x4 3909 2140 655 2540 1688 736
2x2 13329 3542 712 9630 4382 1157
Ix1 22828 1640 112 34824 6472 1132
Normalized # of Areas 0.1575 (41287) 0.0327 (8560) 0.0088 (2311) 0.1833 (48049) 0.0514 (13468) 0.0140 (3799)
PSNR [dB] 34.9021 26.9573 21.9891 34.5415 27.0141 22.0196
0.35 0.5
D 0.45 P
03}
0.4
025 b 035
03
02}
025 | P
0.15 b 0a
o1k 0.15
0.1
0.0s } T T
0.05 T
: [ P s 5 0 i I T S
005 01 015 02 025 03 035 04 045 05 0 1 15 2 2.5 3 35 4
(a) (a)
40 45
D
35t ) 40
o}
P 35
30f D
P D 30
A oash P P D
- P A
g P b | P oS D
g 20} ) D X
g 2 20 d
15 @
15
0}
10
5F 5
0 0 " " "
005 01 015 02 025 03 035 04 045 05 0 0.5 1 2 25 3 35 4
(b) (b)
Fig. 3 (a) normalized # of areas versus threshold, Fig. 4 (a) normalized # of areas versus variance threshold.
(b) PSNR versus threshold. (b) PSNR versus variance threshold.
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PSNR and normalized # of areas versus threshold and variance
threshold are shown in Figure 3 and Figure 4, respectively.

We have calculated the correlation coefficients (9), (10),
which are normalized measures of the strength of the linear
relationship [7] between variable PSNR and variable normalized #
of areas.

corrcoef (PSNR, normalized # of areas) =

|1 0932
09352 1

It is seen that the PSNR and the normalized # of areas are
highly correlated data (nearly equivalent data) for min_max crite-
rion (12) and variance criterion (13). Therefore, it is enough to eva-
luate only the influence of noise on normalized # of areas and not
to calculate PSNR. We have to be aware of the fact that the PSNR
criterion depends also on the methods which are used for the
coding of areas. If we evaluate only normalized # of areas and do
not evaluate PSNR we will probably eliminate the problem of area
coding.

(12)

corrcoef (PSNR, normalized # of areas) =

0.9544]

1
B [0.9544 1 (13)

Noise

Image capture mechanisms are not ideal. Therefore, noise is
found in the image. This noise hinders the ability to effectively
process and compress the image. The noise affects also the image
segmentation and the image coding.

In our experiment we have added salt and pepper noise to the
image. The salt and pepper noise occurs e.g. in images which are
obtained by camera containing malfunctioning pixels or can occur
due to a random bit error in a communication channel [6]. Its
histogram is defined as

Ppepper noise with probability p  for G, = a

h; = 4 salt noise with probability p JorG,;=b , (14)
0 elsewhere
1 —
Probability p
0
|
0 a b 255
Graylevel
(a)
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Fig. 5 (a) A histogram of salt and pepper noise. (b) The salt and pepper
noise degraded image with a combined probability (density)
of 5 %. (MATLAB's default value) PSNR = 18.5 dB.

where G, is the grey level value of the image. The salt and
pepper noise each occur at grey level values a and b with probability
p (see Figure 5 (a)). The influence of noise on the image is shown
in Figure 5 (b).

The graphs of normalized # of areas versus threshold (dynamic
criterion) and variance threshold (variance criterion) for different
values of noise density are shown in Figure 6.

Conclusion

We conclude that the number of areas in the image and PSNR
for coding of areas by mean values of appropriate areas are highly
correlated data. Therefore, we think that it is enough to evaluate
only number of areas in the image and not to evaluate PSNR for
different values of noise density and splitting control parameters.

The number of areas, which is produced by the dynamic
splitting criterion, is smaller than the one produced by the
variance criterion for equal quality (i.e. PSNR). Thus, the coding
of borders of image areas which are obtained by dynamic splitting
criterion spends less bits than the coding of areas borders
obtained by variance splitting criterion (see Table 1).

The noise affects significantly the image segmentation
method. When the noise density is increasing the number of areas
in image is also increasing (see Figure 6). Nevertheless, we have
to be aware that the quality of image does not improve when the
number of areas in the image increases, because we do not have
the original noiseless image for coding of image.

Reviewed by: J. Polec, M. Breznan
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(a) (b)
Figure 6 normalized # of areas versus (a) threshold and (b) variance threshold for quadtree decomposition and different noise densities.
Density = 0 (full line), 0.001(+++), 0.01 (square), 0.1 (***), 0.3 (triangle), 1 (xxx). Noise density € (0,1).
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CASTI MODELU INFORMACNYCH A ZABEZPECOVACICH

SYSTEMOV

PARTS OF MODEL OF INFORMATION AND SAFETY SYSTEMS

Modelovacie techniky pre rozsiahle a zloZité systémy sa vyberajii
s ohladom na ocakdvany vysledok modelovania. Pre rutinny postup
syntézy vo vicsine pripadov postaci skusenostny pristup. Model
systému s exaktnym opisom jeho atribiitov vyzaduje aplikdciu niek-
torych teoretickych zdverov. Pre informacné a zabezpecovacie systémy
Jje zvoleny model, vychddzajiici z teorie informdcii. Tento model
mozno dalej precizovat pomocou systémovej a nakoniec obvodovej
teorie. V predkladanom cldnku sii opisané dva ndstroje apardtu
tedrie informdcii pre spracovanie modelu systému. Ide o vyjadrenie
nerovnosti pre spracovanie informdcii a o kvantifikdciu chyb pri
manipuldcii s informdciou.

Uvod

Pri analyze a syntéze informacného a zabezpeCovacieho sys-
tému existuju dva zakladné postupy:

e pre dohodnuté funkcie sa vybera Struktura technickych a progra-
movych prostriedkov systému na zaklade skusenosti projektanta
z predoslych aplikacii. Vyber je zavisly od technologickej irovne
komponentov systému a od celkovej sumy, ktoru je odberatel
ochotny zaplatit. Uloha riadenia systému je zloZena zo ,tan-
dardnych elementov®,

e podrobne sa Specifikuju pozadované funkcie systému vo vizbe
na riadeny systém bez ohladu na budicu skladbu HW a SW
komponentov. V dalSom kroku sa vytvori model funkcii, na
ktorom sa definuje tloha riadenia ako Ciastkova uloha radenia
primarneho procesu. Pri tvorbe modelu funkcii mozno zobrat
za zéklad niektory z referencnych modelov, ak ide o obvykly
sortiment sluzieb. Pre osobitny sortiment sluzieb treba vykonat
podobny postup, aky sa pouZil pri tvorbe referenénych modelov.
Uéinnym prostriedkom je vrstvenie funkcii. Tento postup umoz-
nuje rozklad ulohy syntézy na jednoduchsSie moduly (vrstvy
funkcii). Ak sa vyrieSi spolupraca vrstiev, mozno pri syntéze
pouzit postup, znamy z objektového programovania. Na reali-
zaciu funkcii vrstiev sa v poslednej faze vyberu HW a SW kom-
ponenty. Charakteristiky vykonavania funkcie vrstiev (Casove,
objemové, spolahlivostné, bezpecnostné, ...) su zavislé od tech-

*

Modelling techniques for large and composite systems are chosen
with regard to the expected result of modelling. For routine procedure
of synthesis the empirical method is sufficient in most cases. System
model with exact description of its attributes demands application of
some theoretical conclusions. For information and safety systems
a model derived from Information theory is selected. This model can
then be specified with the help of the system and, eventually, circuit
theory. In the presented paper two tools of Information theory
apparatus for model system processing are described. They express
information processing inequality and quantification of faults
occurring by information manipulation.

Introduction

When analysing and synthesising an information and safety
system two ground lines exist:

e for denominated functions a structure of technical and program
elements of the system is selected based on a designer’s experi-
ence from the last application. The selection depends on tech-
nology level of system components and on general sums which
the customer is willing to pay. The task of system control con-
sists of “standard elements®,

o the demanded functions of the system are thoroughly specified
in connection with the controlled system regardless of the
future composition of HW and SW components. In the next
step the function model is created on the basis of which
a control task is defined as a partial task of the primary process
control. When creating a function model it is possible to use
some of the reference models as a basis provided that a usual
range of services is demanded. For a special range of services
a similar procedure to the one used during the creation of refe-
rence models, has to be performed. The interleaving of func-
tions is an effective tool. This procedure enables decomposition
of synthesis responsibilities on simple modules (layers of the
functions). Provided that the co-operation of the layers is solved,
the procedure well-known from the object programming can be
used in the synthesis. HW and SW components are chosen for

IProf. Ing. Pavol Tomasov, PhD., *Doc. Ing. Karol Rastoény, PhD., *Doc. Ing. Jiii Zahradnik, PhD.
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nologického stupna pouzitych komponentov a od ,,Sikovnosti“
vytvorenia modelu funkcii.

V mnohych aplikaciach je postacujuci prvy postup. V zlozi-
tych a rozsiahlych informacnych systémoch sa niekedy vyzZaduje
osobitny sortiment sluzieb. Prikladom su zabezpeCovacie systémy,
pouZité pri riadeni kritickych procesov. Typickym kritickym pro-
cesom je dopravny proces. Pri vyskyte poruchy v riadeni takého
systému mozZe dojst k stratam na majetku, zdravi alebo Zivote.
Porucha, ktora vyvola nebezpecny stav, moze byt aj produktom
pouzitého systému. Je zrejmé, ze funkcie takéhoto systému treba
$pecifikovat druhym z uvedenych postupov. Skupinu funkcii v jed-
notlivych skupinach (vrstvach) treba zostavit tak, aby bola zaru-
Cena stabilita, kauzalita a bezpecnost. Vysledkom Specifikacie
funkcii celého systému ma byt ,safety case“ pre konkrétnu apli-
kaciu.

Cinnost informaéného aj zabezpecovacieho systému moze
byt rozlozena na Styri zakladné druhy sluzieb: ziskavanie, ischova,
prenos a transformacia relevantnych, aktualnych a garantovanych
informacii (obr. 1). Kazda z ciastkovych sluzieb je spojena so
struktirou HW a SW prostriedkov, ktoré vykonavaju ,technolo-
giu“ prislusnych operacii. Aby systém poskytoval pozadovany sor-
timent sluzieb, musia byt elementy sluzieb zostavené do sekvencii,
ktorych vykonavanie je riadené. Charakteristiky vykonavania
funkcii su silne zavislé aj od sposobu riadenia. Uz pri zostavovani
sekvencie Ciastkovych sluzieb musi byt zohladneny technologicky
stupen elementov systému. Napriklad vykonnost pocitacovej siete
ovplyviiuje distribuovanost DB systémov, sposob a intervaly aktu-
alizacie replik DB, atd. Jadrom tejto tézy je vytvorenie riadiaceho
postupu, ktory zacina rozkladom sluzieb systému na primitivy,
a konc¢i Specifikaciou protokolu a stanovenim prislusného forma-
lizmu na jeho konStrukciu.

Za jadro problému analyzy a syntézy informacnych a zabez-
pecovacich systémov s osobitnym sortimentom sluZieb mozno
povazovat zostavenie modelu, ktory pokryje ¢o najvacSie mnoz-
stvo funkcii a stavov systému. V predkladanom ¢lanku je pokus
o jednotiaci pristup k modelovaniu takych systémov s vyuzitim
niektorych prvkov teorie informacii.

Vyber nastrojov pre modelovanie ulohy riadenia

Vyber modelovacich technik pre doterajsie technologické
stupne informaénych a zabezpeCovacich systémov vychadza zo
skusenostného postupu. Tento pristup pokryval takmer vsetky
poziadavky na rieSenie uloh syntézy a analyzy. ISlo napriklad
o modely funkcii, model datovych tokov, entitno-relacny model,
protokolovy model, model poruch a dalSie modifikované modely.
Tieto modely sa daju zvladnut Specializovanymi programovymi
balikmi, takZe st v praxi aj dostatocne efektivne. Maju vsak aj spo-
lo¢nu nevyhodu, ktora obmedzuje ich pouzitie a efektivnost pre
informaéné a zabezpeCovacie systémy posledného technologic-
kého stupna. Touto nevyhodou je fakt, Ze v retazi: Teoria informa-
cii, Teoria systémov, Tedria riadenia, Teoria obvodov, vynechavaju
zavery tedrie informacii, tedrie systémov a niektoré aj zavery tedrie

the realisation of layer functions in the last phase. Characteristics
of layer functions execution (up to date, performance, reliabi-
lity, safety, ...) depend on a technological degree of service com-
ponents and on the skill of function model creation.

In many applications the first procedure is sufficient.
Sometimes a special range of services is demanded in the compo-
site and extensive information systems. An example is the safety
systems used for critical processes control. Transportation
process is a typical critical process. When a failure occurs in the
control of such a system, it may lead to the loss of property,
health, or life. The failure that invokes a danger state can be
a product of the used service system, too. It is evident that func-
tions of such a system need to be specialised by the second pro-
cedure. The function group in single groups (layers) has to be
formed in such a way that it guarantees stability, causality and
safety. The result of function specification of the whole system has
to be the ,safety case” for concrete application.

The activity of information and safety system can be divided
into four basic kinds of services: obtaining, safekeeping, transmis-
sion and transformation of relevant, current and guaranteed infor-
mation (Fig. 1). Each of the partial services is connected with the
structure of HW and SW means performing competent operation
“technology”. To enable the system to offer the required range of
services the service elements have to be formed into sequences,
whose execution is controlled. Characteristics of functions execu-
tion are strongly dependent on the kind of control, too. Even
when forming the partial services sequence the technological
degree of system elements has to be respected. For example the
efficiency of computer network is influenced by the level of distri-
bution of DB system, the way and time interval of actualisation of
DB replicas, etc. The core of this thesis to create a control proce-
dure, which begins by with decomposition of system services to
primitives, and ends by with protocol specification and with esti-
mating the competent formalism on its construction.

Formation of the model that covers the greatest possible
number of functions and system states is considered to be the
main problem of analysis and synthesis of information and safety
system with special range of services. In our paper we try to
present a unifying approach to modelling such systems using
some elements of information theory.

Selection of tools for modelling of control task

The selection of modelling techniques for up to present tech-
nological degrees of information and safety systems is based on
empirical method. This approach covered almost all of the requi-
rements for solution of synthesis and analysis tasks. Examples
include: function models, data flow model, entity-relational model,
protocol model, failure model and further modified models. These
models can be managed by special software packets, and thus they
are sufficiently effective even in praxis. However they all have
a shared disadvantage which limits their application and effecti-
veness for information and safety systems of the last technological
degree. In the chain of the Information theory System theory
Control theory Circuit theory, all mentioned models fall to
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riadenia. Pre rozsiahle a zloZité systémy by sa mali modelovacie
techniky doplnit najmenej o informac¢ny model. Informacia je pre
vsetky takéto systémy primarnym ,substratom®, s ktorym sa
v systéme manipuluje. Informacny model ma preto ambicie byt
jednotiacim pre doterajSie jednoucelové modely.

Zabezpecovaci systém je podmnozinou informacného systému.
Jeho ulohou je narabanie s informaciou (akvizicia, transformacia,
prenos a uschova) osobitnym sposobom, odlisne od ostatnych
podobnych ¢innosti v infor-
macnom systéme. Otazky
Struktury a spravania zabez-

system surroundings
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include the conclusions of Information theory System theory and

some of them even the conclusions of Control theory. Modelling

techniques for large and composite systems should be enlarged by

the data model at least. For all information is such systems the

primary “sub-slope“ which the system manipulates with. Informa-

tion model has therefore an ambition to be the unifying one for
present special purpose models.

Safety system is a subset of the information system. Its task is

to handle the information (acquisition, transformation, transmis-

sion and safekeeping) in a specific

way, different from other similar

activities in the information system.

pecovacieho systému mozno
rozlozif na rieSenie jeho
zakladnych procesov.

Na opis systému (Struk-
tara a spravanie) bez zapoci-
tania dynamiky jeho stavov
moZzno pouZzit staticku struk-

A4
obtaining

transformation

Questions of the structure and
behaviour of the safety system can
be divided into solution of its basic
processes.

Stationary structural function
can be used to describe the system
(structure and behaviour) without

safekeeping

transmission

turalnu funkciu. Ak je systém
zlozeny z nezavislych a ne-
korelovanych elementov, ide
0o monotonnu Strukturalnu
funkciu. Opis systému plati
pre vybranu dvojicu jeho stavov (napriklad prevadzkovy bezpeény
stav a stav s nebezpe¢nou poruchou).

QOd strukturalnej funkcie mozno prejst jednoducho k pravde-
podobnostnej funkcii, ktord opisuje pravdepodobnost jednotli-
vych stavov systému v niektorom bode ¢asovej osi.

Asi za najdolezitejsi model mozno povazovat ten, ktory opisuje
zabezpeCovaci systém v procese jeho starnutia. Takyto model
musi dovolit vyber rozdelenia pravdepodobnosti vyskytu prislus-
ného nahodného parametra (poruchy) a vypocet pravdepodob-
nosti vyskytu zvoleného stavu v potrebnom ¢asovom intervale.

Zabezpecovaci systém je sucastou (subsystémom systému ria-
denia Zelezni¢nej dopravy. Pri riadeni dopravného procesu mozno
rozliSit tri hierarchické urovne: procesnu, operativnu a menezérsku.
Riziko vzniku nebezpecenstva je najvdacsie na procesnej urovni.
Na tomto riziku sa podielaju vSetky Casti systému riadenia dopravy.
Zabezpecovaci systém ma v tomto ohlade vyznamny podiel, pretoze
stanovuje (,,vypocCitava“) vac§inu povelov na zmenu stavu doprav-
ného procesu. Ak je povel korektny, ide o prevadzkovy stav. Ak
z nejakych pri¢in dojde k nespravnemu vytvoreniu alebo inter-
pretacii povelu na zmenu stavu, ide o poruchovy stav. Tento stav
moze, ale nemusi viest k realizacii ohrozenia, pri ktorom vznikaju
Skody na majetku, zdravi, Zivote a zivotnom prostredi.

Uroveii bezpeénosti preto musi byt odvodena od pripustnej
(akceptovatelnej) miery ohrozenia dopravného procesu. Tato
uroven je zavisla od chranenej hodnoty a od intenzity dopravného
procesu.

Predpokladajme v prvom pribliZeni, Ze existuje mechanizmus
rozdelenia rizika medzi zabezpecCovaci systém a ostatné sub-
systémy riadenia dopravy. Potom mozno hovorit o urovni bezpec-

Obr. 1 Zdkladné operdcie pri manipuldcii s informdciou
Fig. 1 Basic operations at manipulating with information

including dynamics of its states. If
the system contains independent
and non correlated elements, it is
a monotonous structural function.
Description of the system is valid for
a chosen pair of its states (the safe operating state and dangerous
failure state).

It is simple to pass from structural function to probability
function, which describes the probability of single system state at
some point of the time axis.

As the most important model can be regarded the one that
describes the safety system in its ageing process. Such a model has
to permit the selection of probability distribution of occurrence of
competent random parameter (failure) and calculation of appear-
ance probability of a chosen state in the necessary time period.

The safety system is a part (subsystem) of the railway traffic
control system. In the control of the traffic process three
hierarchical levels can be distinguished: procedural, operational
and managerial. The highest risk of hazard occurrence exists on
the procedural level. This risk is shared by all parts of the traffic
control system. A significant role is played by the safety system
since it sets (“calculates) most of the commands given to change
the conditions of the traffic process. Provided the command is
correct, it results in an operational state. The state is considered
faulty if for any reason the command given to change the
condition is made incorrectly or misinterpreted. Such a condition
can lead (but not in all cases) to an accident which damages
property, health, lives and environment. The safety level must
therefore be derived from the acceptable hazard rates for the
traffic process. This level depends on the protected value and on
the traffic process intensity.

Let us first assume that there is a mechanism of risk
distribution between the safety system and other subsystems of
the traffic control. Then the safety level of the safety system can
be regarded as the level of risk of incorrect production and
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nosti zabezpecovacieho systému ako o miere, ktorou sa da vyjad-
rit riziko nespravneho vytvorenia a nespravnej interpretacie tych
povelov, ktoré vytvara zabezpecovaci systém. Za nespravne vytvo-
renie povelu sa pritom povazuje aj vytvorenie povelu spravnym
postupom, ale na podklade nespravnych vstupnych veli¢in pre jeho
vytvorenie. Zakladna

schéma jednostupno- z
vého riadenia procesu
je na obr. 2. v

Pre ulohy analy-
zy a syntézy systému
s definovanou urov-
nou bezpecnosti treba
stanovit postupy na
zaistenie spravania sa
systému vo vSetkych
jeho predvidatelnych ||
stavoch. Tieto postu-
py sa realizuju cez
ochranné mechaniz-
my zabezpecovacieho
systému. Ochranné
mechanizmy systému
musia zaistif, ze aj —

Former

,.Calculation* of the command to
change a condition

C
Controlled
—r— Traffic Process -

" e — 3 >

v pripade vyskytu po- 7’

misinterpretation of the commands produced by the safety system.
Commands resulting from a correct procedure but using incorrect
input quantities are also considered incorrect commands.
The principal scheme of the one-stage process control is shown in
Fig. 2.

For the tasks of
analysis and synthe-
sis of the system
with a defined level
of safety the proce-
dures ensuring the
behaviour of the
system in all its pre-
dictable states must

Legend:

C — the space of control quantities
Z — the space of external effects
V — the space of output quantities
S — the space of state quantities

D — the space of diagnostic quantities be defined.
A — the space of the output quantities of the analyser
R — the space of order quantities These  proce-

7’ — the space of interference quantities dures are realised

through the defence
mechanisms of the
safety system. They
have to ensure fulfil-
ling of the deman-
ded functions accor-
ding to the pre-de-
fined algorithm even
in the case of failure.

ruchy systém vykona-
va svoje funkcie pres- Analysis

ne podla vopred defi-

novaného algoritmu. {}
Opatrenia na zaiste- R U

nie takéhoto sprava-
nia sa systému mozno
aplikovat na systémo-
vej urovni a na urovni
funkénych jednotiek a prvkov systému. Na systémovej trovni ide
predovsetkym o volbu vhodnej struktury systému. Opatrenia na
urovni funkénych jednotiek a prvkov st zamerané najma na detek-
ciu poruchy a negaciu jej ucinkov.

Klasifikacia chyb

Zabezpecovaci systém sa podiela na tychto operaciach schémy
riadenia podla obr. 2.
e ziskavanie veli¢in V, D, R, S,
e analyza velicin R, Z, V, D, S,
e tvorba veli¢in C,
e prenos potrebnych veli¢in medzi dvoma miestami.

Pri vSetkych tychto operaciach moze vzniknut chyba. Chyby
vedu k nespravnemu vytvoreniu riadiacej veli¢iny C (povelu na
zmenu stavu), alebo k nespravnej interpretacii riadiacej veliCiny
(prechod do neprislusného stavu v priestore veliin S). Pre defi-
novanie Urovne bezpecnosti treba tieto chyby klasifikovat a najst
opatrenia na zarucenie akceptovatelného vyskytu (pravdepodob-
nosti alebo intenzity) nezistenych, alebo neoSetrenych chyb.

Obr. 2 Zdkladnd schéma jednostupriového riadenia procesu.
Fig. 2 The principal scheme of one-stage control process

Precautions taken
to ensure such sys-
tem behaviour can
be applied on the
system level as well
as on the level of
functional units and
system components.
On the system level the choice of the appropriate system struc-
ture is involved above all. Precautions taken on the level of func-
tional units and components aim mainly at fault detection and ne-
gation of fault effects.

Fault Classification

The safety system takes part in the following operations of the
control scheme shown in Fig. 2:
e Obtaining V, D, R, S quantities
e Analysing R, Z’, V, D, S quantities
e Producing C quantities
e Transmission of required quantities between 2 places.

A fault may occur in all of these operations. Faults result in
an incorrect production of the control C quantity (the command
for a change of state) or in misinterpretation of the control quan-
tity (transition to an unauthorised state in the area of S quanti-
ties). To define the safety level these faults must be classified and
precautions that can guarantee acceptable occurrence (probabi-
lity or rate) of unidentified or unattended faults must be taken.
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Vsetky cCasti zabezpecovacieho systému, ktoré ziskavaju veli-
¢iny V, D, R, S, analyzuju veli¢iny R, Z’, V, D, S, vytvaraju veli¢iny
C a podielaju sa na prenose vsetkych veli¢in riadeného systému,
mozno takmer bez vynimky povazovat za nejaku podobu konec-
ného automatu (KA). Chyby, ktoré mozu vzniknut v ¢innosti KA,
mozno klasifikovat do tried:

a) chyby v jazyku,

b) chyby v prenose zo vstupu na vystup KA,

c) chyby formatu,

d) chyby spravania (kauzality vykonavania Ciastkovych funkcii),

e) chyby poskytovania sluzby vysSiemu systému (chyby kauzality
sluzieb).

Na kompletny opis systému treba zostavit model, ktory okrem
uvedenych skutocnosti umozni zaratat aj Ucinky opera¢ného
prostredia, teda kombinovat dva a viac nahodnych procesov, ktoré
mozu mat rozdielny charakter rozdelenia pravdepodobnosti.

Ak predpokladame, Ze stavy objektu sa daju opisat ako nahodné
premenné, potom mozno s vyhodou pouZit aparat teorie informa-
cii na vytvorenie charakteristik toku poruch (pri analyze), alebo
na opis modifikacie takého toku (pri syntéze). Ide o nasledujuce
Casti informacnej teorie.

Stavy objektu ako ndahodné premenneé:

Nech su stavy objektu povaZované za nahodné premenné X,
X,, ... X,,. Ich vlastnosti su dostato¢ne opisané funkciou rozdele-
nia pravdepodobnosti p(x;, X5, ... X,,). Premenné X, X,, ... X, mozu
byt identicky rozdelené podla niektorého typu rozdelenia pravde-
podobnosti. MozZu byt nezavislé, podmienene zavislé, alebo Statis-
ticky zavislé. Pri znamom rozdeleni pravdepodobnosti nahodnych
premennych sa da stanovit entropia stavov objektu.

Entropia umoznuje opisat objekt v potrebnej forme, napriklad
pri tvorbe kodu, ktorym je opisany celkovy stav objektu.

Opis stavov objektu pomocou nerovnosti
pre spracovanie dat

Predpokladajme, zZe stavy objektu tvoria Markovovu retaz.
Nerovnost pre spracovanie dat sa pouZzije na demonstraciu, Ze
ziadna ,Sikovna“ manipulacia s idajmi nemozZe zlepsit vypocet
stavovych charakteristik.

Definicia: Nahodné premenné X, Y, Z tvoria Markovovu retaz
v tomto poradi, ak podmienené rozdelenie Z zavisi len od Y a je
podmienene nezavislé od X. Premenné X, Y, Z tvoria Markovovu
refaz X—Y—Z, ak spolo¢na pravdepodobnostna funkcia sa da
napisat takto:

p(x. 3. 2) = (o). p |0 p(z ). )
Z toho vyplyvaju niektoré jednoduché dosledky:

o X — Y — Zvtedy a len vtedy, ak X a Z su podmienene nezavislé
pre dané Y. Implicitne je v tom podmienena nezavislost, pretoze
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All parts of the safety system that obtain V, D, R, S quantities,
analyse R, Z’, V, D, S, quantities produce C quantities and take
part in the transmission of all the controlled system quantities can
be regarded (almost without exception) as a certain kind of the
finite automaton. Faults that can occur in operation of the finite
automaton may be classified into the following classes:

a) Language faults

b) Faults in transmission from the input to the output of the finite
automaton

¢) Format faults

d) Behaviour faults (faults in causality of performing partial
functions)

e) Faults in providing services to the superior system (faults in
service causality).

For a complete system description we need to create a model
that, apart from the mentioned facts, enables to incorporate the
effects of the operational surroundings as well- thus to combine
two and more random processes, which can have different
character of probability distribution.

Supposing that the object states can be described as random
variables, the information theory apparatus can be conveniently
used to create characteristics of fault flow (during analysis) or to
describe the modification of such a flow (during synthesis). The
following parts of information theory are involved.

Object states as random variables

Let the object states be regarded as the random variables X,
X,, ... X,,. Their characteristics are sufficiently described by the
probability distribution function p(x,, x,, ... x,,). Variables X, X,
... X, can be identically sorted by some type of probability distri-
bution. They can be independent, conditionally dependent or sta-
tistically dependent. When the probability distribution of the
random variables is known, entropy of the object states can be
estimated.

Entropy enables to describe the object in the necessary form,
e.g. during the creation of the code, by which is the comprehen-
sive object state described.

Let us suppose that object states create a Markov chain. The
data processing inequality can be used to show that clever mani-
pulation with the data cannot improve the computation of state
characteristics.

Definition: Random variables X, Y, Z form a Markov chain in
this order if the conditional distribution of Z depends only on
Y and is conditionally independent from X. Specifically, variables
X, Y and Z form a Markov chain X—Y—Z if the joint probability
mass function can be written as:

3. 2) = o). p |0z Q)
Some simple consequences result:

e X — Y — Zifand only if X and Z are conditionally independent
for given Y. Markovity implies conditional independence because
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(X, »,2) _ pCx, V(1)
p(») p(»)

Takto su charakterizované Markovove retaze, ktoré mozu byt
rozsirené na definované Markovove polia. Su to n-rozmerné
nahodné procesy, v ktorych vonkajSok a vnutrajSok je nezavisly
vo¢i danej hranici.

o X—Y—Z implikuje Z—Y—JX. Tieto podmienky mozno zapisat
aj takto: XY Z.
e Ak Z = f(Y), potom X—Y—Z.

p(x,yl2) = =p(xInaizly) (@)

Teraz uz mozno dokazat dolezitu teorému, demonstrujucu, Ze
Ziadne spracovanie Y (determinované alebo nahodné) nemoze
zvysit informaciu, Ze Y vypoveda o X.

Teoréma 1: Ak X—Y—Z, potom I(X;Y) = I(X;Z).

Dékaz: Podla retazového pravidla mozZeme rozsirit vzajomnu
informaciu dvoma sposobmi:

IX.Y.Z) = [X.Z) + [(X:Y|Z) (3)
= I(XY) + I(XZ| V). (4)

Pretoze X a Z su podmienene nezavislé pre dané Y, je
IX:Z|Y) = 0. Pretoze I(X:Y| Z) = 0, dostavame

XY = [(X.2). ©)

Rovnost plati vtedy a len vtedy, ak I(X;Y|Z) =0, t. j.
X—Y—Z vytvara Markovovu refaz. Podobne sa da dokazaf, ze
IY:Z) = I(X.Z).

Désledok: Pre zvlastny pripad, ak Z = g(Y), je I(X;Y) =
1(X:g(Y)).

Dékaz: X—Y—g(Y) tvori Markovovu retaz. Funkcia g(Y)
nemdzZe zvysit informaciu o premennej X.

Désledok: Ak X—Y—Z, potom I(X;Y| Z) =1(X;Y).

Dékaz: Z rovnice (3) a (4) a pouzitim faktu, 7e [(X:Z| ¥) = 0
aI(X;Z) = 0, dostavame I(X;Yl Z)=1XY)

Zavislost X a Y je zmenSena (alebo aspon nezmenena) pozo-
rovanim ,,poklesu“ nahodnej premennej Z.

Vsimnime si, Ze moze byt aj I(X;Y| Z) = I(X;Y) vtedy, ak X,
Y, Z netvoria Markovovu retaz. Napriklad nech X a Y su nezavislé
linearne nahodné premenné a nech Z = X + Y. Potom /(X;Y) = 0,
ale I(X;Y|2) = HX|z) - HX|Y.Z) = HX|Z2) = P(Z_)) .
H(X|Z_,) = 0,5 bit.

Pouzitie chybovej nerovnosti pre analyzu bezpecnosti

Pouzitie chybovej nerovnosti je kltiCové pri rozbore bezpec-
nosti zabezpecovacieho systému a jeho elementov. Da sa ocaka-

(X, y,2) _ PO, (21 y)
p(») p(»)

This is the characterisation of Markov chains that can be
extended to define Markov fields, which are n-dimensional random
processes in which the interior and exterior are independent from
the given values of the boundary.

o X—>Y—Z implies that Z—Y—X. Thus the condition is
sometimes written X<>Y<>Z.
o If Z =f(Y), then X—>Y—Z.

p(x,ylz) = = pixInezly) @

We can now prove an important and useful theorem demon-
strating that no processing of Y, deterministic or random, can inc-
rease the information that Y states about X.

Theorem I: If X—>Y—Z, then mutual information /(X;Y) =
I(X;2).

Proof: According to the chain rule, we can expand mutual
information in two different ways

IX:Y,Z) = [(X;Z) + [(X;Y| 2) 3)
= IXY) + IXZ| 7). 4)

Since X and Y are conditionally independent for the given Y,
[(X;Z| Y) = 0. Since I(X;Y|Z) = 0, we get

1X;Y) = I(X:2). (5)

Equality is valid if and only if I(X;Y| Z)=0,ie XoY—>Z
forms a Markov chain. Similarly can be proven that I(Y;Z) =

1(X.Z).

Corollary: In specific case, if Z = g(Y), we get I(X;Y) =
1(X:g(D)).

Proof: X—>Y—g(Y) forms a Markov chain. Function g(Y)
cannot increase the information about variable X.

Corollary: If X=Y—Z, then I(X;Y|Z) = I(X;Y).

Proof: From (3) and (4), and using the fact that I(X;Z| N=0
by Markovity and /(X;Z) = 0, we get I(X;Y| Z)=IXY)

Thus the dependence of X and Y is decreased (or remains
unchanged) by the observation of the decrease of random variable Z.

Note that it is also possible that /(X;Y|Z) = I(X;Y) when X,
Y and Z do not form a Markov chain. For example, let X and Y be
independent linear random variables, and let Z = X + Y. Then
IX:Y) = 0, but I(X:Y| 2) = H(X|2) — HX| Y,2) = HX| 2) =
P(Z_,). H(X|Z_,) = 0,5 bit.

Application of error inequality for analysing the safety

The application of error inequality is key-important when ana-
lysing safety system and its components. The estimation of X
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vat, Ze odhad X (vybraného stavu objektu) je mozny s malou prav-
depodobnostou chyby len vtedy, ak podmienena entropia H(X | Y)
je mala (Y je vyjadrenie pozorovaného stavu X cez prostrednika,
ktorym moze byt signal na vystupe obvodu). Chybova nerovnost
tato myslienku kvantifikuje.

Rozsirime dokaz kédov s nulovou pravdepodobnostou chyby
aj na kody s malou pravdepodobnostou chyby. Novou zlozkou
bude chybova nerovnost, ktora stanovuje spodnu hranicu pravde-
podobnosti chyby v pojmoch podmienenej entropie.

Index W je rovnomerne rozdeleny na mnozine W= {1, 2, ...
..., 2n%} a sekvencia Y” je pravdepodobnostne zviazana s W. Zo
sekvencie Y” odhadujeme vyslany index W. Nech je odhad W=
g(Y"). Definujme pravdepodobnost chyby

P, = PHW # W). (6)
Dalej definujme

E=1,ak (W # W), %)
E=0,aksa W =W.

Pouzijeme retazové pravidlo pre entropiu na rozSirenie
H(E,W| Y"). Dostaneme:

HEW| Y™y = HW|Y") + HE|w,y") (8)
= HE| ") + HW|EY"). 9)

Pretoze E je funkciou W a g(Y") musi byt H(E| W, Yn) = 0.
Tiez H(E) =< 1, pretoze E je binarna nahodna premenna. Posledny
termin H(W| E,Y") mozno ohraniCit takto:

HW|EY") = P(E=0)H(W|(Y"E=0) + P(E=1)H(W|Y"E=1)
= (1-P", (E=0) + P, log( W — 1)

=P" iR,

pretoZe pri danom E = 0, W= g(Y") a ked je E = 1, moZeme
dostat hornu hranicu podmienenej entropie. Kombinovanim tychto
vysledkov dojdeme k chybovej nerovnosti:

HW|Y"y <1+ P“, nR (13)
Pretoze pre pevny kod je X"'(W) funkciou W, plati
HX"(W)(Y") = HW(Y"). (14)

Lema: (chybovd nerovnost): Pre diskrétny kanal bez pamaéti
s kddovou knihou £ a s rovnomerne rozdelenymi vstupnymi spra-
vami nech plati: P*, = PH(W # g(Y")).

Potom je
HX"| YY) <1+ P™ uR. (15)
Teraz dokazeme tuto lemu, ktora ukazuje, Ze kapacita kanala

na jeden prenos sa nezvysuje, ak pouZijeme diskrétny kanal bez
pamati viackrat.
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(chosen object state) with small error probability is possible only
if the conditioned entropy H(X | Y) is small (Y is the observed
state of X expressed through an intermediary, which can be
a circuit output signal). Error inequality quantifies this idea.

We now extend the proof that was derived for zero-error codes
to the case of codes with very small error probability. The new
ingredient will be error inequality, which defines a lower boun-
dary of the error probability in terms of the conditional entropy.

The index W is uniformly distributed on the set W = {1, 2, ...
..., 2n%}, and the sequence Y” is probabilistically related to W.
From Y”, we estimate the index W that was sent. Let the
estimation be W= g(Y"™). Let us define the error probability

P, = Pr(W + W). (6)
Next, we define

E=1,ak (W + W), %)
E=0,aksa W =W.

Then using the chain rule for entropies to expand
HEW|Y"). we get

HEW| Y™y = HW| Y") + HE| w,¥") (8)
= HE|Y") + HW|EY"). 9)

Now, since E is a function of W and g(Y"), inevitably
H(E| W,Yn) = 0. Also H(E) =1, since E is a binary valued
random variable. The remaining term, H(W|E,Y"), can be
bounded as follows:

(10)
)y
(12)

since by given E = 0, W = g(¥"), and when E = 1, we can get
the upper boundary of the conditional entropy. Combining these
results, we obtain error inequality:

HW|Y"y <1+ P, nR (13)
Since for a fixed code X" (W) is a function of W,
HX"(W)(Y™") < HOW(Y™). (14)

Lema: (error inequality). For a discrete memoryless channel
with a codeboock ( and the input messages uniformly distributed,
let P, = Pr(W # g(¥")).

Then
HX"| Yy <1+ P™ uR. (15)
We will now prove this lema which shows that the channel

capacity per one transmission is not increased if we use a discrete
memoryless channel many times.
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Lema: Nech Y” je vysledok prisposobenia X” na diskrétny
kanal bez pamaiti. Potom

I(X"Y") < nC, pre vietky p(x"). (16)

Dokaz:

IX"Y") = H(Y") — H(Y" | X™) (17)
= H(Y") — Zl HY, Y, .Y X7 (18)
=§1H<Y">—ZH(KIAG), (19)

pretoZe podla definicie diskrétneho kanala bez paméti Y, zavisi
len od X; a je podmienene nezavislé od vietkych ostatnych.
Pokracovanim série nerovnosti je:

IX™Y™) = H(Y") — ZHIH(Y[ |X) (20)
silﬂ(yi)—ilﬂ(nlxi) Q@1
= Il(KsK-) | (22)
= 23)

kde (21) vyplyva z faktu, zZe entropia siboru nahodnych premen-
nych je mensSia ako sucet ich individualnych entropii. Vysledok
(23) vyplyva z definicie kapacity. Tym je lema dokazana.

Teraz treba dokazat konverziu kodovacej teorémy.

Dékaz: Mame ukazat, Ze akakolvek sekvencia (2”R,n) kodov
s0 A’ —0 musi mat R < C.

Ak sa maximalna pravdepodobnost chyby blizi k nule, potom
priemernd pravdepodobnost chyby pre sekvenciu kodov sa tiez
blizi k nule, t. j. A®’—0 implikuje P*, — 0, kde P, je defino-
vana ako priemerna pravdepodobnost chyby pre kod (M,n): P(")e =

M
I Z A; Nech je pre kazdé n zobrazené W podla rovnomerného

=1
rozdelenia cez {1, 2, ..., 2"F}. Pretoze W ma rovnomerné rozdele-
nie, je P, = PH(W # W).

Preto je

nR = HOW) = HW|Y") + I(W:Y") (24)
= HW| Y") + [X"(W):¥") (25)
=1+ P™ nR + IX"(W):;Y") P, (26)
= 14+ P, nR + nC 27

Po vydeleni n bude:

1
RsP<QR+;+C (28)

Pre n — oo idu prvé dva ¢leny na pravej strane k nule a preto

R=C (29)

Lema: Let Y" be the result of passing X” through a discrete
memoryless channel. Then

I(X";Y") < nC, pre vietky p(x"). (16)

Proof:

IX"Y") = H(Y") — H(Y"| X") (17
= H(Y") — Zl HY, Y, Y X7 (18)
=2H(Y”)—ZH(K|&), (19)

since by the definition of a discrete memoryless channel, Y,
depends only on X; and is conditionally independent from
everything else. Continuing the series of inequalities, we get

IX"Y") = H(Y") - _iH(Y,- %) (20)
sanH(Y,)—iH(Y,»IX,-) (1)
- II(X,-;Y,) | (22)
<nC, (23)

where (21) follows from the fact that the entropy of a collection
of random variables is less than the sum of their individual entro-
pies, and (23) follows from the definition of capacity. Thus we
have proved that using the channel many times does not increase
the information capacity in bits per transmission. We are now in
position to prove the conversion to the channel coding theorem.

Proof: (conversion to channel coding theorem). We have to show
that any sequence of (2% n), codes with A“?—0 must have R < C.
If the maximal probability of error is close to zero, then the
average probability of error sequence of codes also goes to zero,
ie., A" —0 implies P, — 0, where P, is defined as average

1 M
probability of error for an (M,n) code: P(”)e = I Z A;.For each
i=1

n, let W be drawn according to a uniform distribution, P, =

Pr(W # W).

Hence

nR = HOW) = HW|Y") + I(W:Y") (24)
= HW| Y™y + KX"(W):¥") (25)
=1+ P", nR+ IX"(W),Y") P, (26)
=1+ P“, nR + nC (27

Dividing by n, we obtain

1
RSP(”LR+;+C (28)

Now letting n — oo, we can see that the first two terms on the
right hand side go to 0, and hence

R=C (29)
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TakZe po prepisani (28) je

P, =1 ¢ ! 30

n Z - - —.

e R (30)
Tato rovnica ukazuje, Ze ak R > C, pravdepodobnost chyby sa

vzdialuje od nuly so zvdéSujucim sa n. Preto sa pri takych rych-

lostiach neda dosiahnut Tubo-

volne mala pravdepodobnost P,

chyby (obr. 3).

Tato konverzia je slabou
konverziou kddovacej teorémy.
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We can rewrite (28) as

P<">z1—£——1 (30)
¢ R nR’

This equation shows that if R > C, the error probability is
moving away from 0 for sufficiently large n. Hence we cannot
achieve an arbitrarily low error
probability at rates above capacity.
This inequality is illustrated in

Fig. 3.
This conversion is a weak
conversion of the channel coding

Da sa dokazat aj silna konver-

rate of code R theorem. It is also possible to

zia, ktora tvrdi, ze pri zvySo- ¢ prove a strong conversion, which
vani rychlosti nad hodnotu Obr. 3 Dolnd hranica pravdepodobnosti chyby states that for the rates above
kapacity sa pravdepodobnost Fig. 3 Lower boundary of the error probability capacity, the error probability

chyby blizi exponencialne
k 0,5. Hodnota kapacity je hraniénym bodom, v ktorom sa prav-
depodobnost chyby meni.

Zaver

V zavere je formulovany postup pre opis bezpecnosti z hla-
diska pravdepodobnosti nebezpecnej poruchy ako pravdepodob-
nosti vyskytu néhodnej premennej X;. Pravdepodobnost P(X;)
pritom znamena pravdepodobnost prechodu objektu zo stavu i do
stavu j. Stav X; patri do mnoziny bezpecnych stavov, stav X; patri
do mnoziny nebezpecnych stavov. Pre obidve mnoziny stavov
mozno pouzit aj jemnejSie delenie, pricom sa pouZije stromova
Struktura zobrazenia stavov do nahodnych premennych.

e Bezpecnost sa opisuje Struktirou stavov. Tuto Struktiru mozno
pouzif na opis stavov celého objektu, alebo v hierarchickom
usporiadani na opis stavov jednotlivych prvkov , alebo funkcii
objektu.

e Pre jednotlivé typy objektov (zabezpecovacich systémov, alebo
dopravnej cesty ako celku) sa stanovi druh zavislosti stavov,
ktoré su reprezentované nahodnymi premennymi. V prvom
priblizeni sa da predpokladat, Ze ndhodné premenné (stavy
objektu) tvoria Markovovu retaz.

e Pri manipulacii s nahodnymi premennymi treba reSpektovat
fakty, vychadzajice z nerovnosti pre spracovanie dat.

e Miera bezpeCnosti objektu je zavisla od pravdepodobnosti
chybného odhadu nahodnej premennej X na zaklade znalosti
premennej Y. Vyuzitim chybovej nerovnosti sa daju stanovit
poziadavky na logicku reprezentaciu zabezpecovacich funkcii.

Recenzenti: P, Peniak, L. Skyva

nears exponentially to 0,5. Hence,
the capacity is a very clear dividing point in which the error
probability is changing.

Conclusion

In the conclusion a procedure for description of safety from
the point of dangerous error probability as a probability of
random variable Xij appearance is formulated. Probability P(Xij )
means the probability of transition of the object from state i to
state j. State Xi belongs to the set of safe states, state Xj belongs
to the set of hazardous states. For both sets of states a more
precise division can be used, by which a tree-type structure of
displaying states into random variables is used.

e safety is described by the states structure. This structure can be
used to describe states of the whole object, alternatively in
hierarchical order to describe the state of single elements, or
object functions.

o for individual object types (safety system, or transport route as
a whole) a state dependency type is determined (of the states
represented by random variables). In the first approach it can
be assumed, that random variables (object states) create
Markov chain.

o when manipulating with random variables, facts concluding
from data processing inequality have to be respected.

o the rate of object safety depends on the probability of a wrong
estimation of the random variable X based on knowing the
variable Y. By using the error inequality the requirements for
logical representation of safety functions can be estimated.

The paper was elaborated with the support of grants VEGA
1/5230/98 and 1/5255/98.

Reviewed by: P. Peniak, L. Skyva
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Rachid Laalaoua - Tiilin Atmaca *

STUDIUM MECHANIZMU DYNAMICKEHO RIADENIA FRONTOV
PRE ZABEZPECENIE QoS

A STUDY OF A DYNAMIC SCHEDULING MECHANISM TO GUARANTEE QoS

Riadenie vyberu z frontov je jednym z kliicovych mechanizmov, ktory bude pouZivany v sietovych prvkoch (prepinace a smerovace) pre
podporu aplikdcii v redlnom case v Sirokopdsmovych sietach. Garancia kvality sluzby (QoS) je dolezitou vyzvou pri ndvrhu paketovych sieti
s integrovanymi sluzbami. Sposoby vyberu z frontov sii integrdlnou siicastou problému a iizko sivisia s dalsimi aspektmi modelovania sieti,
akymi si charakteristiky toku a QoS Specifikdcia. V tomto ¢lanku diskutujeme o dvoch spoésoboch vyberu paketov z frontov s pouzitim priorit:
Head of Line (HoL) a preemptivna disciplina - pre ktoré navrhujeme analyticky popis a predkladdme numerické vysledky ziskané pomocou
Markovho retazca. Je navrhnuty novy mechanizmus nazyvany Dynamic-Weighted Fair Queuing (Dynamic-WFQ), v ktorom vyber do frontu
zdvisi od triedy prevddzky a dizky frontu. Je uvedeny priklad funkcie vyberu, ktory je rieseny Markovym retazcom a vysledky sii potvrdené
simuldciou. Nakoniec porovadme hodnotenie priepustnosti pre multimedidlnu komunikdciu s pouZitim popisaného spésobu vyberu z frontov.

Packet scheduling is one of the key mechanisms that will be used in network elements (switches and routers) for supporting real-time
applications in broadband networks. Provision of Quality-of-Service (QoS) guarantees is an important and challenging issue in the design of
integrated service packet networks. Scheduling disciplines are an integral part of the problem and are closely related to other aspects of network
modeling such as traffic charaterization and QoS specification. In this paper we discuss two priority scheduling mechanisms: Head of Line (HoL)
and preemptive discipline; for both, we propose an analytical description and present numerical results obtained by Markov chain. A novel
mechanism called Dynamic-Weighted Fair Queuing (Dynamic-WFQ) which depends on the Classes of Service and the queue occupancies is
proposed. An example of selection function is solved by Markov Chain and the results are validated by simulation. Finally, we compare the

performance evaluation of multimedia communication scheduling algorithms described above.
KEYWORDS: Queuing, QoS, Dynamic-WFQ, HoL, Markov Chain, Simulation, Class of Service.

1. Introduction

High speed networks are currently expected to carry a wide
range of traffic types, including data, voice, broadcast and
interactive video. Each of these traffic types requires a different
service from the network. The design of networks that provide
a good Quality of Service (QoS) to the large variety of expected
users is an open and interesting research area.

Network performance is quite sensitive to the queue service
discipline implemented at the output trunks of routers and switch-
es. While most current implementations are of the FCFS type,
recent works have shown that other disciplines in which the
priorities are taken into account such as HoL, Preemptive disci-
pline, WFQ (Weighted Fair Queuing) provide better performance
[1][6].

Traditionally, the FCFS discipline is used at each output port
of switches or routers. Also space priorities (threshold and push-
out mechanisms) are considered to differ loss probabilities but
not the response time between different Classes of Service [11].
With emerging Classes of Service, this discipline must change and

* Rachid Laalaoua, PhD Student, Tiilin Atmaca, Professor

different classes should be placed in separate queues with single
server. With FCFS discipline, there is no particular treatment
given to packets from flows that are of higher priority or that are
more delay sensitive. In addition, small packets can be queued
behind long packets, then FCFS queuing discipline results in
a larger average delay per packet than if the shorter packets were
transmitted before the longer packets. In general, flows of larger
packets get better service.

Hence, priorities may be assigned to the basis of traffic type.
For example, WFQ is based on a hypothetical fluid-flow system
called the Generalized Processor Sharing (GPS) [12] [13]. In GPS,
if there are N non-empty queues, the server treats all of the
N queues simultaneously at a rate proportional to their “reserved”
weights. GPS is hypothetical because it can serve N queues simul-
taneously.

WEFQ has received a lot of attention in the research commu-
nity. Parekh’s work [16] shows that in the absence of link-sharing,
the end-to-end delay bound provided by WFQ [15] [16], which is
the standard packet approximation algorithm of GPS, is very close
to that provided by GPS. While WFQ maintains the bounded delay
property of GPS, its fairness property is much weaker than GPS.

Institut National des Télécommunications, 9 rue Charles Fourier 91011 Evry Cedex, France,
Tel.: +33-1-60764742, Fax: +33-1-60764780, E-mail: rachid.laalaoua@int-evry.fr, tulin.atmaca@int-evry.fr
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As described in [14], WFQ can introduce substantial inaccuracy
in GPS approximation. This inaccuracy significantly affects best-
effort traffic management, real-time traffic management, and link-
sharing algorithms.

WFQ, also known as the Packet-by-Packet Generalized
Processor Sharing, is the most weel-known packet approximation
algorithm for GPS. In WFQ, when the server is ready to transmit
the next packet at time 7, it picks, among all the packets queued
in the system at 7, the first packet that would complete service in
the corresponding GPS system if no additional packets arrive
after 7.

A queuing discipline is nothing more than a means for
choosing which packet in the different queues (multi-queues) will
be served next [10] . This decision may be based on one or all of
the following criteria:

- different Classes of Service.
- queue occupancies.
- lenght of different packets.

In our work a three Class-of-Service (CoS) system is consider-
ed with various traffic types. A network node is modelled by
three-queue system, each of which is dedicated to a set of traffic
type. Most of the traffic, particulary best effort, remains bursty.
Therefore, the aggregation of Markov Modulated sources used in
this study attemps to generate realistic burstiness properties.

In this paper, we introduce a new scheduling algorithm that
depends on the both first points.

Analytical models of priority queues, both preemptive and
nonpreemptive are well developped [18][19], but are restricted to
infinite queues. In the litterature, the performance of a switch or
router that schedules a mixture of realtime, non-realtime and
best-effort traffic is studied. The performance measurement of
interest for real-time traffic is average delay, and for non-real-time
traffic is loss probability.

In this paper, we consider two models. The first is described
in section 2 and is represented by three queues with a single
server. Three service algorithms are presented: HoL, preemptive
discipline and dynamic-WFQ. Let us note that the results are obta-
ined both using simulations and an analytical method based on
Markov chain approach, for three disciplines mentioned above. In
this section, a second model is presented too to compare the per-
formance obtained by three mechanisms mentioned above (HoL,
WFQ and Dynamic-WFQ). However the traffic characteristics are
changed as well as the number of sources. In section 3, a complete
description is given for this model. So, we present only the simu-
lations results for this model. Finally, some concluding remarks
are given in section 4.

2 Priority discipline
2.1 Model Description

The system model is depicted in Figure 1. We consider three
queues served by a single server. We assume that the arrival
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streams are independent Poisson processes with intensity A; at
queue i (i = 1, 2, 3). The service time is exponentially distributed
with parameter u.

This model will be studied with three service disciplines
(HoL, Preemptive and Dynamic-WFQ).

Source 1 —3— Class 1
Source 2 —3 Class 2 —>
Source 3—3 Class 3

Fig. 1 Model to study

2.2 Head-of-Line (HoL)

In this scheduling policy, priority is always given to Class 1
traffic (realtime). Class 2 traffic is served only if there are no
queued Class 1 packets. The last Class is served when both queues
(queue 1 and queue 2) are empty. A service is not preempted.
Within a class, packets are served with FCFS discipline.

2.2.1 Markovian Model

Markov chains are known to be powerful modelling tool for
a variety of practical situations. For HoL discipline with three
queues, the behaviour of the system described above is represent-
ed by a Markov Chain.

The state vector of this Markov chain is given by n = (n,, n,,
ns, F) where n, is the number of customers at queue i, and Flag
F takes four values as follows:

ifn,=n,=n;=0

ifn, >0
ifn,=0and n, >0
ifn,=n,=0and n; >0

w N = O

The decision of the server depends on the value of the Flag.
So the following algorithm shows how the transitions take place:

1 If (queuel is not empty)

2 take customer from queue 1

3 else

4 if (queue? is not empty)

5 take customer from queue 2

6 else

7 if (queue3 is not empty)

8 take customer from queue 3
9 end

After generating Q matrix, we compute the steady state
probabilities using Arnoldi’s method [5].
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we have:

70 =0

277_',- =1
a; = P (n = j) is the probability that the present state is j and the
state vector of these probabilities is 7 = (my; ;... my).

Let j = (ny; ny; nsy; F) be a state of Markov chain, and the
probability that there is x customers in queue i is given as follows:

queue 1: P! (x) = 3, such that n, = x.
queue 2: P* (x) = Y; such that n, = x.
queue 3: P* (x) = Zﬂ",» such that n; = x.

Note that the probability that there is x customers in queue
iis P' (x).

2.2.2 Results

This section gives the simulation and analytical results con-
cerning the queue length distribution (probability density func-
tion (pdf)) and the loss probability. These parameters depend on
the buffer capacity and on the distribution of global traffic. The
results are obtained for A, = 0.27 packets/unit time A, = 0.27
packets/unit time; A; = 0.26 packets/unit time. Simulation model
is writen in C language programing.

Figure 2 shows that Markovian results are close to those
obtained by simulation.
It is clear that HoL gives good performance for Class 1.

Figure 3 presents the loss probabilities vs the proportion of
traffic types obtained by simulation and by analytical method for
real-time and non-real-time traffics. It appears that the loss
probability increases when the Class 1 load increases too.

The second curve in Figure 3 shows the loss probabilty of
Class 2 as a function of traffic load (Class1 and Class 2). We note
that the Class 1 has an impact on the Class 2.

2.3 Preemptive discipline

Preemptive discipline gives absolute high priority to traffic of
Class 1, because the traffic which has a high priority preemptes
the customer with low priority in service. Therefore, in HoL
discipline, they are served after the customer having lower priority
has finished his service. For preemptive discipline, three cases are
usually identified:

- Preemptive resume: customer picks up from where he left off.

- Preemptive repeat without resampling: when customer reenters
service after having been preempted, he starts with the same
total service time that he has lost previously.

- Preemptive repeat with resampling: this case assumes that a new
service time is chosen for our reentering customer.

In this study, Preemptive resume is considered. In context of
integrated service in Frame Relay, some constructor uses this
scheme in the switches. The head of sub-frames that mother frame
is preempted, are calculated automatically.

T
"Mar_Loss_CL1" —+—
"Sim_Loss_CL1" --%-—
"Mar_Loss_CL2" ---%---
"Sim_Loss_CL2" &

0.01

0.001 2 ¥

loss rate

0.0001

1e-05

0.2 0.3 0.4 0.5 0.6 0.7 0.8
load of Classes

Fig. 3 Loss probabilty as a function of traffic load (HoL)

2.3.1 Markovian Model

In this section, we study the model presented in Figure 1
under Preemptive discipline using Markov chain approach. The
state vector is given by

n = (ny, ny, n3, f1, 5, f3) where n; is the number of customers
in queue 7, and the value of f; € {0, 1} select which customer will
be served.

Transition rates are given in Figure 4. We compute steady
state probabilities of this Markov chain using Arnoldi’s method.

2.3.2 Results

We note that the results obtained by solving of Markov chain
are close to those obtained by simulation. These results are shown
in Figure 5, and are obtained for the same parameters used previ-

! “'MarﬁCU B —t
"Sim_CL1" -----
"Mar_CL2" ---%---
"Sim_CL2" B
"Mar_CL3" -
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Fig. 2 Queue length distribution (HoL)
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ously. We note also that Class 1 has greater loss when the HoL
discipline are used because we can not preempt the service of
lower priority customers. Therefore, loss probability of Class 2
depends on the proportion of each traffic type. Then, when
proportion of Class 1 or Class 2 traffics increases, losses with
preemptive discipline will be smaller than those with HoL discip-
line. Table 1 shows that the sejourn time increases when the pro-
portion of traffic corresponding increases.

The results obtained using the simulation and an analytical
method (HoL and Preemptive), have 1 % relative error.

case n1>0; n2>0; n3>0

if (n1=0) f2=1

if ((n1=0) and (n2=0)) f3=1

if (n1-1=0) f1=0; f2=1 if (n2-1=0) £2=0; f3=1 if (n3-1=0) f3=0
Fig. 4 Possible transitions
1 ‘ ;
"Mar_CL1" —+—
3 "Sim_CL1" %
2% "Mar_CL2" ---%---
o "Sim_CL2 a
0.1 n ey "Mar_CL3" --m- |
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. S S
i S
0.01
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g
0.0001 \ \
1e-05 )
1e-06
0 1 2 3 4 5 6 7 8 9

number of packet

Fig. 5 Queue length distribution (Preemptive discipline)

Sejourn Time (second) as a function of traffic proportion Tab. 1

A 0.27 0.3 0.4 0.5 0.6

A 0.27 0.3 0.1 0.2 0.2

A3 0.26 0.2 0.3 0.1 0.1

Cl1 Pr 1.37 1.43 1.67 1.99 241
HoL 2.08 213 231 2.57 3.09

Cl2 Pr 2.68 3.19 2.88 5.76 9.45
HoL 3.25 3.66 3.57 5.79 9.58
Cl3 Pr 8.18 9.63 7.41 13.54 27.81
HoL 7.84 9.09 7.16 12.53 26.01
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2.4 Dynamic-WFQ

From the discussion in the previous sections, it is seen clearly
that the adapting scheduling algorithm based on queue occupan-
cies and using weight for different Classes of Service can be beni-
fical to network performance. Here, we present Dynamic-WFQ
discipline in which we introduce the selection function which
plays an important role for the packet transmission scheduling.
This function computes a number of packets from different
queues that will be transmitted to virtual queue in the next cycle
(Figure 6).

A cycle can be determined as the total time spent to transmit
all packets in the virtual queue. The behaviour of this function
depends on two parameters (queue occupancies and priorities).
When these parameters increase, the function must increase too.
The selection function f{c;) is given as follows:

Ae) =w*oc; + (1 —w)*pr,

i QS[ZC * —i:j;(ci)

m,=
E Ae)
i=1

i=3
such that 0 < (w; oc;; pr;) < 1 and Zpr,. =1
=1

where m; is a packet number of Class i, QSize is the total packets
that will be transmitted next in the virtual queue and oc; is queue
i occupancy.

In this study, the parameters w; pr; are taken in the following
values. w = 0.4; pr; = 0.55; pr, = 0.35; pr; = 0.1.

The packets already in the separate queues wait to be chosen
to transmit (by the selection function) later. This service schedul-
ing can be seen as cyclic service with priority discipline, but the
packet numbers to transmit from each queue can be changed in
each cycle. Packet numbers are calculated by the selection func-
tion.

2.4.1 Markovian Model

The state vector of Markov chain of Dynamic-WFQ is given
by (n,, ny, 03, X, X5, X3) Where n; is the number of customers in
queue /, and x; is the number of class / customers in virtual queue.

i=3
The selection function starts when Z x; = 1. This means that
i=1
virtual queue contains a single customer. So the selection function
must compute the number of packets from each seperate queues

and transit with w rate to the next state:

(Max(n; — m,, 0), Max(n, — m,, 0), Max(n; — ms;, 0),
Min(ny, my), Min(n,, m,), Min (n5, ms))

When all queues are empties, the first packet that arrives,
transits directly to virtual queue.
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Virtual queue

Source 1 —3=— Class 1 \
Source 2 —3=— (Class 2 22— O—»
Source 3—3— Class 3 /

selection function

Figure 6: Dynamic-WFQ Model

2.4.2 Results

Given the number of states of related Markov chain increas-
ing as function of buffer capacities, the computation time of the
steady state probabilities becomes considerably long.

Therefore, we have reduced buffer sizesto Ny, = N, = N; =9
in order to show that Markov results are close to simulation
results. These results are shown in Figure 7.

In order to show the real performance of Dynamic-WFQ
algorithm, we compare queue length distribution intended in
Figure 8 of HoL and Dynamic-WFQ algorithms. We observe that
the buffer occupancies for class 1 (higher priority) is longer in the
case of Dynamic-WFQ scheduling than HoL scheduling. On the
contrary, for both classes with lower priorities, Dynamic-WFQ
provide better performance.
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Fig. 7 Queue length distribution (Dynamic-WFQ)

3 Performance Comparison of HoL, WFQ and
Dynamic-WFQ

3.1 Model

In multimedia communication, multiple data streams need to
be multiplexed on a single transmission channel. Multiplexing of
data streams using such simple mechanism may have undesirable
results for multimedia real-time traffic. In this section, we analyze
and compare three mechanisms with priority.

PDF

0.001

0.0001

o 1 2 3 4 5 6 7 8 9

number of customer

Fig. 8 Queue length distribution (HoL, Dynamic-WFQ)

The assumptions considered for the model under study aim
to represent the context of a high speed Wide Area Network
(WAN). This implies to take into account non negligeable trans-
mission times between the sources, the bottleneck and the desti-
nations.

We consider that in such backbone, the connectivity is reduced,
thus we have modelled three groups of numerous sources whose
traffics go through three high speed links (622 Mbit/s). Each set
of sources includes numerous sources of different types of traffic
(voice, videoconference, video, data with QoS, data best effort).
The traffic profiles are disrupted by background traffics which
transported in the same links but have other destinations.

This configuration depicted in Figure 9, is intended to be
a test for the comparison between the three service scheduling
disciplines described above, in the presence of different traffic
types and different number of sources.

3.2 Traffic Characterization
We have three sets of sources which represent different traffic
2
types and background flows that represent ? of global traffic. The

drawback of this method is that it requires a realistic network
simulator, and considerable amount of computing time. However,
we approximate the set of background flows by using a server with
vacation in multiplexer for each set of sources. Since the parasit

2
+0.2,

2
proportion is E of all traffic, the idle time of server is

3

and working time is 1 (0.8 is load). These periods have an
exponential distribution. Figure 10 shows the probability density
function of the number of packets in the multiplexer using real
model with classical server, and other method with vacation server
using different time. We note that 0.01 second, which represents
the sum of idle time and working time, is the best approximation.
idle time = 0.00267 and working time = 0.00733.
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Fig. 9 WAN topology and single bottleneck model
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Figure 10: Queue length distribution at Multiplexer

In order to understand the effect of different mechanisms, we
study a scenario (Figure 9) using a simulator written in C lan-
guage. As shown in Figure 9, the simulated network consists of
three multiplexers with vacation server which are linked to a router.
The router is modeled by three queues with a single server using
a priority scheduling mechanisms. The following table shows the
parameters used in the model.

It appears that the end-to-end delay for voice traffic using
Dynamic-WFQ mechanism is near to delay obtained by WFQ and
HoL mechanisms. We remark that the peaks corresponding to
20 s in Figure 11, are due to the bursty arrivals. In all case, the end-
to-end delay is less than 11 ms. The parameters which are taken in
this section are:
pry = 0.6, pr, = 0.3, pr; = 0.1 and w = 0.35.
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Figure 11: Voice End-to-end delay

TYPE Model number of sources per set [ Average rate per source % of global Set traffic Packet size (bytes)
Voice IDP 324 32 kbit/s 5% 160
Videoconference MMDP 50 256 kbit/s 9% 256
Video (MPEG2) MMDP 6 5 Mbit/s 16 % 512
Data with QoS ON/OFF 3 9 Mbit/s 16 % 512
Data Best effort ON/OFF 12 8 Mbit/s 51 % 1536

3.3 Results

This section gives the simulation results as the queue length
distribution and voice end-to-end delay.

On the other hand, Figures 12 and 13 show the comparison

of queue 2 and 3 packet distribution using different scheduling
mechanisms. In Figure 12 we note that the line graphes which
represent the pdf of visioconference traffic using HoL, WFQ and
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Dynamic-WFQ, have the similair behaviour. Figure 13 shows the !
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the results are better than those using HoL or WFQ disciplines. o1 1% tpestiq) - 8- 3
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In our studies we observed that the priority queuing mecha-
nisms cannot isolate the impact of load between traffic streams.
The basic property of assigning the bandwidth first to the high pri-

ority traffics help to maintain short delay and delay variance for |
high priority queues.
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Fig. 13 Video and best-effort traffics PDF

0.1
Then, the absolute weight is given to each class (w; * pr;), and the
remain proportion of bandwidth is shared. This sharing depends
on queue occupancies. The congestion level in nodes (for no real-
time traffics) is reduced.

& oot
a

As described in [6], FCFS scheduling mechanism which is
used in most of the transport protocols today is not suitable for
supporting the multimedia data streams. The real-time requirements
as audio and video traffic, cannot be supported well in FCFS. It
is shown in [ 14] that the inaccuracy introduced by WFQ can (a)
signifcantly increases the delay bound for real-time sessions under
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Fig. 12 Visioconference traffic PDF

With WFQ, the absolute weight are given for different traffic
types. When congestion occurs for no real-time traffic, it remains
for long time because the real-time traffic have a higher weight.
The basic idea in Dynamic-WFQ is to change weight each cycle.

hierarchical link-sharing; (b) cause end-to-end feedback algo-
rithms for best-effort traffic to oscillate.

As shown above, Dynamic-WFQ using a simple linear func-
tion is performant. In future work, we will focus on an analytical
method to obtain the better parameters such a w and pr;.

Reviewed by: I. Baronak, M. Klimo
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Peter Géczy - Shiro Usui *

INTELIGENTNE ADAPTABILNE SYSTEMY: PRISTUP PRVEHO RADU

INTELLIGENT ADAPTABLE SYSTEMS: FIRST ORDER APPROACH

Budiicnost komunikdcii nevyhnutne vyzaduje technologie umoZiujiice vysokii tiroven flexibility, adaptability a inteligencie. Inteligentné
adaptabilné systémy sii obzvldst vhodné pre tito ulohu. Vicsina adaptabilnych systémov je zaloZend na neuronovych sietach. Umelé neurénové
siete su systemy s enormnou interkonektivitou. Neuronové siete sa neprogramujii. St schopné nadobudnut vyznamné vlastnosti vdaka adap-
tacnému procesu nazyvanému ucenie. Predkladany inteligentny adaptabilny systém vyuziva technologiu neuronovych sieti. Systém umoznuje
internii viaciiroviovi adaptabilitu. Vzhladom na dostupné ddta autondmne adaptuje svoje parametre a Struktiiru. Z externej perspektivy dis-
ponugje kontrolou viastného vstupno-vystupného interfejsu. Systém je schopny vybrat si vhodné uciace exempldre z dostupného mnozstva ddt
tak, aby dosahoval optimdlny progres ucenia. Po nauceni systém disponuje moznostou vystupu v logickom formdte. Uvedeny inteligentny adap-
tabilny systém pozostdva z niekolkych modulov. Princip a funkcia kazZdého z modulov su popisané a ilustrativne demonstrované.

Future of communications inevitably calls for technologies that feature high-level flexibility, adaptability, and intelligence. Intelligent
adaptable systems are particularly suitable for this mission. Majority of adaptable systems utilize neural networks. Artificial neural networks are
systems with huge network-like interconnectivity. They are not programmed. Neural Networks gain valuable properties through the process of
adaptation called learning. Presented intelligent adaptable system utilizes neural network technology. The system incorporates internal
adaptability at several levels. It autonomously adapts its parameters and structure to the presented data. Externally, it appropriately manages its
input-output interfaces. The system is able to select suitable training exemplars from the available amount of data in order to achieve the optimal
learning performance. After training the system provides logical output format of the task. Introduced intelligent adaptable system consists of

several modules. Principle and functionality of each module is described and illustratively demonstrated.

1. Introduction

Rapid expansion of communication technologies is widely in-
fluencing our everyday life. Userbase of communication services
grows at such a rate that technology development constantly faces
challenges in order to sustain stability and reliability of services.
Such state of the communications sector has led to the need of
developing new techniques to enhance speed, expand bandwidth,
and provide higher security, to mention a few.

Neural networks, as a result of their inherent learning and
adaptive qualities, have enormous applicability in this explosive
area of technology. Articial neural networks represent the technical
abstraction of the biological structures observable in the nervous
system of living creatures. The nervous system of biological entities
consists of the elementary processing blocks-neurons. Neurons
are interconnected by synapses and axons, enabling propagation
of bio-signals and creation of bio-information pathways. Huge
interconnectivity allows formation of wide networks with massive
parallel processing capabilities. Just as neural networks, the
com-munication systems are composed of units that process
signal/information transmitted over cables or ether using well-
defined protocols such as TCP/IP, ISDN, CDMA, TDMA, etc.
This apparent parallel uncovers enormous potential of neural

* Peter Géczy, Shiro Usui

networks in communication technologies of future. It positions
the neural networks into a place where a considerable advantage
of their adaptability (and other properties) can be taken.

At present the communication technologies could be viewed
as algorithm-oriented. Switching, routing, and packet transmitting
is controlled by algorithms that feature none or very little adapta-
bility. This trend has originated from the classical information
science established in the early 50’s by Shannon [1] and has
further been strengthened by development of computer science.
The nodes in communication infrastructure, though they are highly
so-phisticated, automated, and computerized systems, utilize the
algorithmic concepts lacking higher-order auto-adaptability to
external and/or internal conditions. Lack of adaptability results in
lower effectiveness of the global communication infrastructure as
well as its elementary units.

The future of communication technologies inevitably calls for
higher adaptability and/or learning, flexibility, and “intelligence®.
With the current advancement of neural networks all these
qualities can be achieved using conventional computer systems
without substantial investment in rebuilding the existing physical
communication infrastructure. This economical solution is likely
to determine the future course of communication technologies.

Future Technology Research Center, Toyohashi University of Technology, Hibarigaoka, Tempaku-cho, Toyohashi 441-8580, Japan
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Novel technologies will impact the communication sector in
two major spheres: global and local. Globally influential future
communication technologies are required in areas such as network
management & control, resource allocation, market prediction,
security, reliability, fault tolerance, and datamining. Intelligent
adaptable systems (IAS) can be applied directly (or indirectly) to
all these domains. In the local domain, IAS have already been
applied to routing algorithms (classical traveling salesman
problem), voice, image & character recognition, intelligent search
& information filtering, and access control [2]. However, the
already wide spectrum of IAS applicability is only the initial stage.
Further expansion and progress of communication technologies
and services will uncover numerous other areas where IAS will be
the preferred technological choice.

2. Elements of Intelligent Adaptable Systems

Intelligent adaptable systems draw on the parallel of brain-
style information processing. All the changes in the adaptivity of
the brain as well as stimuli selectivity occur simultaneously. At the
same time the brain is capable of processing incoming informa-
tion from the receptors, producing adequate responses, and yet
adapting itself synaptically and structurally. Although the process-
ing speed of neurons is relatively slow (in the range of millise-
conds) the massive parallelism in the brain sufficiently subsidizes
this ineficiency. Due to the massive parallelism, the brain is con-
tinuously able to process an enormous amount of information.

Block structure of brain-like IAS is depicted in Fig. 1. The
system manages its input interface by selecting appropriately the
most suitable exemplars for learning. The central part of the system
is an artificial neural network. The artificial neural network con-
sists of elementary computational units-artificial neurons-inter-
connected by real valued weight connections. The artificial neural
network should be adaptable both at the microstructure level
(connection adaptation) and at the macrostructure level (structur-
al adaptation). The concept displayed in Fig. 1, however, does not
end only with the dynamic adaptability and exemplar selectivity.
It represents a progressive step forward-towards the logical repre-
sentation of knowledge that a network gains by training. This is
the task of the knowledge acquisition module. The knowledge
acquisition module should be able to extract knowledge that the
network acquires during the learning. It is also important to note
that the subsystems should dynamically co-operate and simulta-
neously operate on the artificial neural network during the
process of learning in order to achieve satisfactory performance
on the trained task.

Sample selection is the task of selecting suitable training
exemplars from a training data set with the aim of improving the
quality of training. Early approaches to sample selection have
focused only on determining the informatively sucient subset of
training set which was thereafter fixed and used for training. An
informatively sufficient sample set was determined based on
either the worst case analysis (VC dimensions) or the average case
analysis (Bayesian statistics, information theory) [3]. More recent
approaches, particularly those linked with on-line training, have
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Fig. 1 Block scheme of brain-like IAS. Each module represents
a specific underlying feature of learning. A knowledge acquisition
module enables the extraction of knowledge from an artificial neural
network trained on a specific task in the form of logical rules. All the
modules should dynamically and simultaneously co-operate.

focused on determining the sample distribution with respect to
which they actively sample data [4] - [8].

None of the aforementioned approaches are used in this
study. The dynamic sample selection technique, presented in this
study, does not impose any restrictions on the sample distribution
and neither on the selected sample size. The number of the selected
exemplars is allowed to vary at each iteration. Also the particular
training set selected at one iteration may completely differ from
the one selected at another iteration. The artificial neural network
is given the freedom to select the exemplar set suitable for the
fastest progress at each iteration.

The presented dynamic sample selection is capable of select-
ing an appropriate exemplar set that may vary in size and in the
selected samples at each iteration of training. It is based on the
controlled normed expression of error gradient that largely deter-
mines the search direction of the optimization technique. The
error gradient is formed of gradients for each sample presented to
a network. Thus the selection of training exemplars also plays
a role in determining the search direction of an optimization tech-
nique. An appropriately determined search direction formed of
suitably selected exemplars at each iteration may increase the con-
vergence speed of optimization and hence also training.

Conection adaptation in neural networks is seen as an optimi-
zation task. The objective is to minimize the discrepancy between
a network mapping and some true mapping with respect to the
measure denoted as the objective function. True mapping is
usually not available in its entirety. Having complete information
about the true mapping would make the network’s training mean-
ingless unless a benchmark evaluation is under consideration.
However, even in such cases it is preferred to use benchmark data
sets of well-known real-world problems. True mapping is thus
represented in its incomplete form, that is, in a form of a finite
number of samples.

Relevance of the optimization field [9] in neural network
training gives rise to the use of several optimization methods. In
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this study preference is given to first order line search optimiza-
tion techniques [10] - [19], due to their relative computational
inexpensiveness, yet reasonable convergence speed. Second order
optimization techniques may reach faster convergence rates at the
expense of a larger number of calculations. They usually require
second order information, that is, the Hessian matrix or its ap-
proximation [20] - [23]. Calculation of the Hessian matrix or its
approximation becomes pointless for large data sets and/or large
network structures due to unbearable computational expensive-
ness and memory requirements. The fastest achievable conver-
gence rates of first order line search techniques are superlinear
convergence rates. Computational complexities of first order ap-
proaches are linear, which is one order lower than that of second
order techniques. First order approaches have also lower memory
requirements. To be specific, the steepest descent methods have
no memory requirements and conjugate gradient techniques have
linear memory requirements.

Structural adaptation in neural networks aims at optimizing
the structure and yet resulting in a network with the required
properties. Structural optimality may have a positive impact on
generalization property of neural networks. Non-optimality of the
structure may cause several complications during and also after
training. Underdetermined network structures are incapable of
satisfactorily performing the task given by the training set.
Overdetermined networks normally display unwanted overfitting
properties after training. These and other complications can be
avoided by properly fitting the structure of a neural network as
well as its parameters.

Former approaches to the structural adaptation of neural
networks were based either on regularization or smoothing. The
application of regularization techniques results in the modification
of the objective function with respect to which the network’s
parameters are adapted [24], [25]. The objective function then
contains a penalizing term for weight connections. The penalizing
term leads to connection value-spread. Some connections are forced
to take higher values while others lower. Connections having low
values are classified as irrelevant and thus eliminated from
a structure. Connections with low values are statically irrelevant
for mapping performed by a neural network, however, they may
have a dynamic relevance during training which may help the
network to progress faster. Smoothing approaches are essentially
nondynamic [26] - [28]. The network undergoes structural adap-
tation after training. Curvature of the error surface is evaluated
after training and the structural elements of a network corres-
ponding to low curvature values are then removed.

The approach to structural adaptation presented in this study
is based on dynamic performance measures [29] - [31]. Perform-
ance measures monitor the combined dynamic and static perform-
ance of a network up to its particular structural elements. They
also detect disturbing features of error surface. Controlling the
performance of a network by eliminating the low-performance
structural elements and increasing the performance of a network
by adding new structural elements represents a new concept for
dynamic structural adaptation of neural networks.

Knowledge acquisition delineates a step towards logical repre-
sentation of a network’s “knowledge“ gained by training. Since

artificial neural networks outline an abstraction of brain struc-
tures, it has been a concern of researchers to identify how
a network’s gained knowledge can be extracted. Distributed repre-
sentation of knowledge in neural networks makes it a difficult
task. Artificial neural network structures do not correspond to any
logical representation of knowledge known to humans. A particu-
larly suitable representation of knowledge would be that of logical
rules. Such an achievement may have wide impact not only on the
design of a new generation of knowledge based systems, but also
on our understanding of knowledge representation in the brain.

Currently available approaches to knowledge extraction from
artificial neural networks can be viewed from the perspective of
rule types and/or training approaches to neural networks
predetermined to rule extraction [32] - [35]. The type of rules
leads to the distinction of crisp from fuzzy rule extraction
techniques. Training approach mainly separates the rule
extraction techniques using structure adaptable training and static
training. All of the aforementioned approaches, however, strongly
precondition the training or the structure of a neural network for
further rule extraction tasks. This means, for example, that a neural
network may contain nodes representing logical functions or
fuzzy membership functions, the structure of the network may be
predetermined according to the intended rules to be extracted,
a priori knowledge about the task can be implemented into
artificial neural networks, etc. All of these techniques reduce the
complexity of the principal problem of rule extraction from
artificial neural networks.

This study approaches the rule extraction issue in its principal
form, that is, independent of the training strategy for neural net-
works and without preconditioning either the network’s structure
or processing elements. It allows the neural network to learn
freely the task given by the training set. Once the network achie-
ved satisfactory performance in that it maps training data suffi-
ciently correctly, the rule extraction method is applied to transform
the network’s knowledge into the form of logical rules. The rule
extraction method is derived only on the basis of a network
mapping and is independent of connection adaptation, sample
selection, and structural adaptation [36] - [39].

3. Foundations of the Approach and Notation

Multilayer artificial neural networks, or multilayer percep-
trons, are the primary interest in this study. Essentially, a multi-
layer network is a network which has one input layer, one output
layer, and one or more hidden layers. The number of hidden layers
can theoretically be unlimited. However, practically they do not
exceed several layers. Although, for some application oriented
purposes, one can find multilayer perceptron networks with more
than one hidden layer, theoretically it has been proven that only
one hidden layer is sufficient for universal approximation capabi-
lities of neural networks [40], [41]. This means that an arbitrary
functional dependency can be approximated to an arbitrary level
of accuracy by a three-layer artificial neural network with an appro-
priate number of hidden units. Hence the focus on three-layer per-
ceptron networks with the following structure (see Fig. 2).
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Fig. 2 A model of a three-layer artificial neural network with a mapping
scheme. The network contains input, hidden, and output layers. The
input layer distributes input signals into the hidden units. The hidden

units are nonlinear elements with sigmoidal nonlinear transfer
functions. The output units have linear transfer functions. The
network’s mapping F is decomposed into the input-to-hidden submapping
Fyyy and the hidden-to-output submapping Fye (F = Fyp © Fyy). The
input-to-hidden submapping Fyy (Fypy :f_ ° Ay is further decomposed
into the affine input-to-hidden submapping Ay and the nonlinear
transformation f

Mapping of a Three-Layer MLP Network
A mapping F is said to be a mapping of a three-layer MLP
network defined as follows,

F = Fyp0 Fy (F: RV — R0y,

where N; is the dimensionality of the input space and N,, is the
dimensionality of the output space. F,, is an affine mapping from
N,rdimensional subspace D" of K™ to N,

= (FHOI, ceos Froy): Fug : DV — RtNe

HOk Z kF IH; — O,

where Fﬁf,k is the output of the k-4 hidden unit for the p-th
training pattern, O, is the threshold value (O, € R) for the k-th
output unit, w, is the real valued weight connection connecting
the j-th hidden unit with the k-th output unit. F; is nonlinear
multidimensional mapping

Fy=foAy  (Fp: R\ — Dy,

IH, f(z Vl] X( P -

where O, is the threshold value (0,, € R) for the j-th hidden
unit, v, is the real valued weight connection connecting the i-t/
input unit with the j-#4 hidden unit, x(,-p) is the i-th coordinate of
the p-th input vector x?, / stands for a multidimensional

0,)
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nonlinear sigmoidal transformation in which each dimension of
its Ny-dimensional domain vector is transformed by a sigmoidal
transfer function f, (f : W — D), 4,;, is an input-to-hidden
affine submapping 4,;, : R — R,

Training in MLP Networks
Let 7'be a training set with cardinality Np,

T={lxy] |xeRAye R}, [T| =N,
where each pair [x, y] contains the input pattern x of the
dimensionality N,, and the expected output pattern y of the
dimensionality N,. Let u denote a set of free system parameters
of a network (weights), u = (w, h, v, ©), and the objective
function E be defined as follows,

Np No

> Z (Flu, XP) = )2, (1)

p=1k

E(u, x) =

2N, N,

Training in MLP networks is a process of minimization the
objective function E,

arg min E(u, x),
u

given a finite number of samples [x, y] € T drawn from an arbitrary
sample distribution.

Jacobean matrix, J, for a neural network is a matrix of the
first derivatives of a network’s mapping with respect to the free
parameters. Analogously, error matrix, Jg, is a matrix of the first
derivatives of an error function with respect to the free
parameters. It can be expressed as a multiplication of the diagonal
residual matrix A, and Jacobean matrix Ji, Jp = A, * Jp.

The task of rule extraction further requires to define classifi-
cation and its realization by layered artificial neural networks.

Classification
Let F = (F}, ..., Fy,) be an arbitrary multidimensional mapping
F: RY — RV, and set CLASS = (CLS,, ..., CLSy,} be a set of

classes CLS, € N. Classification CLS with respect to mapping F,
CLS(F), is defined as follows,

CLS : WV = CLASS

index(CLS,) = index(F,) such that
F(x) = m?x [F(0)], I=1,..., N,

where x is an input vector, F) is the /-th coordinate mapping of F,
and the function index returns an index of an indexed operand.
The classification CLS(F) defines a partitioning of the input space
NN denoted as PCLS(F).

Classification task, given by a training set 7 having N,, classes:
{CLS,, ..., CLSy,}. is performed by a neural network in such
a way that each unit in the output layer is a representative of one
class CLS,., c = 1, ..., N,. After presenting an input pattern, the
strongest response in the output layer is selected as the classifica-
tion answer of a network.
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4. Dynamic Sample Selection

Dynamic sample selection techniques presented here focus
on controlling the normed progressive search direction of the
optimization technique by appropriate selection of exemplars.
This enables determining an exemplar subset of training set that
may vary at each iteration of optimization. Hence the name
“dynamic sample selection” (DSS). Theoretical foundations of
DSS have general validity. However, the specifics resulting from
the use of first order line search optimization techniques and the
type of the objective function are addressed.

4.1 General Functions & Dynamic Sample Selection

In this subsection the optimization case of general functions
by first order line search techniques employing dynamic sample
selection is addressed. The only requirement on optimized func-
tion E is the existence of the first partial derivatives. For this class
of functions, practically very suitable expressions for dependen-
cies of normed search directions on selected set of exemplars at
each iteration of optimization procedure are shown. Theoretical
details on derivation of the expressions can be found in [42] - [46].

Squared /, norm of the gradient is approximately expressed as,

IvE®) |12 = 8= 9D | gy — B |,
NG

where a is a rate of convergence of steepest descent optimization
technique, «'® is a scaling factor of the search direction at the
state u©, VEu™) is a gradient vector at the given state u‘©, and
u* is the optimum point.

The expressions for normed vector of search direction
formulated above have particularly suitable form not only for the
implementation purposes, but also for further analysis. The next
intention is to observe dependence of squared /, norm of search
direction on selected training set at a given step of learning:

1 —
9B ~ | VEn@®) |3 ~ -
o

m

E = [ Ew*) — Eu®)| = | Ero u%) = Era@®) |1, (2)

where VE . (1) is a gradient vector at the state (u*’) for the
selected set 7, and Erw (u*) is a value of E at the optimum
point u* for the set T™.

This underlines the fact that the diference of normed pro-
gressive directions of a neural network presented with the com-
plete training set 7 and the selected training set 7% at the step
k is proportional to the residual expression (2). Proportionality is

(I-a)
give by the scaling factor, W‘ Implying from these theoreti-

cal results a general behavior of an arbitrary sample selection tech-
nique can be formulated:

For any convergent sequence {u‘®] of states of first order
optimization technique such that {¢®} — u*, where u* is the
optimum point, holds: ||s(7'§)k) || = ||s(k) || 5

The proof of the statement is detailed in [44]. Freedom of
selecting exemplars dynamically at each iteration of training is
controlled by the convergence of the optimization procedure.
When the optimization procedure is relatively far from the
optimum point the freedom for choosing proper exemplars in
order to progress is higher. The amount of freedom decreases as
the optimization procedure converges to the optimum point. That
is, asymptotically /, norm of the search direction S(Tk()k, for selected
data set T®) should approach /, norm of the search direction s’
for the complete data set 7, as the algorithm reaches the optimum
point. It is also important to note that the above statement holds
for arbitrary dynamic sample selection mechanism, arbitrary first
order optimization procedure, and arbitrary function E.

4.2 Functions having Lipschitz Continuous First Partial
Derivatives & Dynamic Sample Selection

In the previous subsection the only assumption on functions
to be optimized was the existence of first partial derivatives. The
case addressed in this subsection imposes one more assumption
on function E, that is, the Lipschitz continuity condition [47]:

For a given initial point «° € N" if E € C' on the set S(u°) =
= [u|E(u) < E(u®)}, there exists a Lipschitz constant K > 0
such that,

| VEu?) = VEu?) I ,=K- | u® — u@|| 2
for every pair u”, u” € S@u°).

Further focus is on deriving feasible expressions of normed
gradient vectors allowing establishment of the dynamic sample
selection approach for functions having Lipschitz continuous first
partial derivatives. Similarly as in the previous case, the depen-
dence of normed gradient vectors on the selected set of exemplars
can be expressed using /, norms.

| VEW?) = VE@?) |, =

| Eu®) = Eu?) = Ero(u®) + Eo(u?) |
=K VEW) T2

Existence of stationary point u* implies the following.

| 1- ” VET(k)(ll(k)) || 2 | =
| EG) = Bu®) = Ero(*) + Eos@®) |
[VEG™) )3

=K

The above expressions are generally valid for any two points
u?, u?, or the stationary point u*. Their validity is also indepen-
dent of optimization procedure. Hence they can be used for imple-
menting dynamic sample selection mechanism into first order,
second order, heuristic, or any other optimization procedure.

)
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The relationship between the Lipschitz constant K and other
parameters is formulated as,

l—a
WSK

This expression outlines important statement for practical
implementation of dynamic sample selection mechanism into first
order line search optimization procedures. It helps to simplify
expressions for monitoring the dependence of the gradient vectors
on selected set of exemplars.

4.3 Implementation and Simulations

A gradient vector VE in batch mode of back propagation
procedure is formed as the sum of the gradients of the error
function E for each exemplar presented to a network. Hence each
presented exemplar plays a role in determining the search
direction. By eliminating certain exemplars at a given step of
training the search direction is modified. Proper modification of
the search direction by exemplar selection may then be beneficial
for the convergence speed increase of the optimization procedure.

Direct application of the derived theoretical material leads to
the dynamic sample selection algorithm based on monitoring the
values of the normed gradient vectors.

min | IVEGOE ~ [ VEm@®) 3= P|, 3)

™er

PIY = illa%,j’f— | By — Eu®)|. 4

Similarly, dynamic sample selection approach can be derived
for functions having Lipschitz continuous first partial derivatives.

min [II VEu®) — VEou®) |, < Plg“] (5)
T™er
K
P = gy, V) — B, 6)
and
min H 1= VEr@®) I, ] =< P[g")], (7
™er
k)

(k) — . — E(y®
P = T T | EG*) = Bu™) |, (8)
where K® is a Lipschitz constant at the k-t iteration calculated as,

| VEW®) - VEW* =~ M),
(k) _ u(k - 1)”
2

K® =
I

The expressions (3), (5), and (7) naturally follow from the
presented theoretical material. However, they themselves require
minimization process in order to find the proper set of selected
exemplars T®. The best solution to this problem would be to test
all possible combinations on 7. Apparently, this would result in
computational excess of a method and impracticality for large
data sets. To avoid the impracticality it is necessary to utilize
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a priori knowledge on importance of exemplars for progress of
first order optimization techniques. Importance of a given exem-
plar is measured in terms of /; norm of VE®P) that is gradient of
E for the p-th pattern at the k-th iteration.

Practically, in cases when optimization requires higher preci-
sion, asymptotic behavior is not always satisfied due to the appro-
ximations introduced in terms PI (4), PI” (6), and PI® (8).
Then dynamic sample selection may have divergent behavior and
may eliminate large amount samples even if the algorithm has
reached the attractor basin.

For this reason, the suppression function is introduced.

Iter
— > PV
lter /= !

Ngp= (Np = Ngp) 9

T‘i”
Ngp is the maximum number of eliminated exemplars, N, is the
cardinality of the data set T, Ny, is the pre-determined minimum
number of exemplars in order to keep the optimization problem
well-posed, fter is a given iteration, PIY , i =1, 2, 3, is one of
functions (4), (6), or (8).

The efectiveness of the dynamic sample selection algorithm
implemented into the back propagation training algorithm is
demonstrated on simulations. Simulation tasks are selected
according to the value of E-FP (exemplars & free parameters)
ratio. First, performance of dynamic sample selection algorithm is
tested on the problem with E-FP ratio 1.66. The second
simulation task has high value of E-FP ratio equal to 15.

In the case of E-FP ratio 1.66 the network had configuration
4-3-1. The network was trained on the Lenses data set [48]. The
hidden layer of the network contained sigmoidal transfer function
units. The network was trained on the Lenses data set. The stopp-
ing criterion for network’s training was the value of the expected
error less than or equal to 0.05. The weights of the network were
initialized randomly in the interval <—0.1, 0.1 > which corres-
ponded to the steepest part of the sigmoidal nonlinearity in the
hidden units. It was observed that the implementation of dynamic
sample selection algorithm, based on (3) and (4) into the back
propagation training procedure results in 32.06 % overall increase
of convergence speed measured in number of training cycles requir-
ed to reach the given value of the expected error.

In the second case we observed the simulation results for the
problem that had E-FP ratio equal to 15, which is extremely high.
The network had configuration 4-2-1 with sigmoidal hidden
units. The training set was the IRIS data set [49], [50].
Network’s free parameters were again initialized as random values
in the interval <—0.1, 0.1 >. Training was terminated when the
value of the expected error decreased below 0.013. Overall in-
crease of convergence speed of 4.03 % is indicated for implemen-
tation of dynamic sample selection based on (3), (4), and 3.27 %
for dynamic sample selection implementation utilizing expres-
sions (5), (6).
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5. Parameter Adaptation

This section introduces modification of the first order line
search optimization technique with automatically and dynami-
cally adaptable parameters. The focus is on dynamic adjustments
of both step length o and momentum term B(k). Step length
o® and momentum term B’ are allowed to take diferent values
at each iteration of the optimization procedure [51] - [56].

First observed is the extension of first order line search opti-
mization procedure with adaptable step length a'*’ to a procedure
that additionally incorporates constant momentum term g. Initially,
the following expressions are obtained [56]:

A (k)
[a®| 2((141)- |E(u) E(u )|

+
VEu®) |2

l|s=01l,
+ 18l Ve, ) (10)
and
| E@) — Bu™) |

o S(“ NCI 770

lls“ 1]
+ 18l -2 | (11)
VEu®) ||,
where s* 1 is a search direction at the (k—1)-th iteration of the
optimization procedure.

Assumption of superlinear convergence rates results in the
following update formula for step length «©.

o] = (2 ) o
VEu™) |13 VEu™) |,

Superlinear convergence rates assumption shrinks the boun-

daries (10) and (11) for step length o® to a single point. This

naturally simplifies the line search subproblem to a one step

calculation of «®. In order to attain higher flexibility, it is also

recommended to use the median value of (10) and (11) for calcu-

lation of the step length o,

o] = ( L e 1
VEu®) 13 VEU®) |l

where a is a parameter determined by user. The dependency of the
modifiable momentum term B’ can be obtained from first order
line search optimization techniques, and conjugate gradient tech-
niques in particular. Considering the definition of general linear
convergence rates and essential formula for parameter updates of
conjugate gradient methods [57], the following inequalities are

1 :
|g®| < _HS(_k_l_)”_<|a<k)| NVEG I, -
2

gy JE B (15)
O IVEG T,

From the assumption of superlinear convergence rates of
conjugate gradient method the following implies.

1
|g®| = =T, ( [a®] - || VE(u(k))Hz _
2

Ew) - B®)| (16)
VEu™) |,
To determine the dependencies of step length o® in the

conjugate gradient method it is possible to apply the formerly
obtained results. Then for the step length o®, considering the
dynamically adjustable momentum term ,B(k),

*) (k)
|a(,€)|2<(1_a)‘ | Eu) — Eu™)|

+
VEu™) I3

HS(k_l)H

(k) | . 2

+ 1] VE@™H I, )’ a7
and

| Eu*) — Eu®)|

|C((k)| S((1+a)‘WﬂT+

PRI i (18)
VEW™ |, )’

is implied. Accounting for the superlinear convergence rates of the

conjugate gradient method,

o] = (IE(u*) - Eu®) |

[|s« D]
(k)| 2
VEu®)||3 +16°] VEu™)||, (19)

is obtained.

As clearly seen from (14)-(16) and (17)-(19) the expressions
for the adjustable momentum term B (14)-(16) incorporate
step length a'®, likewise the expressions for adjustable step length
a® (17)-(19) contain momentum term B(k). This in practice
leads to the dynamic loop. Thus it is impossible to determine
which expressions should be calculated first (whether the ones for
o®, or the ones for BX). To overcome this difficulty it is necessary
to find another relevant expression for either the adjustable
momentum term B(k) or the adjustable step length .
Theoretical material in [51] already offers possible solution to this
problem in the form of the expressions,

B - Ba®)|

derived [56]. W] = : 20
erived [56] 1 la®] =4 VEG) |2 (20)
) | > @\ | VEL® _ .
|B | —Hs(_kl—)|-|:<|a | H (u )Hz | (k)| _ |E(u(/))| on
T TVEG
(1+a) |E(u*) ~ Bw?) | ) (14) However, it can easily be verified that the substitution of (20)
- a: ® ,
VE@ Nl into (16) leads to B =0, which on one side supports the
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sufficiency of only adjustable step length a'®, but on the other
side, it eliminates the momentum term. Hence the only
appropriate choice for a® is expression (21). Then, substitution
of (21) into (16) results in the expression for the adaptable
momentum term B as follows,

o | — a
e L) S E77 Y

(Bw®) ~ | Bw) - Ea®) ) (22)

Taking into account the absolute value |E(u*) — Eu™®) | in
(22) the following two expressions for the modifiable momentum
term further imply,

E(u*)
®|= 4. )
6% = 0 =T s T, @)
and
(k)Y _ %*
|B(k)|=a- 2E(u ) E(u) (24)

1“0, TvEG™) [T,

It is important to note that the convergence proof in [56]
further eliminates expression (24). Use of expression (24) results
in the divergence of the optimization technique. Then the only
suitable expression for adaptable momentum term BUC) is (23).
The constant a stands for the universality of the algorithm. This
leads to the following modification of the conjugate gradient
optimization technique.

ALGORITHM 1
1. Set the initial parameters: u®, E(*), (B).
2. Calculate the gradient VE(u®).
3. Constant momentum: calculate of
(12) or (13).
Adaptable momentum: calculate o according to (21) and
B% as (23).
4. Update the system parameters as follows.

k) according to expression

gD = 0 8, VE(u(k)) + B(k) k=D,

ALGORITHM 1 has substantially simplified the line search
subproblem (step 3). The proper parameters «'© and B(k), (B), are
determined automatically in a single calculation. ALGORITHM 1
has a linear computational complexity O(Ny), where Ny is
a number of free parameters. The necessity of keeping the track of
the previous search direction s~ in conjugate gradient techni-
ques leads to the linear memory requirements O(Ny) of ALGO-
RITHM 1. Despite the simplicity of the line search subproblem,
ALGORITHM 1 is convergent with superlinear convergence rates
[56]. The superlinear convergence rates are established under the
assumption that second and higher order terms of Taylor expan-
sion of the objective function £ around the optimum point are
negligible for convergence of the sequence of points [¢X} « gene-
rated by ALGORITHM 1.

ALGORITHM 1 is demonstrated in Fig. 3. ALGORITHM 1
(charts b) and c)) clearly converges substantially more smoothly
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Fig. 3 Comparison of optimization progress between ALGORITHM 1
(chart b) (constant 3 = 0.1) and c) (adjustable o, 3)) and BP with
momentum (o = 0.3, B =0.1) (chart a)) on quadratic function f(x, y) =
= 0.5x% + 3y° + xy from the starting point [-7-7]. ALGORITHM 1 had
setting: E(u*) = 0, a = 1. Stopping criterion was the value f(x, y) = 0.1.
1t is evident that the progress of ALGORITHM 1 is smoother and faster
than BP with momentum.
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to the optimum point than the conventional conjugate gradient
method (chart a)) having a constant step length and momentum.

5.1 Simulations

In this subsection the effectiveness of the algorithms is prac-
tically demonstrated on five tasks represented by the following
data sets: Lenses [48], Glass, Monks 1 [58], Monks 2 [58], and
Monks 3 [58]. The presented algorithms were applied to training
various MLP networks to perform tasks given by five, the above
mentioned, data sets. Neural network’s performance was optimiz-
ed according to the mean square error. The stopping criterion was
the value of the expected error.

In the case of the Lenses data set [48], a neural network had
configuration 4-3-1 with sigmoidal hidden units. Expected error
was set to 5 - 102 In the Glass problem, a network was configured
as: 9-5-1 (sigmoidal hidden units) and the expected error was
equal to 0.35. Finally, for Monks 1, 2, and 3 problems [58]
a neural network structure was set as: 6-3-1 (sigmoidal hidden
units), and the expected error was equal to 0.103. Network’s
weights were initialized randomly in the interval < —0.1, 0.1 >,
which corresponded to the steepest region of the sigmoidal
transfer function of the hidden units. The parameter a was equal
to 1. In case network’s error did not converge to the value less
than or equal to the expected error within 20000 cycles, the
training process was terminated. It is interesting to note that
additional stopping condition of maximum 20000 cycles was
practically applied only to the BP employing standard first order
techniques. ALGORITHM 1 always converged.

The experiments were performed with the value of the step
length (learning rate) for BP corresponding to the best results of
BP as reported in [51] (in Monks 1 case @ = 0.8, and for all other
data sets @ = 0.9). The momentum term ranging from 0.1 to 0.7
in 0.1 increments was then applied. BP with the momentum term
and the best value of step length (denoted in further text as BPM)
was compared to ALGORITHM 1 with constant momentum term
(see results in Table 1), and with automatically adjustable momen-
tum term (see Table 2). Values of the constant momentum term
in ALGORITHM 1 were set equal to the values of the momentum
term in BPM. For a given setting of learning rate and momentum
term the simulations were run 10 times for different randomly ini-
tialized weights in the interval < —0.1, 0.1 >. Percentual conver-
gence speed increases were calculated in order to simplify the
comparison. Hence the values in Table 1, and 2 represent ten-run-
averages. Criterion for comparison of the convergence speed was
the number of cycles required to decrease the mean square error
E of a neural network below the value of the expected error.

It is clear, from Table 1, and 2, that the proposed algorithm (that
is, ALGORITHM 1) converged substantially faster than the stan-
dard techniques. As previously mentioned, ALGORITHM 1 con-
verged each time, whereas BPM for some initial setting of weights
and parameters «, 3 could not achieve convergence even after
20000 cycles. This accounts for higher stability of ALGORITHM 1.

Table 1: Comparison of ALGORITHM 1 (constant momentum) and
BPM with setting of constant learning rate that corresponded to the
best obtained results of BP. Momentum term was set from 0.1 to 0.9
in 0.1 increments, and kept constant for both ALGORITHM 1 and
BPM. ALGORITHM 1 had the following setting: E(u*) = 0, a = 1.
Values in the table represent ten-run-averages of percentual conver-
gence speed increase of ALGORITHM 1 over BPM. Convergence
speed was compared in terms of cycles required to reach a given value
of the expected error.

B 0102]03]04] 0506/ 0.7 ]|AVR

Lenses (a=0.9) |43.99]19.65| 7.03 |44.49| 93.12|94.46|95.14|56.84

Glass (a=0.9) 54.4152.05|47.76 |44.43| 39.02| 35.43/29.05|43.18

Monks 1 (er=0.8)|57.37|51.7340.42| 39.7 | 49.38/85.07{90.95/59.23

Monks 2 (o= 0.9)|-12.41]-28.49| 4.55 |58.95|86.87|95.18|96.07|42.96

Monks 3 (r=10.9)|40.91|34.33|31.97| 58 [82.07|87.39| 89.7 |60.62

Table 2: Comparison of ALGORITHM 1 (adaptable momentum) and
BPM with learning rate setting corresponding to the best obtained
results of BP. Momentum term setting varied from 0.1 to 0.9 in 0.1
increments. ALGORITHM 1 used the setting: ¢ = 1. Values in the
table stand for ten-run-averages of percentual convergence speed inc-
rease of ALGORITHM 1 over BPM. Convergence speed comparison
was made in terms of number of cycles necessary to decrease the
network’s error below the value of the expected error.

B 0102]03]04] 0506/ 0.7 ]|AVR

Lenses (a=0.9) |51.23] 20.5 | 10.14|46.95| 93.18| 95.15/97.13 | 59.18

Glass («=0.9) |55.35/53.38/48.93|45.97| 41.35| 37.89|30.25|44.73

Monks 1 (a=0.8)[59.37|53.25|43.19|41.53| 53.68| 87.79{93.25| 61.72

Monks 2 (a=0.9)| 1.45 | -3.47 | 14.33{60.78| 87.96| 97.31]97.93|50.89

Monks 3 (ar=10.9)]42.35/40.37{35.96|59.97| 83.47/89.93|92.23|63.47

6. Structural Adaptation

The progress of a training algorithm can be seen as
a movement in a space with principal coordinates defined by the
singular vectors. The error surface increases most rapidly in the
direction of a vector corresponding to the maximum singular
value and most slowly in a direction of a vector corresponding to
the minimum singular value. The singular values give partial
information about the determination of the next step of an
algorithm. They provide a relative measure on the direction and
the proportion of the movement. Since the singular value
decomposition is computationally expensive task it is desirable to
approximate location of the singular values given by the spectral
radius estimate [31].

Spectral Radius Estimate
Let4 € M, . For the spectral radius of singular values holds,

p(A) = min{p'(4), p"(4)},
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p’(4) = min{qu (Z -j| ) qu< |a,-,-| >} ,
i \j=1 J =

p(A) = min{max
r
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“

#* and “c* denote row and column indices of 447, respectively.

How the estimates p” (25) and p’ (25) typically work in prac-
tice is shown in Fig. 4. The task depicted in Fig. 4 is training an
MLP neural network with the configuration 2-2-1 on the XOR
problem. Network’s connections were initialized by the exponen-
tial series with base 0.9 and 0.5 for hidden-to-output and input-to-
hidden weights, respectively. Steepest descent version of BP with
the constant learning rate 0.9 was used. Training was terminated
when the mean square error decreased below 10~2. The actual
spectral radius p in Figure 4 was obtained by the singular value
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Fig. 4 Typical behavior of the estimates of spectral radiuses p’ and p”. The spectral radius p was obtained by singular value decomposition.
A training task for MLP neural network with the configuration 2-2-1 was the standard benchmark XOR. Chart a) shows the values of p, p’, and p”
at each cycle of training. Chart b) displays the differences p” — p’, p’ — p, and p” — p. Details of the relationship between p and p’ is shown
in chart c). Analogously, the values of the estimate p” in relation to p are depicted in chart d).
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decomposition. Note that the XOR problem serves as a testbed for
essential linear non-separability. The training set contains four
patterns 7 = {[(0, 0), 0]; [(0, 1), 1]; [(1, 0), 1]; [(1, 1), 1]}. A suf-
ficient three layer network configuration incorporates two input
units, two hidden units, and one output unit.

The reason for having two different expressions for spectral
radiuses of singular values and taking minima of them follows
from the need for more precise location and from the nature of
the optimization techniques. When the first order optimization
procedure is relatively far from the equilibrium point, it is more
likely that p” gives more precise estimate of the spectral radius
because the derivatives will be higher in value. However, when the
algorithm converges (in an ideal case to 0) then also the first
order derivatives should converge, possibly to 0, and thus become
smaller. In this case, when the derivatives are lesser than 1, the
expression p’ may locate the singular values within a smaller
interval.

As it can be seen from the charts a) and b), the estimate p’
was more precise when the network was relatively far from the
optimum point. Once the attractor basin was reached, the
estimate p” showed slightly higher precision than p’. The reason
for this is the difference of the slopes of the error surface. After
the initial progress (approximately 40 cycles) the network was
progressing on the flat region of the error surface for almost 1200
cycles. Surface flatness is indicated by small gradient values.
Therefore, the estimate p” had smaller values than p”. As the
algorithm reached the attractor basin, the network started to
progress on a sharper slope of the error surface. The gradients
were higher. Thus the estimate p” had smaller values than p’.
When the algorithm converged to the optimum point, both p’ and
p” converged to almost the same values (see chart a) and also
differences in chart b)). Specifics of each estimate p” and p” in
relation to p are depicted in charts ¢) and d).

Taking into account the static and dynamic importance of the
weight connections in the network the authors propose the
measure of use of the network’s potentials (to progress) at each
step of a training algorithm as,

11 N QE®
p(Jg) Np, o

Eu p=1

(25)

where E stands for some specific error function, u, is the /-th free
parameter of a network, and p(Jp) is the estimate of a spectral
radius of the error matrix J;. The expression (25) represents the
overall average performance of a network.

The value of the estimate of a spectral radius cannot exceed
the minimum of the maxima of row and column sums of the ele-
ments in an error matrix for an artificial neural network. That is,
the largest singular value o, lies within the interval specified by
the matrix measures (or norms) such as column or row /; norms.
Regarding search directions, a network’s progress in each dimen-
sion is limited by the value of the estimate of a spectral radius. The
sum of column elements of a specific matrix (depending on error
function) represents how far a network will move in a particular

dimension. Hence, the network in any dimension cannot progress
more than the estimate shows. Considering the static relevance of
weight u; € u, given by its real value (1, € M), multiplied by the
dynamic relevance of the connection represented by the sum of

Np )

the gradients for each pattern sample (Z
p=1

) and then
u

scaling the multiplication with respect to the maximum progress
formulated by the estimate of a spectral radius p, the overall
average performance of a network is obtained at each iteration
(25). From (25) immediately implies that the individual perfor-
mance of each connection is given as,

/ 1 N, aE(P)
ug = u
Py () ! = o

(26)

Similarly the maximum performance of a network during
training can be measured,

Ny QE®
=1 o

The relevance and importance of the above measures is
illustratively demonstrated on the standard benchmark task XOR.

First, the relevance of measures (25) and (27) is demonstra-
ted. To obtain a closer look at the behavior of a training procedure
the auxiliary expressions are evaluated,

27

M, = ——— max |u,
pUp) uEu

Y QE

D, = 28

pm u/%u u = alll ( )
Yo QEV

om,, = MAX | u (29)

m e —
I
weu | 5= ou,

Configuration of the network was 2-2-1 and the weight
connections were initialized by the exponential series with base
0.9 for the hidden-to-output weights and 0.5 for the inputto
hidden weights. A batch mode of BP training with a constant
learning rate equal to 0.9 was used. Simulation charts are shown
in Figure 5 and Fig. 6. Fig. 5 shows the performance of a network
according to the performance measure (25) and Figure 6 depicts
the maximum performance chart for a network according to the
measure (27). Both figures clearly indicate four distinguishable
phases of a training procedure.

The first phase depicts the initial progress of a network and
sudden stagnation. The error E decreased in a few starting
training cycles and then stabilized. This phase is indicated by
a rapid decline of both the average performance PM (25) and the
maximum performance PM,, (27), which exactly reflects the fact
that the network was not progressing, since it has reached the flat
surface of an error landscape. The estimate of a spectral radius
p(Jg) had lightly fluctuated around 1 and then stabilized. Detail
of this phase is given in upper charts of Fig. 5 and Fig. 6. It shows
first 40 cycles of a training procedure. Low levels of D,,, and D,,,,
measures underline the fact that the network reached a flat region
of error surface which is, according to the error E, positioned
quite high from the minima.

The second phase shows slow progress of a network on a flat
region of an error surface. The error E changes very little. The
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Fig. 5 Training behavior of the network with configuration 2-2-1 for the
XOR problem according to the measures PM and D, Four training
phases could be distinguished. The detail of the first phase is given in
the upper chart. The network converged to the point where E < 10~
after 2114 cycles. A batch mode of BP training used constant learning

rate equal 0.9.

performance of a network (by means of the measures PM and
PM,,) is very low. The estimate of a spectral radius p(J;) based on
/; norms is relatively stable and high. High values of the error
E and the estimate of a spectral radius p(J), and low values of the
expressions D,,, and D, imply that the flatness of an error surface
is caused by sign oscillations of the weight gradients for different
patterns.

In the third phase, the network passed over the at region of an
error surface and reached the basin of attraction of an attractor
point. It started to converge toward the minimum. The error
E smoothly decreased and according to the performance
measures PM and PM,, the network indicates rapidly increased
progress. Declining estimate of a spectral radius p(/;) and rising
values of D,,, and D, ~indicate that the network balanced its
computational resources by eliminating the oscillations of
gradients for different training samples. A sharp rise of D, and
D,,,, indicates that the network progressed on a sharp slope of an
error surface.

The fourth phase shows the smooth convergence of a network
toward the minimum point. Error nicely decreases and the
network progresses at constant rate, as indicated by the average
performance measure PM. The maximum performance PM,,
smoothly stabilizes. The stable convergence ratio is also nicely
indicated by stabilization of the estimate of a spectral radius as
well as measures D,,, and D,, . Low values of maximum
gradients (D, ) underline the reach of the optimum point.

"y,
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Fig. 6 Behavior of the network with configuration 2-2-1 according to the
measures PM,,, and Dp,, during training to perform the XOR task.
Similarly as in the previous figure there are four distinguishable phases.
The first phase is shown in detail in the upper chart. The error
E < 1072 was reached after 2114 cycles for a batch mode of BP
training with constant learning rate 0.9.

6.1 Structural Adaptation Utilizing Learning
Performance Measures

The relevance and importance of the derived performance
measures for structural modifications of a network, particularly
pruning, is shown. As previously mentioned, the expression (26)
represents a combination of static and dynamic importance of
a specific weight connection in a structure of a network. Thus it
can be used for detecting less important structural elements
suitable for pruning. The use of the measure (26) for pruning is
illustratively depicted again on an example of the XOR problem
(see Fig. 7).

An overdetermined network structure with configuration 2-3-1
was generated. The initial values of the weights were set in the
same way as in the previously mentioned simulation. A batch
mode of BP training procedure with the constant learning rate 0.9
was used. It can be seen that the original network structure (2-3-1)
was able to converge approximately after 1900 cycles (to be
precise 1896 cycles) to the point where the error E < 10~ 2. The
evidence that the network converged is shown in upper-left chart
of Fig. 7. After approximately 1000 cycles the network started to
converge. The performance measure PM as well as D,,, rose. The
estimate of a spectral radius started to decline. And from around
cycle 1400 the network was progressing at a constant rate, as
indicated by the stabilized curve of the PM measure.

When the network reached cycle 111 the maximum perfor-
mance measure PM,, indicated minimum value (1.229526 - 10~3).
At this point, since the progress was very slow, the network was

KOMUNIKACIE / COMMUNICATIONS 2/2000 o 49



KOMNIKCCle

C O M M UNICATI ON:S
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Fig. 7 The effect of pruning the original network with configuration 2-3-1 on training behavior. The pruning criterion was I,

Training after elimination of the weight w,

Top-left chart

pmy;

depicts the training behavior of the original network (2-3-1). Top-right part shows the modification of the structure after elimination of the hidden-
to-output weight w; (left) and after elimination of the hidden-to-output weight w, (right). Bottom-left chart shows the training behavior of the network
after pruning the hidden-to-output weight w; (the weight with low individual performance measure). Bottom-right chart shows the training behavior
of the network after pruning the hidden-to-output weight connection w, (the weight with high individual performance measure). The pruning point
Jor the original network structure was cycle 111.

suitable for pruning. The individual performance measures (26)
of hidden-to-output weights were evaluated. It was found that at
the cycle=111 the individual performance measure for the hidden-
to-output weight w; was extremely low (1.5993 - 107%), which was
about ten times less than that for the hidden-to-output weight w,

(1.20916 - 1074). The individual performance measures for the
hidden-to-output weights w, and w; were at the same level (ap-
proximately ten times higher than [,,,,,w]). Hence the suitable can-
didate for pruning was the weight w;. The bottom-left chart in
Figure 7 shows the training behavior of the network after pruning
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the hidden-to-output weight w;. Six hundred cycles after pruning
the weight w, the network started to converge (see the charts of
measures PM, p(J), and D,,.). And 1000 cycles after pruning the
network was progressing at almost constant rate (see the curve
PM). At cycle 1777 after pruning the network reached a state
where the error E was less than 102,

It is also important, on the other hand, to observe the beha-
vior of a network when the weight with a high individual perfor-
mance measure (26) was pruned. The bottom-right chart of
Figure 7 shows the training behavior of the network after pruning
the hidden-to-output weight connection w,, that is, the connection
with high individual performance measure (26). It is clear (from
the bottom-right chart in Figure 7) that the network after pruning
the hidden-to-output weight w, was not able to converge even after
5000 cycles. Approximately 2000 cycles after pruning the perform-
ance PM of the network slightly rose, however, after reaching the
maximum point at cycle=2995 (2.036367 - 10_2) the perform-
ance PM declined. The estimate of a spectral radius p(Jg)
dropped, but again stabilized at a relatively high level (around
0.7). The measure D,,,, rose, but then decreased. From the curves
of p(Jg), PM, and D,,, it can be concluded that the network
reached another relatively flat region of the error surface.
Generally, the performance of the network was very low during
the whole period of 5000 cycles after pruning the hidden-
to-output weight w,. This underlines the relevance of the indivi-
dual performance measure (26) as well as the other measures (25)
and (27).

It is clear from the above and from (25), (26), and (27) that
the essential reference ground for comparison of the combined
static and dynamic importance of the network elements is the
estimate of a spectral radius p(J). It is the only suitable reference
ground directly implied from the nature of the first order
optimization procedures. Furthermore, it has three remarkable
properties:

1t is dynamic. The estimate of a spectral radius p(J/;) dynamically
changes according to the state of a training procedure. Thus
it represents the most suitable dynamic reference ground at
every step of training. This naturally overcomes the problems
of choosing the right reference value, which is essential for
regularization based approaches (e.g. choosing the right pre-
assigned parameter u, in the weight elimination procedure).
Most likely there is a very small class of problems which satis-
fies the optimum condition for constant reference ground.

It is sensitive. The estimate of a spectral radius p(Jy) is sensitive
enough to reflect the occurrences leading to the progress of
a network.

It can be manipulated. Structural modifications and sample selec-
tion can influence the values of the estimate of a spectral radius
p(J) so as to maximize the expressions (25), (26), and (27).

The third point, the ability to manipulate the estimate of
a spectral radius p(Jg), is of primary interest in this study.
Although there have been a variety of modifications of first order
optimization techniques and their implementation in the field of
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artificial neural networks, a deterministic theoretical analysis is
still lacking. This is true particularly for cases where the training
algorithms incorporate dynamic structural changes. Hence, it is
the researcher’s intention to shed some light onto this specific
area of a neural network field.

7. Rule Extraction

The rule extraction problem from neural networks is
addressed in its principal form. That is, given an arbitrary three
layer artificial neural network trained on particular data extract
the rules that reflect the network’s data classification as correctly
as possible. Note that this is general and essential principle of rule
acquisition. The only choice of three layer neural networks is due
to their universal approximation abilities. Methodology introduc-
ed here is independent of rule types, network types, and learning
strategy. Hence, there is no assumption of any a priori knowledge
implementation into a neural network.

Given a mapping F of three layer artificial neural network
trained on the classification task described by a training set 7, the
primary interest is to derive the rules that classify the data as
correctly as neural network. This is the underlining problem of
rule extraction from trained neural networks. Sometimes there
must not be the solution to this problem, however, the
classification rules describing data with certain accuracy can still
be obtained. The availability of solution to rule extraction
problem is stated in the following.

Crisp Rule Extraction

Let bu be a set bu = {1, 0, 1} (or bu = {1, 1}). Let F = Fyp° Fiy
be a mapping of a nonlinear neural network with structure N; —
— Ny — N, such that input-to-hidden weights v; and hidden-to-
output weights w;, are real valued parameters, v; /\ w, € N,
and Ny = [log|,, — 10| (Np)]. If there exists a set of vectors
{er'Y, ..., ™)) such that,

max [wi-Figl=max [ow( - (Fif + )],
k=1,.., N, =1,..., N,

FB = fiby, x9); e’ € eV, ..., er™P),
where bw; = (bwyy, ..., bwy,), bwy € bu, and bv = (bvy, ...
cows byy,)s by € bu, there exists the representation of the
network’s mapping in form of the rules,

IF( /N LoxPe < ¥ >) THEN CLS,, (30)

i=1...Ny

where k = 1, ..., Ny, LO is either void or logical operator of nega-
tion —, and € is either € or & . The rules (30) classify the pat-
terns [x”, ] € T, p = 1, ..., Nj» as correctly as neural network.

General proof of the above statement is provided in [38].
Practical implications of the constructive proof lead to the
methodology for deriving the rules from arbitrary three layer
neural network. The methodology is applicable even in the cases
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when the theoretical conditions are not strictly satisffed. It can be

described in the following 5 steps.

1) Code the weight vectors wy, v; into trinary vectors bw,, bv;
according to the shortest Euclidean distance (min d(w,, bw,),
and min d(v;, bv)).

2) Based on the transferred weight vectors bw, generate the
initial rules,

IF( /\  LOFY)) THENCLS,, 31)
i=1,...Ny

such that LO is void if bw; = 1 and LO is — if bwy,

Note that if bw;, = 0, the correspondlng Fiy (k) 1s ehmlnated

3) Expand each F 5’,‘}/ in (31) according to the trinary vectors by,
into the form,

k k

AOE < 1)

x>, 32)

such that €is € if bv; = 1 and Eis & if bv; = —1. Again, if
bv; = 0 the correspondmg x(k) is ehmmated

4) Simplify the expanded rules by merging the same statements
and eliminating contradictions. Then present the rules of the
form,

IF(C /N LoxE < x) 1)

i=1....N;

%) >y THEN CLS,. (33)
5) Find appropriate intervals < x&, x> > and substitute them
into (33). Finally, generate the resultlng rules.

As it can be seen in step 4) the above described methodology
for rule extraction contains mechanism of optimizing the rules.
This allows obtaining relatively simple rules even if the
network’s structure was overdetermined for a given classification
task. In other words, the structural redundancies of a neural
network can partially be eliminated when finalizing the rules. This
feature has an important practical value since the network’s struc-
tures may not always be optimal for a given classification task.
The simplification mechanism will practically be demonstrated in
the next section.

Important part is also finding the appropriate intervals
< x% x%) > in the step 5). If the conditions of the theorem are
satisfied and rule includes the term x% € < x%, x& > then the
intervals can be obtained directly by tracing the mm/max values
of input coordinates for given class CLS, . If the rule contains the
term x(") ¢ < x(k) (k) > and the conditions of the theorem are
satisfied, again the 1ntervals are obtained directly by eliminating
the intervals of input coordinates for classes CLS;, j # k.
However, the functionality of the methodology extends even to the
cases where the conditions of the theorem do not strictly hold.
Then the step 5) can be slightly more complicated. The
approaches for obtaining the intervals (or membership functions)
can vary [59], [60]. From the practical experience we can
recommend the method of dichotomizing the boundaries for
conflict patterns.

7.1 Simulations

The effectiveness of the methodology described in the previ-
ous section is demonstrated on the IRIS data set [49]. First, the
case of rule extraction for optimized structure of a network is pre-
sented and in the second case the rule simplification mechanism
is demonstrated on the overdetermined network structure.

Structure modifying training techniques play an important
role in rule extraction approaches. Essentially, they lead to
simpler initial rules (31) after the first three steps in the proposed
methodology. In the first experimental task a structure modifying
training technique based on performance measures was used [31].
Back propagation learning was terminated when the expected
mean square error was less than 0.057. Resulting network, after
transforming the original weight vectors into trinary vectors, had
3-2-4 structure. The transformation of weight vectors was as
follows.

w, = [0,2.72] = [0, 1]
wy = [0.51, —0.94] = [1, —1]
ws = [0.65, —1.74] = [1, —1]
y, = 10,0, 2.15,0] = [0, 0, 1, 0]
=10,0,0,—1.7] = [0, 0, 0, —1]

According to the proposed rule extraction methodology, from
the network’s structure the following rules immediately imply.

IF(xY e <x$2,x4)>) THENCLS, (34)
IF (xXP € <x2, xXA>NxP e <x@,x3>)
THEN CLS, (35)
IF (x5 € <x§0, X3 >NxP € <x§2, x5 >)
THEN CLS, (36)

Since the above rules cannot be further simplified the next
step is only to determine the appropriate intervals. By detecting
the min/max values of input coordinates for different classes the
following intervals are obtained.

P <1.0,25>;xP € <3.0,51>; xP € <10, 1.8>;
KY€ <4.5,69>;xYP € <1.4,2.5>

Inserting these intervals into the rules (34), (35), (36) leads
to 94.6 % correct classification (142 correctly classified patterns
out of 150). Dichotomizing the boundary of the input coordinate
x, for conflict samples results in modification of x%* and x%
intervals: X7’ € <1.0, 1.7>, x{ € <1.35, 2.5>. Substituting
these boundaries into (35) and (36) gives 97.3 % correct
classification (146 correctly classified exemplars out of 150).

The second simulation example demonstrates the rules sim-
plification mechanism. An overdetermined network with struc-
ture 4-3-3 was trained using back propagation with constant
learning rate 0.7 until the expected mean square error was less
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than 0.057. The following weight vectors and their codified trinary
vectors were obtained.

w, = [0.02, —0.007, 1.003] = [0, 0, 1]
wy = [11,0.71, —1.28] = [1, 1, —1]
wy = [~ 131, 1.03, L123] = [—1, 1, 1]
v, = [1.69, 2.0, —=2.68, =3.29] > [1, 1, =1, — 1]
y, = [—0.29, —0.46, 0.94, 0.81] — [0, 0, 1, 1]
v, = [0.73, 1.68, —3.36, —1.85] > [1, 1, =1, — 1]

It can clearly be seen that the connectivity of the output units
0, and O; to the hidden units H, and H; leads to logical
contradictions in derived rules. Then by principle of eliminating
the contradictions and redundant O-connections the simplified
structure is obtained. The simplified structure leads to the same
rules for classes CLS, and CLS; as (35) and (36). The only rule
which is different and slightly more complicated is the rule for
class CLS,.

1F( /\ P e<xD x> A
i=1,2
I\ XD @< XD >)THEN CLS,

i=3,4

(37

By substituting the same intervals as in the previous case for
the rules classifying the classes CLS,, CLS;, and the intervals:
X e <43, 58>, xP € <23, 44>, XV & <3.0, 6.0>,
x(41’ & <1.0, 2.5>, into the rule (37), it is again obtained 97.3 %
correct classification.

Note that in this case the network’s structure was highly
redundant. The rule simplification mechanism was able to elimi-
nate more than 57 % of unnecessary rule terms (or connections)
which substantially clarified the final rules.

8. Conclusions
The article introduced a neural network based IAS that incor-

porates all the essential features of adaptability required by wide

Nomenclature N real space

M N, dimensional real space (input space)
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range of communication technologies. Novel and theoretically
consistent approach allowed effective operation and dynamic
interlink of modules that have been formerly treated as separate
subdomains. The presented IAS is able to appropriately select
learning instances, adapt its parameters and structure. Moreover,
the system includes a rule extraction module that could serve as
a logical interface between IAS and expert systems. IAS utilizes
first order optimization techniques with superlinear convergence
rates. First order optimization is sufficiently fast and computa-
tionally inexpensive - with linear computational complexities.
Thanks to the speed and computational inexpensiveness of adapt-
able techniques the system can adapt fast even on large number of
training data. Additional advantage of the presented concept is
that adaptability at parametric, structural, and interface levels is
simultaneous and dynamic. The kernel of the system, that is
neural network, can automatically at each iteration of adaptation
select different number of training exemplars, adjust the learning
parameters such as learning rate and/or momentum term, and
also appropriately alter the structure in order to reach the
optimum learning performance. After completing the adaptation,
the system is able to interpret the learned task by logical forma-
lism such as crisp rules. This feature may have indispensable value
in expert system applications.
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bv  binary/trinary input-to-hidden weight
vector

N, number of input units RV Ny, dimensional real space (hidden ©, threshold weight vector of hidden units
N, number of output units space) O, threshold weight vector of output units
Ny number of hidden units Ro N, dimensional real space (output u  set of free parameters of neural network
Ny number of free parameters of network space) u® set of free initial parameters of neural
Np cardinality of training set wy; hidden-to-output weight connection, network
T  training set from the k-th hidden unit to the th u, the l-th free parameter of a neural
x  input vector output unit, or input-to-output weight network
y  output vector connection, from the k-th input unit to ‘™ value of the learning rate at the n-th ite-
E  objective (or error) function for a the I-th output unit ration

neural network w  vector of hidden/input-to-output weights B value of the momentum term at the n-
F  mapping of MLP network bw binary/trinary hidden/input-to-output th iteration
Fy hidden-to-output submapping weight vector p  spectral radius estimate
F;; input-to-hidden mapping v;  inputto-hidden weight connection, from
Jf; nonlinear sigmoidal transfer function the i-th input unit to the jth hidden unit

of the jth hidden unit

weight vector of input-to-hidden weights
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Oldfich Kovar - Juraj Micek *

CISLICOVA KONCEPCIA SIGMA- DELTA C/A PREVODNIKA

IMPLEMENTOVANA DO FPGA

THE DIGITAL CONCEPTION OF THE SIGMA - DELTA CONVERTER

IMPLEMENTED INTO FPGA

C/A prevodniky sii technické zariadenia, ktoré umozitujii vzd-
Jjomnui komunikdciu medzi diskrétnymi a spojitymi systémami. Ich
zdkladnd funkcia je vystizne obsiahnutd vo vyroku ,C/A prevodniky
tvoria most medzi Cislicovym a analogovym svetom .

C/A prevodniky transformujii diskrétny signdl, postupnost bindr-
nych cisiel na analogovy ekvivalent. Len velmi tazko si dnes vieme
predstavit realizdciu Cislicovych riadiacich systémov a niektoré apli-
kdcie cislicového spracovania signdlov bez ich vyuZitia.

Autori prispevku predkladajii Cislicovii koncepciu sigma- delta
C/A prevodnika, ktory je kompletne implementovany do programova-
telného logického obvodu typu FPGA XC 4005E. Predkladand kon-
cepcia sigma-delta C/A prevodnika vyZaduje minimdlne pridavné
obvody, dolnopriepustny filter, pozostdvajiici iba z jedného rezistora
a kapacitora.

Kliicové slovi: SD C/A prevodnik, FPGA, dolnopriepustny filter,
tvarovaci obvod 0-tého radu.

Uvod

Proces C/A prevodu je mozné opisat vztahom medzi postup-
nostou vstupnych vzoriek diskrétneho signalu x(n) a zodpoveda-
jucim spojitym signalom x(¢). Ak predpokladame, Ze poZadovany
spojity signal je frekven¢ne ohraniceny frekvenciou f,,,,,, potom je
ho mozZné ziskat z postupnosti vzoriek x(nT) na zéklade znamej
Shannonovej interpolacnej formuly:

o
sin ? (t — nTy)

oo

S
x(1) = D7 x(nTg) ——————— ¢))
n=e 7, =Ty
xX(1)= > x(nTy) g(t = nT), (2)
pricom interpolacna funkcia g() je v tvare:
sin Ti[
s Sin(2 7,40
g = = o (3)
l[ max’
T

kdefmax :fs/z = 1/2TS

* Ing. Oldfich Kovar, PhD., Doc. Ing. Juraj Micek, PhD.

D/A converters are technical means which allow mutual commu-
nication between discrete and analog systems. Then base function is
accurately comprehended in the statement “D/A converters create
bridge between digital and analog world".

D/A converter transforms the discrete signal, progression of the
binary numbers to the analog equivalent.

Nowadays it is difficult to imagine realization of the digital control
systems and some applications of the digital signal processing without
using them.

The authors of the article describe the digital conception of the
Sigma - Delta D/A converter which is completely implemented into a pro-
grammable logical device FPGA, XC 4005E. The described conception of
the Sigma -Delta D/A converter requires minimum of the external com-
ponents, only one resistor and one capacitor as a lowpass filter.

Keywords: SD D/A Converter, FPGA, Lowpass Filter, Zero Order
Hold Circuit-S/H.

Introduction

The Process of D/A conversion can be described by the
relation between the progression input samples x(n) and
corresponding analog signal x(¢). If we suppose that the required
analog signal is limited by the frequency f,,,,, then we take it from
the progression of the samples x(n7g) on the base of the well
known the Shannon interpolation formula:

. ™ T
sin T (t — nTy)

oo

x(1) = D7 x(nTg) ———————— M
n=ee ?S (1 — nTy)
xX(1) =2 x(nTy) g(t = nTy), 2)
whereby interpolation function g(¢) is in the form:
o
sin Tt
N sin(27f,,, 1)
g1 = = a1 3
l[ max’
T

where f,,... = fs/2 = 1/2T

Department of Technical Cybernetics, Faculty of Management Sciences and Informatics, University of Zilina, Velky diel, SK-01026 Zilina,
Slovak Republic, Tel: +421-89-5254042, E-mail: kovar@frtk.utc.sk, micek@frtk.utc.sk
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Proces idealneho C/A prevo-
du je mozné chapaf ako proces
filtracie, pri ktorom sa snazime
potlacit vsetky frekvencné zlozky
diskrétneho signalu leziace mimo
frekvencného rozsahu —f, .. az
Jnax- Interpolacna funkcia g(7)
potom prestavuje impulznu odoz-
vu dolnopriepustného filtra s frek-
vencnou charakteristikou uvede-
nou na obr. 1.

Poznamenajme, Ze v uvede-
nom pripade sa stretavame s ne-
kauzalnym IIR filtrom, ktorého
priama realizacia nie je mozna.
V praktickych aplikaciach sa
preto pri realizacii C/A prevodni-
kov stretavame s jednoduchs$imi
pristupmi. NajCastejSie sa pouZi-

vajii C/A prevodniky s tvarovacom 0-tého radu. Vystup tvarova-
cieho obvodu (S/H) je dalej upraveny dolnopriepustnym filtrom.

GCF)
Fs=1,Ts
Ts

-Fs,2

Struktira C/A prevodnika je uvedena na obr. 2.

V uvedenom pripade je mozné impulznti odozvu tvarovacieho

obvodu vyjadrif nasledovne:

1 0=:<T

g0 = 0 inak

Frekvenénu odozvu tvarovacieho Clena je mozné uréit
z impulznej odozvy aplikovanim Fourierovej transformacie:

GF) = [ ge™™ dr = Ty

Amplitidova frekven¢na charakteristika je znazornena na

obr. 3

Z obrazka je zrejmé, Ze roz-
diel medzi frekvencnou charakte-
ristikou idealneho C/A prevodni-
ka - obr. 1 a C/A prevodnika reali-
zovaného na baze tvarovacieho
obvodu 0-tého radu je pomerne
znacny. Pritomnost vysSich nezia-
ducich frekvenénych zloziek v spo-
jitom signale je dana zvlnenim
frekvencnej charakteristiky v ne-
priepustnom pasme (F > 1/2Ty).
Tieto neZiaduce frekvenéné zloz-

ky je mozné potla¢if pomocou analogového dolnopriepustného

filtra.

Pri navrhu a realizacii C/A prevodnikov na baze tvarovacich
Clenov sa vyuzivaju i tvarovace vyssich radov, ktoré vSak neprina-
§ajii podstatné zlepsenie vlastnosti C/A prevodnikov. Jednym zo
zaujimavych pristupov k realizacii C/A prevodnikov je prevodnik,
ktory vyuziva princip sigma-delta modulacie.

sinmFTg oIS

Fs,

vt

Obr. 2 Struktiira C/A prevodnika
Fig.2 Structure of the D/A converter

in Fig.2.

the following:

@ | s0=, !

transformation:

(%)

IG(FI
Is

2 F

Obr. 1 Frekvencnd charakteristika idedlneho dolnopriepustného filtra
Fig. 1 Frequency characteristic of the ideal low pass filter

\\\\m\

ther

G = [~ ge ™ dr = T

0 1,Ts 2/Ts

lowpass filter.

F

Obr. 3 Amplitidovd frekvenénd charakteristika tvarovaca 0-tého rddu
Fig. 3 Amplitude frequency characteristic of the S/H.
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Process of an ideal conver-
sion can be understood as
a process of the filtering in which
we try to supress all frequency
components out of the frequency
range — f,qc 10 frax-

Interpolation function g(t)
then represents the impulse
response of the lowpass filter with
frequency characteristic depicted
in Fig. 1.

In this case we use a non
causal IIR filter whose direct rea-
lization is impossible. In the
design and realization of the
D/A converters we have more
simple approaches to the practi-
cal application. D/A converters
with a zero order hold circuit

(S/H) are frequently used. Output of the S/H is further formed by
the lowpass filter. The structure of the D/A converter is depicted

It is possible to express the impulse response of the S/H by

when 0 =<t <T

4

It is possible to determine the frequency response of the
S/H from the impulse response by the application of Fourier

sinmFTg oIS

7FT ©)

The amplitude frequency characteristic is depicted in Fig. 3.

The difference between the
frequency characteristic of an
ideal D/A converter (Fig. 1) and
a D/A converter realized on the
base of the S/H is quite signifi-
cant.

The presence of the higher
frequency components contained
in the analog signal is given by the
ripple of the frequency characte-
ristic above the frequency F >
1/2T (stop band). These undesir-

able higher frequency components can be eliminated by an analog

In the design and realization of the D/A converters on the
base of the S/H , higher order hold circuits are used, but without
a remarkable improvement of the qualities of the D/A converters.

One interesting approach to the design and realization of the
D/A converters is a converter which uses the principle of the
sigma - delta modulation.
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C/A prevodnik na principe Sigma-Delta Modulatora

Sigma-delta modulator transformuje postupnost vzoriek
{y(m)} na dvojhodnotovy signal z(¢). Dvojhodnotovy signal z(¢) je
privedeny na analogovy dolnopriepustny filter, ktory potlaca vplyv
neziaducich frekvenénych zloziek. Princip ¢innosti je znazorneny
na obr. 4.

SD C/A prevodnik obsahuje: x(nd, Fx
- blok interpolacie I
- Cislicovy dolnopriepustny filter ‘

LPF1

D/A Converter on the base of the S-D modulatro

Sigma - delta modulator transforms progression of the samples
{y(m)} into bi-level signal z(¢). The bi-level signal z(¢) goes through
an analog lowpass filter which eliminates the influence of
undesirable frequency components. The principle of the function
is depicted in Fig. 4.

Fy SD D/A converter contains:

- block of interpolation I

- digital lowpass filter LPF1

- sigma-delta modulator SDM

- sigma-delta modulator SDM
- analogovy dolnopriepustny fil-
ter LPF2.

Blok interpolacie realizuje I-
nasobné zvySenie vzorkovacej
frekvencie. Transformuje vstupnu
postupnost {x(n)} na postupnost
{v(m)} tak, Ze medzi dve po sebe
iduce vzorky x(n) a x(n+1)
doplni /—1 nulovych hodnot
podla vztahu:

Fy = L.Fx; I = 6

ylmd, Fy z(t)
SOM

x(n/l) m=0,=*I[ *2[ ...

vim) = 0 inak (6)

Postupnost {v(m)} vstupuje do Cislicového dolnopriepustného
filtra LPF1, ktory potlaci frekvencné zlozky nad frekvenciou /1.
Vystup z dolnopriepustného filtra, postupnost {y(m)}, je spraco-
vana v sigma-delta modulatore na dvojhodnotovy €asovo spojity
signal z(z). Signal z(¢) je upraveny prostrednictvom analogového
dolnopriepustného filtra LPF2 na spojity ekvivalent diskrétneho
signalu x(n). Poznamenajme, Ze Cislicovy dolnopriepustny filter
pracuje so vzorkovacou frekvenciou I-nasobne vysSou nez je vzor-
kovacia frekvencia vstupného diskrétneho signalu x(n). Z dévodov
technickej realizovatelnosti sa preto snazime o ¢o najjednoduch-
Siu implementaciu uvedeného filtra. V nasledujucej Casti je uve-
dené riesenie C/A SD prevodnika, v ktorom interpolaény filter je
realizovany ako tvarova¢ 0-tého radu.

Architektiira ¢islicového sigma-delta C/A prevodnika

Prezentovany SD C/A prevodnik je navrhnuty ako Gislicovy
systém implementovany do reprogramovatelného obvodu FPGA
XC 4005E. Blokova schéma je uvedena na obr. 5.

Vstupné a vystupné signaly:
DACyr- vystupny signal, sled impulzov, ktory je spracovavany
dolnopriepustnym filtrom

DAC;y - vstupnd binirna zbernica.

CLK - vstupny taktovaci signal. Jeho nabeznou hranou je
riadeny pracovny cyklus prevodnika

Reset - inicializaény signal

Obr. 4 Struktiira C/A SD prevodnika
Fig. 4 Structure of the SD D/A converter

- analog lowpass filter LPF2

Block of the interpolation
realizes I-times raising of the sam-
pling frequency. It transforms
input progression {x(#)} to output
progression {v(m)} by loading
1—1 zeroes between two success-
ive samples x(n) a x(n+1) accord-
ing to the formula:

m=0,x[ *£21I, ...
other

Wm) = JOC(n/I)

(6)

Progression {v(m)} inputs into digital lowpass filter LPF1
which eliminates frequency components above the frequency /1.
The output signal of the lowpass filter, progression {y(m)}, is
modulated by the sigma-delta modulator to the bi-level time con-
tinuous signal z(¢). The signal z() is being modified by the analog
lowpass filter LPF2 to the form of the continuous equivalent of
the discrete signal x(n). We notice that a digital lowpass filter
works with I-times higher the sampling frequency than is sampling
frequency of the discrete input signal x(n). We endeavour to find
the most simple implementation of the filter because of having in
mind the technical realization.

The solving of the SD D/A converter is described in the fol-
lowing part of the article. The SD D/A converter is designed and
implemented as a pure digital system with a zero order hold
circuit.

Architecture of the digital sigma - delta D/A converter

The herein presented SD D/A converter is designed as
a digital system implemented in a reprogrammable logic device,
Field Programmable Gate Array (FPGA) XC 4005E. The block
scheme of the implemented system with interface signals is depict-
ed in Fig. 5.

where:

DACqyt -output signal, pulse string, that drives the external
lowpass filter

DAC,y - digital input bus

CLK - system input clocks

Reset - initializes system
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Cislicova koncepcia SD C/A
prevodnika podstatne eliminuje

FPGA

The digital conception of the
. SD A/D converter significantly

teplotné vplyvy na jeho funkciu.  oac,ro sp-0AC
Blokova §truktura SD C/A  «x

prevodnika je uvedena na obr. 6. "'

MODULE

eliminates the influence of tempe-
rature on its function. The struc-
ture of the SD A/D converter is
depicted in Fig. 6.

Jadro SD C/A prevodnika
vytvaraji sumator Sigma Adder
a register Sigma Latch, ktoré
v uvedenom funkénom spojeni predstavuju systém priame;j Cisli-
covej frekvencnej syntézy DDFES (Direct Digital Frequency
Synthesis). Jej vSeobecna blokova schéma je uvedend na obr. 7

DELTA ADDER

SIGMA ADDER

SIGMA LATCH

10 K90l ko)
oD a D a
1

DELTAB

— InT CLR

f
{K[3]K9].0,000,000.0}

Obr: 6 Blokovi struktiira SD C/A prevodnika
Fig. 6 Structure of te Sigma- Delta D/A converter

Ako je zrejmé z obr. 7, systém priamej Cislicovej frekvencnej
syntézy je realizovany akumulatorom.

Frekvencia vystupného signalu (bitu MSB registra) systému
priamej Cislicovej syntézy je urCovana binarnou hodnotou kon-
stanty N, ktora je privedena na jeden zo vstupov sumatora
podla nasledovného vztahu (7):

N
Four = Fork ? @)

kde £  je pocet bitov spitnovezbovej zbernice
N jeriadiaca binarna konstanta na vstupe sumatora
F¢p i je frekvencia taktovacich hodin systému

Ako je zo vztahu (7), zrejmé frekvenciu vystupného signalu je
moZné menit s krokom 2%,

Frekvencné obmedzenie vystupného signalu je urcené vzta-
hom (8):

F,
CLK (8)

Funkéné parametre ¢islicového SD C/A prevodnika

Opisovany SD C/A prevodnik je komplexne navrhnuty ako
Cislicovy systém a implementovany do reprogramovatelného
obvodu typu FPGA bez pouzitia pridavnych externych diskrét-
nych suciastok. Tym je zabezpecena znacna tepelna stabilita SD
C/A prevodnika a odpadaju problémy s presnostou diskrétnych
suciastok a stalosfou ich parametrov.

Obr:. 5 Blokovd schéma SD C/A prevodnika
Fig. 5 Block scheme of the SD D/A converter

The core of the SD D/A con-
verter consists of the Sigma Adder
and Sigma Latch register, which,
in the described function connection works as a Direct Digital
Frequency Synthesis (DDFS). Its common block diagram is depict-
ed in Fig. 7.

K 1
ADD D Q 7

MSBIK-1]

1

Fou 7

Obr. 7 Blokovd schéma priamej cislicovej frekvencnej syntézy
Fig. 7 The block diagram of the DDFS

As we can see in Fig. 7 the system DDEFS is, in fact, an
accumulator. The frequency of the output signal (bit MSB of the
Sigma Latch register) of the system DDFS is controlled by the
value of the binary constant N placed on one of the inputs of the
summator. The frequency FOUT is given by the following
equation:

N
Four = Ferx ? @)

where & is a number of bits of the feedback bus
N  is a control binary constant in the input of the
summator
Fe; « is frequency of the systems clock

The frequency of the output signal can be changed with
a resolution step 2%

There is a limitation of the frequency of the output signal
according to the following equation (8):

F
CLK (8)

Functional parameters of the digital SD D/A converter

The described SD D/A converter is completely designed as
a digital system and is implemented in FPGA XC 4005E. The
advantages of using FPGA are: no dependence on temperature,
voltage or aging and accuracy of the external analog components.
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Vystupné napitie SD C/A prevodnika

Pre implementovanu éislicovu §truktiru SD C/A prevodnika
podla obr. 6 je mozné vystupné napitie prevodnika vyjadrit ako
funkciu hodnoty vstupnej binarnej vzorky prevodnika (DACy)
podla nasledujuceho vztahu

(DAC )
Vour = 2MT4U+V1 Ve [V] €)]

kde Vyyr je vystupné napdtie za dolnopriepustnym filtrom,
analogovy ekvivalent binarnej hodnoty vstupnej
vzorky prevodnika

(DAC,,) binarna hodnota vstupnej vzorky prevodnika
MSBI  najvyssi vahovy bit vstupnej vzorky

Interval prevodu
Interval prevodu SD C/A prevodnika je v tomto pripade
urceny vztahom

_ AMSBI + 1,
Tp=2 Terk

(10)

kde T x  peridda taktovacich hodin systému
V pripade 8-bitovej vstupnej vzorky a taktovacej frekvencie 50
MHz je v naSom pripade ¢as prevodu 5,12 us.

Uvedeny ¢islicovy SD C/A prevodnik ma univerzalne pouzi-
tie v oblastiach, v ktorych vyhovuje s hladiska rychlosti prevodu.
Mozu to byt napriklad nasledovné aplikacie:
programovatelny generator napéatia
generator periodickych priebehov
generator zvuku
RGB generator

Zaver

Popisany Sigma Delta C/A prevodnik je jednym z prikladov
efektivneho vyuzitia programovatelnych logickych obvodov typu
FPGA v oblastiach, ktoré boli donedavna doménou analogovych
obvodov. Hustota integracie a rychlost dnesnych FPGA obvodov
dovoluje implementaciu velmi rozsiahlych cislicovych Struktur
pracujucich frekvenciou az 350 MHz. NezanedbateInym aspek-
tom uvedenej koncepcie SD C/A prevodnika je minimalizacia
poctu stavebnych komponentov s pozitivnymi désledkami na zvy-
Senie spolahlivosti systému.

Recenzenti: J. Mintal, M. Hrianka
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The output voltage of the SD D/A converter

For the implementation in Fig. 6, the output voltage V- as
a function of the SD D/A converter input may be expressed as
follows:

(DAC,y)
Vour = QMSBI +1 Vo VI 9
where: Vo is an output voltage on the lowpass filter output,

analog equivalent of the binary value of the input
sample

(DAC,) contents of the input bus

MSBI  the most significant bit of the input sample

The time of the conversion
The time of the conversion of the SD D/A converter is in this
case expressed as follows:

T,= MBI+ 1. (10)

Where T, is a period of the system clock.
In the case of an 8-bit input sample and CLK frequency
50 MHz is a time of the conversion 5.12 us.

The presented SD D/A converter has universal applications
in the areas where it satisfies the criteria of the conversion speed.
The following applications can be introduced:

e Programmable Voltage Generator
o Waveform Generator

e Sound Generator

o RGB Color Generator

Conclusion

Digital Sigma -Delta D/A converter is one of the examples
how the reprogrammable logic devices FPGAs can be effectively
used in applications, where analog circuits dominated until
recently. The density and speed of today’s FPGAs circuits make
them ideal for implementation of a wide range of very vast digital
systems working on the frequency up to 350MHz. The
unneglectible aspect of the introduced conception of the SD
D/A converter is a reduction of the system components with
direct consequences on the raising of the system reliability.

Reviewed by: J. Mintal, M. Hrianka
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DVA NOVE NAJLEPSIE KODY [27,10,9]

TWO NEW BEST [27,10,9] CODES

V tomto prispevku sii zverejnené dva nové linedrne bindrne
blokové kody [27,10,9], ktoré dosahujii hornii hranicu pre kodovii
vzdialenost najlepsich kodov [1]. Nové kody sa vyznacuju rozdielnymi
vahovymi spektrami v porovhani s doteraz zverejnenymi kodmi
[27,10,9] skonstruovanymi Piretom [2], Farkasom a Julingom [5].

Kliicové slovi: Blokovy kéd, Hammingova vzdialenost, vihové
spektrum, generujiica matica.

1. Uvod

Otazka existencie dobrych samoopravnych kodov patri
k najdolezitejsim otazkam Tedrie komunikdcie. Oznaéme n dizku
kodového slova, k pocet informaénych symbolov v kodovom slove
a d minimalnu Hammingovu vzdialenost medzi dvoma kodovymi
slovami v kode - kédovii vzdialenost. Uvedené zakladné hodnoty sa
Standardne zapisuju vo forme [n, k, d]. Ak maju dva kody rovnaké
hodnoty n a k, tak za lepsi kod sa povazuje ten, ktory ma vacsiu
hodnotu d. Je to preto, Ze takyto kod dokaze pri tej istej nadby-
toénosti a dizke kodového slova ochranif lepsie prenasanu alebo
uchovavanu informaciu. Dolna a horna hranica pre kédovu vzdia-
lenost ako v zavislosti od # a k - d(n,k), sa da najst pre niektoré
hodnoty v [1].

Interaktivny pristup k dolnym a hornym hraniciam d(n,k) pre
binarne a nebinarne kody je mozny prostrednictvom: Attp.//www.
win.tue.nl/win/math/dw/voorlicod.html

V nasledujucej Casti uvedieme generujuce matice a vahové
spektra znameho Piretovho kédu a dvoch novych [27,10,9] kodov,
ktoré¢ dosahuji hormi hranicu pre d(nk) v [1]. V zavere su
uvedené niektoré poznamky.

2. Nové kody

P. Piret v [2] skonStruoval prvy [27,10,9] kod. Nam sa podarilo
najst iné [27,10,9] kody. Nasa metoda hladania bola zaloZena na
jednej modifikacii znameho postupu z [3], ktora je opisana v [4].
Pre vyhladavanie bol vyuzity superpocita¢ Fujitsu VP 2600/20.

Na dokaz, Ze kody, ktoré sa vyznaCuju totoZnymi paramet-
rami n, k, d nie su zhodné je potrebné urcif ich vahové spektra.
Vahové spektrum je mozné opisat ako mnoZinu kon§tant a,, ktoré
udavaju pocet slov s Hammingovou vahou i. Hammingova vaha

* Peter Farkas', Sergio Herrera-Garcia®

This paper presents two new [27,10,9] binary linear block codes
which reach the upper bound in [1] for best known codes. They have
different spectra as the known [27,10,9] codes constructed by Piret [2],
Farkas and Juling [5].

Keywords: Block codes, Hamming distance, weight spectrum,
generator matrix.

1. Introduction

The question concerning the existence of good error control
codes belongs to the most important in Communication theory.
Let us denote n the codeword length, k£ the number of information
symbols and d the Hamming-distance of a code. If two codes have
the same value n and identical value k the code with greater value
d is classified as better, because this code has greater error control
capability by the same redundancy.

The lower and upper bounds on d(n,k), the maximum poss-
ible Hamming-distance of some linear binary block codes can be
found in table in [1].

An interactive interface to the lower and upper bounds on
d(n,k) of some linear binary, ternary and quadruple block codes,
can be found on: Attp;//www.win.tue.nl/win/math/dw/voorlicod.html

In the following section we present generator matrices and
weight spectra of the known and two new [27,10,9] codes, which
reach the upper bound for d(nk) in [1]. In conclusion we give
some remarks.

2. New Codes

Piret [2] has constructed the first [27,10,9] Code [2]. We
found other [27,10,9] codes. Our searching method was based on
one variation of the known algorithm [3], described in [4]. The
search was realized on the super computer Fujitsu VP 2600/20.

To show that codes with the same parameters n, k, d aren’t
equivalent, it is necessary to find their weight spectra.

The code weight spectrum can be given by a set of constants
a; which represent the number of code words with the Hamming-

"Department of Telecommunications, Faculty of Electrical Engineering and Information Technology, Slovak University of Technology in Bratislava,

SK-812 19 Bratislava, Slovak Republic, E-mail: p.farkas@ieee.org

2CITEDI-IPN Research Center and CONACyT 2498 Roll Dr. # 757 Otay Mesa, San Diego, CA 92154
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kodového slova je definovana ako pocet nenulovych stradnic
v tomto kodovom slove. Kody [n,k,d] s r6znymi vahovymi spekt-
rami su rozdielne.

Piretov kéd [27,10,9] z [2] ma nasledujicu generujicu maticu
a ako vahové spektrum:

[ N = N = = = = =
S O O O O o o o ~= O
S O O o o o o = O O
S O O o o o = O ©o O
S O O O o = O o o o
S O O O = O O O O O
S O O = O O O o o o
S O = O O O o o o ©
S = O O O O O o o o
—_ O O O O O o o o o
e e e - =)
—_— == OO O O == O
_— = O = O = O O O =

Vahové spektrum kodu:

ag=1 ag =5 a,=99 a;=9 a,=129
a;=144 a, =126 a;s=132 a=17 a;; =172
ag=31 a=18 ay,=9

Nové kody [27,10,9] maju nasledujuce generujuce matice
a spektra:

1.

weight i. The Hamming weight of a code word from a linear binary
code is equal to the number of ones in this code word. The [n,k,d]
codes with different weight spectra are not equivalent.

The [27,10,9] Piret code [2] has the following generator
matrix and weight spectrum:

001011 10O01O0T1T171
01 010100101111
1 00011011 1T1TT1TF00O0
01 001111100101
0001 0O01T1TT1T1T1TO0O01
1 0100O0O0T1O0T1T1TTT11
1 1011111110010
101110101 11T1T1FP0
01101 11T1TO0O0T1°O0T11
1111100000000 0]
Weight spectrum of the code:
ay =1 ag =5 apy=99 a,; =90 a,=129
a3=144 ay, =126 as=132 a,=117 a;; =72
ag=31 ay=18 a,y,=9

The new [27,10,9] codes have the following generator
matrices

L.

[t oo00000000010O0OT10T11100T10T111]
o100000O0OO0OO0OO0O1001010100101T1TT11
o010000O0O0O00T1010O0O01 1011111100
oo001000O0OO0OO0OT10001 0011111001 °01

G- oo000100O0OO0OO0I1010001001 1111001
o000O0O10000100101000O0T111T1TT1T1:1
oo000O0O010O0OO0O0I100101110100O010°O01
o00O0O0OO0OO0O0T1O0OO0O1O010T17T110O0O0T1O0O0O0T1TOQO01
oo0o00000O0O101T171O010O01°O0O0O0O0110T10

0000000001111 10110000O01O0T1T1O0 0]

vahové spektrum kodu: and weight spectra:
ap =1 a=5% a,=9 a;=99 a,=128 ap =1 ag=5% a,=99 a;=99 a,=128
a3=129 a, =131 as=142 a,, =107 a,; =72 a3=129 a, =131 as5=142 a, =107 a;; =72
ag=41 a=15 ayy=4 a,=1 ay, = ag=41 ap=15 ayy=4 ay, = ay, =
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vahové spektru kodu:

ay, =124
67

ay =1
a;; =119
a;s = 36

ag =153 a,,=100
ay, =136 a; =152
a =16 a,;,=18

ay

3. Zaver

Je zname, Ze z kddov, ktoré sme nasli a zverejnili v tomto
Clanku, je mozné skonStruovat dva dalSie optimalne kody
[27,10,10] pridanim jedného paritného bitu ku kazdému kodo-
vému slovu. Doteraz bolo publikovanych devét kodov, ktoré dosa-
huju hranicu d (27,10) = 9. Otazka, ¢i existuju dalSie optimalne
kody s rovnkymi parametrami, ostava otvorena.
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N

00101 110010711 1]
0101010O01O0T1T1T1:1
1 0001 10T1T1T1T1TT1T0O0
01001111 100T1O01
00010O0O0T1TT1T1T1TTO0O01
101 0001O0T1TO0O0OT1TT11
1 1101011001001
1 1110000O01O0T1O01
001 11100O0T1O0T1TTQO0OQO0
06000O0T101O0T1TT1 111 0]
and weight spectra:
ay=1 ag =53 a,,=100 a;, =104 a,, =124

a3 =119 a,=136 a;s=152 a, =107 a;; =67
ag=36 aoy=160 ayy=8 a, =1

3. Conclusion

It is known that from the codes we found two other new
[27,10,10] codes could be constructed by adding overall parity
check to each code word. This paper shows, that minimum nine
linear binary codes exist, which reach the lower bound d (27,10)
=9. We cannot guarantee, that we found all linear binary [27,10,9]
codes and therefore the question how many such codes exist
remains open.
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PROCESOR PRE POTL;&CANIE IMPULZOVEHO SUMU
V TELEKOMUNIKACNYCH KANALOCH

PROCESSOR FOR IMPULSIVE NOISE SUPPRESSION IN TELECOMMUNICATION CHANNELS

V ostatnom c¢ase bolo mnoho linedrnych filtrov nahradenych neli-
nedrnymi filtrami, obzvldst v pripade poskodenia signdlu impulzovym
sumom. Trieda kompozicnych filtrov, ktord patri medzi nelinedrne
filtre, je zaujimavd 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. medianového alebo vyhla-
dzovacieho LUM filtra. Tieto filtre mézu byt realizované ako
kompozicné filtre, ktorymi sa zaoberdme v tomto krdatkom prehlade.

1. Uvod

Vicsina sucasnych komunikaénych 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, nedénové 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 potla¢enie impulzového
Sumu nelinearne filtre s vlastnostou 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 neuréonové 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.

Technical University of Kosice, Faculty of Electronics and Informatics, Department of Electronics and Multimedial Communications,
Park Komenského 13, SK-04120 Kosice, Slovak Republic, Tel.: +42-95-6333458, 6024108, Fax.: +42-95-633 0115,

E-mail: stupak@tuke.sk, lukacr@tuke.sk, marchs@tuke.sk
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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 “Prna
= 1
Vi {m 4 o (1)
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; L= (po+ pyss)
y;=171255 Dass (2)
0 Po

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 troviami ,,0“ a ,255%.

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

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

detector }—
by mali byt spracovavané len zne- y, *o
hodnotené prvky, zatial ¢o zvy§né ©

nezaSumené vzorky by mali byt
ponechané bez zmeny. Avsak pod-
statna Cast suCasnych filtraénych
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 ovplyviiuje mnozstvo falosSnych
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 potla¢anie impulzového
Sumu so siicasnym 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:

X; 1 “Prna
= 1
Vi {m d Doy (1)
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.

x; 1= (po+ pyss)
y; =171255 Dass (2)
Po

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%,
_l p
L 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 ureny aplikovanim operatora
mediana (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) = oo S Xy - (3)
Znacenim x;, sa oznacuje it poriadkova Statistika, a maxi-

malne a minimalne prvky z OW st urcené x,,, and xq,. V pripade
spracovania obrazov je velkost okna neparna.

W

2 2 rozmer je nepdrny

med(x) = 2 4
x< Nl ) rozmer je pdrny

Za hlavny nedostatok medianového filtra je povazované roz-
mazavanie hran a odstranenie jemnych signalovych detailov.
Z tohto dévodu bolo vytvorenych niekol'ko dalSich filtrov zaloze-
nych na poriadkovych Statistikach. 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 mozZe predstavovat vacsiu odchylku od originalneho
obrazu, nez zaSumeny obraz. Rovno-
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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 x,, respectively.
Usually, in the case of image processing the size of the OW is odd.

M OW size is even
med(x) = 2 (4)
x< Nl ) OW size is odd

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-

middle (LUM) filters, achieves

vahou medzi potlacenim Sumu the best balance between noise
a ochranou signalovych detailov sa ® I I smoothing and signal-detail
vyznacuju vyhladzovacie LUM filtre X(ky Xy = X X(vks1) preservation. A structure of
(Lower Upper Middle) [13,15]. LUM smoother is based on
Vyhladzovaci LUM filter sa vyzna- ®) I | | | | I | | | |HI | | | | l tuning parameter k for the
¢uje jednoduchou Struktirou, pricom ) o Yawten) Yok smoothing. Varying this para-
uroven vyhladenia je riadena ladia- meter changes the level of the
cim parametrom k na vyhladzova- © I I D _>AI I smoothing from no smoothing
X Xin VON-H 1Y XAt

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 tvorena porovnanim
spracovavanej vzorky x, s vy§Sou a nizSou poriadkovou §tatistikou.
Ak x4 patri do rozsahu vymedzenom tymito vzorkami, nie je
menené. V opaénom pripade je nahradené vzorkou leZiacou bliZ§ie
k medianu.

Vystup vyhladzovacieho LUM filtra je definovany
y = med {x(k), X4 x(N,kH)} 5)

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 ¢) 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)} Q)

where 1 =k ={N+ 1}/2, X, a X(y_j 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 mene;j
operacii, nez (6), pretoze menej prvkov musi byt triedenych.

WU {x4, X4, .., X4
y:mgd | —
w—1

V (6) w je vaha strednej vzorky, priCom sa uvaZuje neparne
kladné cel¢ Cislo. Vzajomny vztah medzi parametrom pri CWM
a parametrom k pri LUM filtri je dany

(6)

w=N-—-2k+2 @)

Proces zoradovania dat je vypoctovo vel'mi 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 urovni x, pomocou funkcie prahovej dekompozicie I(x)
nasledovne:

V) =T(x) = {

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

1l ifx=j

0 ifx<j @)

W0 = med(x, x§. ... x)) )
Rekonstrukcia vystupu filtra spociva v s¢itani vystupov medi-

anovych filtrov pre jednotlivé irovne.

M=1
y= Z y(/)
Jj=1

Architektura kompozi¢ného l
filtra je znazornena na obr. 3. o

(10)

decomposition

000011000
Prahova dekompozicia ma @

L Lo 000111011
teoreticky aj prakticky vyznam
v oblasti medianovej filtracie.
PouZiva sa na popisanie Statis-
tickych rozdeleni vystupu a na
najdenie korenov medianového

PBF

110111111 PBF

110233122 —> 111233222
(1)
—> 000011000 Y

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, o0y X4
y = med —_—
w—1

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

(6)

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:

i 1l ifx=j
D = T(x) = .
X Tix) {0 ifx<j

These M — 1 binary valued signals can be filtered
independently for example by MF.

(3)

Yy = med(xY), x(zj), xff)) 9)
The output of the whole filter can be reconstructed by

summing the binary output signals.

M—1 .
y=>
=1

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)
1ttt Y
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filtra. Prahova dekompozicia je taktieZ pouZzita pri vyvoji architek-
tar na rychlu medianovu filtraciu.

Binarny medianovy filter mozZe byt nahradeny Boolovou funk-
ciou na kazdej kvantizacnej urovni. Vystupy tychto binarnych
filtrov maju vlastnost nakladania, ak vystup y¥ 1 < j=k—1
v Case 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
r=5m=> W= S.,«( > Tj<x>)
Jj=1 Jj=1

Do triedy kompozi¢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 kompoziénych filtrov je velmi §iroka. Ak velkost pra-
covného okna je n, po€et kompoziénych filtrov je viac ako 22",
Problém néjdenia vhodnych kompoziénych 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 pozitivnu 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 velkost okna je sedem, pocet
funkcii narasta na neskutoéne velkd hodnotu > 2.4 10'! Z toho
dovodu je potrené najst metodu, ktora za kratky ¢as najde vhodnu
funkciu z tej velkej mnoziny funkcii.

(11

7. Neuronové kompozicné filtre

Neurdnové siete podstatne zjednodusili navrh kompozi¢nych
filtrov. V tomto pripade bindrne medidnové filtre na kazdej kvan-
tizaCnej Urovni si nahradené neuronovou sietou. Podobne ako
v predchadzajucom pripade kompozicny filter, moze byt homo-
génny, ak na vSetkych kvantiza¢nych 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.

Strukttira kompozi¢ného filtra je obzvlast vhodna pre neuré-
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

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

siete. Neuronova siet sa moze nachadzat v dvoch stavoch. Prvy je
stav ucenia, ked parametre siete si nastavované, a druhy stav, ked’

PREHLADY / REVIEWS

MEF. 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 < Jj=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=50=> ym‘%( D Tj(X)>
j=1 j=1

Stack filters constitute a broad class of non-linear 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=0.5

¥ = fuel) = {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 ucCenia nemoze byt pouZzita
prahova aktivacna funkcia. Z toho dovodu pri uceni sa pouZziva
tzv. sigmoidalna aktivacna funkcia.

1

V= faelX) = T ()

(13)

Bolo ukazané, Ze neuronova siet s jednym neuronom 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= JaelX) = T+ wp(—x) (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

i ()

Navyse neurénova sief moze
byt ucena pre rozne ulohy, fil-
tracia impulzov, zvyraznenie
hran atd. Jedina nevyhoda je

W, =— 1

Obr. 4 Neuronovd siet' s jednym neuronom
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 moze byt tiez realizovany kompozi¢nymi filtrami.
Navrh kompozi¢nych filtrov s optimalnymi Boolovymi funkciami
je casovo naro¢na 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 tedria 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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Ocelobetonové konstrukéné prvky

Monografiu vydala Zilinskd univerzita r 1999, 100 strdan, 56 obrdzkov, 27 tabuliek,
ISBN 80-7100-627-0.

Monografia autorov Jana Bujndka a Kazimierza Furtaka poddva siibor informdcii o navrho-
vani a vysledkoch vyskumu ocelovych dutych prierezov, vyplnenych betonom ako aj obetonovanymi
tyéovymi prvkami, pri kombinovanom namdhani tlakom a ohybom. Je jednou z prvych prdc mono-
tematicky zameranych na ocelobetonové konstrukcné prvky, atraktivne nielen v konstrukcidch
pozemnych stavieb, ale aj v inZinierskom stavitelstve, ¢o podrobnejsie dokumentuje iivodnd kapitola.

Materidlové viastnosti betonu, konstrukcnej ocele a vystuze predstavujii dolezité vstupné udaje.
Venuje sa im preto 2. kapitola publikdcie. Poslanim 3. kapitoly je detailnejsi rozbor posobenia kru-
hového stlpa pri zataZeni axidlnym tlakom. Déraz sa pritom kladie na teoretické riesenie napdtosti
Jjednotlivych casti prierezu oddelene a ndsledne v superpozicii. Tento postup md objasnit prdcu stlpov
pod zataZenim, co by malo pomdct pri praktickom ndavrhu spravne aplikovat normové postupy.

V rozsiahlejsej 4. kapitole sii podklady pre prakticky ndvrh ocelobeténovych prvkov nielen tlace-
nych, ale prendsajicich tiez ohybové ucinky. Okrem rir, vyplnenych betonom, tdto cast obsahuje
ndvod na vypocet aj obeténovanych ocelovych stipov. Podrobnejsi popis alternativnych postupov
umozni prakticky ndvrh tiez nestandardnych alebo neobvyklych konstrukcnych ocelobetonovych
casti. Publikdcia tak moze poshiZit projektantom, ale najmd vysokoskolskym Studentom a niektoré
ndrocnejsie casti aj ako podklad pre dalsi vyskum. Je vysledkom spoluprdce medzi Zilinskou uni-
verzitou a Polytechnikou v polskom Krakove. Na Slovensku je k dispozicii v Predajni Zilinskej uni-
verzity, Vysokoskoldkov 24, 010 11 Zilina.

Doc. Ing. Josef Vican, CSc.
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