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Preface

The Institute of Radioelectronics was established in 1970 on the basis of four Departments:
Radio Engineering Equipment (founded in 1946), lead by prof. S. Ryzko, Radiology
(founded in 1946), headed by prof. C.Pawtowski and subsequently by prof. W. Rotkiewicz,
Radiolocation (founded in 1948), headed by prof. P.Szulkin and prof. S.Stawifski,
Electroacoustics (founded in 1949), headed by prof. I. Malecki and Television (founded in
1955), lead by prof. L.Kedzierski. Research in the area the Institute focused on had been
already pursued in the prewar period in the Department of Radio Engineering headed by
Professor J. Groszkowski (founded in 1929).

As aresult of the recently conducted reorganization, the Institute is presently organized into
five divisions: Electroacoustic, Microwave and Radiolocation Engineering, Nuclear and
Medical Electronics, Radiocommunications and Television. Research and teaching
activities in the Institute, previously embracing numerous fields, presently concentraie on
the following areas, which do fall into latest world research trends: radiocommunications,
multimedia technologies and biomedical engineering.

The most valuable asset of the Institute of Radioelectronics, the way I see it, is our staff. We
cherish a legacy of innovative research dating back a few decades. This has always been
combined with class leading dedication to technical teaching as well as education in its
broader sense. Over the past few years several personnel changes and valuable extensions
have taken place, and I am pleased to say that we have grown in rank as well as in number of
young, brilliant scientists. Our day-to-day work as well as strategic planning are presently
driven by 14 professors (including 9 with state professorial titles) and 44 assistant
professors. From this perspective, I am also pleased to mention our team of over 40 Ph.D.
students already exhibiting many brilliant skills. Several of them have already gained
valuable distinctions at scientific conferences and are expressing deep interest in further
University career.

Some of our teams have gained worldwide recognition, e.g. in the area of intelligent
multimedia systems, electromagnetic simulators, antenna techniques, theory of multi-
dimensional analytic signals, digital processing of measurement signals and construction of
equipment for elementary particles physics experiments.

Besides people, another important asset of the Institute resides in our strong laboratory base
comprising a range of high profile measurement and control equipment, which has recently
been further upgraded and can be said to have met European standards. Our well equipped
laboratories include the new antenna laboratory, radiocommunications laboratory with
a GSM system, anechoic chamber and a sound studio, microwave laboratory and
tomography laboratories.

Another proof of our commitment to ensure that our research results are integrated into
industrial practice is through the participation in design projects for and together with
industrial and commercial companies from Poland, Europe, Asia and US. Presently, we also
mainly participate in European Union project activities — currently, we are involved in



6 projects within the Sixth Framework initiatives: VISNET, TARGET, WISE, RESOLU-
TION, SAFESPOT, CODMUCA. Moreover, we are continuing the long-term collaboration
with CERN.
This special issue comprises 11 papers, which are aimed to indicate some of the research
works, currently conducted in the Institute. Those interested in the research subject area of
the Institute are advised to refer to the Institute Annual Reports as well as proceedings of
some conferences, coorganized by the Institute, e.g. the Infernational Conference on
Microwaves, Radar and Wireless Communications MIKON and the National Conference
on Radiocommunications and Broadcasting KKRRIT.

I' would like to thank all the paper Authors for their valuable contributions and all
Reviewers for their constructive comments. It is my hope that the papers contained herein
will prove of interest and usefulness to the Readers.

prof. dr hab. inz. J6zef Modelski
Director of the Institute of Radioelectronics
Guest Editor
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Pseudo-Wigner and double-dimensional pseudo-Wigner
1 distributions with extension for 2-D signals

KAJETANA M. SNOPEK

i Institute of Radioelectronics,
Warsaw University of Technology
j E-mail: K.Snopek@ire.pw.edu.pl

The paper summarizes the theory of pseudo-Wigner (PWDs) and double-dimensional
j pseudo-Wigner distributions (DDPWDs). Both are members of the Cohen’s class and respec-

tively, the double-dimensional Cohen’s class. The relations between the PWDs, the Short-
| Time Fourier Transform and the Narrow-Band Inverse Fourier Transform are described in

detail. The extension of the theory for 2-D signals is presented. The paper is illustrated with
examples of PWDs and DDPWDs of test signals.

Keywords: Time-frequency distributions, double-dimensional distributions, Cohen’s class.

1. INTRODUCTION

1.1. COHEN’S CLASS OF TIME-FREQUENCY DISTRIBUTIONS

: Consider the complex signal (7). Its Fourier spectrum is denoted I'(f) and the

Fourier relation is y(¢) é I'(f). Let us define the shift variables in time- and frequency
domain respectively. The variable represents a time-lag and u a shift in the frequency
domain. The Cohen’s class of time-frequency distributions of 1-D signals has been
defined in [1]. Each distribution Cy(2, f) belonging to this class is defined as

Cut, f) = f f Gr ™) Y (u+7/2) Y (u—7/2) 2D 2T qudr d (1)

where the form of the kernel &5 u,7) is different for each distribution. Note that all
integrals presented in this paper are indefinite integrals (with limits changing from —co
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to +o0). From (1) the following four equivalent forms of the Cohen’s class are derived

(2]
“frequency-time” Cy(t, f) = f f b1, DAY (1, 7) e ITHOdpdr 2)

where Ay is the Woodward’s ambiguity function defined in [3],

“time — time”  Cy(t,f) = f b (=1, 0) W (7 +7/2) " (1 —1/2) e/ Tdrdr,
3)

“time — frequency” Cyt,f) = f Gt —t,u— FYWy (¢, p)dedp “4)

where Wy, is the Wigner distribution defined in [4] (W, (2, f) = f Ut + /2"
t = 7/ dr),

“frequency-frequency” Cy(t,f) = f f b7, £ =T+ 2)T(f-p/2)e>™ dud .
(5)

The kernels of the Cohen’s class are interrelated by Fourier and inverse Fourier trans-
formations w.r.t. ¢, f, 7 and y as shown in Fig.1(a).

F«[

Gk 205 22) | :: }/ff > bo (3150, 13, 5)
L LR
' F' —»
¢A(#1a,uzylplz) AR ¢ﬁ(#1:,uz’fhfz)
@ Y, —
(b)

Fig. 1. Fourier telations between the kernels of the Cohen’s class (a) time-frequency distributions,
(b) spatial-frequency distributions

1.2. COHEN’S CLASS OF SPATIAL-FREQUENCY DISTRIBUTIONS

Consider the 2-D complex signal ¥ (x1, xp) with the Fourier spectrum I'(f1,
F
), ¥(x1,x2) © T(f1, /). The 2-D shift variables in spatial- and frequency-domains




2)

|
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will be denoted respectively as y = (y1,x2) and g = (uy,2). The Cohen’s class of
spatial-frequency distributions of 2-D signals has been firstly defined in [5]. Note that
all kernels of this class are 4-D functions of spatial-, frequency-, spatial shift- and
frequency shift variables. In analogy to Egs. (2)+(5), the four equivalent forms of the
Cohen’s class of spatial-frequency distributions are classified as:

”frequency . Spatl.al” Cw(X, f) — fff ¢fx(ll7X)A¢(ll7X)e‘j2ﬂ(le1+f2X2+/11x1+/12X2)

dmduy_d)(ld)(g, (6)
“spatial — spatial” Cy(x,1) = fff Pux (X~ X, YW (X' + x /20" (X = x/2)
e“j27r(f1X1+f2X2)dx'1dx'2dX1dX2, €

“spatial - frequency”  Cy(x,f) = fff Grp(x" — %, 1t -—f)W.,,(x’,y)a’x;dx;dmduz
(3)

and " frequency  frequency”  Cy(x,f) = f f f rp(, £ = T + pf2)
I (f = pf2) e/ XX g, dup d fidf, . ®

All kernel functions are interrelated by 2-D Fourier or inverse Fourier transformations
w.rt. X = (x1,x2),f = (f1, £2), ¥ = (v1,x2) or = (uy, ) [see Fig.1(b)], [5].

1.3. COHEN’S CL.ASS OF DOUBLE-DIMENSIONAL DISTRIBUTIONS

The theory of double-dimensional distributions (DDDs) has been presented in
detail in [6]. The definition of the 4-D Cohen’s class double-dimensional distributions
has been introduced in [5] basing on spatial-frequency and frequency-spatial forms of
the 4-D Cohen’s class of spatial-frequency distributions [see (8), (6)]. Let us remind
that the double-dimensional Wigner distribution (DDWD) is defined as the 4-D Wi-
gner distribution of the 2-D Wigner distribution W, (z, f). So, the Wigner distribution
Wy (¢, ) plays the role of a 2-D real signal. Analogously, the double- dimensional am-
biguity function (DDAF) has been defined as the 4-D ambiguity function of the 2-D
ambiguity function A, (u, 7). In this paper we propose to apply for Wy (z, f) the name
“first-order WD” and for the DDWD the name “second-order WD”. Similarly, the
ambiguity function will be named “first-order AF”’ and DDAF — “second-order AF”.
Of course, it is possible to derive the WDs and AFs of higher orders. This topic is not
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considered here because of the limited volume of this paper. The “spatial-frequency”
and “frequency-spatial” forms of the double-dimensional Cohen’s class respectively
are

C@Knﬁfbn):‘[ylf (=1, f = f fo= forta = tOWOE ', o, 1)1 A d it

(10
CA, f, fith) = ffff¢fxf2»t2atlz’fIZ)A(z)(fZ,IZ,t12’f12)

e ”J'27r(1"1f1z+l1f12+fzt+fzf)df2dt2dt12df12 (1D

where W® is the second-order WD and A® the second-order ambiguity function
[5], [6]. In (10) and (11) the new notation of variables has been introduced. We denote
bY fyubscripe the time shifts of various orders and by fiupscripe the frequency-shifts of
various orders. So that, #; is the first-order time shift variable (equal 7 in (1)), f; is the
first-order frequency shift variable (equal u in (2)) and £, #12, f2 , fi2 are second-order
shifts.

2. PSEUDO-WIGNER DISTRIBUTIONS

2.1. PSEUDO-WIGNER DISTRIBUTIONS OF ONE-DIMENSIONAL SIGNALS

The time-domain pseudo-Wigner distribution PW, of the complex signal ¢/(¢) has
been defined in [7] in the form

PW(t, f) = f ROt + T2 (¢ — 7/2)e’*" T dr., (12)

The adjective “pseudo” has a pure historical meaning and has been introduced by
authors of [7] to point out the difference with the Wigner distribution of the complex
signal (). In (12), A(7) is a specific time-window function. It can be shown that PW,
is a convolution of the Fourier transform of A() with the Wigner distribution, i.e.,

PGS = [ HG - Wyt 10 (13)

and related to the Short-Time Fourier Transform (STFT) {8], [5]. This problem is
described in Section 2.2.
Let us illustrate above definitions with an example of the test signal in the form

of the sum of four Gaussian pulses shifted in time and modulated in frequency,
4
1 et . )
i.e., lﬁ(l‘) = \/T ZC 20 (“)ﬂnf’t with ay = -"'29 ay = 2, as = "2, as = 2, f] =

fo = 1, f5 = fi = 4. The Fig. 2(a) shows the WD of this signal. We observe
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four auto-terms centered at points (-2, 1), (-2, 4), (2, 1) and (2, 4) and five oscillating
cross-terms appearing due to the bilinear nature of the WD. Next Fig. 2(b) shows the
time-domain PWD with the Hanning window (see Table 2, & = 1) of the same signal.
Notice that the cross-terms resulting from time-shifts of signal components have been
completely canceloled.

@b B LA o o N @

(@ ()

Fig. 2. Distributions of the test signal. (a) WD. (b) PW,, Hanning time window, ¢ = 1
The frequency-domain pseudo-Wigner distribution PW; is defined as [5]

PW,(t, f) = f GUOT(f + DT (f — /2™ dy (14)

or as a convolution of the inverse Fourier transform of G with the Wigner distribution

PW/(l,f):fg(t~T)W¢(T,f)dr. (15)

PW¢ is also related to the so called Narrow-Band Inverse Fourier Transform (NBIFT)
[5] as described in Section 2.2.

The Fig. 3 shows the frequency-domain PWD of the above mentioned test signal
(the frequency Hanning window, a = 0.5). We observe the cancellation of cross-terms
resulting from frequency-shifts of signal components.

Basing on convolution relations (13) and (15), the dual-window pseudo-Wigner distri-
bution PW ¢ is defined as follows [5]

PWye.) = [[ 8= - oWy podean. 16)

In literature, the distribution of the form (16) is known as the smoothed pseudo-Wigner
distribution (SPWD) [2]. However, let us underline that the way of derivation of (16)
is original and bases on the definition of PW, which has not been defined earlier
in the world scientific literature. The Table 1 shows time-frequency kernels of a few
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Fig. 3. PW; of the test signal, Hanning frequency window, a = 0.5

Table 1
Time-frequency kernels of 2-D Cohen’s class
Distribution | time-frequency kernel

Wigner 61y ®6(f)

PW, s @ H(f)

PW, gt ® 6(f)

PW,, &) ® H(/)
spectrogram Walt, f)
signogram We(t, f)

distributions belonging to the 2-D Cohen’s class. Next Table 2 presents commonly
used window functions: time- [see (12)], frequency- [see (15)] and dual- [see (16)].
The symbol “®” denotes the multiplication of the 1-D Dirac distribution by a 1-D
function.

As an example, four chosen dual windows are presented in Figs 4 (a)-(d).

The Fig.5(a) shows the dual-window PWD of the same test signal. Applying the
dual time-frequency Hanning window results in cancellation of all cross-terms. The
same result has been obtained for the spectrogram (Fig. 5(b)), [10]. Generally, the
difference between the spectrogram and PW,; is in their time- and frequency reso-
lution. Changing the values of parametres of a dual separable window we control
simultaneously the time- and frequency resolution while in the spectrogram, the good
time resolution of the window results in the bad frequency resolution and vice versa.

G:

H:

C(
1C

re

CO
Sq\
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Table 2

Window functions used in definitions of PWDs

time window

. frequency window dual window
Window 20 H() SOH()
Gaussian exp(—at?) exp(~B/%) exp(—at®) exp(—Af?)
. mt- 48 cos(2n fB) it 4B cosQufp)
Hannmg 1T, (f)cos 'é‘; 7{— W Hzn,(l‘)COS —2—" ;‘ W—ﬁ
R (t +ry a;) _ _
cos m} a; 1< -ra
(t—riay)
cosine- | |c0s” {M} nay SESar |sin(nafra; Wsin(afas) 2OH()
roll-off 2nf[1-4f%a2(1-r2)]
1 1} < riay
0 Itl >
rectan- sin(2nBf) sin(2nBf)
gular Tha(®) T 0 (2 )~—-—~-~~~«7r 7
cosinus 5 sin(2nBf) it sin(2n8f)
squared Thza (f)cos ( ) f(-dppyy | Taltros (m) 2f (1-4B52)

C m\\n‘“\““i“‘iﬁ‘i\1x\\
[ﬁﬂ}}}{\‘@mu\u\u\m

©

Fig. 4. Chosen dual windows. (a) Gaussian, @ = 0.1, 8 = 5. (b) cosine-roll-off, a; =a; =1,

ry=ry = 0.6. (¢) rectangular, @ = 1, f = 1, (d) cosinus squared, & = 1, B=2
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Fig. 5. The distributions of te test signal, (a) Dual-windows PWD (b) Spectrogram

2.2. RELATIONS OF PWDs WITH STFT AND NBIFT

If the window function & has a form of the product h(t) = y,(t/2)y;,(—=7/2) where
vy is a specific window function, the definition (12) gets the form

PWL.) = [ W 0.5 = Wt 10 (17)

In consequence, PW, is related to the Short-Time Fourier Transform (STFT) with
the window v,. Here, we use the Gabor’s definition of the STFT [8]. In literature,
e.g., [9], an alternative definition of STFT is proposed. The relation between PW, and
STFT gets the form

PWi(t, f) = f SO, £ + 2SI, £ — w2)e M dy (18)

where SY(¢, £) =f )y, (r — Ne 74z [8].

Similarly, if the frequency window function G(f) has a factorized form
G(f) = va(f12)ye(—f/2), the definition (14) can be written as

PWe(t, f) =f W, (¢t — 7, 0)Wy (7, fdr. (19)
If we define the so called Narrow-Band Inverse Fourier Transform (NBIFT) in the form
NO@, ) = f GUT(f + e dy, (20)

it is possible to derive the relation between the PW, and NBIFT with the window yg
as follows

PW,(t, f) = j N0 (: + -;- f)N<“/G>* (z - ;: f) dr. @1
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2.3. PSEUDO-WIGNER DISTRIBUTIONS OF TWO-DIMENSIONAL SIGNALS

The spatial-domain PWD is defined in the form [5]

PW.(x.1) = f f HOOr (X )e PRIK Gy i (22)

where (X, x) is a 4-D signal correlation product defined as

(X, x) = W +x1/2, Xa + X2/ 20" (X1 = x1/2, %2 = x2/2). (23)
The frequency-domain PWD definition [5] is
PWi(x,£) = ffG(ll)R(ﬂaf)ejz'r(‘“x‘ﬂ’m)d/lldﬂz (24)
‘e where R(g, £) is the 4-D spectrum correlation product
R, £) =T(fi + p1/2, fo + o/ T (fy = 11/2, fo = p12/2). (25)
7 In analogy to the definition (16), the dual-window PWD is defined in the convolution
form
th
e, PWix(x, ) = g(x) * [H(f) * Wy (x, f)]. (26)
nd

In Table 3, the spatial-frequency kernels of the 4-D Cohen’s class are presented. The
4-D window functions used in definitions (22), (24) and (26) can be applied in the
separable form, i.e., as products of 1-D functions from Table 2.

8) In Tables 3 and 4, the symbol ”®” denotes the multiplication of the 2-D Dirac
distribution by a 2-D function. To illustrate the properties of 4-D PWDs, let us take an
example of a 2-D separable test signal y(x;, x) = Y1 (x1)Y2(x2) where both ¢, and v,

Table 3
9§11
Spatial-frequency kernels of 4-D Cohen’s class
Distribution | °P at1ali—ef;:21u ency
19)
Wigner | 6(x1, x2) ® 6(f1, f2)
rm
PW, (x1, x2) @ H(f1, f2)
20) PW; 8(x1, %) ®6(f1, f2)
PWyr gL ®@HAL )
YG
spectrogram Wi(x, D)
21) signogram We(x, D)
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and y, are sums of four Gaussian pulses shifted by 2 and -2 along the x-axis (resp.
x,- axis) and modulated in frequency with the factor fi; (resp. fu), i = 1,2, 3,4. The
values of frequency shifts were chosen to be equal fii = fo = 2, fs = fiu = 5,
i = 1,2. This test signal is a 2-D extension of the signal used in Section 2.1. The
Fig. 6 shows three cross-sections with x, =2, f» =2 of PW,, PW, and PWy,. We see
that the properties of all distributions are similar as for 1-D signal. In the cross-section
PW . (x1,2, f1,2), four auto terms are well distinguished and two pairs of bipolar oscil-
lating cross-terms resulting from frequency modulation of signals components are still
present. The cross-section PW¢(x1,2, f1,2) includes the cross-terms with the direction
of oscillations perpendicular to the x;-axis. The rest of cross-terms have been cancelled.
The same cross-section of the dual-window PWD contains only four auto-terms.

Fig. 6. Cross-sections of 4-D PWDs. (&) PW, (x1,2, f1,2). (b) PWy (x1,2, f1,2). (¢) PWp, (1,2, £1,2)

2.4. DOUBLE-DIMENSIONAL PWDs

As it was mentioned in Section 1.3, the second-order double-dimensional PWDs
are defined using in (10) the window functions from Table 3 changing the variables
x1 = t, % — f, fi = fi, f» — t;. Note that in (10), f; is the first-order frequency shift,
while in Table 3, it represents a frequency variable. The “spatial-frequency” kernels
of DDPWDs are presented in Table 4. The second order spatial domain DDPWD
(PW&Z)), is defined in the convolution form
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Table 4

Spatial-frequency kernels of DDPWDs

Double-dimensional distributions

Spatial-domain | 5@, £)® H(f1,4)

Frequency-domain | g(t, f) ® 8(f1,t;)

Dual-window | g(t, /)® H(f1, 1)
PWA, f, fi. 1) = f f H~ fi,x =)W, f, 1, x)dudy. @7

The second order frequency-domain DDPWD (PW;Z)) is
PW(. f, fi 1) =ff g ~ 1, f = WO, ', fr,0)dr df’ (28)

and finally, the second order dual-window DDPWD (PW}ZX)) is

PWENL, £, fiot) = f f f f g —t,f = PH@~ fi,x =t )W, ', x)de d f dudy.

(29)
We see that all DDPWDs are double or quadruple convolutions with the second-order
WD.

The Fig. 7 shows the cross-sections PW(Z)(t F,0,0) and PW(Z)(t £,0,0) of the test
signal being a sum of two Gaussian pulses shlfted in time by £, and tp, and modulated
in frequency by f, and f;, i.e., () = e ¢ @2Mep 4 o~b=1) y120fot yhore g = b = 3,
tp = 08, fo =08, 1, =22, f, = 2.2. Applying the 2-D Gaussian window functions
in (24) and (25) we get different results. We observe two auto-components in form of
Gaussian surfaces centered at points (#,, fz) and (¢, f3) respectively and oscillating
l‘b Jat To

2
to the line ¢ = f. We observe that the slice of PW(2) has a better time-frequency
resolution than PW?) where all terms are distorted and only the support in the time-
frequency plane remains the same.

Next Fig. 8 shows the cross-sections PW(Z)(t £,0.5,0) and PW(Z)(t £,0.5,0). Here,
the auto- and cross-terms are well distinguished. It has been observed that when the
value of u increases considerably, the auto-terms of PW® “draw near” each other
along the line ¢ = f and for ;1 = 2.5 almost coincide. In the case of PW, all terms
are slightly distorted. It has been noticed that for u = 0.55 [11], the cross-terms are
almost totally reduced at the cost of distortions of auto-components.

cross-terms centered at ( ). The direction of oscillations is perpendicular
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’

(a) (®)

Fig. 8. Cross-sections of DDPWDs. (a) PW® (¢, 7,0.5,0). (b) PW(;“) (t, f,0.5,0)

3. SUMMARY

In this paper, the elements of the theory developed in years 2000-2005 have been
presented. The basic definitions and relations have been recalled and illustrated with
examples. Though the theory has been elaborated for n-D signals, we look for appli-
cations in the domain of 2-D and 3-D signals only. Most probably, the DDDs could be
applied in radar signal processing. This topic has not been explored yet and actually
is under consideration.
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K. M. SNOPEK

ROZKELADY PSEUDO-WIGNERA I PODWOINIE WYMIAROWE ROZKEADY
PSEUDO-WIGNERA Z ROZSZERZENIEM DLA SYGNALOW DWUWYMIAROWYCH

Streszczenie

Praca jest podsumowaniem teorii dwuwymiarowych i czterowymiarowych rozktadéw pseudo-wig-
nerowskich oraz podwdjnie wymiarowych rozkladéw pseudo-wignerowskich. Wspomniane rozktady na-
lezg odpowiednio do klasy Cohena rozkladéw wielowymiarowych i kiasy Cohena rozkladéw podwdinie

’e.e n wymiarowych. Szczegétowo opisano relacje zachodzace pomiedzy rozkiadami pseudo-wignerowskimi,
Vlt_h krétkoczasows transformatg Fouriera i waskopasmowa odwrotng transformata Fouriera. Przedstawiono
pli- ponadto rozszerzenie teorii dla sygnatéw dwuwymiarowych. Praca ilustrowana jest przykladami rozkladéw
I be pseudo-wignerowskich i podwéjnie wymiarowych rozktadéw pseudo-wignerowskich sygnaléw testowych.
ally

Stowa kluczowe: rozklady czasowo-czestotliwo§ciowe, rozktady podwdjnie wymiarowe, klasa Cohena

this
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Correlations functions, power spectra and Wigner distributions
of telecommunication signals

STEFAN L. HAHN

Institute of Radioelectronics,
Warsaw University of Technology
E-mail: hahn@ire.pw.edu.pl

Random M — nary baseband and the corresponding analytic modulated telecommuni-
cation signals are generated using a method described in a previous paper of the author. The
paper is devoted to studies of time domain and ensemble domain correlation functions of
these signals and their power spectra and Wigner time-frequency distributions. The compari-
son of the time domain and ensemble domain correlation functions enables the testing of the
ergodic hypothesis, stationarity and so called properness of random processes representing
telecommunication signals. The results depend on the applied definitions of the processes.
For example, the sample functions of the baseband process may be synchroneous or asyn-
chroneous. The carriers may have fixed or random phase. In consequence the properties of
random processes representing a specific mode of transmission, ASK, PSK, FSK or any
other depend on arbitrary assumptions. For example, the PSK random processes classified
by some authors as improper are proper in the asynchroneous version. It was shown that
calculation of the ensemble averages of the Wigner time-frequency distribution may have
no sense, since the information about the modulation is lost.

Keywords: Random baseband and analytic communication signals, time domain and ensem-
ble domain correlation functions, power spectra, Wigner time-frequency distri-
butions.

1. MODELS OF BASEBAND TELECOMMUNICATION SIGNALS

Modern digital telecommunication uses a transmission of baseband signals using
specific modulations (keying) of high frequency harmonic carriers, for example ASK
(Amplitude Shift Keying), PSK (Phase Shift Keying), FSK (Frequency Shift Keying),
QPSK (Quadrature Phase Shift Keying) and other. In this section we describe the
properties of baseband signals. They have the form of a sequence of pulses of specific
waveforms transmitted in succesive time slots of duration 7', where B = 1/T is called
the symbol rate in bauds (frequently improperly in bits/s, since one symbol may carry
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more than one bit of information). In an M-ary system the transmission alphabet
consists of M different waveforms, usually the same waveforms of different weights
(amplitudes). Usually M = 2". For n =1 we have a binary transmission using two
symbols, for example (0, 1), for n=2 a 4-nary transmission with four symbols, for
example (0,1,2,3), etc. By assuming, that the above numbers represent the amplitude
of pulses, we have unipolar signals. Of course bipolar signals can be applied. However,
in the case of ASK they should be unipolar. In this paper it is assumed that all symbols
are generated with equal probabilities equal P(i) =1/M, and that symbols in successive
time slots are statistically independent (no correlation). In practice, elementary pulses
may have a duration greater than T yielding so called intersymbol interference.

1

0.8
0.6}
0.4
0.2
of
0.2
0.4

0.8
0.8}

A oo i e

~400 -300 -200 -100 4 160 200 300 400

Fig. 1. The tanh{ar) function with various values of a

The models of baseband signals applied in this paper use a transition between
successive states modeled by the function tanh(as) [1] . The slope of the transition
depends on the constant a as illustrated in Fig.1. For the large value of a we have a
unit step transition with no intersymbol interference. The transmitted signal has the
form of rectangular pulses of different amplitudes. Smaller values of a yield signals
with intersymbol interference. The use of the tanh(at) transition has the following
advantages:

1. If succesive states (symbols) are the same, the tanh(.) function saturates with no
change of the saturated amplitude.
2. The waveform of the signal is defined directly in the time domain with no use of

a shaping filter.

The M-ary baseband signal using the above described method is defined by the
formula [1]

K
By (1) = Z by (k){0.5 + 0.5tanh[a(r — kT)]} x {0.5 — 0.5tanh[a(z — k+DDY D
k=1

where by (k) are M-nary random draws with M = 2", For n =1 binary random draws,
for n = 2 4-nary, e.t.c. kT is the time scale, a multiple of the elementary time slot 7.
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Fig. 2 shows samples of random telegraph signals generated using the Eq.(1). Remark:
In C** compilers by (k) are generated using the code rand( Y%eM.

time

Fig. 2a. Sample function of a binary
random telegraph signal. Upper: Hard
keing. Lower: Soft keying
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Fig. 2c. - of a 8-nary random telegraph
signal
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Fig. 2b. — of a 4-nary random telegraph
signal. Upper: Hard keying. Lower: Soft
keying

time

Fig. 2d. — of a 16-nary random
telegraph signal
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2. MODELS OF RF (modulated) TELECOMMUNICATION SIGNALS

2.1. M — NARY ASK (AMPLITUDE SHIFT KEYING)

A real ASK signal is given by the formula
uask(t) = By (t)cos(2rn Fot + ) 2

where the instantaneous amplitude By (¢) is given by (1). If the power spectrum of
By () has the support limited to frequencies lower then the carrier frequency Fy, than
the Hilbert transform of (2) is

vask (1) = By(£)sin(2r Fot + 6) 3)
and the analytic ASK signal due to the Bedrosian’s theorem [2] has the form

Yask(®) = By (t)e/ @ ooy )

2.2. M ~ NARY PSK (PHASE SHIFT KEYING)
2.2. M — nary PSK (Phase Shift Keying)

Real PSK signals are defined by the formula
U (1) = cos(2nFot + 6 + 2 By (H)/M) (5)

We denote BPSK (Binary PSK) if M = 2, QPSK (Quadrature PSK) if M = 4, and in
general MPSK. The complex form of this signal is

wPSK(Z) - ej[27rFot+0+27rBM(t)/M] (6)

and is approximately an analytic signal, if the power spectrum of ¥psx has no terms
at negative frequencies [2]. The Eq.(6) defines the QPSK signal with a constellation
(0,7/2, , 3n/4) (anti-clock phase rotation). Of course other constellations are possible,
i.e., (w/4,37/4,57/S, Tn/4).

2.3. M - NARY FSK (FREQUENCY SHIFT KEYING)

For hard keying let us define two modes: The instantaneous frequency of the
asymetric mode is F(¢t) = Fo + By()AF/(M — 1) and of the symmetric one F(¢) =
Fo + AF(2By(t) — M)/(2M). In both modes the range of frequency hopes equals AF
with the elementary hope equal AF/(M — 1), i.e. decreses with increasing M. In the
symmetric mode, if M = 2, we have two states (—AF/2, AF/2), if M = 4, four
states (—=AF/2, - AF/6, AF/6, AF[2). Analogously in the asymmetric mode (0, AF)
and (0, AF/3, 2AF/3,AF). The analytic signal for the symmetric mode is

w;ﬂ;}((l‘) — ej{Zr(Fot+AF(28M(t)-M)tf(2M)} (7)
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This formula is valid only for hard keying, since the instantaneous phase is given by
the integtral of the instantaneous frequency. Again (7) is an analytic signal, if the
power spectrum vanishes for negative frequencies. This limits the maximum value of
the frequency shift. Let us mention that the correlation functions and power spectra
are not the same for these modes. However, the differences are small.

3. A SHORT INTRODUCTION TO THE THEORY OF RANDOM SIGNALS

Let us recall selected notions of the theory of random signals. The name “ran-
dom process” is applied to an infinite set (ensemble) of its sample functions (signals)
alternatively called “realizations’. A random process is called (strictly) stationary and
ergodic if its statistical properties derived from the observation of a single sample
function in infinite time (in computer implementations in a long time) are the same,
as derived from an infinite ensemble (in implementations a large ensemble) of its
sample functions. The order of the statistics is defined by the number of fixed points
of observation (1, 2, ..., ;). A random process is called Wide Sense Stationary (WSS)
and ergodic if the ergodic hypothesis applies for the second order statistics only, i.e., for
observations in two moments ¢, #,. Note that not all stationary processes and ergodic.

3.1. TIME DOMAIN AVERAGES

Time domain averages will be denoted by a bar over the function. For example the
mean value is u, = u(r), the correlation function p(r) = u(t + 7)u(t) and for the zero
mean signal u;(f) = u(t) — u(r) the covariance function is p.(t) = u(t + 7)u; (2).

3.2. ENSEMBLE AVERAGES

The capital letter E denotes the expected value of a function. The expected mean
value is u,(t;) = E[u(t;)], the correlation function p(ty, £) = E[u(t;)u(t))]. For a WSS
process up is a constant independent on #; and the correlation function depends only
on the time difference 7 = f,—#;. A complex random process is called circularly wide
sense stationary, if its correlation function is periodic w.r.t #;. The power spectrum of
a WSS process (Wiener-Khinschine theorem) is given by the Fourier transform

(o8]

p(0) & G = f p(r)cos(2n fr)dr ®

=00
3.3. COMPLEX ANALYTIC RANDOM PROCESSES

Let us define a complex analytic random process {/(¢) = u(r)+ jv(¢)}. Bach sample
function of this process is an analytic function, i.e., v(t) = H[u(t)], where H denotes the
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Hilbert transform [3]. The terms u(¢) and v(¢) of each sample function are orthogonal,
ie., u(tyv(t) = 0. However, they are not statistically independent since the cross-
correlation function p,,(7) equals zero only for T = 0. The complex correlation function
is defined by the equation [3]

py(t1,7) = EW(t + ¢ ()} = pult, 7) + pu(t1, T + Jlpw(t, T) = pun(ts, 0] (9)

where py,(t1,7) = E{u(ty + T)u(t))}, pw(t,7) = E{v(t; + T)v(t))}, are autocorrelation
functions and p,,(t), T) = E{v(t; +T)u(t))}, puy(t1, 7) = E{ult;+7)v(t;)}, cross-correlation
functions. For a WSS process all are independent on 1, , i.e., are functions of 7. In this
case the power spectrum defined by this complex correlation function is one-sided. In
other words the complex correlation function is an analytic function. Note that if {u(z))
is WSS then {/(1)} is also WSS. Remark: Many authors define (9) in the conjugate form
py(t,T) = E{Y(t )" (#1 + 1)} forgetting to mention, that this yields a power spectrum
at negative frequencies.

3.4. PROPER COMPLEX RANDOM PROCESSES

A complex random process {/()} is called proper [4] if the so called complemen-
tary correlation function vanishes, i.e.,

Pyt T) = EQy(ty + Tt} = puu(ti, 7) = po(t1, ) + Jlow(t1, T) + pu(ti, 7)1 = 0 (10)

4. CORRELATION FUNCTIONS AND POWER SPECTRA OF BASEBAND
RANDOM TELEGRAPH SIGNALS

If not mentioned we present correlation functions of random telegraph signals with
hard keying (unit step transitions). All functions are normalized to get p(0) = 1.

4.1. TIME DOMAIN CORRELATION FUNCTIONS

Fig. 3 presents the result of numerical calculation of the time-domain correlation
functions of the random telegraph signals of Fig. 2. Theoretically, for a signal of infinite
length we get a triangular function shifted vertically by the square of mean value (DC
term). The mean values in Fig. 3 are not uniform due to the finite length of the signals
in Fig. 2. However, the distorsions of main triangular part are negligible.
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Fig. 3a. The time domain correlation
function of the binary random telegraph
signal of Fig. 2a.

1
o‘a/\/\//_\
Y3

8.4

8.2,

Fig. 3c. The same of the 8-nary random
telegraph signal of Fig. 2c.

0.8

0.4

0.2

Fig. 3b. The same of the 4-nary random
telegraph signal of Fig. 2b.

1
o8 MA/J\

Fig. 3d. The same of the 16-nary
ratelegraph signal of Fig. 2d.

4.2. ENSEMBLE CORRELATION FUNCTIONS

The sample functions of random telegraph signals do not define uniquely the
corresponding random process. Let us define synchroneous and asynchroneous
L@ random telegraph processes. The sample functions of the process begin
all at the same moments and of the at moments randomly distributed in the
time slot 7. The ensemble correlation functions of random process are shown in
Fig. 4 and of the in Fig. 5. The comparison with the time domain correlation
function of Fig. 3 shows, that the ergodic hypothesis is fulfilled only for the

case (triangular correlation functions) while in the case we get a rectangular
function. The triangular functions can be represented by the formula

pp(m) =a+ (1 -ayri(r)

(1D
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where tri(t) = 1~ | /T | for | 7/T | 1; tri(r) = 0 outside this support. The value of
a depends on M, as shown in Table 1.

a105(~0.64=071|~0.715|~0.725]~ 0.75

L |

0.4 0.4
0.2 0.2
UZ 1.5 1 0.5 9 0.5 1 15 2 0'2 1.8 l 0.5 0 0.8 1 15 2
T T
Fig. 4a. The ensemble correlation for Fig. 4b. The same for the 16-nary
the ! SYN | binary process with sample process with sample functions
functions of Fig. 2a of Fig. 2d.

e s
0.4 04

0.2 0.2

Fig. Sa. The ensemble correlation f. for Fig. 5b. The same for the 16-nary

the l ASYN | binary process with ASYN | process with sample functions
sample functions of Fig. 2a of Fig. 2d.
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4.3. CORRELATION FUNCTIONS BY SOFT KEYING

In principle this paper is not devoted to studying the differences between random
telegraph signals with hard and soft keying. Let us present only a single example. Fig.
6 shows the time domain and ensemble correlation functions of the binary random te-
legraph signal of Fig. 2a (soft keying). The comparison with Figs. 5a and 5b shows that
the ¢ri(r) function is replaced by an approximately Gaussian function. In consequence
the power spectrum is also Gaussian. Notice, that p(0) ~ 0.8 since it was normalized
by the crest value yielding 1 for the case of hard keying.

08 1 o8k

06 056 "/\\\

0.4 1 04
0.2 0.2
) Q
2 1.5 1 0.5 0 0.5 1 1.5 2 -2 1.6 1 0.5 o 0.5 1 1.5 2
T T

Fig. 6. Left: The time domain correlation function and right: The ensemble correlation function of the
ASYN | random telegraph signal of Fig. 2a., soft keying
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Fig. 7. The ensemble correlation function of the [ SYN | random telegraph signal., soft keying
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5. CORRELATION FUNCTION OF A HARMONIC CARRIER

As an introduction to the theory of correlations functions of modulated telecom-
munications signals let us present problems of calculating correlation functions of
harmonic analytic carriers of the form y(r) = /™9,

5.1. TIME DOMAIN CORRELATION FUNCTION OF THE HARMONIC CARRIER
The time domain correlation function is
PO =Y +T)Y" () = WD/t = S (12)

Let us write (12) in the form (9)

p (1) = cos [Qo (& + 7)) cos (Qof) + sin [Qo (2+71)] sin (Qo2)+

puu(T)=0~5 cos(Q7) ,va(T)=0-5 cos{Qo1)
-+ sin [Qq (£ +71)] cos (Qgt)—f cos [L2p (¢+71)] sin (L27)
Pu(1)=0.5 sin(QoT) Pu(T)=-0.5sin(Qo1)

(13)
Elementary trigonometry shows that we get (12) and (13) since
cos? 2rFot) = sin? 2nF,t) = 0.5 and cos (27 Fyt) sin 2nFot) = 0

5.2. ENSEMBLE CORRELATION FUNCTIONS OF THE HARMONIC CARRIER

The ensemble correlation function is defined by the formula
pt,t) = E {e’(g"’zw)e"f(go"*m}. The insertion #, = #; + 7 and using trigonometric
identities yields

p(t1,7) = E {cos® (Qot; + 0)} cos (Qu7) + E {sin® (Qot1 + )} cos (1)
+ JE {cos® (Qoty + )} sin (Qot) — JE {sin® (Qot1 + 6)} sin (Qo7)

This correlation function is not uniquely defined since we should define statistical
properties of the random phase 6. Let us consider two cases.
Case 1: The random variable 0 or rather the random variable Qg#; + 6 has a fixed value
Qoty + Gy (its probability density has the form of a delta distribution). The derivation
in Appendixl1 yields

0 (1) = cos (o) cos (Qo1 + ) + sin (Bp) sin (Qo1 + Gp)

Pu(T) Pu(T)

+j4cos (6p) sin (Qor1 + Gg) ~ sin (Qp7) cos (Qg7 + Gy)

PulT) Pur(7)
(14)
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The terms p,, and p,, and p,, and p,, differ. The summation yields py,+puw = cos(Qy1)
and pu, = puy = sin(Qo7). Therefore, again p(r) = ¢/*7 is independent on #; . The
process is stationary and ergodic. However, p,, — p,» # 0 and Py + puy # 0 and the
complementary correlation function do not vanish. The process is improper.

Fig. 8 shows the changes of the terms p,, and Py with Gy. There was an excel-
lent agreement between the pictures calculated using (14) and calculated numerically
directly from the definition of the corresponding correlation functions.

Case 2. The phase is uniformely distributed in the interval 0 to 2. We have E {cos?(Qotr+
+0)} = E{sin®(Qot; + 6)} = 0.5 and the ensemble and time domain correlation function
are the same. The process is stationary, ergodic and proper.

0,=10 0y = /8

-2 -1.8 -1 -0.5 [ 0.8 1 1.5 2 2 “1.5 -1 0.5 0 0.5 1 1.5 2

T T
Fig. 8. The auto-terms of ensemble correlation functions for a harmonic carrier with a fixex values of
the phase 8, = 0, 7/8, /4 and =/2. Slolid line p,,, dotted line Py

Note, as will be shown in next sections, that the properties of processes representing
modulated signals depend on the definition of the random phase of the carrier. In

consequence any statement about the properness is meaningless if the carrier phase is
undefined.
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6. CORRELATION FUNCTIONS OF MODULATED TELECOMMUNICATION
SIGNALS

The considerations of Section IV and V shows that the ensemble correlation func-
tions of modulated telecommunication signal are different depending on:

1. The sample functions of modulating signals are synchroneous SYN‘ or asynchro-
neous |ASYN |,

2. The sample functions of the carrier have a deterministic or random | RAN
phase.

In consequence we have four options denoted ]SYN—DET |, |ASYN—DET ],

| SYN-RAN I IASYN—RAN] . Only the last option satisfies both the ergodic hypothesis
and properness. This statement will be illustrated with examples.

6.1. CORRELATION FUNCTION OF ASK SIGNALS

Fig. 9 shows the real and imaginary parts of the time domain correlation function
of binary ASK. The real part is a cosine and imaginary part a sine function with the
envelope given by the correlation function of the base-band random telegraph signal
displayed in Fig.3a. Let us denote the baseband correlation function of Fig. 3a by
pg(1). Then the the time domain correlation function of Fig. 9 is given by the formula

P (1) = pp (1) "™ = [a + (1 - a) tri (1)] /™7 (15)

(see Eq.(11)). The corresponding ensemble correlation function, case | ASYN-RAN|,
displayed in Fig. 10 is exaxctly the same. The ergodic hypothesis is fulfilled and the

so defined ASK random process is proper. However, in the case | SYN-RAN | shown in
Fig.11, the rectangular envelope of pg(7) corresponds to Fig. 4.

The power spectrum of the | ASYN-RAN | ASK process is using (8)

: 2
sm[zr(f-—Fo)T]] (16)

ﬂ(f"-Fo)T

The first term of (16) represents the carrier term of the spectrum and the second
term the spectrum of the #ri(t) term. The ratio of the sidebands to carrier power is
equal (1-a)/a. In the case | SYN-RAN | shown in Fig.11, the rectangular envelope of
pp(r) corresponds to Fig. 4 and the ergodic hypothesis is not fulfilled.

GASK(f):a5(f”FO)+(1”a)T[

0
0
8
0

s &5 & &

Fig

Fig.
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AN RN 06
0.8 1 0.8
)E ! '1~2 -1.5 -1 0.5 Q Qs 1 1.5 2 .1»2 -1.5 -1 0.5 0 0.5 1 1.5 2
hesis T T
Fig. 9. Binary ASK. Terms of the complex time domain correlation function, Left the real part
Pre(T) = Puy + Py, right the imaginary part p;,(7) = Py ~ P
. 1 1
ction 08 08
h the 0.6 0.6
ignal 04 o4
r’ a by 0.2 0.2
o o
mula 0z 0.2
0.4 0.4
(15) 0.6 0.8
0.8 0.8
AN, T e T IR B R T R R CRE
d the . .
vi 11 Fig. 10. Binary ASK. Terms of the complex ensemble domain corelation function. Case | ASYN-RAN
Left the real part p,.(r) = pu + pyy, right the imaginary part pim(7) = Py = Puv
1 1
(16) 08 0.8
0.6 0.6
04 0.4
:Cond 0.2 0.2
. 0 0
/ eI" IS -0.2 0.2
pe Of 0.4 0.4
-0.6 -0.6
-0.8 -0.8
4 1
2 1.5 1 -0.5 [ 0’5 1 1.5 2 -2 1.5 1 0.5 0 0.5 1 18 2
T T

Fig. 11. Binary ASK. Terms of the complex domain correlation function. Case | SYN-RAN | Left the
real part p,.(T) = Puy + Py, right the imaginary part 0 () = oy, — i
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6.2. CORRELATION FUNCTIONS OF BPSK SIGNALS

6.2.1. Case | ASYN-RAN

The binary BPSK signal is defined by (6) and the real and imaginary parts of its
time domain correlation function are presented in Fig. 12. The corresponding parts
of the ensemble correlation function, case | ASYN-RAN | shown in Fig. 13 are the
same as in Fig. 12, Therefore, the ergodic hypothesis is fulfilled. As well, the BPSK,
case | ASYN-RAN |is proper. A good model of this complex quasi-analytic correlation
function has the form (dotted lines in Fig. 12)

Fig.
pi (7) = pp (1) = & 0887 g%t (17) n
i.e., a harmonic function with a Gaussian envelope. The ensemble normalized cor-
relation functions of BPSK and QPSK and MPSK are the same, as illustrated by
comparison of Figs. 13, 14 and 15. In consequence the power spectra are also the
same and Gaussian since the Fourier transform of a Gaussian correlation function is
Gaussian and given by the formula

7(2 - 2
G(f) = \ée"u— (18)

where o = 0.68

Fig. 12. Time domain correlation functions of BPSK signals. 0,,(7) = p,, () (dotted line), right:
Ou(T) = —py, () (dotted line)

These figures show that the BPSK random process, case | ASYN-RAN | is statio-
nary, ergodic and proper. This contradicts the statements in [5], [6] and [7] that BPSK
signals are improper. The authors of the above papers have not defined the various

cases including the case ASY&I&‘QI_]
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Fig. 13. Ensemble correlation functions of BPSK signal, case | ASYN- RAN |, calculated for two time
moments £; =4 and ¢, = 32. The functions p,,(r) = p,,(7) are the same (p,, — solid line) and the
functions p,, (1) = —p,,(7) are of opposite signs (p,, — dotted line)

1 —
0.8 t] 4

2 1.5 1 £.5 ] 0.5 1 1.5 2 2 1.5 1 0.5 ] 0.5 1 1.5 2
T T
Fig. 14. Ensemble correlation function of Fig. 15. Ensemble correlation function of
QPSK. Solid line p,, + p,,, dotted line 16PSK. Solid line py, + p,,, dotted line
Pvu ~ Puy Pvu ~ Puv

6.2.2. Case D\_S‘{(ﬁ.—»DE—IJ

The correlations functions of BPSK signals with asynchroneous keying and a
deterministic phase of the carrier are shown in Fig. 16. They have the form given by

(17) with the carrier term given by (14). Compare Fig. (8) and Fig. 16 for the phase
00 o 7T/4
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90:0 Gozn/8

0.8¢
08F

041
0.2p
0 o

0.4

061
0.8}

L

Fig. 16. Auto-terms of the ensemble correlation function of BPSK, case | ASYN-DET |, for selected
values of the fixed phase of the carrier 6, = 0, #1/8, n/4 and 7/2. Solid lines p,,, dotted lines p,,. The
addition py, + py, yields for any 6, the functions of Fig. 16a or 16d. The pictures are the same for any

value of #

6.3. CORRELATION FUNCTIONS OF FSK SIGNALS

The time domain correlation function is displayed in Fig. 17. The ensemble cor-

relation function, case , displayed in Fig.18 is periodic, i.e., pp(t;,7) =
pe(ti+ kT, ), where k=0, 1, 2 ..., and T is a period. Therefore, the | ASYN-RAN
FSK process is cyclostationary [7 ]. Of course the ergodic hypothesis is not fulfilled.
The same statement applies for MFSK. However, the analysis of the power spectra
defined by 2-D FPourier transforms of the cyclostationary correlation function is out
of the scope of this paper. Fig. 17 yields the evidence, that for the FSK process the
conditions of properness are still fulfilled.
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04 0.4
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02 0.2
0.4 0.4}
0.6 0.6
0.8 0.8
4 1
2 15 1 05 0 05 1 15 2 2 1.5 105 0 0.5 1 15 2
T T

Fig. 17. Time domain correlation functions of the FSK signal. Left the auto-correlation functions
PulT) = (1), and right the cross-correlation functions p,,(7) = —p,,(7)

' = ' =
11 5 e - tI 6

Fig. 18. A galery of ensemble correlation functions of FSK random process at successive time moments
t; illustrate the cyclostationary property. The solid lines diplay the autocorrelations functions and dotted
lines- the cross- correlations functions. The property that p,,(7) = p(r) and 0,,(t) = —p,,(7) is still valid

' t = 1 = ! t, =6
o o U o

2] 02, 22
24, 241 5.4]
08 0.8} 0.6}
°8 8] 28]
2 -8 + e85 ©  es 1 [N 2 45 4 85 ¢ o5t 1§ 2 2 a8 4 08 6 88 1 5 2
T T T

Fig. 19. Solid lines- the difference (p,, — p,,)/2, Dotted lines- the sum (o,, + p, )2
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All the above correlation functions are calculated for symmetric keying. For asym-
metric keying the envelopes are the same. However, the zero crossings are nonuniform
yielding a “chirp” like behaviour. We do not present pictures of this effect.

7. WIGNER DISTRIBUTIONS OF RANDOM TELECOMMUNICATION

SIGNALS. This
‘ Con

7.1. RECALL OF THE BASIC PROPERTIES OF WD’S OF ANALYTIC SIGNALS

The time-frequency distribution called Wigner distribution [8 ] of a complex signal

W(t) = u(t) + jv(t) is defined by the Fourier transform w.r.t the time shift variable  of Y]hi(
the correlation product the
ry (6, 1) =yt +0.57t)¢" (r — 0.57) (19)
the 1
W, (t, f) = f ry (t,7) e dr (20)
The WD of any complex signal is a real function and of analytic signals is a one- ;
sided function of frequency in the half-plane f > 0. The WD of the conjugate analytic the 1
signal Wy.(z, f) = Wy (¢, ~f) is a one-sided function in the half-plane f < 0 and is a Let 1
mirror image of Wy (¢, f) w.r.t. the axis ¢ = 0. Since the real part of the analytic signal
is u(t) = 0.5[y (1) + y*(1)] and analogously v(¢) = 0.5j[¥*(t) — (1)1, the WD's of the
real functions u(¢) and v(¢) are
1 1
W.(t, )= fu(t +1/D)u(t —1/2)cos Qrfr)dr = ZWw ) -FZWW &,
1
+§:Wcross (ta f)
1 1 Let 1
W, (@, f) = fv(t +1/2)v (=~ 1/2)cos Qnfr)dr = ZWW N +ZW¢,* &, 0
1
"”Wcross t,
5 1)
: . ‘ . . . The |
and differ by the sign of the cross term. The subtruction yields the following form we g

WSS (¢, f) = 2[Wa (t, ) = W, (8, )] 2n

The WD is a bilinear operation and (21) represents cross-terms due to the interaction
of W, with W;,, i.e., between terms in the half-planes f > 0 and f < 0 Analogously
to the definition of the complementary correlation function given by the Eq.(10) , let
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us define the complementary correlation product r ") = (e +0.5)(t — 0.57) and
define the complementary WD

This is a complex function. However, it can be shown that W, (¢, f)=2 Re{W;"m’)(Z, f)}
Consider the following marginal of the WD

Ey = f f Wy @, f)didf = f ly (0 (23)

which equals the energy of the analytic signal. For many random signals the WD has
the form of a bipolar random field. Let us call the integral

1
Ej = ff"z" {‘W,/, 1)+ |w, (t,f)|}dtdf (24)
the positive energy and the integral
1
E; = f f 5 (Wy ¢, 1) = Wy ¢, P} drdf (25)

the negative energy of the random field. Evidently (23) is satisfied only if E; > E,.
Let us mention that the energy of the W (s, f) equals zero, since

ESo% = f f W 1, f)dtdf =0 26)
7.2. TIME AVERAGE OF THE WIGNER DISTRIBUTION

The time average of the WD of an analytic signal is defined by the integral [3]

T
W, f) = lim {_L f [¢ (t+T/2) 9" (t —1/2) e_ﬂ”ﬁd‘r] dt} 27)

T—oo | 27T -T

Let us change the order of integration

00 T
W, f) = f { Jim f . Wt + T/ (¢ - 1/2) dt} eI gy (28)

The limit in paranthesis yields the complex analytic autocorrelation function. Therefore,
we get

Wit f)=2 f ] o (O + jow ] e Tdr = 2[1 +sgn(H]G(f)  (29)

This is the Fourier transform of the analytic correlation function equal to the one sided
power spectrum (Wiener- Khinschine theorem).
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7.3. ENSEMBLE AVERAGE OF THE WIGNER DISTRIBUTION

Consider a complex analytic random process {¥(¢)} with sample functions (),
Ua(t), ..... Let us denote the Wigner distribution of each sample function by W; and
define the ensemble average '

carr
cai

N
E(W, ¢./)) = Ll;_r& W (t,f)} /N (30)
i=1

Of course in computer simulations the value of N is finite and should be sufficiently
large. The ensemble average differs much from the WD of a single sample function.
Let us define the normalized energy difference

Ef —Ey-
"= TR @D
vty
For the WD of a single sample function & << 1 and rises asymptotically to 1 for large
N. Therefore, in the limit N — oo E{W,} defines a positive valued distribution.

7.4. WIGNER DISTRIBUTION OF THE HARMONIC CARRIER

The Wigner distribution of the harmonic carrier y(f) = /@9 is W, f) =
6(f — fo)®1;, where 1, = 1 for all ¢ and is represented by a delta ridge displayed in
Fig. 19, left. However, in computer simulations we deal with carriers of finite length
and the delta ridge collapses to a triangular ridge of Fig.19, right..

Fig. 19a. Left: The computer simulation of W(z, ) = §(f — fo) ® 1,. Right: The same for a carrier of
finite lenght

7.5. WIGNER DISTRIBUTION OF BINARY ASK

Fig. 20 shows the WD of a single sample function of the ASK signal, case
ASYN-RAN | and Fig. 21 the corresponding ensemble average for 150 samples. We
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observe the cancellation of the side-bands of the amplitude modulation. The cross WD
of a single sample function is shown in Fig. 22 and the corresponding ensemble average
in Fig. 23. It represents the triangle version of the the cross terms of a real harmonic
carrier u(t) = cos(2ufot), W1, f) = 26(f)cos(4n for). Again, the side-bands are
cancelled. ‘

Fig. 20. The WD of a single sample of ASK  Fig. 21. The ensemble average of 150 WD's
of ASK signals

Fig. 22. The W;** of a single sample of Fig. 23. The ensemble average of 150
ASK samples of Wyerass of ASK

7.6. WIGNER DISTRIBUTION OF BPSK

The WD of a single sample of a random BPSK signal is displayed in Fig. 24 and
has the form of a bipolar random field. Its ensemble average for 50 sample functions is
shown in Fig. 25 and exactly as in the case of ASK is a triangular delta ridge of a WD
of the carrier signal. We obseve again, that in the ensemble average any information
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about the side-bands of the BPSK signal is lost. The same statement applies to the
cross WD’s shown in Figs. 26 and 27.

Fig. 24. The WD of a single sample of Fig. 25. The ensemble average of 50 samples
BPSK of WD's of BPSK signals

Fig. 26. W of a single sample of BPSK  Fig. 27. The ensemble average of 50 samples
of the Wi of BPSK

T]

WD's

numbe

7.7. WIGNER DISTRIBUTION OF BINARY FSK

Fig. 28 shows the Wigner distribution of a single sample function of FSK . The
corresponding ensemble average for 50 samples is shown in Fig. 29. It differs from the
analogous distributions of the ASK (Fig. 21) and BPSK (Fig. 25) having not the form
of the delta ridge of the WD of the carrier. The corresponding cross WD for a single
sample is shown in Fig. 30 and the ensemble average for 150 samples are displayed in
Fig. 31.
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Fig. 28. The WD of a single sample of a Fig. 29. The ensemble average for 50
FSK signal samples of the WD's of FSK

Fig. 30. The W;** of a single sample of a Fig. 31. The ensemble average for 50
FSK samples of the W™ of FSK signals

7.8. WIGNER DISTRIBUTION OF 4FSK

The WD's of 4FSK displayed in Figs. 32 and 33 are similar as the corresponding

WD's of binary FSK (Figs. 28 and 29). However, to get good resolution a larger
number of samples is needed.




46 €. L. HAHN Kwart. Elektr. ; Telekom.

Fig. 32. The WD of a single sample  Fig. 33. The ensemble average for 150
of a 4FSK signal samples of the WD of 4FSK signals

Fig. 34. The W;°" of a single sample Fig. 35. The ensemble average for 150
of a 4FSK signal samples of the W, of 4FSK signals

8. CONCLUSIONS

The models of telecommunications signals used in this paper to study the corre-
sponding correlation functions, power spectra and Wigner distributions are efficiently
implemented using the transition between states described by the tanh() function. Bi-
nary and M — nary baseband random telegraph signals are generated using a single
formula (1). A single parameter controls the slope of the transition enabling realizations
of unit step transitions or soft transitions.

It was shown that the notions of random processes representing baseband signals
and modulated signals are not unique. Especially the set of the sample functions of a
baseband random process can be synchroneous or asynchroneous Actually the author
has no knowledge, whether this fact has been described in any source. As well, the
sample functions of the harmonic carrier can be defined to have a fixed phase (proba-
bility density given by a delta distribution) or a random phase uniformely distributed in
the intarval O — 2. Most examples of correlation functions, power spectra and Wigner
distributions presented in this paper apply asynchronrous baseband signals and random
phase of the carrier. With these assumptions it was shown:
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1. The ASK and BPSK processes are ergodic, stationary and proper. Let us mention
that other authors classify BPSK processes as improper [5], [6] and [7]. It seems
that they overlooked to define, whether the sample functions are synchroneous or
asynchroneous. }

2. The FSK signal, binary or M-nary are cyclostationary and proper.

3. 'Two processes may have equal real and imaginary parts of the complex correlation
function (9), i.e., equal shapes of Re = p,, (T + pyy() and Im = p(t) — p,(7) with
different shapes of p,,(7), p,v(7), puu(7) and p,, (). However, for the cmplementary
correlation function the terms Re“"™ = p,.(1) — py(r) and Im®™! = OvuT) +
Pu(T) are equal zero only, if pu,(T) = py(T) and p,,(t) = —p, (7). Therefore, two
processes with equal correlation functions and equal power spectra may differ as
regards properness. A good example is the process with sample functions of a
harmonic carrier and the corresponding process of BPSK.

4. Thw usefulness of calculation of the ensemble averages of Wigner distributions of
ASK and PSK signals is questionable since the information about the sidebands
is lost. Of course, consequently there is no sense to calculate the complementary
Wigner distributions [5].

Not all aspects of the problems presented in this paper are sufficiently described.
Further research is needed for better descriptions.
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10. APPENDIX 1

The correlation function of the random process {e/“**=} is defined by the formula

P, 1) = E {00} = 0n+0)) (AD
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The insertion £, = #, + 7 and the application of trigonometric identities yiels
plt,1)=E {cos2 Qoty + 0)} cos () + E {sin2 (Qotl)} cos (1)
+ JE {cos? (t1 +0)} sin (Qq7) + JE {sin? (Qot1)} sin ()
Consider a random variable 6, = Qu#; + 6 with a probabilivty density function
pB)=6(6 -6
Let us derive the expected value of the random variable
Y = cos® (6,)

The characteristic function of the random variable Y is

Cr (@) = f e p(8)do, = f eI 005 (9, ~ 60) d, = &0 ()

(A2)

0.8

(A3) 06
. 0.4}

0.2

(A4) 02
0.4
-0.6
0.8

(A5) A

The probability density function of the random variable Y is given by the inverse Fourier transform of

Cy(w) , ie.,

o

py(¥) = 51; f emj0e0s* (60) gJ¥ gy = § [Y ~ cos? (90)]

Therefore,

o0

E{Y}= fYé[Y - cos? (90)]dY = cos? (6y)

-0

Notice, that the this expected value do not depend on f;. Analogously we can derive
E {sin” (8))) = sin® (6)

and
E {sin (Qqt + 6) cos (pt + G¢)} = sin (G;) cos (6;)

The insertion of (A7) and (A8) in (A2) yields the correlation function (14).
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I1. APPENDIX 2

00=0 Gg = 7/8

0 90=Tt/2

-2 -1.5 -1 -0.5 0 0.5 1 15 2 -2 -1.5 -1 -0.5 0 0.5 1 1.5 2
T T

Fig. 36. The second part of Fig. 16 presents the cross terms of the ensemble correlation function of

BPSK, case | ASYN-DET |, for selected values of the fixed phase of the carrier 8y = 0, /8, n/4 and /2.
Solid lines p,,, dotted lines p,,. The subtraction Puus - Py yields for any 8y the function sin (Qy7). The
pictures are the same for any values of ¢,

S. L. HAHN

FUNKCJE KORELACIHI, WIDMA MOCY I ROZKEADY WIGNERA
SYGNALOW TELEKOMUNIKACYJNYCH

Streszczenie

Opisano whasciwosci funkcji korelacji, widm gestosci mocy i rozkladéw Wignera czas-czestotliwosé
losowych sygnatéw telekomunikacyjnych. Sygnaly zaréwno w pasmie podstawowym jak i modulowane
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(kluczowane) generowano za pomocg metody opisanej w innej pracy autora. Poréwnanie funkcji korelacji
obliczanych w dziedzinie czasu i po zbiorze realizacji pozwala oceni¢ hipoteze ergodyczng, stacjonarno§é
i tak zwang ,,whasciwo$¢” (properness) proceséw losowych reprezentujacych sygnaly telekomunikacyjne.
Wyniki oceny zaleza od definicji danego procesu. W szczegélnodel realizacje proceséw w pa$mie pod-
stawowym moga by¢ synchroniczne lub asynchroniczne. Fale no$ne moga mieé faze deterministyczng
Jub losowa. Dlatego wiasciwosci procesow losowych reprezentujacych okreSlony rodzaj transmisji, na
przykiad ASK, BPSK, FSK lub inne uzaleznione sg od arbitralnych zaloZen. Na przyklad proces losowy
BPSK sklasyfikowany przez niektérych autoréw jako niewlasciwy okazuje si¢ by¢ wlasciwym w wersji
asynchronicznej. W pracy pokazano, ze obliczanie wartoéci oczekiwanej rozkladéw Wignera moze dla
sygnatéw telekomunikacyjnych nie mie¢ sensu, gdyz informacja o wstegach bocznych modulacji moze
by¢ zatarta.

Stowa kluczowe: losowe sygnaly komunikacyjne (w pa$mie podstawowym, analityczne), funkcje kore-
lacyjne w dziedzinie czasu i po zbiorze realizacji widma mocy, rozklady czasowo-
czestotliwos$ciowe Wignera
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Linear prediction of the rayleigh fading channel

ARKADIUSZ TROJANOWSKI, JACEK WOJCIECHOWSKI
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00-665 Warsaw, Poland
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This paper investigates the use of the linear MMSE prediction methods for the pro-
gnosis of non-stationary non-selective Rayleigh fading signals. It is shown that a properly
chosen and configured prediction algorithm offers much better knowledge of the radio
channel then the raw channel state estimate. The paper explores necessary conditions for
successful prognosis and reveals methods for improving prediction effectiveness. Presented
simulations show that the linear prediction is potentially a highly efficient tool for the
narrowband signalling over the Rayleigh fading channel.

Keywords: Rayleigh channel, adaptive transmissions, linear prediction.

1. INTRODUCTION

One of the challenges in digital mobile communication systems is a destructive
nature of the fading radio channels [1, 2]. Multipath signal propagation produces the
power fading phenomena and mobile station motion inflicts Doppler’s frequency shift.
Significant power fluctuations of the received signal — both constructive peaks and
destructive deep fades (Fig. 1), when a mobile station moves across the area, causes
that even with a constant noise power the Signal to Noise Ratio (SNR) varies with
time and the Bit Error Rate (BER) may intermittently increase. Therefore, wireless
systems designers for robust transmissions are forced to make their systems adaptive
to the channel conditions using various methods, e.g. adaptive channel coding, adaptive
power control, adaptive modulation etc. ([21, 14, 15)).

However, for the practical implementation of the adaptive techniques, the Channel
State Information (CSI) should be available at the transmitter. Obtaining exact CSI is
practically non-feasible. Estimation errors, processing and retransmission delays and
other factors cause that CSI is always outdated, distorted, and often improper. Conse-
quently, adaptation is ineffective.
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Fig. 1. Power fading in the Rayleigh channel

This paper explores ways to improve CSI quality and adaptation efficacy by re-
ducing the effect of calculations and retransmission delays. A technique that is under
consideration is the linear Minimum Mean Square Error (MMSE) predictor. Linear
MMSE prediction is a classical method ([2,3,4]) widely applied to telecommunication
systems, for example in speech compression, echo cancellation etc., to estimate future
samples of time-series using second-order statistics. Due to significant correlations
between successive samples of the fading signal, it can be also utilized in reduction of
the CSI estimation errors ([6, 8, 13]). In the literature also other methods for prediction
of the fading channel have been discussed. In [7], spectrum estimation, MUSIC and the
minimum norm algorithms, have been applied to estimate the parameters of incident
waves. In [9], an ESPRIT-type algorithm is introduced to estimate the dominant incident
sinusoids in the composite channel signal. In {10], a nonlinear predictor using multi-
variate adaptive regression splines is proposed. Low computation-, low memory-cost
polynomial approximation for short range prediction is presented in [11].

However, as it is basing on our research shown in Section 2, the linear MMSE
method provides long term prediction with a strong precision [16, 17] and various
algorithms allowing for the exchange of estimation accuracy for estimation time were
suggested ([18]). Predicted CSI is significantly closer to the real values then the outda-
ted CSI in wide range of channel conditions including fading signal non-stationarity.
Section 3 shows, that linear prediction applied to simplified adaptive transmission
systems ([19, 20]) greatly improves adaptation efficiency. In a BPSK system with the
power adaptation prediction reduced BER and enhanced power control. Sample MQAM
transmission system with CSI prognosis as a adaptation criteria gains successful ad-
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aptation of the constellation dimension, which is not effective with outdated channel
samples.

2. LINEAR MINIMUM MEAN SQUARE PREDICTION OF THE
RAYLEIGH FADING

Let us consider a flat (frequency non-selective) Rayleigh fading radio channel
without the line of sight, where all delayed components of the received wave arrive
within a small fraction of the symbol duration. For simplification we assume at the
beginning, that the channel is stationary.

Due to mobile station motion, the nth scatterer undergoes the Doppler frequency shift
given by

Jn :fc}cicosé)n = fy coséb,, (D

where f is the carrier frequency, v is the speed of mobile station, c is the speed of
light, 8, is the incident wave angle with respect to the direction of the motion of the
mobile station, and fy denotes the maximum Doppler frequency shift. Signal at the
output of the flat fading channel is given by [2]

y(#) = c(®)x(t) + n(1), @

where x(7) is the complex envelope of the transmitted signal, n(¢) is the white additive
Gaussian noise and c(¢) is the flat fading signal expressed as

C(Z) - Zynej(2”ﬁ1+¢rl) — 'y(t)ej¢(t), (3)

n=1

where vy, is the amplitude of the nth scatterer, f, is the Doppler frequency shift (1),
and ¢, is the phase.

It is known ([1]) that (3) can be modeled as a zero mean complex-valued Gaussian
random process with the autocorrelation function

R (1) = Jo Qrfut), 4

where Jo(.) is the zero-order Bessel function of the first kind (Fig. 2). The envelope
¥(8) is a Rayleigh-distributed random process and ¢(¢) is uniformly distributed over
the interval (- x, 7).

Let us consider a discrete-time realization of the signal (2) at the output of matched
filter and sampler

Yn = CpXp + Wp, (5)

where x,, is transmitted symbol, w, sampled realization of the white Gaussian noise, and
¢u 1s the flat fading signal sampled at the symbol rate. Due to significant correlations
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Fig. 2. Autocorrelarion of the fading signal in the flat Rayleigh channel

between successive samples of the fading signal (4), channel state in every sample can
be, with a certain error

en = cp — Cp, (6)
estimated as a combination of the previous samples. Note, that for the random second-

-order Gaussian process, like the flat Rayleigh fading, the linear model is optimal

(I3]). Therefore, we express the next fading signal sample as a linear combination of
the previous samples

P
&y = ApCrp- N
p=1

Although autocorrelation function of ¢, is time unlimited, the size of the linear model
is limited to an arbitrary integer P. The optimal vector of coefficients al =[a,...,ap]

is determined by minimization of the mean square error ({4, 5])

P 2
Q; =E {Cn - Z apcnwp] : (8)

p=1
and can be calculated from the equation
Ra=r, &)

where r is the p x 1 autocorrelation vector r,, = E[c,c)_,], and R is the p X p

n~mi?

autocorrelation matrix Ry = E [cn#kczhl] of the fading signal {c,}. Note that R is the
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Teoplitz matrix ([4]) and a fast Levinson-Durbin algorithm can replace matrix inversion
to solve (9).

Increase of the model size P reduces the prediction error, which approaches zero as
P — co. However, in the considered case it becomes significantly small if the degree
of the linear model is related to the relatively small number of the signal spectrum
poles, for example not larger than 20 in urban area [2]. More important is influence of
the noise signal power cr . The expression of the total prediction error is given by the

formula
04 =1+02~a'r, (10)

which draws the limits for prediction effectiveness ([13]).
2.1. MMSE PREDICTION OF STATIONARY RAYLEIGH FADING CHANNEL
Linear model size and noise power are very important system parameters affecting

prediction errors. Equally important is a ratio of sampling frequency to the maximum
Doppler frequency, defined as

p=fslfu 11

1/ f. <1/2f,

& S
e r e
| T, <1/ f, .
~ t
retrans- _r
cl}anngl S prediction
estimation | mission

fo 1/2f,

Fig. 3. Time limitations for the prognosis rate

Larger f; (p) offers more accurate prediction [17] (Fig. 4), but it makes shorter
prediction range. Contrary, small f;, if it only is at least equal to the Nyquist rate,
fs > 2fu (o > 2), provides long range prediction at the much slower rate. However,
time span 7, (Fig. 3) is limited by the Doppler shift, thus maximum prediction range
will depend on the maximal mobile station velocity. In Figure 4 theoretical curve of
MMSE vs. linear model size P is shown for SNR=30 dB and different values of p.
Prediction error Q% with P — oo and p — oo reaches minimal asymptotic value limited
by the power of the noise signal a"fv.

Practical implementation of the prediction algorithm reveals two problems. Firstly,
samples of the fading signal {c,} have to be estimated. Estimation proceeds at the
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frame rate, as well sampling rate is equal to the frame rate and constant. Therefore,
p varies with mobile station acceleration or decelerations and theoretical value of )8
changes. Moreover, 2}, can outgrow f,. Hence, the most safe is prognosis with the
frame rate close to 1/r,. It is also important to keep 7, small. Assuming constant
channel estimation and retransmission times (as required for minimal realization of
the adaptation loop), the remaining time spent on solving equation (9) has to be kept
possibly short.

Secondly, the autocorrelation function of the fading signal is unknown, varies with
time, and has to be estimated. We assume quasi-stationary character of the channel
during the observation time (next subsection shows when such an assumption is justi-
fied), but autocorrelation function still has to be estimated for every frame. Following,
prediction coefficients have to be recalculated.

Due to numerical complexity of the prediction algorithms [18], it is necessary to ba-
lance prediction accuracy and execution time. For that reason an appropriate prediction
method and linear model degree P should be chosen.

Levinson-Durbin algorithm with biased autocorrelation function estimation [16, 17] has
been pointed out as the best combining prediction accuracy with numerical complexity
[18]. Simulations for stationary fading channel (Fig. 5), showed that the optimal linear
model size does not exceed 40.

2.2. MMSE PREDICTION OF NON-STATIONARY RAYLEIGH FADING CHANNEL

The most important challenge in prediction of real fading signals is their non-
stationarity. The value of fy changes according to the mobile station acceleration
or deceleration. It forces that autocorrelation function and linear model coefficients
have to be recalculated in every prediction step. Additionally, system developer has to
decide either to use more complex algorithms for non-stationary signals or to assume
a quasi-stationary character of the channel during the observation.

The quasi-stationary assumption was chosen due to limited time slot for prediction.
To check the influence of the non-stationary channel on the prediction gain, three
non-stationary channel profiles were defined and examined ([18]): pedestrian (5 =~ 50),
downtown (5 ~ 8) and highway (o ~ 3) (Fig. 6-8).

In each of them f,(¢) oscillates harmonically with certain amplitude Afy and period
Toy around a specific E [far]. This simulates the worst transmission conditions,
L.e. periodic acceleration and deceleration of the mobile station.

As mentioned, the Levinson-Durbin algorithm utilizing the biased estimator of the
autocorrelation function was used in our research. Therefore, aside from the linear
model degree P, there is a second parameter for this method, N — the number of the
fading signal samples used for estimation of the autocorrelation function. It is known
(5] that the number of samples should be at least equal to 50 and also larger then 4P.
Otherwise estimation errors will be significant (Fig. 5, N=108), and Q% will increase
regardless of the higher computational cost.
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As seen from Fig. 6 increasing P results in decreasing MMSE only to the some
minimal value. Above this optimal P, larger model size causes larger prediction errors
and computational load. Due to bias of the autocorrelation function estimation [18]
more channel is non-stationary, the more decreases optimal value P (Fig. 6-9).
Increasing the value of N, with constant P has its own limits regarding signal
non-stationarity. For the downtown profile (Fig. 7) considerable increase of N from
212 to 331, products negligible, in comparison to Fig. 6, MMSE decrease. For highway
profile (Fig. 8) effects of the non-stationary character of the fading signal are noticeable,
and quasi-stationary assumption limits can be determined: larger number of samples
results in the MMSE growth. However, in spite of non-stationarity, if reasonable mo-
del parameters are utilized, prognosis gained from the prediction is usually much more
accurate then from the outdated CSI ([18]).
Estimation of the autocorrelation function and solving (9) can be avoided by using dif-
ferent prediction algorithms ([18]). There are two groups under consideration: adaptive
filters and lattice predictors. First provides very low computational load - for example
LMS numerical complexity is O(P). But decrease of prognosis accuracy (Fig. 9) and
filter stability problems are observed. Second group opens a way to improve knowledge
of CSI, but in exchange for high complexity of prediction filter. The most important,
adaptive algorithms, lattice filters and the Levinson-Durbin algorithm complement each
other and enable system developers to exchange prediction accuracy for power of the
signal processors.
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3. ADAPTIVE TRANSMISSIONS WITH FADING PREDICTION

In this section we verify by computer simulations the thesis that prediction of the
fading signal in the flat Rayleigh channel improves effectiveness of adaptive transmis-
sions systems by giving better knowledge of the CSI. In [14] prediction is utilized in
adaptive OFDM system. Our attention is limited to single carrier narrowband trans-
missions: BPSK with power adaptation ([19, 6]) and QAM with the adaptation of
constellation size ([21, 6]).

For BPSK. system two transmission scenarios were defined. First, Channel Power
Inversion (CPI), where transmitted signal power is an inversion of the predicted power
gain of the channel. Theoretically, assuming ideally é, = ¢, and prediction with the
symbol rate, this adaptation should eliminate influence of the fading. Both received
signal power and BER should be the same for adaptive transmission and transmission
in the AWGN channel.

But, in practical implementation adaptation proceeds at the frame rate and also
prediction errors appear. Therefore, CPI performance is inferior to that of AWGN.
Moreover it is infeasible to build a transmitter that can meet requirements of such
transmission (maximum output power, which theoretically can reach infinity, and dy-
namics). Furthermore, the most critical prediction errors occur for deep power fades.
Therefore, it is rational to break transmission when a deep fade is expected.

The second investigated transmission method is the Truncated Channel Inversion
(TCI). In this scheme subsequent frame is not transmitted, if predicted channel gain
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Fig. 10. BER in BPSK transmission over AWGN and Rayleigh channels vs. SNR/bit (pedestrian profile)

is smaller than some cutoff threshold. With the cutoff threshold rising BER decreases
but, due to transmission breaks decrease of the bandwidth efficiency also occurs.

Adaptive transmission in the Rayleigh channel, even if based on the outdated CSI,
results in lower BER. When the adaptation is based on the prognosis, due to the lower
MMSE (Fig. 9), transmission suffer fewer errors. For the CPI systems (Fig. 10) the
prediction gain, defined as a difference between BER in adaptive transmissions based
on the outdated and predicted CSI, reaches even 5 dB.

For TCI systems, where prediction gain increases with the cutoff threshold rise,
adaptive transmission reaches BER comparable to transmission in the AWGN channel.
Decrease of the bandwidth efficiency (due to transmission breaks) to 0.9 bit/symbol is
negligible.

Due to MMSE increase (Fig. 6-8), adaptation becomes less successive with fading
signal non-stationarity increase (Fig. 11). However, compared to the adaptation based
on the outdated CSI, where small BER gain can be explained by significant received
power increase, our prediction is more effective.

It reduces BER by 8 dB compared to outdated CSI and by 10 dB compared to AWGN
system without adaptation. Note that TCI transmission for SNR/bit below 2 dB suffers
fewer errors than AWGN transmission. It is due to the use of CSI predictor as a
power prognosis. Such a channel power predictor is biased [13] and its prognosis to
pessimistic.

We also examined two adaptive MQAM systems. Both adaptations aimed in keeping
error rate lower than some assumed BER,,,,. Constellation size and bandwidth efficien-
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cy were varying [20]. First, marked in Fig. 12 as a MQAM, adapted only constellation
dimension. Second, marked as PQAM, adapted both constellation size and transmitted
signal power according to the scheme described in [21]. Since adaptation basing on
the outdated CSI does not work properly and BER exceeds assumed BER,,,., in both
cases prediction gain was noticeable. Only with prognosis as the adaptation criteria
MQAM systems worked correctly.

4. CONCLUSIONS

In this paper the prediction of stationary and non-stationary fading Rayleigh chan-
nels with respect to adaptive transmissions were examined. In Section 2, basing on
statistical characterization of the fading signal, linear predictors was selected and phy-
sical limitations for prognosis were described. We conjectured, that prediction accuracy
is bounded by the power of noise in the channel, linear model size, prediction range,
and by the algorithm limitations. Conditions for a proper selection of the sampling
rate were formulated. Subsequently, influence of the fading non-stationarity was exa-
mined and limits of practical implementation revealed. However, also advantages of
the predicted CSI over the outdated were exposed. It was concluded, that the number
of various prediction algorithms make systems development more flexible. In Section 3
sample adaptive transmissions systems were simulated. Presented results demonstrated,
that the utilization of CSI prognosis as a adaptation criterion can offer considerable
improvement of the transmission conditions. Assuming, basing on our research it was
shown, that a properly chosen and configured linear prediction algorithm provides
channel information significantly closer to the real values then the outdated CSI. Also
ways to practical implement of the long-range prediction were drawn. Let us notice, that
investigated transmissions conditions do not limit conclusions. Real carrier, sampling
and maximum Doppler frequencies and other physical parameters like moving speed,
accelerations etc. are less important than resulting p and its variability, linear model
size P or 2. Although narrowband signaling era fades slowly, we still find prediction
of the fading signal as a highly potential tool, for example for link adaptation in OFDM
systems ([14]), where separate carriers comply with the non-selectivity condition.

5. REFERENCES

L. W. C. Jakes: Microwave Mobile Communications. Wiley Interscience, 1974.

2.J. G. Proakis: Digital Communications. McGraw-Hill, 1995,

3. 1. Zarzycki: Orthogonal Digital Filtering of Stochastic Signals. WNT (in Polish), Warsaw 1998.

4. S. V. Vaseghi: Advanced Signal Processing and Digital Noise Reduction. Wiley & Teubner,
1996.

5.G. E. P. Box, G. M. Jenkins: Time Series Analysis: Forecasting and Control. Second
Edition, San Francisco, Holden-Day Press, 1976.




64

A. TROJANOWSKI, J. WOJCIECHOWSKI Kwart. Elektr. i Telekom.

10.

11.

12.

13.
14.

15.

16.

17.

18.

19.

20.

21.

A. Duel-Hallen, S. Hu, H. Hallen: Long-Range Prediction of Fading Signals. IEEE
Signal Processing Magazine, May 2004, vol. 17, no. 3, pp. 62-75.

R. Vaughan, P. Teal, R. Raich: Short-Term Mobile Channel Prediction Using Discrete
Scatterer Propagation Model and Subspace Signal Processing Algorithms. Proc. 1IEEE International
Vehicular Technology Conference, Sep. 2000, pp. 751-758.

T. Eyceoz, A. Duel-Hallen, H. Hallen Deterministic Channel Modeling and Long
Range Prediction of Fast Fading Mobile Radio Channels. IEEE Communications Letters, Sep. 1998,
vol. 2, pp. 254-256.

J. Andersen,J. Jensen, S. Jensen, F. Frederiksen: Prediction of Future Fading
Based on Past Measurements. Proc. IEEE International Vehicular Technology Conference, Sep. 1999,
pp. 15- 55.

T. Ekman, G. Kubin: Nonlinear Prediction of Mobile Radio Channels: Measurements and
MARS Model Designs. in Proc. IEEE International Conference on Acoustics, Speech, and Signal
Processing, May 1999, vol. 5, pp. 2667-2670.

Z.Shen,J. G. Andrews, B. L. Evans: Short Range Wireless Channel Prediction Using
Local Information. Proc. IEEE Asilomar Conf. on Signals, Systems, and Computers. Pacific Grove,
CA USA, Nov. 2003, vol. 1, pp. 1147-1151.

P.D. Teal, R.A. Kennedy: Bounds on Extrapolation of Field Knowledge for Long-Range
Prediction of Mobile Signals. IEEE Transactions on Wireless Communications. March 2004, Vol. 3,
no. 2, pp. 672- 676.

T. Ekman: Prediction of Mobile Radio Channels. PhD dissertation, 2002, Uppsala University.
Tung-Sheng Yang: Performance Analysis of Adaptive Transmission Aided by Long-Range
Channel Prediction for Realistic Single- and Multi-Carrier Mobile Radio Channels. PhD dissertation,
2004, North Carolina State University, Raleigh.

D. Mihai Ionescu, Adrian Boariu Predictive Closed-Loop Power Control for
Frequency-Division Duplex Wireless Systems. IEEE Comm. Lett. June 2001, vol. 5, no. 6, pp. 248-250.
A. Trojanowski: Digital Trasmission in Rayleigh Fading Channel Using Long-Range Predic-
tion. Ms.C. thesis (in Polish), Warsaw Unieversity of Technology, Warsaw, 2002.

A. Trojanowski, J. Wojciechowski: Prediction of the Fading in the Rayleigh Radio
Channel Using Linear Prediction Methods. Proc. KKRRIiT 2003 (in Polish), Wroctaw (Poland), June
2003, pp. 267-270.

A. Trojanowski, J. Wojciechowski: Linear Prediction of the Fading Channel — Com-
parision of the Algorithms. Proc. KKRRIT 2004 (in Polish), Warsaw (Poland), June 2004, pp. 88-91.
A. Trojanowski, J. Wojciechowski: Adaptive BPSK Transmission in the Rayleigh
Channel With the Linear Minimum Mean Square Error Power Fading Prediction. Proc. 6th NATO
RCMCIS 2004, Zegrze (Poland), September 2004, pp. 330-338.

A. Trojanowski, J. Wojciechowski: Adaptive Digital Transmissions in the Rayleigh
Channel with Power Fading Prediction as a Adaptation Cirteria. Submitted and accepted to the
KKRRIT 2005, Krakéw (Poland), September 2005.

A.J. Goldsmith,S. G. Chua: Variable-Rate Variable-Power MOAM for Fading Channels.
IEEE Trans. Commun., Oct. 1997, vol. 45, pp.1218-1230.

Jeds
munikacj
sygnat ni
nych zabe
do panuj:
(CSD). Ini
wigc prze
kanale.

W a
dratows |
odbiornik
zaniku o
wym zard
wskazujer
najlepszej

WP
lepsza wi
tacyjnych
MQAM z
bitowa stc
adaptacji.

Stowa kluc



elekom.

. IEEE

Discrete
hational

d Long
5. 1998,

 Fading
0. 1999,

nts and
| Signal

n Using
- Grove,

g-Range
- Vol. 3,

TSity.
g-Range
ertation,

rol  for
48-250.
Predic-

h Radio
d), June

- Com-
. 88-91.
Rayleigh
1 NATO

Rayleigh
1 to the

hannels.

TOM 51 - 2005 LINEAR PREDICTION OF THE. .. 65

A. TROJANOWSKI, J. WOJCIECHOWSKI

PROGNOZA LINIOWA KANALU RADIOWEGO Z ZANIKIEM RAYLEIGHA

Streszczenie

Jednym z podstawowych probleméw, z jakimi spotykaja si¢ projektanci cyfrowych systeméw radioko-
munikacji ruchome;j lgdowej, jest destruktywny wplyw wielodroznej propagacji fal radiowych na odbierany
sygnal niosgcy informacje. Szybkie i znaczace zmiany odbieranej mocy wymagaja, aby parametry stosowa-
nych zabezpieczefi, moc nadawanego sygnatu, sifa kodowania kanalowego itd., podlegaly ciagtej adaptacji
do panujgcych warunkéw. W tym celu niezbedne jest posiadanie informacji o aktualnym stanie kanatu
(CSD). Informacja estymowana w odbiorniku, jest opéZniona o czasy obliczeri oraz transmisji zwrotnej,
wigc przedawniona, a zastosowane zabezpieczenia czgsto nieskuteczne, bo nieadekwatne do warunkéw w
kanale.

W artykule, jako rozwiazanie problemu przedawnienia CSI proponujemy wykorzystaé redniokwa-
dratowg prognoze liniowg do estymacji przysztych wartoéci sygnatu zanikéw na podstawie zebranej w
odbiorniku najnowszej historii kanata (Punkt 2). Pokazujemy, ze w zastosowaniu do nieselektywnego
zaniku o rozkladzie Rayleigha daje ona dokladniejszg od przedawnionego CSI wiedze o kanale radio-
wym zaréwno dla kanatéw stacjonarnych (Punkt 2.1), jak i niestacjonarnych (Punkt 2.2). Jednoczesnie
wskazujemy uzyteczne algorytmy prognozy, ich ograniczenia oraz metody konfiguracji w celu uzyskania
najlepszej doktadnodei predykeji pogodzonej z krétkim czasem obliczer.

W Punkcie 3 przedstawiamy wyniki symulacji komputerowych, ktére prezentujs, w jakim stopniu
lepsza wiedza o kanale radiowym, uzyskana dzieki zastosowaniu predykcji, poprawia wydajnosé adap-
tacyjnych systeméw transmisji. Symulacje numeryczne dwdéch systeméw: BPSK z adaptacjg mocy oraz
MQAM z adaptacjg wielkosci konstelacji, pozwalajg przekonaé sig, Ze zastosowanie prognozy zmniejsza
bitows stope bledéw transmisji, poprawia kontrole mocy, ogblnie pozwalajac lepiej wypelniaé kryteria
adaptacji.

Stowa kluczowe: kanal Rayleigha, transmisja adaptacyjna, prognoza liniowa
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An Impedance Model of a Reconfigurable Antena

YEVHEN YASHCHYSHYN

Warsaw University of Technology, Institute of Radioelectronics,
ul. Nowowiejska 15/19, 00-665 Warsaw,
Poland, Phone (48 22) 6607833
email: e.jaszczyszyn@ire.pw.edu.pl

The general model of the reconfigurable aperture in the impedance approximation is
described in this paper. The integral equation for the magnetic currents being excited on a
aperture with the variable surface impedance is formulated. A highly effective numerical
algorithm is used to obtain the solution of the integral equation. The Genetic Algorithm is
used in the optimization of the desired radiation pattern. The optimizer tries to determine
the configuration of a conductive pattern on a semiconductor substrate to obtain the desi-
red radiation pattern. Theoretical results are compared with measurement for cases of the
substituted microstrip structure and show a very good agreement.

Keywords: Reconfigurable antenna, surface impedance.

1. INTRODUCTION

Nowadays, radioelectronic systems employ multiple antenna systems. In order to
reduce and improve performance characteristics it is desirable to combine multiple
functions into a single antenna system. To satisfy multi-mission functionalities, a single
aperture requires an antenna array that can be quickly reconfigured to operate efficiently,
¢.g. at various application frequencies [1] - [3]. The main purpose of a reconfigurable
aperture is to reduce the complexity of an antenna system operating on a desired
frequency band, with the control over antenna gain and beam pointing direction or
shape. The reconfigurability can be achieved by dynamically forming arbitrarily shaped
conductive surfaces (patterns) by the use of space-charge injection in semiconductor
layers or by other means [4].

Several approaches have been proposed for implementing the reconfigurable an-
tennas. The reconfigurable aperture structures can be divided into two main groups:
the first one, which uses fixed separated switches (e.g. based on the PIN diode, the
field-effect transistor — FET, microelectromechanical system — MEMS) placed on
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the aperture and, the second one, which uses temporarily created switches, e.g. on
a semiconductor substrate or waveguide. An example of the first group is a reconfi-
gurable aperture concept derived from fragmented aperture design where the confi-
guration of the fragmented aperture may be switched by the user to obtain different
functionalities [5], [6]. These reconfigurable apertures are derived from the new class
of antenna, which consists of a matrix of conducting patches with switches between
some or all of the patches. These reconfigurable apertures can change functionali-
ty by opening or closing different connections between these patches. An example
of the second group are the plasma regions with fairly high electrical conductivity,
which are temporarily created on a silicon substrate [7] — [9]. These regions define
the antenna structure, and they can be changed to create different antennas. The key
element of the antenna, which has been presented, e.g. in [9], is a semiconductor chip
that contains a set of individually controlled PIN structures. Electromagnetic waves
propagate through the chip, which also serves as a planar dielectric waveguide. The
PIN structures locally affect the wave propagation velocity and the antenna can form
a beam in practically any direction within a wide steering angle (like a leaky-wave
antenna).

The leaky-wave antennas are well known due to their pencil beam radiation pat-
terns, frequency [10] and electrical [11] beam scanning and beam steering using photo-
induced plasma [12].

The basic physical phenomenon of directional radiation of a leaky wave travelling
along a periodically loaded infinite waveguide [13] —[15], along nonuniform aperiodic
arrays of finite extent [16] or along microstrip line with the first higher order mode
[11], [17 ] is under active study. So it is appropriate to consider more general design
situations in which not only a waveguide is loaded with nonuniform aperiodic finite
arrays, but also when the waveguide is limited. Taking into consideration the finite
dimensions of an antenna aperture is very important, because the influence of the
surface wave diffraction at the edges of substrate can be significant. An exact solution
for plane-wave scattering by a wedge with two uniform impedance faces is presented
in [18].

The aim of the present work is to propose an effective impedance model for
the analysis of a planar reconfigurable aperture of finite extent. It is assumed that
the reconfigurable antenna is excited by e.g. the lowest surface wave mode E of the
semiconductor substrate. The radiation characteristics of the reconfigurable array are
treated as a result of surface wave diffraction by a finite number of inhomogeneities
(temporarily created) and by edges of substrate with whole mutual relations. The ana-
lysis is based on the use of the impedance boundary condition. Therefore, the integral
equation for the electric and magnetic currents being excited on an aperture with
the variable surface impedance has been formulated. The variable surface impedance
means that surface impedance of the aperture can be varied arbitrarily by changing
the conductivity of semiconductor substrate. There are different mechanisms of the
conductivity change (see, e.g. [7], [19]-[20]).
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The highly effective numerical algorithm has been used for the solution of the inte-
gral equation. The Genetic Algorithm has been used in the optimization of the desired
radiation pattern. The optimizer tries to determine the configuration of a conductive
pattern on a semiconductor substrate to obtain the desired radiation pattern.

2. MODEL OF A RECONFIGURABLE APERTURE

The analysis of the antenna array can carried out by the use of the solution of
the external boundary problem of electrodynamics where the quantity of the boundary
subareas is equal to the number of array radiators. Such boundary problem can be
solved by different methods. The boundary problems for the second order differentjal
equations can be reduced to the integral equations. In electrodynamics the integral
equations can be obtained from the boundary conditions either by using the Lorentz
lemma or the equivalence theorem.

The proposed model of a reconfigurable aperture makes use of the impedance
boundary conditions. The change of a precise boundary condition on the dielectric and
conductor surface into impedance boundary conditions allows to simplify the solution
of the problem substantially. A semiconductor planar waveguide with high conductivity
areas ([7] ~ [9]) may be considered as the simplest impedance structure. We assume
high- purity silicon as the semiconductor material. At mm-wave frequencies silicon
behaves as a lossy medium whose conductivity changes almost proportionally to the
plasma density [7]. So we can consider two main states of the silicon: as a dielectric
area (without plasma) and as a high conductivity area (with plasma).

Fig. 1 shows the process of transforming a real reconfigurable structure to a surface
with a variable surface impedance. It is assumed that the reconfigurable antenna is
planar and thin.

The width of the structure is bigger than its thickness, w >> h. In that case
constant-amplitude and constant-phase field distribution along the high conductivity
areas (in x-direction) is considered. The radiation pattern can be derived from its
two-dimensional model with no field variations along the “x”-axis. The finite width
of the substrate in this direction (perpendicular to the direction of the surface wave
propagation) can be taken into account by means of an effective dielectric constant as
has been previously noted in [13].

The distances between high conductivity areas in the semiconductor waveguide as
well as their widths can be varied. Distances d; and widths b, are equal to any multiple
of the minimum spacing between the individual PIN’s

A=LIN; di=q;- A, b =p;- A 6]
where I is the aperture length; N is the maximum number of temporary created

individual PIN structures in the semiconductor waveguide. The values of ¢ and p will
be considered later.
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Fig. 1. The process of transformation of real structure to surface with a variable surface impedance

By turning on the PIN structures selectively it is possible to obtain the desired con-
ductive pattern. Thus, the main beam direction can be electronically switched among
several directions at a fixed frequency.

The semiconductor waveguide, which usually works on the lowest mode E can
be represented by the normalized (to the free-space intrinsic impedance Zy) surface
impedance Zy. From the condition that the propagation constant of a surface wave y;,
normalized to ko (the free-space wavenumber), is known, this impedance value can be

obtained from:
Z8=ify? -1, 2)

where y, is the solution of dispersive equation and in the case of the lowest mode it
can be found from the characteristic equation:

Ax? = & - sinhQrh (Jx? — &)+

ey \/;2—_] - cosh (@ \Jx® = £2) lyey, =
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where & is the thickness of a semiconductor layer normalized to the wavelength A; &;
is the relative substrate permittivity of the semiconductor without plasma normalized
to the permittivity of free space &y. In the case of accounting the losses, the value of
& Is complex.

A conductor can replace the high conductivity areas, the impedance of which can
be represented as follows:

W gy 1+1

o V2
where w is the angular frequency; o is the conductivity; u, = po in the case of
non-magnetic material.

Therefore, along the “y” — axis the surface impedance varies in a discrete manner
at the locations of conductor discontinuities.

Consider the integral equation for currents being excited on the plane with the
variable surface impedance. A harmonic time-dependence exp(iwt) is assumed and
suppressed. Taking the effect of the edges into account, we present the impedance
structure as a wide strip parallel to “x”- axis. On the assumption that the impedance
is homogeneous in the “x” direction and arbitrarily variable in the “y” direction, the
electric waves (Lz, Ey, Hy) being considered within the impedance strip should satisfy
the boundary condition:

Zi) = “4)

Ey O
Hy JEQ)’

Zg (Y=o = %)

where JM (y) = [ﬁE] is the surface magnetic current; JZ (y) = [ffﬁ] is the surface
electric current [21].

In the further part of the surface plane where Zg(y) = 0, which corresponds to the
perfectly conducting (o = co0), the boundary condition should be carried out:

E, = 0. (6)

The field over the plane z = 0 can be described by the electric and the magnetic
vector potentials, which can be expressed in integral form by:

A¥(y,2) = fJ'E /,7) - G*(y,y;2,7)ds;
S/

AM(y,2) = f MO ) Gy y's2.2)ds'
Sl'

)

where S’ is the cross section of the current density volume V’ at x = const; GE™ s
the Green’s function, which is described later. The primed coordinate (y’, z’) specifies
the location of the current density (sources) within the volume V’, while the unprimed
coordinate (y, z) is the position of the observer.
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The volume densities of the electric and magnetic currents in (7) consist of the
source currents in volume V’ and currents, which are induced on the impedance strip
and perfect conductivity screen:

jM/b‘(y',z') — jM/Esource(yl,Z/) + jM/ILinduced(y/’Z/) (8)
The induced currents are surface currents:
jM/Esource(y/’Z/) . JM/Emducea’(yr) . 5(Z, . O) (9)

where 6(z" — 0) is a Dirac’s delta.

The induced electric currents exist on both the impedance strip and the perfect
conductivity screen. However, the induced magnetic currents exist only on the im-
pedance strip, where surface impedance is not equal to zero. The field generated by
currents in the exterior upper region (z > 0) can be written follows:

E =

- (kZAE + grad - divAE) - rotAM;
[We

1 ' 10)
H=s —— (szM + grad - a’ivAM> + rotA¥
Wl a0

where

Af = f jEouree . GEgy + f JE - GEds,

14 s (11)

AM = ijsource . Gll\’[dv + fJM . GIZVIdS;
§

14

&40, Mqo is the absolute free §&ace permittivity and permeability respectively.

The Green’s function G?/z has to satisfy a two-dimensional wave equation, radia-
tion condition and boundary condition on a screen. These functions are based on the
sum (for E) and the difference (for M) of 2-D Green’s function in free space. Thus,

the function G5 (z = 0) = 0. The rest can be presented as follows:

I
GY' =~ Hp (k o=+ - z')2), (12)
I
Gy = =S H (k|- ¥]). (13)
G} =GM, (14)

where H(()z) (kr) is the Hankel function of the second kind of order zero.
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Next, magnetic field H, generated by the currents (8) in the exterior upper region
can be defined as:

k? .
=5 ijmmG?ddV' + fJingidS’)+
1Wfla0
) i (15)
J N 9 o
v o

Using the relations (5) and (15), in case we can write the integral equation for
unknown surface magnetic currents in the following way

T o)+

b
kZ
N £(Y)
2-Zy

(16)
L) - HP ey -y

)dyl - U.s‘ource(y).

a

In the case of the surface wave excitation with amplitude Uy the function U*?" (y)
can be determined from the following expression

KZp(y)
2-Zy

USOuI‘CeO)) —_ er“iXSy. (17)
If the structure is excited only by a line magnetic current (it is equivalent to the
slot-line in a screen) then the function U***“(y) can be given by:

source _ kZE (y ) M.source,. s _1
) = =S |t
S (18)

HP e (v = y)2 + 20 ds’

If magnetic current is presented as follows: jﬁ’w"’“(y',z') = Ii"“"’”r “. 50"~ yo) -
6(z — z9), then the function U**“°(y) can be written as:

k7 JMsource
Usource(y) - !____mf_(y) FX .
22 (19)
HP G~ 07+ 22)

where I;}“"”’“’ is the amplitude of the current; yy, zo are coordinates of the line magnetic
current.

The function U*****(y) can be easily determined by known distribution of the
source currents.
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The integral equation (16) is the Fredholm integral equation of a second kind with
a difference kernel. The solution of it can be found by using difference methods [22].
The simplest method assumes that integral of the unknown current and kernel from a
to b can be replaced by the sum of the integrals over small intervals, where unknown
current distribution is assumed to have small changes. The amplitude of these currents
in the centre of the intervals is elevated from the integrals over small intervals. As a
result we obtain a set of the linear algebraic equations of the order N in unknowns

T )+

AYn
Yt

N KZe ()T} On)
DI f HE G b~ Dy’ = 0)

Ay,
Yn— 2”

- USOler(,'(ym). m = 172, ...,N

In the matrix form the expression (20) can be represented as:

(EN -+ XA 1121 - 110 = 1T (21)

where ||Y]| -is the difference kernel (Teplitz matrix) of the integral equation; ||Z]] - is
the diagonal matrix which includes the surface impedance variation along the *y” -
axis; ||E|| - is the diagonal unit matrix; ||| - is the matrix of the unknown amplitude
of the surface currents, being defined during the solution process; ||U|| - is the matrix
which denotes the function U**““(y,,).

By applying the method of the conjugate gradient with the fast Fourier technique
to (21) (see, e.g. [23]) it is possible to obtain an effective numerical algorithm. With
this combination, the computational time required to solve large aperture is much less
than the time required by the ordinary conjugate gradient method and the method
of moments. Furthermore, because the spatial convolution is replaced with simple
multiplications in the spectral domain, some of the computational difficulties presented
in the ordinary methods do not exist here. Sirice the method is iterative, it is possible
to determine the accuracy of the solution.

The E-plane radiation pattern can be obtained from the integral representation
of the total scattered field outside the reconfigurable structure using the asymptotic
steepest descent method. Writing the radial component of the Poynting vector in the
far-zone region of the array, we obtain the following angular function describing the
relative power radiation pattern

2

N ,
. pikA-n-sin
Z JM e kA g
X
n=0
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IF, (O = 22

N 2
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——

where 6 is the angle of the direction of radiation with respect to the “oz”-axis. The
relative radiated power is calculated by integrating the (22) over the angle # (in the
case of two-dimensional model of the array)

nf2

Pras= [ \F@F a6 | 3)

—7/2

3. ANALYSIS OF A RECONFIGURABLE APERTURE

The proposed model was first applied to the analysis of reconfigurable antennas
formed by identical high conductivity areas of width b; = b separated by equal distances
d; = d (as in case of a typical leaky-wave periodical array), which can be obtained
from the expression 1

! By — sin(6) 9
where B, = real(y,) is the phase constant; y, = f8; —I-a; is the propagation constant of
the surface wave; 6y is the desired direction of radiation. The width b has been chosen
equal to d/3.

Since the reconfigurable structure under test is discrete, the distance d and width
b is not continuous

q = round(d/A), (25a)
p = round(b/A) (25b)

where ¢ and p is the number of minimum spacing between the individual PIN’s A
which can be inserted in the distance d and width b, respectively; function “round”
denotes rounding to the nearest integer value. ,

Due to the discontinuities, the “discrete direction” of radiation can differ from the
desired one.

Fig. 2 shows a plot of the main beam direction 6, as function of the discrete
distance ¢ given by (24) and (25a) for various values thickness of the A. It is found
that the main beam direction can be controlled over a wide range but only in a discrete
direction.

The parameters of the reconfigurable antenna are chosen as follows: &, = 11.8 —
£-0.00163 (for silicon without plasma), f = 33.5GHz, N = 128,/ = 10, A = L/N =
0.0782.

As it can be seen in Fig. 2 the maximum difference between neighbouring discrete
radiation angle value can be as high as 40° (for & = 0.65mm). This difference will de-
crease if the maximum number N of individual PIN structures increases. For example,
if N equals 256, then the maximum difference will equal 25°.

In Fig. 3, an example of normalized computed (solid line) and desired (dotted line)
E-plane radiation patterns, is shown. Desired radiation pattern has been calculated on
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Fig. 2. Radiation angle as a function of the discrete distance ¢ for various thickness &

the assumption that the magnitude current distribution on a continuous structure is
uniform. Desired direction of radiation is 40° (for the case when i = 0.45mm and
N =128).
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Fig. 3. The computed (solid lines) and desired (dotted line) E-plane radiation patterns

However, the nearest to the desired radiation patterns (the calculated radiation pat-
terns of the discrete reconfigurable antenna) have the maximum direction of radiation
equal to 47° (line 1) and equal to 32° (line 2) respectively. This is due to the discrete
distance g, as it has been mentioned earlier. It is also seen that the side lobes level
(SLL) of the calculated pattérn is much higher than SLIL of the desired one. The
reason for this is the relatively small structure. The structure is only about 104. So the
radiation field is under the influence of the surface wave diffraction on the substrate
edge, because significant part of the surface wave power runs in to a substrate edge.

Fig. 4 shows the computed current distribution for the radiation pattern, which is
shown in Fig. 3 (line 1). The current distribution for radiation pattern which is shown
with line 2 in Fig. 3 is similar to the first one and thus is not shown here.

Referring to Fig. 4, it can be seen that the induced magnetic currents exists only
on the impedance strip, where surface impedance is not equal to zero. For the first
radiation pattern (line 1, Fig. 3) the discrete distance ¢ equals 7 (d; =d =7 - A) and
the discrete width p equals 4 (b; = b =4 - A). For the second one ¢ equals 8§ and p
equals 4 respectively.

conducti

Fig

To
specific
be obta
the dist

For
control]
we can
bits are
NP is ¢
distance
Oy = —4
. The
and “11
the secc

Fig. 5. F

The



lekom.

ure 1s
n and

n pat-
1ation
screte
Jevel
. The
>0 the
strate
dge.

ich is
shown

5 only
e first
) and
and p

TOM 51 — 2005 AN IMPEDANCE MODEL. .. 77

I 1 L
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Fig. 4. The normalized distribution of magnetic currents along the variable surface impedance

4. OPTIMIZATION OF THE CONDUCTIVE PATTERN
OF A RECONFIGURABLE APERTURE

To create the desired radiation pattern or the nearest to it, it is necessary to have a
specific type of amplitude-phase field distribution along the radiating structure. It can
be obtained by choosing both the optimum width b; (or p;) of the discontinuities and
the distance d; (or ¢;) between them.

For the purpose of practical implementation it was assumed that the turned on
controlled individual PIN is presented as “1” and turned off — as “0”. From Fig. 5
we can see that such representation gives a binary resolution, which equals ¢. Here, ¢
bits are used for discrete width (p;) control in each segment. The number of segments
NP is determined as NP = round (L/d). This number will undergo changes since the
distance d depends on the desired direction of radiation. For example: NP = 17 for
0y = —40, and NP = 11 for 6y = 0.

The binary code, which represents the minimum and maximum width is “000...00”
and “111...11” respectively. It means that in the first case the width equals 0 and in
the second case it equals d = g - A.

Z.(n-A
1] | —l"ﬂ >
1,2,3,4,5 . ... N-1,N n
11000060 ...0011010
A ~ A A\ ~ 7
b b
Py Pyp

Fig. 5. Forming of binary chromosome represents reconfiurable structure setting (conductive pattern)

The genetic algorithm [24] determines the optimal configuration of reconfigurable
conductive pattern for a particular goal.
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Each binary string representing the width pf is concatenated together to form a
single string -— binary chromosomes.

In the first step, the genetic algorithm processes a random population of binary
chromosomes. In the first approach tc adaptation, each chromosome represents recon-
figurable structure settings. These chromosomes are then assigned cost function value.
Then in the iterative manner new populations are created by application of selection,
crossover and mutation operations giving gradual improvement of cost function value
that is maximised.

The cost function @ has been used in the form:

1
o D6 26
C= i@ -rop P (26

where f(0) is the desired radiation pattern; F,(8) — is the calculated radiation pattern;

D(6y) — is the directivity in the desired direction of maximum radiation 6y. Directivity

is determined as follows "

2|F, (60)|
P rad

The progress of reproduction and survival selection continues until a satisfying
result is obtained or preset maximum number of iteration is reached.

Fig. 6 shows the normalized E-plane radiation patterns before and after optimiza-
tion to the desired direction of radiation, which equals —40°. This result shows that

D (6) = @7

..........................

1
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=
54
]
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w
o

Radiation pattern {dB)
(921 [9:]

A&
=]

Degrees (8)
Fig. 6. Normalized radiation pattern before and after optimisation to the desired direction of
radiation 8y = —40

for such a small PIN number N (in our case N = 128) the radiation pattern can be
optimized to desired direction but in the meantime, the side lobe level increases. The
PIN structure (binary chromosomes) generating optimized radiation pattern (it is shown
in Fig.6) is shown at Table 1.

To validate the impedance model, a test was performed on the substituted micro-
strip structure. The frequency of operation (33.5 GHz), the number N (128) and the
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Table 1

The PIN structure generates‘optimized radiation pattern shown in Fig. 6.

b I b b b b
7y 12 3 Py Ps Ps

001110010110111]0001110]0011111 1001010 1000111

b b b b b b
P7 Py Py Pio P 147

1001111 1100111 |1100001|1110101 1101001 1101010

b b b b b b
Pi3 Pla Pis Pis 14t Phg

1110010|1011010|1111000| 1111010 1110100 | 000000000

dimension structure (104) were the same as in the semiconductor case. The dielectric
substrate was 2-mm-thick Teflon. The radiation aperture was formed from a printed
circuit board 90x30 mm in size, with the strips etched from the copper cladding on
one side of the board.

The strip configuration (Fig. 7) was obtained after optimization of the radiation
pattern to desired direction of radiation. In this case the direction was equal to 8y = —20.

St

Fig. 7. The strip configuration of substituted microstrip structure

Fig. 8 shows the normalized calculated (before and after optimization) and me-
asurement radiation pattern. It can be seen that simulated and measured patterns are
nearly the same.

Same difference between them can be caused by the finite size of the conductive
screen on which the impedance structure is placed, whereas in the theoretical model
this surface is infinite in size.

The microstrip structure (binary chromosomes) generating optimized radiation pat-
tern (it is shown in Fig. 8) is shown at Table 2.
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Op- béfore';'”
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Radiation pattern (dB)
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2000 20 40 60 80
Degrees (6

Fig. 8. Normalized radiation pattern before and after optimization to the desired direction of radiation
6y = —20 (calculed and measured)
Table 2

The binary chromosomes of the substituted microstrip structure generates optimized
radiation pattern shown in Fig. 8.

I 2 P A Pi b

00100101 10010111 00010111 ;10010111 01100101 | 10100001

b b b b b b
12 Ps P9 P Py P2

01100011]01100001 | 10100001 | 11011000 01110010} 11010000

b ) b b b b
Pis Py Pis Pis D7 Pisg

01101101 { 10101000 | 00101011 | 00000000 — —

5. CONCLUSION

This paper discusses an effective approximate approach, based on impedance boun-
dary condition, to the analysis and design of the reconfigurable aperture. The integral
equation for the magnetic currents being excited on an aperture with the variable
surface impedance is formulated. The variable surface impedance means that surface
impedance of an aperture can be varied arbitrarily by changing the conductivity of
a semiconductor substrate. The Genetic Algorithm is used in the optimization of the
configuration of a conductive pattern on a semiconductor substrate to obtain the desired
radiation pattern. Theoretical results are compared with measurement for cases of the
substituted microstrip structure and show a very good agreement.

It should also be noted that the proposed impedance model can be applied to the
analysis and design of a broad class of microwave and mm-wave flat structure which
can be presented in impedance approximation including structures with MEMS.
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E. JASZCZYSZYN

MODEL IMPEDANCYJINY ANTENY Z REKONFIGUROWANA APERTURA

Streszczenie

Anteny o rekonfigurowanej aperturze moga by¢ wykorzystane przez rézne systerny radiowe w réznych
momentach czsowych. Wspélne wykorzystanie jednej rekonfigurowanej apertury przez roine systemy
radiowe umozliwia “zmniejszenie” sumarycznej apertury fizycznej zespolu anten, z kit6rego kaida antena
mialaby by¢ wykorzystywana przez poszczegdlny system. Wydaje sie, Ze jest to jedyny skuteczny sposéb
na “miniaturyzacje” anten, ktérej w poréwnaniu z osiggnigciami w mikroelektronice jeszcze nie udalo sie
osiggnaé. Apertury takie pozwalajg takze osiagnaé dodatkowe mozliwo$ci w procesie adaptacii.

Do opracowania apertur rekonfigurowanych elektronicznie, proponuje si¢ wykorzystanie nowocze-
snych osiagnieé technologii elektronowej. Generalnie anteny o rekonfigurowanej elektrycznie aperturze
mozna podzieli¢ na dwie grupy. Do pierwszej grupy naleza anteny wykorzystujace poszczegblue prze-
taczniki, wykonane m.in. na diodach PIN, tranzystorach oraz systemach MEMS. Do drugiej grupy mozna
zaliczy¢ struktury wykorzystujace czasowo tworzone obszary przewodzace na powierzchni np. poéiprze-
wodnika.

Przykiadem struktur pierwszej grupy jest apertura fragmentowana, kt6rej konfiguracja moze by¢ prze-
taczana do uzyskania réznych mozliwodci funkcjonalnych. Struktura bazuje na matrycy przewodzacych
tatek wraz z przetacznikami pomiedzy nimi. Taka apertura jest rekonfigurowana przy pomocy wiacza-
nia/wylgczania elementéw taczacych poszczegélne fatki.

Przyktadem anten drugiej grupy sa struktury, ktére moga dynamicznie zmienia¢ przewodnos¢ niektd-
rych czesci apertury przy pomocy, m.in. aktywacji okre§lonych obszaréw pétprzewodnika. Podstawowym
elementem takiej anteny jest struktura pélprzewodnikowa zawierajaca duza liczbe diod PIN, ktdre sg
sterowane niezaleznie. Fala elektromagnetyczna rozchodzaca sie wzdtuz struktury péiprzewodnikowe;
(wykonanej w postaci falowodu dielektrycznego) rozprasza sig na wiaczonych diodach PIN, co powoduje
promieniowanie i z kolei ksztaltowanie charakterystyki kierunkowej, podobnie jak w przypadku anteny z
falg wyciekajaca.

W niniejszej pracy giéwna uwage skupiono na opracowaniu metodyki analizy oraz syntezy apertury
rekonfigurowanej, kiéra “generowataby” pozadany ksztalt charakterystyki kierunkowej. W tym celu zo-
stat opracowany model impedancyjny, ktéry w wigkszoéci przypadkéw pozwala transformowacé rzeczwi-
sty strukture promieniujacq w powierzchnie ze zmienng impedancjg poprzez zamiang rygorystycznych
warunkéw brzegowych na powierzchni na warunki impedancyjne. Takie podejScie znacznie upraszcza

zagadnic
wierzch
SPIZezo1
algorytn
promien

Sy1
wodzacy
runkowe
genetycz

We
czego m
dobrg zg

Zayg
stosowan
7 system

Stowa ki



Telekom.

antenna.
- Surface
(in Rus-
. Kyjiv,

Gradient
nducting

Addison-

v réznych

systemy
la antena
y sposéb
udalo sig

NOWOCZE-
aperturze
Ine prze-
Dy mozna

polprze-

by¢ prze-
odzacych
y wiacza-

§¢ niektd-
tawowym

ktore sg
ydnikowej
powoduje
| anteny Z

/ apertury
\ celu z0-
 rzeczwi-
stycznych
upraszcza

TOM 51 — 2005 AN IMPEDANCE MODEL. .. 83

zagadnienie elektrodynamiczne. Zapisane réwnanie catkowe wzgledem nieznanych rozkladéw pradéw po-
wierzchniowych na powierzchni zmiennej impedancji mozna rozwiazag, stosujgc np. metode gradientéw
sprzezonych z wykorzystaniem szybkiej transformaty Fouriera. Charakterystyczng osobliwoscia takiego
algm‘ym}u. numerycznego jest fakt, ze skuteczno$é jego rosnie wraz ze wzrostem wymiaru struktury
promienivjace]. .

Synteza apertury rekonfigurowanej polega na poszukiwaniu optymalnego rozktadu obszaréw prze-
wodzacych (tworzonych przestrzennymi dodami PIN), ktéry odpowiadatby pozadanej charakterystyce kie-
runkowej. Synteza taka odbywa sie na drodze optymalizacji numerycznej przy wykorzystaniu algorytmu
genetycznego.

Weryfikacja zaproponowanego modelu impedancyjnego zostata przeprowadzona przy pomocy zastep-
czego modelu paskowego. Poréwnanie teoretycznych oraz eksperymentalnych wynikéw wykazal6 bardzo
dobrg zgodnosc.

Zaproponowany model impedancyjny do analizy i syntezy anten z rekonfi gurowang apertura moze by¢
stosowany do projektowania rozmaitych struktur, ktdre mozna zastapié strukturg impendancyjna, wlacznie
z systemami MEMS.

Stowa kluczowe: apertura rekonfigurowana, impendancja powierzchniowa
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The electro-thermal modeling of high power
microwave FET and its applications

WOJCIECH WOJTASIAK

Institute of Radioelectronics,
Warsaw University of Technology
E-mail: wwojtas@ire.pw.edu.pl
ul. Nowowiejska 15/19 00-665 Warsaw, Poland

A complete electro-thermal model (E-T) for a high power microwave FET based on
a nonlinear channel current equation and small signal extraction methodology combined
with a solution of 3D thermal problem for an arbitrary pulsed thermal excitation in the
area of transistor is presented. The temperature dependencies of the E-T' model describing
long-term as well as short-term thermal effects have been derived from solution of heat
conducting equation (HCE) using 3D-FDTD thermal method and experimental results,
This model is used to predict the performance of a high power amplifier (HPA) over a
-35°C to +60°C temperature range in a wide frequency band for different operating class
and modes (cw, pulsed and keyed bias). The E-T model was experimentally verified for
designing L, § and C-band high power amplifiers with an output power level up to 200W
using LDMOSFET's and MESFET’s.

Keywords: Electro-thermal FET model, 3D-FDTD thermal method, high power FET, LDMOS-
FET, MESFET

1. INTRODUCTION

Currently, due to the development of wireless personal communication market,
the demand for high-power solid-state transmitters is on the rise. This demand is also
the reason for the fast development of high power microwave transistors technology.
The microwave solid-state amplifiers, first of all with LDMOSFETs and MESFETs,
are essential devices in a broad spectrum of microwave systems applications inclu-
ding radiommunications, satellite communications and radiolocation with electronic
warfare [1].

The Laterally Diffused Metal Oxide Semiconductor Field Effect Transistors (LD-
MOSFET) were originally designed for use in GSM and PCS base station cellular
sites. Broad deployment of wireless communications has created a demand for cost
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effective — using silicon technology, linear, high-gain and high-power RI' transistors
for base station transmitters. Such requirements are fulfilled by the LDMOS technolo-
8gy.

The high power MEtal Semiconductor Field Effect Transistors (MESFLET) are cur-
rently the most common devices used to design the microwave transmitters” amplifiers
for military and professional applications above L-band. For example, new genera-
tions of 200+300W high power GaAs MESFETs have been developed for W-CDMA
and WLL (Wireless Local Loop) base stations [2]. The military area of MESFETs
applications includes amplifiers designing for T/R modules of Active Phased Array
Radar (APAR) [3]. The main disadvantage of high power MESFETs is the very high
cost.

The typical military and some commercial applications of HPA (High Power
Amplifier) require keeping performances over a wide temperature range. The required
ambient temperature often ranges from -55°C up to 125°C. In addition, the HPA’s espe-
cially operating in systems with subtle modulations such as QAM or chirp should be
characterized by very low transmittance distortions. It is claimed that the transmittance
distortions of even linear HPAs are caused by changes of temperature inside an active
area of transistor [4]. This temperature changes result from a dissipated power in the
transistor.

Various approaches to microwave I'ET's temperature-dependent modeling have be-
en proposed [5], [6], [7]. The very popular nonlinear MOSFET model in time domain
is implemented in Spice simulator [8]. The common feature of these approaches is the
self-heating modeling by drain current changes versus temperature in the steady-state
analysis. To calculate the temperature inside an active area of FET, on the base the
electro-thermal analogy [9], a simple low-pass thermal circuit is used. These models
were usually verified for small power FETs and cw excitation or over a limited tem-
perature range. The comparison of these models has been reported [10].

The electro-thermal (E-T") model of a high power FET's, which incorporates elec-
trical and temperature dependencies of the elements of an equivalent circuit, is needed
to predict the amplifier temperature behavior during design. It allows us to optimize
the amplifier structure with respect to chosen parameters (output power level, gain,
nonlinear distortions, spectral requirements, transmittance stability during RF pulse,
etc.). This approach reduces the time and costs of design.

The proposed model concept, in thermal part, is based on the solution of HCE
equation by means of the 3D-FDTD (3-Dimensional Finite Difference method in Time
Domain) thermal method [11]. The thermal problem is solved in a thermal structure
consisting of three regions: chip, flange and radiator, with a thermal excitation within
the thin semiconductor layer — in the channel of the transistor. The thermal excitation
is represented by dissipated power Ppys, in the form of heat, in the transistor. Obvio-
usly the dissipated power is determined by DC-bias and AC excitation conditions and
expresses as:
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QU

Ppis = Ppc = Pour + Pin (n

As a result of thermal part, we obtain a transient temperature distribution in an active
area of the transistor. The transient temperature of the FET channel is substituted into
the electrical part of the £-T model. Generally, the electrical model is extracted by
matching DC-characteristics and small signal parameters without pulsed measurements.
It can be emphasized that proposed E-T model allows simulating the parameters of
HPAs with LDMOSFETs and MESFETs. The concept of the electro-thermal (£-7)
model of microwave power FET's is illustrated in Fig. 1.

m:signal model

= ’ Large-signal FET model 3D thermal analysis
extraction for special
chosen DC - biases and Determination of Cgs; Cya, 1. THS determination = chip,
vs. ambient temperalure Casyn formulas coefficients flange, radiator
I

2. Assumption of thermal excitation
paramelers — pulsed or ow

v

Calculation of T, {0 from solul

S-parameters
measurements |

Parasilic sloments A HCE using 3D-FDTD method fo
= R : : . given thermatexcitation of THE
Determination of Y-matrix calgiugt’i”on -
for internal FET 7 e e
T 2 ~ - i(}afoﬁiaﬁm of Ry 0{2;;,f~
Determination of drain current) . - -

De{ermination of small
signal model parameters

equation Iy parameters

Fig. 1. The concept of the £ — 7" FET model

2. TRANSISTOR MODELING

2.1. TRANSIENT TEMPERATURE DISTRIBUTION

The transient temperature distribution 7' = 7'(x,y,z,¢) in an active are of FET is
calculated from the solution of the HCE equation for the Transistor Heat Structure
(THS) as shown in Fig. 2.

In the case of isotropic, linear and homogeneous mediums and on the assumption
that the material parameters are constant, the HCE can be depicted as:

1 0T(x,y,2,1)

1
V2T s Ve ,f + s Vs ,t =
(x,9,2,0) )‘ig(xyz ) " o

)
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where:

Fig. 2. The view of the typical FET chip and Transistor Heat Structure (THS) e the

doe

e the

where: T = T(x,y,z,t) — the transient temperature distribution the
8(x,y,z,t) — the thermal power density emitted (dissipated ) in a volume V o the

a; — thermal diffusion (chi

A; — thermal conductivity The ter

for i — area of THS : chip (c), flange (f) and radiator (7). rvation
The analytical solution of the HCE (2) is practically impossible for the microwave situatio
high power FET structure. A numerical method is the only sensible way to solve this s interr

problem. Due to the easiness of application, the explicit 3D-FDTD thermal method

was chosen. The FDTD method based on the substitution of derivatives in HCE

(2) for finite differences is easy to use in a numerical implementation [12]. It leads

to discretization of the THS in space and time (Fig.2). The explicit #DT D method

consists in the solution of HCE in a node for a next time step based on the current

temperature distribution.

The HCE have been solved under the following assumptions:

e the THS includes three mediums: chip (semiconductor), metal flange and radiator

e the mediums (chip, flange, radiator) of the THS are linear, homogeneous and
isotropic

e the material parameters «;, A; of the THS do not depend on temperature, and are
constant depending on a doped level of semiconductor in chip

e the initial temperature of the THS is:

T(}’,X,Z,t = 0) = TO
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e the temperature on the bottom of an equivalent radiator is:
T(Y»X,Z:OJ):TO (4)

e the thermal excitation (heat source) is located in the channel of FET within a thin
chip layer, which is geometrically determined by the metallization of gate, drain
and source

o the thermal excitation is represented by thermal power density g(x, v, z, ) given as:

Pprs (1)

v ®)

gx,y,z,t) =

where: Ppys — dissipated power (1) in transistor
V — volume of heating area (channel of FET)

o the heating is evenly distributed in volume V — the thermal power density glx,v,2,1)
does not depend on the co-ordinates

e the top and side surfaces of the radiator, flange and chip (Fig. 2) are isolated —
the lack of a heat exchange with the environment

e the heat flux and temperature on the boundaries of the mediums in z- direction
(chip-flange, flange-radiator) are continuous

The temperature in a given node of THS can be calculated either from energy conse-

rvation law or direct substituting the finite differences into HCE. As an example, two

situations of nodes located inside chip are considered below:

e internal node of the THS with heating source, as illustrated in Fig. 3,

T(y,x,z*1)
G

T(y.x-1,2)

Fig. 3. The internal node of THS with heating source
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The temperature 74 at the internal heating node A for next time step p + 1 is calculated

from the following equation:

earll ) P P P, P
TB+7D+TC+7E To+T,

G

™ = a.Ar

- AY? Ax? Az?
+ Pprs-At
N-Ax2-Ay?-Az?- (&)

where: N — a number of heating nodes

P
Tnb

e internal node of the THS without heating source
The temperature T4 at the internal node A is calculated from the following equation:

14 P P P P 74
Ty +1T, TC+TE+TF + T

G

Tﬁ“zﬂazc - Af- [

+
Ay? Ax? AZ?

+T§{I —«'2ac-At-(

' 1
WAL

Ay2  Ax? AZ?

Ay?

— the temperature in neighbouring nodes (nb) at p time moment

L
Ax?  AZ? )}
)

The explicit FDTD method [12] is limited by a stability condition (8) which tides time

step At and grid dimension Ay, Ax, Az:

1
l-—2aclAt-(—-—-——+

Ay?

As an example, the transient temperature distribution in the THS of the Si-LDMOSFET

1
Ax?

+Zz1—2)>0

®)

(PTF1C119 made by Ericsson) excited by heat power unit step of Ppis = 6W is
presented in Fig. 4. The temperature characteristics were simulated by means of the
own software [13]. The description of THS for PTF10119 transistor includes Tab. 1.

METS

40

30

t[ms]

25

The temperature scale in °C]

Fig. 4. The temperature distribution in the THS of LDMOSFET (PTF10119), seen in XZ, YZ
cross-sections at the time moment: /.2ms and the channel temperature 7,(f). The excitation: the heat
power unit step of Ppys =6W

Th
Advanc
in Fig.
custom
voltage:
on the .
specify
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ulated Table 1
} The parameters of the THS for PTF10119 LDMOSFET (Fig. 2)

)] dimensions [mm] | thermal parameters
-+ -

x |y 7 ladm® st A W/mK ]

(6) chip (silicon)  [0.65[0.8| 0.12 | 0.9e-4 | 150

flange (copper) 6 |15 2 1.02e-4 350

radiator (copper)| 30 {30 4.5 |0.88e-4 300

— thickness of chip, flange and radiator

ation:
1 2.2, MODELING OF HIGH POWER FET
% The equivalent circuit of the proposed E-T' model of a microwave high FET is
s time shown in Fig. 5.
§ internal Cog(Vgs, Vs, 1) :
(8) Lg Ry 5 % g ) Cds(VesVesTi) | R
i W —) ey s faau D
L JS%
SET izcgs(w 1r ==
18 ! — E
of the : I Vs, Vas T, \g Vds 7] ’ ol
(.
§
% S
Fig. 5. The E-T model of a high power FET
The developed £ —T model of FET was implemented in Agilent’s Tech. simulator
Advanced Design System (ADS) using Symbolic Defined Device (SDD) [14] as shown
in Fig. 6. The SDD technique proposed by Agilent Tech. allow users to add their own
YZh custom nonlinear models such as nonlinear resistor, diode, nonlinear amplifier, mixer,
he heat

voltage-controlled oscillator (VCO) etc. in their design project. The SDD is represented
on the circuit schematic as an n-port device, with up to 10 ports. The equations that
specify the voltage and current of a port are defined as functions of other voltages
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and currents. A well-defined »n port is described by n equations, called constitutive
relationships that relate the n port currents and the n port voltages. For linear devices,
the constitutive relationships are often specified in the frequency domain (for example,
as admittances), but since the SDD is used to model nonlinear devices, its constitutive
relationships are specified in the time domain. -

o
[
T
Ri NN | . 3,1
[ SN phocn i fpon 8RC
o 1 2 2
G_V_.imr H R=Re
i — ‘.MWM\,,O iy %
e T ¥ Too i
Gintr YA 3 8 i §
1 : R C=Coivgx Vd)
?,mu - ;«W.
N R
R e Wil

1[1,0]=Cas(¥ox,Vd, Tr1_nom*dv1_dt o) \T/AR‘_
F[2,0)=-dvi_dt o . emp=_v4
F[2,1)=VgsA_nom H{2]=exp(-]*'omega‘tau(Vag,Vdd)) Vds_v3
113,3]=lds_de(Vg_ tau,Vd, T} 1B, 4]=Ids_rf(Vg_tau Ve, T) dvi_dt=_v2
H[3]=1/(1¥]"omega) H[4)=*omega/(1+j"omega) Vg_tauz v&
1[4,0)=t_th(Vgx,Vd,T) {7, 0J=Cds(Vgx,Vd, T)_nom"dv2_dt Vox=_vi™
{[5.2)=- v1 F[8,0)=-dv2_dt dv2_dt=_v8
F[10{.1‘J=__v9ff”nom F(8,1]=_v7if_nom ;w:umﬂwg
Cit)= 1[9,01=Cgd(Vgx,Vd, T)*f_nom*dv3_dt f_nom=1GHz
VA Model Ids_dc 3 =G

przyrost_temperatury
Vih_rise(Temp)=if Temp >0 && Temp<250 then Temp else if Temp<=0 then Temp else 250+50*tanh(Temp/56) endif endif
T=Vth_rise(Temp)

1_th(Vg,Vd, T)=-ds_de(Vg,Vd,TyVd

s Temperatura

ids_Model B{T)=B0+B1*T
VHV, T)=vio(THGAMMA*Vd lambda(T)=LAMBDA_O+LAMBDA_1°T
Vgm1(Vg,Vd, T)=eps+0.5*(tanh(x*{(1+VgVIVd, T+ )*abs(1+VgVi(vd,T)) VIO{T)=VTO_0+VTO_1"T
VgmiVg,Vd, Ty=A (- 11{Vgrm (Vg Vd, T'VGMEXP))C alfa(T)=ALFA_O+ALFA_1°T

1gm{Vg,Vd, T)=B(T){¥gm(Vg,Vd, T)+In(exp(Vgm(Vg,Vd, T +expVgm(Va.Vd, T))
mian(Vg,Vd,T)=1#{VS T In{exp(\Mym{Vg,Vd, TYVST)+1)+1020)
1ds_de(Vg,Vd, T)=lgm{Vg,Vd, T tanh(alfa(TyVd mian(Vg.Vd, T))*(+ Hambda(T)*Vd)

aps_tau Capacitors & tau

Cds{Vg.Vd,T)={cdsD+cds1"tanh{cds2"Vgrods3*Vd+odsd ) tam (cdsS+eds6*Vd Y tanh(eds7*Vig)y*(1+cds8*T) pf

Cgd(Vg,Vd,T)=(cgd0+cgd 1*(1+tanh(Cgd2 Vg +Cgd3d))"in(1+soft_exp((Cgd4*Velgds)Cgd6)))* (1+Cgd7™T) pf

tau(Vg,Vd)=(tau0"log(1+soft_exp(taud*Vg+taud*vd)) log(tau1*Vd+au2)) psec

Cgs(Vg,Vd,T)=(cgs0+cgs1 *{tanh(cgs2'Vg +cgs3)+ogsdtanh(cgs5+cgs6 Vd ) Hanh{ogsT*Vd+cgs8*Vg+Cgs9)
*tanh(Cgs10*Vd+Cgs11*Vd+Cygs12))*(1+T*cgs13) pf

Fig. 6. The E-T FET model as the symbolic defined device SDD — the idea and a sample of ADS —
notation

The constitutive relationships may be specified in either explicit or implicit repre-
sentations. With the explicit representation, the current at k port is specified as a func-
tion of port voltages only, and the implicit representation uses an implicit relationship
between any of the port currents and any of the port voltages. The explicit representa-
tion is a voltage-controlled representation and can implement only voltage-controlled
expressions. Explicit equations use a standard nodal analysis based on Kirchoff’s cur-
rent law. Due to the complexity of E-T model, the explicit as well as the implicit
representation of SDD have been used.

After a survey of the literature and analysis of the accuracy of many formulas, the
nonlinear drain current [, equation proposed by Yang [5] was chosen and implemented
in ADS — simulator. The Yang’s equation was specially derived for the modeling of a
drain current source of Si-LDMOSFET. We modified and generalized this equation for

TOM 5
descri
I-V ¢l
equati

I, =

where:
C, V:['(
the exi
The f;
The te
of E-1
differe
descrit

.small-

follows

C({ s



Telekom.

fitutive
evices,
ample,
fitutive

-

Djntr
1

ADS —

- repre-
a func-
ionship
esenta-
itrolled
I’'s cur-
mplicit

las, the
mented
ng of a
tion for

TOM 51 — 2005 THE ELECTRO-THERMAL MODELING . . 93

describing of a drain current of GaAs MESFET. This modification improves the fitting
I-V characteristics for a small value of | Ves|. The complete nonlinear drain current I,

equation used in £-T model is expressed as follows:

a (t) ) Vds

Vem

VST -1In (6757“)

Is =BT, fs) |V +In (" + ™) - tanh L+ AT Vas] )

with:

1
VVGMEXP) -C (10)

gml

Vem=A- (1 -

Vemt = 107+ 0.5 {tanh [10° (1 + Ve = Vp)| 4 1) - [L4 Vi = V| (11)
Vi) = Vroo+Vror - (T;~To)+y Vas BT f) =d- fs-Bo+Br-(T;=T,) (12)

alp=cotar - (Tj~T,) AT;) =2+ Ar- (T;—T,) (13)

where: Bo[1/Q], Br[1/(Q°O), a,, ar, d, ,[1/V], Ap[1/(V°C)], VST[V], VGMEXP, A,
C, VroolV1], VrorlV/C?1, RclQ], CclF] are the parameters to be determined during
the extraction process from DC-characteristics.

The fs is the switching parameter for the low frequency dispersion correction [15].
The temperature dependencies modeling nonlinear elements of the equivalent circuit
of E-T model were obtained from 1-V characteristics and S-parameters measured for
different ambient temperatures at the proper chosen operating points. The formulas
describing the capacitances C ¢s» Cag, Cgs., and time delay v were only extracted from

small-signal measurements for a few bias points and temperatures, and expressed as
follows:

Cus = [ag+ay-tanh(ay Vestaz-Vyg +ag)-tanh(as+ag-Vyy )-tanh(a;- Vel-(I+ag-T;) (14)

by Vys — bs])} (A 4by-T))
bs
(15)

Coa = {bo +by - [1 + tanh(b, - Vs + b3)] - ln(l + exp[

Cys ={co+cy - tanh(c, - Vest+c3)tey - tanh(cs+cg - Vyg)+tanh(cy - Vyg+cg - Ves+co):
‘tanh(cig - Vg 41y - Vgtep)y - (I+ey - 7)) (16)

T = {do - log(1 + exp(ds - Vs + dy - V) - log(dy - Vs + d>)) (7
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where:

ai, bi, ¢, d; are the parameters to be determined during the extraction process.

The transconductance g, and conductance gy, are obtained from the differentiating
drain current Iy (9), as follows:

gm(VgSs Vs T]) e (18)

gdx(vg.sw Vas, T j) T (19)

The other linear elements of the model, such as R,, Rq, Ry, L,, Ly, L, are determined
from cold-FET measurements [15], [16].

The electrical part of £-T model includes 57 parameters to describe the behavior of
microwave power FET. This fact leads to the complex extraction procedure. Howe-
ver, the other advanced FET models need more and more parameters. For example,
the Berkley’s BSIM1-3 model requires more than 90 parameters [17]. The simplified
FET models implemented in popular simulators characterize good accuracy only in
the normal operating range of the transistor. The proposed £-T model also achieves
an excellent agreement with experiments in the saturated, threshold and subthreshold
regions.

In practice, the parameters of the £-7 model are calculated by means of scaling
and matching procedures using [S]-matrixes in conditions: Vg < U,, Vo = U, and
Vs > U, for a few Vg, (for 6+7 voltages) and for at least two different temperatures.
Based on the experience, the determination of the £-T model parameters is relatively
easy to perform.

3. MODEL VERIFICATION

3.1. TRANSISTORS FOR E-T MODEL VERIFICATION

The proposed model of high power FET was experimentally verified. For this
purpose, the S-band LDMOS transistor PTF 10119 made by FRICSSON of output
power P, = 12W and 4W GaAs MESFET FILM5359-4F (FUJITSU) for C-band were
chosen. Both transistors include internally pre-matching sections for 2.1+2.17GHz and
5.3+5.9GHz frequency band, respectively. The RF specifications of chosen transistors
are given in Tab. 2.

Additionally, the performances of £-7 modeling of very high power FETs (200W
LDMOS and 80W push-pull GaAs MESFET) are presented.
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Table 2
RF specification of PTFI0119 and FLM5359-4F for T, = 25°C
tiating
Parameter | Output power| Gain Operating class R
PTF10119 12W 12dB | AB — Upg = 28VIpy = 160mA | 3.2°C/IW
(18) FLMS359-4F|  4W  |10.5dB| A-Ups=10VIp =114 | 5°C/W
3.2. E-T LDMOSFET MODEL VERIFICATION
(19)

The E-T model of the PTF10119 transistor was implemented in ADS simulator in
mined the form of the SDD block as shown in Fig. 6. The parameters of drain current source
equation (8) for this transistor were calculated and given in Tab. 3.

/ior of
Howe- Table 3
in,lple’ Drain current equation parameters of PIFI0119 E-T model
plified
nly in parameter | value
hieves
eshold Bl1/Q1 | 1.720
, ol 1/V] 1.31
caling
/p and «[17v] 0.00008
atures.
atively Br -0.0025
©r 0.004
Kr 0
VrolV] 3.51
Vror -0.002
y[1/V] -0.001
or this AlV] 7.03
output ) ]
1 were Cv] 2.531
1z and VSTU/V] | 1.731
sistors
VGMEXP| 045
200W
Ra[°C/W1] 3.2
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Table 4

Parameters of nonlinear elements formulas of £-7 model of PTF10119

parameter value parafneter valye | Parameter valye | Parameter |,

Cs Cuyg Cus T

c0 22.54 b0 0.713 | a0 41.63 do 2.31

cl -12.98 bl 1.12E+4 al 31.57 dl 2.01

c2 -4.71 b2 0.331 a2 -2.731 d2 0.163

c3 21.85 b3 -6.895 a3 1.368 d3 6.5E+2

c4 -2.851 b4 9.609 a4 15.61 d4 2.3

c5 1.785 b5 68.61 a5 -12.61

c6 -7.41 b6 24.39 a6 -0.179

c7 0.217 b7 -3.6E-3 a7 -3.718

c8 7.1E-5 a8 -2.84E-3

c9 5.4E-2

cl0 -2E-2

cll 0.603

cl2 -7.5E-2

cl3 -5.032E-3

The coeflicients of functions describing the nonlinear elements (9), (14)+(19) of
the PTF10119 E-T equivalent circuit are included in Tab. 4.
The measured and simulated I-V characteristics and S-parameters of PTF10119
transistor are compared in Fig. 7.
To verify E-T model of LDMOSFET, the W-CDMA band amplifier operating in
AB-class with the PTFI10119 transistor was designed for the maximum output po-
wer level of Py, = 12W. The layout of the amplifier and its power characteristics
Poy = f(Py,) are shown in Fig. 8.
To emphasize short-term thermal effects, the HPA were measured for pulsed mode.
The phase transmittance changes during RF-pulse Aarg(S,;) are a good marker for the
estimation of the channel transient temperature [4]. This measurement was performed
in homodyne test fixture, as shown in Fig. 9 [18].
The comparison of simulated and measured Aarg(S,;) during RF pulse for high

output power level of Py, = 12W is presented in Fig. 10c. The test conditions are

Sub:
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Table 4
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Fig. 7. Measured and modeled DC-characteristics and S-parameters of PTF10119
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Fig. 8. The Py, = f(P:,) characteristic (b) of the AB-class HPA with PTF10119 (a)
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shown in Fig. 10a. The simulations of temperature changes in the active area of the
transistor by means of 3D-FDTD thermal method are illustrated in Fig. 10b.

a) ) b)
115
Poisrrorr=4.5W  Ppsrron=22W 104 “_,ZSSFC]
JO | g
| i ; 93 e el
72=0.5m T
S 82 , / |
r=1ms ]m 71 L

e T e NN

# ‘wwvm\w\%

t{ms]

DC-bias Ups=28Y Ipa=0.16A for RF OFF

¢) 6

A arg(821|) 1

Fig. 11
levels

7

0 1 2 3 4 5

f{ms]

[

ommesmassess SIMtations momowm W measurements

Fig. 10. The simulations and measurements Aarg(S,;) during RF pulse of HPA with PTFI10119 for
Pou = 12W (c), the test conditions (a), the simulated temperature changes in transistor channel (b)

The simulated and measured characteristics of Aarg($,;) during REF pulse for
different output power level of P,,, = 12W, 6W and 3W are presented in Fig. 11c. The
test conditions and the temperature distribution are shown in Fig. 11a and Fig. 11b,
respectively.

The E-T model was also used to design a very high pulsed power amplifier for
IFF (Identity Friend or Foe) system [20]. The photography of the HPA with avionic
LDMOSFET BLA1011-200 (PHILIPS) and its power characteristics are shown in Fig.
12.

The matching sections of the HPA were optimized for minimum Aarg(S,;) during
RF pulse using E-T model. The phase transmittance deviation during avionic radar
long pulse (Duration — 1 = 50us, t. = ty = 50ns, Duty cycle § = 1%) for different
operating class of BLAI0I1-200 transistor in HPA homodyne test fixture (Fig. 9), are
included in Tab. 5.

Fig. 1
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Fig. 11. The measurements and calculations of Aarg(Sy) of HPA with PTF10119 for output power
levels — Py = 12W, Py = 6W, P, = 3W (c), the test conditions (a), the simulated temperature
changes (b)
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The results from Tab. 5 confirm capabilities of the proposed E-T model for the
designing of the pulsed HPAs working with phase modulations.

Table 5

The Aarg(Sy) of HPA with BLA1011-200 for different operating class

SIGHZ] 11.03]1.06{1.09| Class

Aarg(§2)1°]110.18 [0.14]0.16 | A (keyed)

Aarg(52)[°110.480.4710.48 AB

Aarg(Sy1)[°1]0.6110.82]10.72 B

3.3. GaAS MESFET MODEL VERIFICATION

To verify the E-T model of GaAs MESFET, the HPA with FLM5359-4F for
C-band T/R module for APAR was worked out. Due to linearity, the £-T model was
simplified, because the transistor works in keyed A-class. It is biased only during the
RF-pulses. However, it is clear that the bias duration of the transistors is a little longer
than RF-pulse width. The small-signal E-T model of FLM5359-4F transistor for room
temperature is shown in Fig. 13.

MLEF* MLIN*
Lgs=11.2mm Lgr=1nH Ry=0.2Q2 Lwg=2.8mm
Wys=0.1Tmm ~ Wy=0.5mm
gs Lg2=1.5nH 1.g=0.28nH Cga=0.67pF Res=240 R¢=0.10 Ler=0.57nH d

¥ T I o 0
G MLIN* Cgs=7-4pF r Vi Lg=0,15nH l WWT:;;B-']”H D
Lwg=2.4mm _ 1
g=0:05m o1 R=10 ?:171'53;?3 i + 1
M merr  Co=0.97pF Cyt=3.24pF ' Ca150.55pF Cop=1pF

Lgs=11.2mm Cos=4.3pF
Wgs=0.1mm * microstrip lines R.=0.0180
substrate £=9.6, h=0.9mm Ls=0.2pH

Fig. 13. The small-signal £-T" model of FLM5359-4F MESFET

The external matching sections of the amplifier were optimized for minimum phase
transmittance changes during the radar pulse. The view of the amplifier and its power
characteristics are shown in Fig. 14.
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Fig. 14. The view of T/R module for APAR, the HPA topology, and its measured and simulated
Py = f(Pi,) characteristics

LIN®
2.8mm
0.5mm The Aarg(Sy) of HPA with FLM5359-4F were measured by means of the test
—el system shown in Fig. 9. The results of the measurements and simulations of the am-
"D plifier are compared in Fig. 15. The description of THS for FLM5359 — 4F MESFET
includes Tab. 6.
Table 6
The parameters of the THS for FLM5359-4F MESFET (Fig. 2)
dimensions [mm] | thermal parameters
x|y | oz |alms)| AWimK]
m phase chip (GaAs) [0.4{2.5] 0.07 |0.44e-4 40
er
ts pow flange (copper) | 13| 21 1.5 1.02e-4 350
radiator (copper) | 30 1 30| 4.5 |0.88e-4 300
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a) Test conditions b) The simulated channel temperature
200us . 40 5
Supply Ugs=-1.3V (ip=1.1A) _ a5 | ATIC]
Uos:'lOV
Ugs=-5V
. =08
Period=1ms "‘“} {=30us
-y 1=35us- optimal time
RF Pulse —]
Pout=4W ” 1071 50;13 g‘“‘"‘g
N i
S
200
9 7 R , d 03 [
Aarg(s2)) )] =5.6GHz Aarg(sz) [
61 0.25
5 Y, 0.2+ o
4 L - % t.=35us - optimal time ) .
T . s 0.15 \\§ /
5 — 0.1 1 :
< I W
] 0.05 : A
tlus \ g tus]
0 [ns] 0 N —
0 5 10 15 20 25 30 0 5 10 15 20 25 30
w3 3GHz  -5.6CGHZ  —5.9GHz
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Fig. 15. The phase transmittance changes (c) and (d) during RF pulse (2), and the simulated channel
temperature (b)

For a time delay 7, = 30us, the minimum phase deviation during RF-pulse has
been achieved. This fact confirms the influence of channel temperature changes on
transmittance stability.

Due to a very long thermal time constant, the phase transmittance changes during
RF pulse conditions are neglected for Si-LDMOSFETS (t,, ~ msec) compared to GaAs
MESFETs. 1t follows from the better thermal conductivity for Si than GaAs for the
similar chip thickness. This feature is particularly demanded for APAR applications.

To verify the drain current equation, the IV-characteristics of the push-pull high
power GaAs FET-E (Enhancement mode) made by FUJITSU (FLL810IQ-3C) has been
modeled. The comparison of the measured and simulated IV-characteristics is shown
in Fig. 16.
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Fig. 16. The measured and simulated IV-characteristics of FLL8101Q-3C FET

4. CONCLUSION

The temperature-dependent model for a high power FET has been proposed. This
electrical part of E-T model is based on the nonlinear drain current equation and
small-signal approach for the determination of C-V characteristics vs. DC-bias and
temperature. The novelty of the electrical part of the E-T" model is the modification
of the current equation in order to better fit I-V characteristics in a small V,, range. In
addition, the Yang’s equation was generalised for describing the drain current source of
the GaAs MESFET E-T model. The self-heating effect for FET's is modeled using the
solution of HCE by means of explicit 3D-F DT D thermal method. The thermal problem
is solved in three areas: chip, flange and radiator, for an arbitrary pulsed thermal
excitation. It has been demonstrated that the use of the thermal analysis cooperatives
with an electrical model formulas implemented in Agilent’s program (ADS) can be a
very useful, efficient and simple solution in way to design high power amplifiers. The
E-T FET model was successfully verified and used to design the high power amplifier
with LDMOSFETs and MESFET:.
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ELEKTRYCZNO-TERMICZNE MODELOWANIE MIKROFALOWYCH TRANZYSTOROW
POLOWYCH DUZEJ MOCY I JEGO ZASTOSOWANIA
Streszczenie Multi
radiolocat
W artykule przedstawiono elektryczno-termiczny (E-T) model mikrofalowych tranzystoréw polo- microwave
wych duzej mocy, ktéry bazuje na nieliniowym réwnaniu pradu drenu w polgczeniu z malosygnatowym .
procesem ekstrakcji. Temperaturowe zaleznosci parametréw E-T modelu opisujace zaréwno dtugo- jak QOIlver tll?g
i krétkoterminowe efekty termiczne wyprowadzono na podstawie rozwigzania réwnania przewodnictwa L1, or dir
ciepta w obszarze chipu i podstawki tranzystora oraz radiatora za pomocy 3-wymiarowej metody réz- of the mec
nic skodczonych FDTD dla zagadnieri termicznych wspartej danymi eksperymentalnymi. Zaproponowany Switcl

model pozwala na projektowanie mikrofalowych wzmacniaczy duzej mocy z tranzystorami polowymi w
roznych klasach i rodzajach pracy, w przedziale temperatur od -35°C do +60°C i w szerokim zakresie
czgstotliwosci. W celu weryfikacji E-T modelu zaprezentowano wyniki badafi praktycznie zrealizowanych
wzmacniaczy z wykorzystaniem tranzystoréw typu LDMOSFET i MESFET na pasma L, S i C o mocy
wyjdciowej siggajacej 200W
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Stowa kluczowe: elektryczno-termiczny model tranzystora FET, metoda r6éznic skoficzonych FDTD,
LDMOSFET, MESFET, réwnanie przewodnictwa ciepla
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Microwave 5-bit phase shifter

DANIEL GRYGLEWSKI®, TADEUSZ MORAWSKI"’, EDWARD SEDEK®, JOLANTA ZBOROWSKA®

DWarsaw University of Technology
Institute of Radioelectronics,
ul. Nowowiejska 15/19, 00-665 Warsaw, Poland
DTelecomunications Research Institute,
ul. Poligonowa 30, 04-051 Warsaw, Poland

Paper presents description of a method for designing multistate phase shifters com-
prising varactor diodes and quadrature couplers. It has been shown that it is possible to
construct 32-state phase shifter with the 360° range of phase change (11.25° multiplied by
32) in a frequency band 15% wide as a series combination of two couplers connected with
varactor diodes. Appropriate digital steering system is also presented, as well as results of
measurements of the shifter.

Keywords: microwave, microwave devices, multistate phase shifters

1. INTRODUCTION

Multistate phase shifters and modulators are often applied in radio-communication,
radiolocation and measuring systems as well as in phased arrays. Sweeping of the
microwave signals phase is obtained either by means of heterodyne actions — by up-
converting signal from operating bandwidth at MHz to operating bandwidth at GHz
[11, or directly — by switching semiconducting elements or changing the parameters
of the media (usually ferrite) in witch microwave signal propagates [2].

Switched phase shifters operating on a base of switching the number of diodes are
typically transmission (comprising Shiffman phase shifters [3]) or reflecting (compri-
sing directional couplers 3dB/90°) circuits comprising PIN diodes. Phase shifters with
PIN diodes can be fed with signals carrying significant power. Modulator providing
2V states of phase consist of the cascade of N binary units [4] switched in various
combinations. Each of aforementioned units causes phase errors and losses which are
then cumulating.

In some applications, for instance steering a receiving antenna or an antenna with
T/R modules, low signals modulators or measuring systems, where power carried by



106 D. GRYGLEWSKI, T. MORAWSKI, E. SEDEK, J. ZBOROWSKA Kwart. Elektr. i Telekom.

signal is not at high level (approximately up to level of 10mW), phase shifter may be
simplified by introducing a number of varactor diodes instead of greater number of
PIN diodes. This paper proves that combination of two units, each comprising coupler
and two diodes, is sufficient for obtaining phase shifter providing 32 states (in classical
solution with PIN diodes five such units would be required). However reduction of
the number of semiconductor elements may be obtained at expense of more com-
plex bias circuit, since PIN diodes operates only with two bias voltage values (“on”
and “off””) and for varactor diodes each state corresponds with different value of bias
voltage.

2. THE DESIGN OF 5-BIT PHASE SHIFTER WITH VARACTOR DIODES

A diagram of considered phase shifter is shown in fig. 1.

A

RC RC

In C C Out
0 b J L1 | B 0

Fig. 1. 32-state phase shifter comprising varactor diodes VD, 3dB/90° couplers C, series inductances L,
L, which in combination with the diodes form reflecting circuits RC. A, B — switched units

Cascade connection of switched units A and B (each of them may be considered as a
single phase shifter) provides phase changes up to 360 degrees. Directional couplers
are initially assumed to be ideal ones. In such case there is no reflection from input port
and changes of Sy; of reflecting circuits causes same changes of the transmittance Sy;
of whole phase shifter. Analysis of phase shifter may be then reduced to the analysis
of the reflecting circuits. The most widespread type is simple circuits shown in fig. 2.
Process of designing broadband analog phase shifters according to diagrams shown
in fig. 1 and fig. 2 is described in detail in [5]. Results and equation presented there
are applicable in analysis of multistate phase shifters and for that reason are further
quoted. If, during the switching, capacitance of varactor diode varies between maximal
value €y and minimal value (3, then it can be characterized by capacitance change
coefficient:
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Fig. 2. Reflecting circuits a) schematic diagram b) equivalent circuit comprising lumped inductance L ¢)
equivalent circuit comprising high impedance line segment, described by characteristic impedance 7,
and electrical length @

Cy
k= 4f[— hH
G
Introduction of two additional dimensionless parameters:
— normalized average circuit impedance:

1 ¢
= e 2
“TZNG @
— reduced varactor diode susceptance:
b=w C] Cz N ZC (3)

where Z, is reference impedance

allows to write formula, defining the range of phase change:

k ~
bzt tbe [1-22- (k+ )]+ 1

=

Ap = 2arctg[ )

It is possible to show that the maximum of the characteristic Ap(b) appears for value:

bo = 2 )

l—zz(k+%)+ \/12z4+[zz(k+%)—— 1]2
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Formulas (4) and (5) are very contributory to the designing process, since they provide
criteria for choosing proper varactor diode by determining values C;, C, such that
maximum of phase characteristic Ap(f) was located at the center of required frequency
band. When capacitance change coeflicient is relatively high (k>3), the range of phase
change close to 180 degrees is obtainable even for very small values of inductance
L. It appears that, at relatively low microwave frequencies, close to zero inductance
in one unit and small lumped inductances connected in series with varactor diodes in
the second are sufficient. In such case Ag, = 180° and App > 180° and consequently
whole range of phase change is obtained.

3. AN EXAMPLE OF DESIGN FOR L FREQUENCY BAND

A 32-state phase shifter for L band (1.2 — 1.6 GHz) has been designed by means
of methods presented above. Formulas (1 — 5) led to chose of MA4H202-1088
(MACOM) diodes, characterized by: C(U,=-1V) = 8.2pF, Co(U,=-20V) = 0.8pF, what
gives capacitance change coefficient k = 3.2.

Directional coupler has been realized as a segment of concentric coupled line BJCB1
produced by SAGE LABORATORIES [7]. Analysis shows that for small series induc-
tance (it was taken L=0.5nH — inductance of diodes mounted in series) A, = 160°.
In order to achieve greater value of Apg enabling sweeping 360° range, greater series
inductance L, = 4nH was chosen. Resulting maximal phase change of second unit
was App = 210°. In this circumstances the problem to be solved is how to control
cumulative phase change Ap = Apa+ App of whole phase shifter, in whole range
(0 — 360°) in quite broad frequency band.

In some application, for instance electronically steered antennas or multistate phase
modulators of radio link transmitter signal, small level of phase errors is required. In
order to achieve that, appropriate system of digital steering has been designed and
constructed and sets of values of varactor diodes bias voltages have been selected.
Different sets of voltage values are applied in frequency sub- bandwidth 1.2-1.4GHz
and sub-bandwidth 1.4-1.6GHz

4. PHASE SHIFTER STEERING AND OBTAINED RESULTS

Criteria of selection of sets of bias voltages for both phase shifter sections and
both sub-bandwidths was to obtain maximally flat phase characteristics for every phase
state Ag;. Phase characteristics for each sub-bandwidth were being observed separately.
Measurements have been made by means of vector analyzer ZVRE made by RHODE
SHWARTZ. Device of concern is shown in fig. 3.

After preliminary measurements and simulations it became apparent that matching
requirements is impossible if diodes in both sections (A and B) are polarized by equal
voltages. Further experiments showed that an advantageous reference bias voltage

value f
sub-ban
Fig. 4 s
bias vol
consistit
by ATM
by TEX.
(ANAIL
taining t

suk

during th
showed t}
is less tha




lekom,

ovide
| that
Iency
ohase
tance
tance
es in
ently

neans
1088
what

JCB1
nduc-
160°.
series
| unit
ntrol
range

phase
>d. In
] and
cted.
1GHz

s and
phase
ately.
IODE

ching

TOM 51 — 2005 MICROWAVE 5-BIT PHASE ... 109
100 .
IN/OUT : {? m:” A B Rz INOUT
D

&l

47

335 mm BUCBL

100p B

335 mm BJCBL l

A6H707-1088

MA 46H707-10 MA 46H707-1088
MA 46H707-1088 07-1088 071
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Fig. 3. Mounting schematics of microwave part of phase shifter

value for section A is — 1V and for section B higher value ie. — 3.5V and — 5V for
sub-bandwidths 1.2 — 1.4 GHz and 1.4 — 1.6GHz, respectively.
Fig. 4 shows block diagram of digital steering system for phase shifter. Values of
bias voltages sections of the phase shifter were digitalized and are stored in memory
consisting of three FLASH-EPROM’s 28C64 (read access time equal to 150ns) made
by ATMEL. There were also used three digital-to-analog converters TVL 5619 (made
by TEXAS INSTRUMENTS, with setting time equal to 1xs and output devices AD797
(ANALOG DEV.) working as buffers/amplifiers. Such set of components enables ob-
taining the time of switching less than 2us. Static tests were the first to be performed

IN

ouT

MICROWAVE
PART
A —
sub-bandwidth 12 bits
. N SECTION
1 bit RN | A
5 bits ROM
= — SECTION
v
F . A i N B
phase 12 bits
© ——

Fig. 4. Block diagram of the phase shifter steering system

during the examination of the device. Results are presented in fig Fig.5-8. These tests
showed that for both sub-bands [S11l< —10dB, which means that standing wave ratio

is less than 1.9.
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Fig. 5. Phase characteristics for selected states of constructed device, in sub-bandwidth 1.4-1.6 GHz
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Fig. 6. Amplitude characteristics of transmittance of constructed device, for all phase states, in
sub-bandwidth 1.4-1.6 GHz;
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Fig. 8. Amplitude characteristics of transmittance of constructed device, for all phase states, in
sub-bandwidth 1.2-1.4 GHz;

Static tests were followed by measurements of the switching times and the lengths
of transient periods. For this task a homodyne system was set up. It comprises a mixer,
which under certain conditions may be considered as phase detector [4].
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Fig. 9. Dynamic characteristics of the phase shifter during the changes of states fazy przesuwnika przy
zamianach stanéw 0-11.25° (the two differing most)

Fig. 9 and fig. 10,show exemplary oscillograms of the mixer output voltage showing
the dynamical change of phase shifter state. In all following drawings upper oscillogram

lower oscillogram represent respectively driving voltage and output signal of a mixer,
which is proportional to the phase change.
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a) b)
Fig. 10. Dynamic characteristics of the phase shifter during the changes of states (a) 202.5° i 213.75°,
(b) 0° 1 78.75°

5. CONCLUSIONS

A method for designing varactor diode phase shifter has been presented. An exam-
ple of 32-state phase shifter proves that it is possible to replace five binary PIN diode
units with two units comprising varactor diodes steered by additional bias digital sys-
tem.

Device which has been designed and constructed has satisfactory static parameters: —
phase error in 15% frequency band does not exceed 2°, total loss is less than 2dB,
input reflectance is less than 0.3. Possible applications of that phase shifter are limited,
however, by the level of signal power. Nevertheless, examination proved that it works
properly with signal levels up to S0mW.

Measurements of the dynamic characteristic of the shifter showed that switching time
is not grater than than 2us. Moreover, it can be further minimized by application of
faster components.

There were also performed preliminary temperature tests of the device. Results showed
that phase deviation in temperature ranging from -30 to 50 Celsius degrees is less than
one degree.

Parameters of the device which were listed above are good enough as for application
in phased arrays or automatic measurement systems.
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D. GRYGLEWSKI, T. MORAWSKI, E. SEDEK, J. ZBOROWSKA

MIKROFALOWY 5-BITOWY PRZESUWNIK FAZY

Streszczenie

W artykule przedstawiono metode projektowania wielostanowych przesuwnikéw fazy z diodami
waraktorowymi. Przedstawiono uniwersalne wzory analityczne pomocne przy doborze typu diody warak-
torowej do wymaganych parametréw elektrycznych (pasmo pracy, przesunigcie fazy) oraz przy wstepnym
projektowaniu ukladéw odbijajacych, zawierajacych waraktory i dofaczone do nich indukeyjnosci skupione
lub w postaci krétkich odcinkéw linii wysokoomowej zawartej na koficu. Zaprojektowano i przeprowadzo-
no komputerowy analizg przesuwnika o zakresie zmian fazy 360° na pasmo L (1.2 ~ 1.6 GHz). Pokazano,
ie przy odpowiednim doborze napieé polaryzujacych diody mozna osiagna¢ 32 stany pracy przesuwnika.
Dla uzyskania malych bled6w fazy cale pasmo podzielono na dwa podpasma: 1.2 -~ 1.4 GHz i 1.4 —
1.6 GHz. W obu podpasmach dziala ten sam uktad mikrofalowy przesuwnika fazy, ale zestawy napieé
sterujacych sg dobrane oddzielnie. Uzyskano bardzo prosty i tani ukiad przesuwnika fazy -— skiada sie
on z dwdch taficuchowo polaczonych stopni. Kazdy z tych stopni zawiera jeden sprzegacz 3dB/90° i diw
diody waraktorowe.

Skonstruowano uktady cyfrowego sterowania przesuwnika. Caly uklad przetestowano, uzyskujac bardzo
dobre wyniki badari statycznych (blad fazy 2° dla kazdego stanu przy mocach nie przekraczajacych 50
mW, straty calego przesuwnika nie przekraczajace 2dB) i dynamicznych czas przetgezania ponizej 2 us)
w akresie temperatur od -30° do 50°C.

Opisany uktad przesuwnika jest znacznie tafiszy od klasycznych rozwiazai z diodami PIN (cztery warak-
tory zamiast dziesigciu diod PIN) i moze znaleZé zastosowanie w antenach sterowanych elektronicznie —
nadawczych (z zastrzezeniem matego poziomu mocy) lub odbiorczych.

Stowa kluczowe: mikrofale, urzadzenia mikrofalowe, wielostanowe przesuwniki fazy
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A fast nodal method for simulation of light propagation in
turbid media

GRZEGORZ DOMANSKI, BOGUMIL KONARZEWSKI, ZDZISEAW PAWEOWSKI, KRZYSZTOF
ZAREMBA, JANUSZ MARZEC, ROBERT KURJATA, ARTUR TRYBULA

Institute of Radioelectronics,
Warsaw University of Technology
ul. Nowowiejska 15/19
00-665 Warsaw, Poland

A fast nodal method for simulation of light propagation in turbid media was proposed.
The method enables simulations of light propagation in heterogeneous media with internal
or external light reflections. The comparison of simulation results of the nodal method and
analytical formulas for uniform cube was made. A fixed geometry optical tomograph was
constructed. Series of measurements of the cylindrical phantoms were made. The nodal
method enables fast reconstruction of optical parameter distribution in examined objects,
especially for non-linear method of reconstruction.

Keywords: optical tomography, light propagation, nodal method

1. INTRODUCTION

Optical tomography is a promising method for medical and biological imaging,
especially for functional imaging [1]. Visible light and near-infrared (NIR) light interact
with biological tissue predominantly by absorption and scattering. There are many
physiologically interesting molecules, which have characteristic absorption spectra at
these wavelengths. In particular, the spectra of oxy-haemoglobin (HbO) and deoxy-
haemoglobin (HHb) differ significantly.

The main stream of progress in optical tomography field has focused on developing
more precise and efficient models of light transport in tissue, and on solving the ill-
bosed inverse problem. The using of prior morphological (anatomical) information is
the most promising improvement in the reconstruction techniques.

Two processes are required to reconstruct an optical image. First, the transport
of light in tissue must be modelled. This stage, the forward problem, allows the me-
asurements to be simulated from the model, and generates (explicitly or implicitly) a




116 G. DOMANSKI, B. KONARZEWSKI, Z. PAWLOWSKI, K. ZAREMBA  Kwart. Elekir. i Telekom.

sensitivity matrix, which relates the measurements to the internal optical properties.
Second, the image is reconstructed by inverting the Jacobian and solving the inverse
problem. In conventional x-ray CT, scatter of the x-rays is marginal, so the forward
problem reduces to a series of integrals along straight lines (a Radon transform). The
inverse problem is linear and well posed. In optical imaging, however, scattering is the
main process, so that the forward problem becomes a series of integrals over the entire
volume. Each measurement depends on the whole volume, so that the inverse problem
is ill-posed and under determined.

A full description of steady light propagation in tissue is defined by the radiative
transport equation (RTE, equation (1)). This is a conservation equation which states that
the radiance (the number of photons per unit volume), L(7, fi) for photons travelling
from point 7 in direction Q is equal to the sum of all the mechanisms which increase
L minus those effects which reduce it.

ﬁvwﬁnmﬂﬂmmﬂmm:wﬁwmmjlmﬁmdéw@(n
4

The equation above includes the source term S and phase distribution of the scattering
p(ﬁ . ﬁ’). The optical properties of medium are described by:

e absorption coefficient ;ua[mm”l],

e scattering coefficient us[mmﬁl],

e scattering anisotropy coefficient g, (the mean cosine of the scattering angle).

Unfortunately, the solving of RTE for all points in a large 3D volume, as is required
in optical tomography, is computationally expensive and simpler models are required.
The most important and widely used simpler model of light propagation is a diffusion
equation

=V (D() - VO)) + pa(AP(F) = S(7) @)

where:
®[Wm™] is the photon fluence rate defined by

Mazjlmﬁmﬁ 3)
A

D 1s the diffusion constant defined as

1
D = .
3 (pq + ps(1 - )
The diffusion equation is valid in the case of bulk tissue; but it is not true near

the source, near the surface, near internal boundaries, in anisotropic tissues, and in
regions of either high absorption or low scatter.
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The reconstruction procedure in optical tomography requires fast and reliable si-
mulation methods of light propagation in turbid media. There are three main methods
of solution of light transport equation:

o Monte Carlo method — it gives the most precise results, especially in problems
with sources of big anisotropy, at media borders, for non-uniform media and
media with complex geometry [2].

e Discrete ordinate method — the light flux is determined only at nodes of
numerical grid and for finite set of angles [3]. The nodal method is a special
version of this method.

e diffusion approximation method — the light transport equation is approximated
by diffusive equation and this equation is solved by analytical or numerical
methods, for example: finite differences or finite element method [4].

d

T—

av

§ - sources
d - detector

= d

= d

S

®

S

Fig. 1. The geometry of the forward problem in optical tomography

The forward problem (Fig. 1) involves calculating simulated data, given a forward
operator / and knowledge of the sources ¢ and distribution of optical properties x (ab-

sorption and scattering coefficient). The forward problem may therefore be formulated
as

y=Fxq) &)

To reconstruct an image, it is necessary to solve the inverse problem, which is to
calculate the internal optical properties x, given data y and sources q:

x=F1(,q). (©6)

The fast, flexible nodal method was proposed, which may be used for solving transport
equation and diffusion equation.

2. NODAL METHOD FOR SOLVING TRANSPORT EQUATION

At first the nodal method for solving two-dimensional problems will be presented.
The considered two-dimensional object is decomposed into set of elements, each with
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dimensions Ax [mm] Ay [mm]. The nodal method assumes that light is transmitted
only in the selected directions, usually these directions are axes X, Y, Z of cartesian
system (Fig. 2). The light flux going along axis OX, which enters element at lower x
coordinates is designated as /™, the light flux, which enters at higher x coordinates is
designated as /™. The light flux going along OX axis, which exits element is designated
as I9% 1 I7¢". The similar rules are valid for other axes. The two-dimensional element
with dimensions Ax , Ay and light fluxes which enter this element (in) and exit this

element (out) are presented in Fig. 2. Within each element optical parameters u,, u,,

g are constant.
ot in
Y Ly T l "

Ay :
scattering

in matrix out

1 X~ 1 x4

) R S
4 A Su S S S 4

s N s N .

out 21 22 23 24 in
I X I x4

in out Ax
])M T l Iy‘ X

B,
>

Fig. 2. Two-dimensional nodal method schematics — coordinates and angles discretisation

The light fluxes, which quit nodal element (output fluxes), are described by set of
linear equations:

out - in
LX S11 S22 S13 sS4 I)g~
out § ) n
Ix+t | S21 S22 S23 84 | I;g+ (1)
ou - . n
b 531 §32 $33 S34 L2
out , i
Y b $41  Sap Sa3 Sad I,
in short:
= =
Loyt = S - Iin, @

where § — scattering matrix.

Provided that nodal element is small as compared with a photon free path (reciprocal of
linear attenuation coeflicient) and that scattering is isotropic (g = 0) or diffusive appro-
ximation is valid, the elements of matrix § may be determined by linear approximation
of absorption and scattering. This procedure allows the forward light transmission with
efficiency 1-(u,+p,)h, where — h thickness of element along considered direction and
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e

isotropic scattering into four directions. Finally, for linear approximation, the elements
of matrix S for two-dimensional geometry are described by equations:

1
spp =81 =1 - (U +/ls)'AX+ZHx'AX, (3)
1
53¢ = 543 = 1= (g + ps) - Ay + s Ay, “4)
SIS = 31 = S50 =S40 =S40 = pfly Ax, %)
1
$33 = Sa4 = S13 0= S14= 503 = 54 = Sl Ay. (6)

The equations (3)-(6) for elements of matrix S are valid only-if dimension 4 of element
is small comparing to reciprocal of light attenuation coefficient:

(g + ) - h << 1. N

For three-dimensional geometry the equation (1) has a form:

. ]out - ) ) - Iin b
P S11 S12 S13 S14 S15 516 X
out mn
Ly $21 S S23 S S5 86 I
Ot in
L7 1 sa1 s s34 S35 S36 I 3
Jour | = ) o | (8
i S41  S4n  S43  S44 845 S46 Y+
out 1
I i S51 852 S53 Ss54 S55 S50 r
out . 1
Y] Lsa se ses Sea Ses Ses 1| I

The elements of matrix § are described by equations:

1
si2 =821 = 1 — (g + pg) - Ax + "6"/1.8' - Ax, ©
1
534 froned S43 = 1 — (IJG + NS) . Ay "+" "'6""/\1S N Ay, (10)
1
556 =S¢5 = 1 — (g + ) * Az + gHhs Az, (1D
1
S11 = S22 T 831 T S T S41 T S4p = 551 = S50 = Sg1 T S < gﬂs - Ax, (12)
1
533 = S44 = 513 =14 = 8§23 = 84 = 553 = 554 = 563 = S64 = —py - Ay, (13)
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1
S15 = S16 = 8§25 = 8§26 = 535 = S35 = S45 = Sap = Ss5 = Sg = gHs Az. (14)

The simulation procedure at zero iteration step determines the stimulation for each
element (for border elements — external stimulations and for elements within two-
dimensional or three-dimensional region — internal sources) and next at each iteration
step the output fluxes from given nodes are attributed to in-fluxes for adjacent elements,
For example, two-dimensional simulation algorithm may be presented in the pseudo-
code:
for k = 1 to number of iterations

for (i, j)e{s considered region

]in(k+1)(l ]) _ our(k)(l 1 J)
zn(k+1)( ]) - Ioul(k)(l-+ 1 J-)
m(k+1)(l J) oul(k)(l J - 1)

LYV = 100G+ 1)
calculate out vector for element (i, j) according equation (1)

The boundary conditions in nodal method are defined by attributing right values to
in-fluxes for boundary elements. For non-reflecting free surface, boundary condition
is defined that all in-fluxes equal zero. For reflecting surface (i. e. surface with in-
ternal light refection) in-fluxes are determined as out-fluxes multiplied by reflection
coeflicient.

When elements of a region may not be considered small (equation (7) not valid),
the scattering matrix may be determined by another method, for example, by Monte
Carlo method or by diffusive approximation but without use of equations (3)-(6) or
(9)-(14). Also the fast nodal method may be used but with dividing big nodal element
into number of smaller elements — for these elements the condition (7) should be
valid.

3. SIMULATION RESULTS

The specialized software in Pascal language (Borland Delphi environment) was
developed, the NODDEL program solves transport equation by nodal method. The
program enables simulation of light propagation in such geometrical shapes as cube,
sphere and cylinders.

The number of simulations were carried out for cubic object with dimensions
50 mm x 50 mm x 50 mm. This object was decomposed into nodal elements (voxels)
with dimensions 1 mm X 1 mm x 1 mm. Isotropic light source was placed in the centre
of this cube. The simulation results were compared to analytical solution of diffusive
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equation ~ the photon fluence rate ®[W/m?] for infinitive medium, determined by
equation (15), was the output parameter [5]:

1 exp (=ptess 7~ 7))
4nD lf’m fz)!

O(F, 7o) = : (15)
where:

7o — source position, 7 — detector position.
Parameter fi.sy is the effective attenuation coefficient, given by [5]

ey = (16)
The photon fluence rate calculated by equation (15) and that simulated by nodal
method at distance r[mm] from source, for optical parameters: u, = 0,04[mm™'],
ps = 3,0imm™'], g =0, are presented in Fig. 3.

1

@ [Wim?]
0.1
0.01
1o10 3
1o10
1710 >
1e10°®

l‘lOJi

8

1910 |

0 5 10 5 20 25 r [mm]

Fig. 3. Comparison of nodal method simulation results (solid line) and analytical solution of diffusive
equation (dashed line) for infinitive medium with optical parameters y, = 0,04{mm™], y, = 3, Olmm ™

The photon fluence rate calculated by equation (15) and simulated by nodal
method at distance r{mm] from source, for optical parameters: u, = 0,01[mm™'],
fs = 3,0[mm™"], g = 0 is presented in Fig. 4.

For both examples the simulation results are in good agreement with analytical
calculations. The test of iterative algorithm convergence was also carried out — the
most critical conditions (nodal element far from source) were analyzed. The cubic
object had dimensions 40 mm X 40 mm X 40 mm with nodal elements (voxels)
Imm x 1 mm x 1 mm and optical parameters y, = 0,01[mm™'], Hs = 3,0[mm™],
8 = 0. Light source was placed in the centre of this cube and analyzed voxel was at
the border, 20 mm from source.

The relative error of solution for border voxel as a function of iteration number
Was presented in Fig. 5. For about first 150 iterations the relative error is equal 1 (any



122 . G. DOMANSKI, B. KONARZEWSK]I, Z. PAWLOWSK], K. ZAREMBA  Kwart. Elektr. i Telekom.

light form source has not reached yet this voxel). During the next iterations the solution
got the correct value and the error decreased exponentially.

@ [W/m2]

0.0t

1o10 °

T

1m0 °

6 ] 1 | |
0 5 10 15 20 25 ¢ [mm]

1o10 |

Fig. 4. Comparison of nodal method simulation results (solid line) and analytical solution of diffusive
equation (dashed line) for infinitive medium with optical parameters : mu, = 0,01[mm™'],
fts = 3,00mm™"]

Relative error ! T

o1

0.01 [~

1 0 -

o0 b

5 ] ] ] I
4] 100 200 300 400 500 iteration

1010

Fig. 5. Relative error of the solution for boundary voxel as a function of iteration number

4. RESULTS OF MEASUREMENT ON CYLINDRICAL PHANTOMS

A fixed geometry optical tomograph was designed and built. There is a detector
wchich moves around rotating object. Block scheme is shown in Fig. 6. source the
laser module LM12-650 was used (650 nm wavelength and 3 mW output power) as
the light. The detector consists of silicon pin photodiode BPW34 (sensitivity spectrum
400 nm — 1100 nm, peak at 700 nm). The photocurrent is integrated by switched
integrator and converted by 10-bit ADC built in Atmel’s ATMEGA8535 microcontrol-
ler. This microcontroller is also a driver for both stepper motors. The whole system
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communicates with PC computer, which controls acquisition process by RS232 serial

link.

Such a system can be used only for small samples (a few centimeters diameter),
but it gives a possibility to make more measurements with simple hardware.

The optical tomograph was used for measurements of cylindrical phantoms. The
phantoms were made of white paraffin wax. One phantom was homogenous, others
were inhomogenous - with internal regions of increased absorption (blue paraffin wax).

Rotating

Stepiper
motpr

dise Step")cr
motor
]
Laser
Controller

Rotating
arm

Detector II

Power supply

Amplifiers
Converters

Acquisition
Controller

Serial

link
RS232

Stepper motors
controller

Fig. 6. Block scheme of fixed geometry optical tomograph

. s10°
signal  1°10

[a.u.]

00 [~

4 5 6

angle [rad]

Fig. 7. Measured signal for homogenous phantom (solid line) and inhomogenous phantom (dashed line)
as a function of projection angle

The results of exemplary measurement were shown in Fig. 7. There are differences
In measured signal (in arbitraly units) between homogenous phantom (solid line) and

i



124 G. DOMANSKI, B. KONARZEWSKI, Z, PAWLOWSKI, K. ZAREMBA  Kwart. Elekir. i Telekom.

Fixed source Direction of
rotation
/ Phantom
L] - o
A Region with
different
absorption
Moving
detector

Fig. 8. The measurement geometry for the inhomogenous phantom (top view)

inhomogenous phantom with region of increased absorption (dashed line). The region
of big absorption was placed in opposite of the source (i.e. for angle equals 7 in
radians). The geometry of the inhomogenous phantom measurement was shown in
Fig. 8.

5. CONCLUSIONS

The proposed nodal method is computationally efficient and has a simple algori-
thm. It may be used with different types of border conditions. The analyzed medium
may have very sophisticated distribution of optical parameters with internal light reflec-
tions. Nodal element dimension may be bigger than photon mean free path, provided
that scattering matrix was determined by another method with sufficient precision.
A discretisation of angles is the main disadvantage of nodal method — it leads to
substantial errors for medium with anisotropic scattering. But in medical applications
of optical tomography the analyzed media are highly scattering and diffusive approxi-
mation may be used with light propagation only in selected directions.

The developed system of the fixed geometry optical tomograph was used as a flexi-
ble tool for evaluation of different reconstruction algorithms. A cylindrical coordinates
system used here enables performing of full measurements with a single pair of the
source and detector.

The nodal method enables fast reconstruction of optical parameter distribution in
examined objects, especially for non-linear method of reconstruction.
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SZYBKA METODA NODALNA SYMULACII PROPAGACI SWIATLAW OSRODKACH METNYCH
Streszczenie

Zaproponowano szybka metode nodalng symulacji propagacji §wiatla w osrodkach metnych. Metoda
ta umozliwia symulacj¢ rozchodzenia sig §wiatla w o§rodkach nigjednorodnych z odbiciami wewngtrzny-
mi i zewnetrznymi. Przedstawiono poréwnanie wynikéw symulacji metodg nodalng z wynikami obliczest
analitycznych dla jednorodnego szeScianu. Skonstruowano tomograf optyczny o stalej geometrii pomiaru.
Przeprowadzono szereg pomiaréw fantoméw cylindrycznych. Metoda nodalna umoiliwia szybka rekon-

strukcje rozktadu parametréw optycznych w badanych obiektach, szczeglnie w nieliniowych metodach
rekonstrukcji.

Stowa kluczowe: tomografia optyczna, propagacja §wiatta, metoda nodalna
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Measurement circuit based on programmable integrators and
amplifiers for electrical capacitance tomography

W. SMOLIK, J. MIRKOWSKI, T. OLSZEWSKI, D. RADOMSXKI, P. BRZESKI, R. SZABATIN

Institute of Radioelectronics,
Warsaw University of Technology,
ul. Nowowiejska 15/19, 00-665 Warsaw, Poland,
wsmolik@ire.pw.edu.pl

The paper presents novel design of charge-discharge capacitance measurement circuit
for electrical tomograph. In electrical capacitance tomography, a sensor consists of a set
of electrodes surrounding an object. The sensing electronics measures the capacitances for
all possible independent electrode combinations. The main measurement problem is high
measurement range. For typical sensor, the range of capacitance value for electrode pair is
from a few picofarads for adjacent electrodes to a few femtofarads for opposite electrodes.
In this paper the application of programmable integrators and amplifiers is presented as
solution of this problem. The electrical signal courses and tormnographic images are shown.
The results show influence of charge-discharge circuit modifications on signal to noise ratio
and image quality.

Keywords: electrical capacitance tomography, charge-discharge capacitance measurement
method, programmable integrator

1. INTRODUCTION

Electrical capacitance tomography (ECT) measurement technique gives the po-
ssibility of imaging electrical permittivity distribution inside an object. The process
of image creation requires sequential measurements of charge and reconstruction of
permittivity distribution from these data. First, the sequential measurements of charge
between transmitting and receiving electrodes placed peripherally around the object
are performed. Next, the permittivity distribution is reconstructed from the set of these
measurements (projections).

In a charge-discharge circuit the charge flow through sensor electrodes is measured.
The charging pulses are integrated on one integrator and discharging pulses are inte-
grated on the second integrator. The signals from both integrators are summed after
reaching steady state determined by the integrators time constant. The signal amplitude
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is proportional to the measured capacitance of electrode pair. For a typical sensor, the
range of capacitance value for electrode pair is from a few picofarads for adjacent
electrodes to a few femtofarads for opposite electrodes.

For charge-discharge measurement method the relative measurement error is large for
small capacitances. One solution of this problem is to change the amplification (by
changing resistance in integrator feedback loop) for small and large capacitance. The
other solution is to replace the integrators by charge amplifiers. In such a circuit the
voltage signal increases linearly at each charge pulse. In this mode it is possible to
charge amplifier to the same voltage for small and large measured capacitance by
using different number of charging impulses. It decreases measurement error for small
capacitances.

In our tomograph the programmable electronic devices allow switching of integrator
feedback loop elements in order to switch amplification and time constant. The circuit
can be also switched to work using charge amplifiers. Here only the solution with
switched amplification is presented.

2. PROGRAMMABLE CHARGE-DISCHARGE CAPACITANCE
MEASUREMENT CIRCUIT

The basic electrical circuit for the capacitance sensor based on charge detector is

described in (Plaskowski, 1995) and in (Huang, 1998). The next, differential version
of sensor electronics — the charge-discharge measuring circuit is described in (Yang,
1996). Although the description given by the authors includes even the operational
calculus, some aspects of this circuits’ operation are omitted. Below the operation of
charge-discharge circuit is shortly described and shape of voltage signal at output of
charge detector is discussed.
The schematic diagram of charge detector is shown in figure 1. The measurement
consists in switching of constant voltage V;, = const on unknown capacitance Cy and
measuring charging current using operational amplifier. The switches A, B, C and D
are operated at frequencies of about several MHz, allowing for the cyclic charging and
discharging of the measured capacitance. During the charge phase, switches A and B
are closed and switches C and D are open. During the discharge phase, switches C and
D are closed and switches A and B are open. The charge transferred by capacitance
C, at one impulse is Q = V;,C,. If the charging impulse frequency is f, the mean
value of charging current is Iyeq = fViyCy. If Cy is not present, the ideal operational
amplifier is working as current-voltage converter. The mean voltage at the output is

Vinean = '"f VinR f Cy ¢y

and is proportional to the unknown capacitance C,. To measure the mean value of
voltage the integration is necessary. The time constant of integrator T = R,Cy must be
chosen to achieve constant output voltage in a relatively short time.
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Fig. 1. The charge detector circuit and switching control signals

The shape of voltage signal at output of charge detector is determined by voltage steps
from charging impulses and voltage falling as a result of R +C circuit discharging. The

transmittance of charge detector from figure 1 when switches A, B are closed and C,
D are open is

Vout(s) — SRfo )
Vis)  sReCr+1

where V;,, V., are Laplace transfoms of V;,(1), Vo (?) respectively. For small time
e.g RyCe>> 1

C
Vour(0) = ""E,'{Vin(o) 3
S
The voltage change due to discharging by R;Cy circuit is given by formula

Voult) = Vous(0)e 77 )

The output voltage in function of charging impulse number may be written down
using sequence of equations

Cy
Vout(l) = '“'é—f—V,',l
i C,
Vour(2) = V(e 7% — == Vin
Cy

C . . o o
Vou(n) = ME,ﬁVm [1 +e r +e G 4+ e fRfcf}
f
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The expression in square brackets is geometric series and if fR;Cy is very large value,
the output voltage after n charging impulses could be expressed by

Vour) & ViR C, (1 T ) 5)

n. . . . .
where ¢ = — is a time. After certain number of pulses the steady state is achieved

—- the charging current equals discharging current. The relative pulsation amplitude at
integrator output after reaching steady state depends on integrator time constant and
pulses frequency and is equal
AVoy 1

Vou — fRfCy
Figure 2 shows the voltage setting at integrator output. The values of capacitance
formed by electrode pairs in one of our tomographic sensor with 12 electrodes are given
in table 1. Figure 2 presents the situation for extreme values of measured capacitances
— the largest capacitance for neighboring electrode pairs and the smallest capacitance
for opposite electrode pairs — and different values of Ry and Cy. The input constant
voltage of 12 V is switched with the frequency of 1.5 MHz.

(6)

05 K — 0.02
o4 0.015
= =
Boa} 4
= =1
o o 001
8 8
S 0ol &
o [#]
3 g
= =0.005
0.1
o ‘ . ‘ 0 . ‘ .
0 200 400 600 800 1000 0 200 400 600 800 1000

a) Impulse number b) Impulse number

Fig. 2. The output voltage at integrator. Absolute value. Measurement of capacitance values for typical

tomographic sensor. V;, = 12V, f = 1.5 MHz. (a) Neighboring electrodes — large capacitance value —

C, = 1.5 pF, Ry = 16 kQ, C; = 1.5 pF. (b) Opposite electrodes — small capacitance value — C, = 0.02
pF, Ry =40 kQ, C; = 1.5 pF

For the measurement of capacitances formed by electrode pairs of tomographic
sensor the switching of feedback elements of the operational amplifier is essential.
The time constant RyCy must be large to obtain small voltage pulsation. The increase
of Ry has to compensate for the decrease of C,. The voltage setting time changes
adequately to the increase of Ry so the number of charging pulses also has to be
changed. From equation 1 and 6 it can be seen that increasing frequency of charging
pulses has fundamental influence on measurement quality.
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Table 1

The values of capacitances for 12 electrode tomographic sensor

Electrode | Capacitance

pair [pF]

1-2 1,530
1-3 0,130
1-4 0,053
1-5 0,033
1-6 0,025
1-7 0,023

The charge-discharge circuit with programmable feedback loop and programmable
amplifiers elaborated by us is presented below (figure 3). The differential version of
sensor electronics consists of two integrators for measuring charging and discharging
current. This increases signal twice. The switches TK1, TK2, RK1 and RK?2 (ADG442)
are operated at frequency 1.5 MHz, allowing for the cyclic charging and discharging
of the capacitance of electrodes. The charging pulses are integrated by one operational
amplifier AD8620. The discharging pulses are integrated by the other AD8620 ampli-
fier. The two signals of the same value but different sign from integrators are summed
by instrumental programmable amplifier PGA206. The second PGA206 instrumental
amplifier together with the first one allows to obtain signal amplification from 1 to 64.

The presented charge-discharge circuit was used for the construction of electrical
capacitance tomograph prototype ET1 and ET2 (Olszewski, 2002). The ET3 (figure 4)
prototype is designed for sixteen-electrode sensor, however it can work in an eight,
twelve, sixteen, thirty two or two times eight, or two times twelve electrodes setup.
The tomograph has a modular structure. It consists of 16 analog amplifier boards,
a motherboard and a control board with an analog to digital converter. The analog
amplifier board works as a transmitter and receiver. The motherboard consists of a
signal bus, sixteen slots for amplifier boards and one slot for the ADC board and the
control logic designed by using programmable logic devices. The control board consists
of a 16-channel multiplexer, a 16-bit analog to digital converter, a control logic and a
RS-232 interface. The control logic on this board is designed by using programmable
logic devices (Altera). The control board sequentially switches the amplifier boards.
At a given moment one board generates the signal on the application electrode. The
voltage signals on the remaining electrodes are amplified by the analog boards and
Sequentially sampled by the ADC. The control board transmits the measured data to a
Computer using a RS-232 serial port.
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Fig. 3. The charge-discharge circuit with programmable integrators and amplifiers

Fig. 4. The ET3 electrical capacitance tomograph. Motherboard with 16 analogue boards and control
board. Number of electrodes: 8, 12, 16 or 32

3. RESULTS OF MEASUREMENT

The measurements were performed using ET3 electrical capacitance tomograph.
The tomographic sensor with 12 electrodes was used. The empty sensor and sensor
with objects are used. The signals from analog board (charge-discharge circuit) were
captured by an oscilloscope.

Figure 5 presents voltage signal at the output of 12-th electrode when the sensor was
empty. The 12- th electrode is receiver when other transmitting electrodes are switched
in turn. This results in 11 voltage levels for electrode pairs: 1-2, 1-3, 1-4, 1-5, 1-6,
1-7, 1-8, 1-9, 1-10, 1-11, 1-12. The example values of capacitance for electrode pairs
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S —

are grouped in table 2 according to their values. The values of feedback element R £
Cy and total amplification A on instrumental amplifiers are given.

Table 2

The electrode capacitance, elements of integrators and amplification

Electrode | C, Ry Cy
pair [pF] | [kQ] | [pF]

1-2 (1-12) [ 1,530 16 15 14

A

1-3 (1-11) {0,130 25 1.5 |32

1-4 (1-10) | 0,053 | 25 1.5 |32

1-5(1-9) 10,033} 40 1.5 |64

1-6 (1- 8) 10,025| 40 1.5 |64

1-7 0,023 40 1.5 |64

The voltage signal course is captured when the analog circuit is working without

switching integrator and amplifiers and when the switching is on. In the first case, the
signals from pairs of opposite electrodes are very small in comparison with signals from
neighboring electrodes. The differences between the signals from opposite electrodes
are not distinguishable because they are less than voltage pulsation. In the second case,
the signals from opposite electrodes are comparable to the signals from neighboring
electrodes and are distinguishable.
The level of voliage pulsation seen on the picture is higher than in the simulation
(figure 2) because of the charge injection effect. The charge is injected and pulled
out to and from the integrator by analogue switches. The charge injection increases
amplitude of voltage pulsation but it does not change the mean value of voltage at the
integrator output because the switch is opened and closed at one cycle. The relative
ontrol amplitude of voltage pulsation for differential version of measurement circuit can be
expressed by

|
% ‘ AVout _ 1 " Qinfect
g Vour 2fRiCr  VinfRsCyC,

M

graph. where Qi feer is charge injected by the switch. The second element plays big role even
sensor if the charge injection of the analogue switch is relatively small. The used analogue
) were switches ADG442 used here have a very low charge injection and are specially powered

by low voltage (+/— 5 V) for further reduction of a charge injection effect. To minimize
or was charge injection effect the high amplification (using Ry) and lowpass filtering is used.
sitched The measurements using the sensor filled with the test object were performed.
5, 1-6, The electrical tomograph was working with and without switching amplifiers. 66 me-
e pairs asurement data are obtained for 12 electrodes sensor. The images of tomographic
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Fig. 5. The voltage at output of 12-th electrode. V;,, = 12V, f = 1.5 MHz. (a) (b) Not switched elements
Ry = 16 kQ, Cy = 1.5 pF. Constant amplification A=4 for all electrodes combinations; (c) (d) Switched
elements of integrator and amplification of instrumental amplifiers. Electrode pairs 1-2, 1-12:

Ry = 16 kQ, C; = 1.5 pF, A=4, electrode pairs 1-3, 1-11: Ry = 25 kQ, C; = 1.5 pF, A=16; electrode
pairs: 1-4, 1-5, 1-9, 1-10: Ry = 25 kQ, C; = 1.5 pF , A=32; electrode pairs: Ry = 40 kQ, C; = 1.5, 1-6,
1-7, 1-8, A=64; (a) (c) Signals without filtering, (b) (d) Signals after 1024 points averaging

Fig. 6. (a) The tomographic capacitance sensor. (b) The test object — three rods made of Plexiglas
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slices were reconstructed from these data using the model based iterative algorithm
(Mirkowski, 2004). The model based algorithm modifies the measurement model — so
called sensitivity matrix — in successive steps. The first stage of one step is calculation
of a sensitivity matrix for a given permittivity distribution. The sensitivity matrix is
determined by mathematical modeling of electrical field for the current estimate of per-
mittivity distribution. The second stage is inverse problem solving by SIRT (Herman,
1980). The sensor and the test object — three rods made of Plexiglas — are shown in
figure 6. The images of reconstructed permittivity distribution obtained for two work
modes of tomograph are shown in figure 7.

c) dy.
Fig. 7. The reconstructed images of electrical permittivity. 32x32 pixel matrix. Two algorithms of image
reconstruction: the LBP and the iterative model based algorithm (400 iterations, sensitivity matrix
modification after each 100 iterations). The capacitance values are measured in two modes: without and
with switched amplification. (a) Measurement w/o switched amplification, LBP; (b) Measurement w/o
switched amplification, iterative algorithm; (c) Measurement with switched amplification, LBP; (d)
Measurement with switched amplification, iterative algorithm
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Fig. 8. The profiles of electrical permittivity image (central horizontal cut line). The profile after LBP
reconstruction (circles) and successive steps of model based iterative reconstruction (after four
modifications of sensitivity matrix). The capacitance values are measured in two modes: without and
with switched amplification. (a) Measurement w/o switched amplification, {b) Measurement with

switched amplification
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4. CONCLUSIONS

The novel design of charge-discharge capacitance measurement circuit for elec-
trical tomograph was elaborated. The application of programmable integrators and
amplifiers allows measurement of capacitance of electrode pairs in high range from
a few picofarads to a few femtofarads. The modifications of charge-discharge circuit
increases signal to noise ratio. The influence on image quality is essential. The perfor-
med experiments show that proper distribution of permittivity can not be reconstructed
from the data obtained without amplification switching. In such case the sensitivity
in the center of image is very poor. For the presented object — three Plexiglas rods
— the central rod is not visible on the reconstructed image. The image quality is
not improved even with iterative reconstruction. The amplification switching makes
possible the measurement of objects in the central part of images. In case of these data
the iterative reconstruction improves quality of image. The quantitative evaluation of
influence of charge-discharge circuit modification on tomographic image quality will
be the subject of our future work.
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Petri nets in measuring systems
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The paper presents research on a methodology of design Measuring Systems (MS)
with time limitated data flow. A new method of describing MS model based on Petri Nets
is proposed. Examples of MS modelling with ExSpecT and CPN/Tools are included. The
paper provides an overall description of informal and formal methods, which can be used
while designing systems.

Keywords: measuring systems, formal methods

1. INTRODUCTION

It is hard to speak of well-organized Measuring Systems (MS) design rules. Nowa-
days there exists a poorly integrated set of directions. There is thus a need to formalize
the methods of designing MS.

Software plays an important role in MS. The quality of a system depends on the
software to a larger and larger extent. It is not usually possible to carry out compre-
hensive testing of complex MS software and researches do not go further than just to
examine the most important test cases. Such an approach is not satisfactory because in
case of some systems (e.g. “safety-critical” and “mission- critical” systems) simplifying
the approach to correctness is unacceptable.

In software engineering several software lifecycle models are proposed [12]. Howe-
ver in a general interpretation of waterfall model other models can be seen as variations
or enhancements of this model. These models introduce certain phases of software life-
time, determine actions taken in particular phases and set the order of their realisation.

Considering the subject of this paper a model based on formal transformations
18 particularly interesting. Formal system creation is an approach, which has a lot to
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do with watefall model. However the creation process is based here on mathematical
transformations of system specification into an executable program. In the transfor-
mation process formal mathematical representation is methodically transformed into
more detailed but still mathematically correct system representation. Defining the pro-
ject process [20] does not give directions how particular stages should be carried out.
It only describes a framework in which detailed methods are employed defining a way
of work in one or more stages. Most of practically employed methods are based on
more or less formal model. Most often used models are: control flow model, data
flow model, subject related object model, abstract data types model and entered and
extracted data structure model.

It is necessary to elaborate a methodology of effective employment of Formal
Methods (FM) to analyse, specify and support designing MS software (also Distributed
MS — DMS) with time requirements. To create such a methodology one needs to
elaborate methods of forming a model describing various aspects of information flow
within a process and between the processes inside MS and suggest formalized methods
of describing such a model. Furthermore verification of created model is necessary.

2. INFORMAL METHODS OF PRODUCING SOFTWARE

Informal, industrial approach to the problems of software producing usually bo-
ils down to using certain heuristic patterns of systematic analysis, specification and
designing.

The basic tools to design the software are diagrams. A set of diagrams can be
treated as a language to describe a model of a system. Methodologies of designing
are usually certain algorithms of employment of systems’ description languages used
to make a design. For instance on the basis of structural diagrams, such as: Data
Flow Diagram (DFD), Entity-Relationship Diagrams (ERD) structural methodologies
of analysing and designing real-time systems have been elaborated, among others
Ward-Mellor methodology (Real-Time Structured Analysis ~ RTSA) [20, 21, 22] and
MASCOT methodology (Modular Approach to Software Construction Operation and
Test) [21, 22]. Using UML - an object-oriented design language [1, 16] — several
object-oriented methodologies of real time systems modelling were introduced inclu-
ding COMET (Concurrent Object Modelling and architectural design mEThod with
UML) [9] and ROPES (Rapid Object-oriented Process for Embedded Systems) [6].
Some of the system description languages were defined together with the development
of design methodologies and for the sake of depicting features of a given methodo-
logy. HOODTM/HRT-HOODTM methodology [11, 21, 22] and LACATRE language
and methodology [21, 22] can serve as an example. Object-oriented design methods
proposed for languages with object-oriented features such as SaMI methodology [21,
22] are also to be noted.
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3. FORMAL METHODS

The possibility to formally prove the correctness of a software project in a formal
way s expected for a growing number of information systems including time-critical
and safety-critical systems. Formal methods are mathematically based techniques for
the specification, analysis, development and verification of software and hardware Sys-
tems. A formal approach to the initial specification, analysis and designing is based
on creating a model of the constructed system with the application of the language of
Mathematics and transforming the created description in a systematic way using strictly
defined transformations. The initial specification expressed in a formal language (FL)
is to be further defined through successive mathematically described transformations
until the model of the system is ready for implementation. The elaboration of fully
formal methodology of software designing has so far been an open scientific problem.
Another way to apply FL is to combine them with engineering methodologies. The
basic limitations are: lack of effective mathematical specification languages, difficulty
of strict definition of specification fully reflecting actual requirements, lack of deve-
loped methods of transforming subsequent system versions and small effectiveness or
inability to generate output code [21]. Regardless of the above limitations modern
formal languages of system description are more and more widely used in solving
a large number of software manufacturing problems. The specification expressed by
means of the mathematical language of description can be formally analysed in order to
evaluate the properties of the system being defined. FL enable the scientist to prove the
correctness of the description of systems (verification) [7], and to prove the existence
of key properties such as absence of deadlocks or overflows [13]. FL also enables one
to prove the compliance with time limitations in the systems [2, 25].

Formal methods of software design usually include definition of system models
and demonstration of their properties using a given description language [2]. Another
way of formal language employment is their association with engineering methods. A
system description defined with an engineering method is transformed to mathematical
language according to defined rules. An ability of formal analysis of a system originally
developed using informal methodology is thus reached [7, 23, 24].

In general formal methods can be divided into finished state automata, temporary
logic, process algebras and Petri Nets.

There are over 90 different FM [26]. Individual notations characterize the me-
thods. Application of the methods is mostly dependent on the adequate program tools.
Particular methods were created and have been developed by different academic rese-
arch centers, corporate research centers and commercial software companies. Particular
interest in formal methods can be seen in following fields: business process model-
ling, real time systems specification and analysis, software engineering of systems
or critical elements, industrial automation system modelling, and embedded systems
analysis. Formal methods are employed also in biology, chemistry and medicine. Most
of FL. enabling the definition of time properties of systems constitute an extension
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of mathematical forms of describing classical systems (without time requirements)
e.g. Timed Process Algebras, Time/Timed Petri Nets [2, 4, 10, 13, 14, 19], time
extensions Temporal Logics [5, 15]. A broader review of FL describing time systems
as well as the methodologies formed on the basis of the given languages can be found
in: [3, 5].

4. PETRI NETS

Petri nets are regarded as a formalism particularly suited for asynchronous and
parallel system specification and analysis. The net’s basic feature is the capability of
simultaneous presentation of control flow and data flow in concurrent systems. Formally
Petri net [20] is a four C = (P, T, 1, O) where P = {py, pa, ..., pn} is a finite set of places,
T = {t;,t,...,1,y} is a finite set of tramsitions, / : 7" — P* is an input function, and
O : P — T" is an output function. Graphic representation is a graph consisting of
two types of input nodes called places and transitions respectively. Places (circles or
ellipses) represent conditions and transitions (rectangles) represent events. Places of
the net may contain tokens marked as dots. Token placement sets marking of net and
travelling tokens mark system dynamics.

The ability to create a system model as an executable graph builds a link between
an engineering, practical system description method in the form of a diagram and
a theoretical approach, which describes the system model in the form of a set of
strict mathematical dependencies, which can be formally analysed. The classic form
of Petri nets has been successfully to model and analyse different types of systems
including production processes, communication protocols, calculation processes and
multiprocessor systems {21, 22].

From a MS design methodology definition point of view net’s basic behavioural
features are of high importance: reachability, boundedness and liveness [21, 22]. The
analysis of net’s boundedness enables identification of overflows (e.g. buffers, registers)
in the system. The net’s liveness in regards to software guarantees the absence of dead
code in any state of program execution (no deadlocks). Deadlock means the inability
to run any transition, which means the suspension of all processes of the program.
Showing these features for net described system is possible through the analysis of
limited net based on its reachability tree [21, 22].

From the point of view of the subject of this paper two areas are of particular
interest. Studies of Petri Nets enhancements with broadened expressiveness and the
research of net definition enhancements to enable the projection of features of systems
with time rigours (e.g. real-time systems). High-Level Petri Nets are a result of these
works. Among them Environment Relationship Nets [5] and Coloured Petri Nets —
CPN [13, 21, 22] can be distinguished. High-Level Petri Nets in comparison with
classic nets (places and transition nets) offer a more consistent way of system descrip-
tion and simplify the modelling and analysis of complex systems. In CPN every token
(colour) has an associated value (e.g. integer, record). To model complex systems
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effectively, CPN permit dividing fragments of net into subnets and thus enabling the
creation of complex hierarchical CPN. Time enhancements of Petri Nets were proposed
for places and transitions nets [2, 4, 10, 14] as well as for High-Level Petri Nets {13,
19]. Timed CPN (TCPN) use the idea of a global clock. Tokens can transport a time
value (time stamp), which denotes the earliest value of model time where the token
can be used. Time stamps are modified by expressions linked to output transition
arcs or transitions. TCPN modelling and analysis can be aided by software tools (e.g.
CPN Tools) which usually enable automatic generation of timed reachability tree and
analysis of that tree according to set values.

5. METHODOLOGY OF DESIGN MEASURING SYSTEMS

5.1. CURRENT METHODOLOGIES OF DESIGN MEASURING SYSTEMS

Methodology of designing MS [20] is used to describe a process, which begins
with specifying the need to create a new system, and ends in releasing a product of
appropriate quality. The scientists’ interests are thus focused on not only preparing
diagrams of devices and programming but also on analysing the field of application,
specifying the user’s needs and testing the components of systems as well as recording
the course of a project and describing the structure of the equipment, the software and
its usage.

General methodologies of designing MS have been elaborated on the basis of a
direct systematic approach to measurements [18]. MS design rules are currently poorly
integrated and are based mainly on the knowledge and experience of the designers.

MS software engineering is based on the extensions of classical (engineering)
methodologies of developing information systems [27]. Most of currently applied me-
thodologies of designing MS software can be described as informal structural methods.
There are attempts to create MS models. These models mostly show the physical struc-
ture of MS or describe the metrological properties of MS. The common fault of the MS
software design methods being applied at the moment is neglecting time dependence
in the process of designing MS. Nor do the methods provide mechanisms of verifying
the correctness and quality of the created MS.

5.2. MS MANUFACTURING METHODOLOGY BASED ON FORMAL METHODS

To include a FL effectively in the methodology of creating MS software (also
DMS) with time limitations the following two operations can be done:

1. Choosing the right perspective for the description of a system according to an
engineering method and establishing rules of transforming the perspective into a
specified FL. The language is used in some of the stages of manufacturing pro-

R A 4 5+
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cess e.g. timed process algebras temporary logic and time automata are mainly
employed in formulating system descriptions in early stages of manufacturing.
2. Indicating a FL, which allows elaborating an autonomous design methodology.
Formal approach to specification, analysis and designing is based on formulating
a model of the constructed system with the use of the language of Mathematics and
transforming the created description systematically using strictly defined transforma-
tions. To make up a model of the processes occurring in system the following needs
to be done:
e defining the necessary external objects, processes, streams and sets;
e deciding what sort of relations there should be between those elements;
e creating a diagram showing the elements and relations between them.
A good model should present project problems as accurately as possible. It should
strictly emulate the operations within the designed system. It should be characterized
by clarity and accessibility to the tools. It should also be standardized.

5.2.1. FORMAL METHOD CHOICE CRITERIA

Formulating formal methods choice criteria, which can be used to define MS
creation methodology, are a result of years long thorough analysis of these systems’
properties. Criteria listed below are based on thorough experience in different measu-
ring systems design.

In general it can be said that those methods, which enable the support of at least
several stages of MS manufacturing can be helpful. The ability of system analysis,
formal specification and verification is necessary. Those methods must permit the
creation of a relevant and accurate model of as broad as possible range of measuring
systems. The model should reflect the character and features of processes occurring
during normal system operation. It should also enable simulation of exceptions (bre-
akdowns, out-of-range parameters). Considered methods must assure the ability of
simulation and analysis of time phenomenons occurring in MS processes. Because
of the fact that in a lot of cases these phenomenons cannot be strictly defined must
permit time stochastic process modelling. Complex character of a large number of
MS generally leads to the creation of a very complicated model of such a system. It is
thus necessary to decompose those kinds of systems into functional blocks or logical
processes. The proposed method should in this case take in to consideration model’s
hierarchical character and/or object-oriented character of model components. In a
lot of cases process occurring in MS are executed parallelly in time, which determines
the necessity of both sequential and parallel simulation. A very important element
of proposed MS manufacturing methodology is the possibility of its employment by
engineers, who design such systems. Choosing the right formal method must be thus
limited to those among them, which are implemented as software tools. Those tools
must, in an infuitive way through a graphic user interface, allow the creation of MS
model its verification, simulation and visualisation.
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Using formulated criteria Petri Nets were chosen to create MS models. To project
time requirements of measuring systems usage of Petri Nets time enhancements will
be useful. Time events occurring in DMS often have non- eterministic character, for
example in systems using global computer networks or cellular networks. Stochastic
Petri Nets can be used to describe these phenomenons. Because of a possibility of MS
decomposition as well as particular of their blocks Petri Nets hierarchical or object-
oriented enhancements are very useful. Coloured Petri Nets facilitate modelling of
different kinds of signals or messages sent during MS work.

3.2.2. SOFTWARE TOOLS CHOICE CRITERIA

Formulating criteria of choice of appropriate software tools, which could be useful
in the process of designed measuring system model analysis, specification and veri-
fication is determined by an earlier choice of formal method. Searched tool should
use Petri Nets in the above design phases. It should particularly include appropria-
te enhancements of these nets (time, stochastic, colour, hierarchical/object-oriented).
Additional choice criteria of appropriate software tool are availability of an intuitive
graphic user interface, broad model verification module, thorough documentation or
built-in help and software stability. Among over 50 [17] different software tools using
PN to create MS manufacturing methodologies using FM the usage of following tools
can be considered: ExSpecT, Mathlab — PN Toolbox, Artifex, CPN-AMI for Linux,
GreatSPN, PEP, TimeNET, CPN/Tools. Examples of MS creation in ExSpecT and
CPN/Tools environments are explained below.

5.2.3. MODELLING MEASURING SYSTEMS USING PETRI NETS AND EXSPECT TOOL

ExSpecT [14] is a Microsoft Windows based environment that enables discreet
processmodelling. ExSpecT enables the usage of High-Level Petri Nets: stochastic, co-
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loured and hierarchic. ExSpecT has a very intuitive graphic user interface. It provides
simulation with animated graphics as well as maximum performance mode simulation
without the animation. ExSpecT uses a functional native language of transition (here
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called processor) specification. Model created with ExSpecT describes system’s beha-
viour as a set of hierarchically defined processes and subprocesses which communicate
with each other through messages. Model of this kind can be analysed in regard to
structural correctness and behavioural features. The analysis can be done step by step,
continuously or using breakpoints. Because of the above reasons ExSpecT was chosen
for further research on creating a simple MS model and its analysis. The modelled
measuring system consists of IEC 625 controller and three devices connected to it

(Fig. 1).

IEC-625

e,

—

U

Componients Tools Wi

% Fle £dit
D@l &[=|@] izl

& o olom|olsle|e

H

al D sfite
{instrument e g
0 L New M,..g
bus_delay Delste
bus_monitor
tead_proc
write_proc

|

Fig. 2. System definition

A model of the system has been built in ExSpecT environment. The Model is
hierarchical. Defining of the modelled measuring system relied on creation of a set
of subnets communicating with each other. The set consists of 7 nets of different
levels (Fig. 2). It should be noticed that most of them is used to describe more than
one system block, process or event. For example an “instrument” — a net defining
measuring device (Fig. 4) is used three times to describe three measuring devices. Of
course subnets of lower levels than instrument subnet such as read proc (Fig. 5) are
also automatically used multiple times making the project object-oriented.
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Fig. 3. System model

To be precise a block view of system leads to a high level model. In this view
blocks representing measuring devices, communication interface and IEC-625 interface
synchronization lines logical state monitor are the elements of system model (Tiig. 3).
System functional block definitions were formulated with lower level nets in a nested
way. For example a subnet instrument_1 is a definition of device 1 and consists of two
lower level nets definitions and two processors (Fig. 4). Lower level net represent write
(write_proc) (Fig. 5) and read (read_proc) procedures of IEC-625.1 interface. Those net
consist only of processors and places. Processor definition (counterparts of transitions
in places and transition net) relies on defining subnets’ connections with other level
nets and defining, in a special native language, the processor’s reaction to an incoming
token of a particular colour. According to a given definition bus.delay_proc processor
(Fig. 6) increases or decreases number_of L variable counter in relation to the value
of a token transmitted from a higher level net. It also defines token transition time
(delay directive) after which the token is transmitted to a place bus_state_temp (Fig. 7)
without the change of its value. Token value represents the logical state of IEC-625
interface line defined by higher level net. IEC-625 interface synchronisation bus model
is defined by bus subnet (Fig. 8) and time parameters are determined by bus_delay
process (Fig. 7), in particular the already mentioned bus_delay_proc processor (Fig. 6).
All blocks of the modelled system were defined in a similar way.

System model allows a simulation, which permits token animation monitoring and
graphically shows the state of interface synchronization lines (Fig. 9). The simula-
tion allows defining system features in normal working conditions as well as critical
conditions such as device failure or interface synchronisation bus failure (e.g. line di-
sconnection). The system model permits change of time parameters of particular system
elements and as a consequence a change of message transmission times in the system.
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Thus the simulation allows the definition of system’s dynamic features according to
different time parameters of particular elements.
Unfortunately the authors do not have access to a full version of ExSpecT environ-
ment and a limited demo version does not permit to model more complicated systems
nor the modelling of systems with a higher level of complexity. Because of the above
limitations further research of more complex system modelling will be done using -
CPN/Tools environment.
5.2.4. MS CREATION METHOD USING PERTI NETS AND CPN/TOOLS TOOL
CPN Tools [28] is a tool for editing, simulating and analysing Coloured Petri Nets. ficar
the

The GUI is based on advanced interaction techniques, such as toolglasses, marking me-
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nus, and bi-manual interaction. Feedback facilities provide contextual error messages
and indicate dependency relationships between net elements. The tool features incre-
mental syntax checking and code generation, which take place while a net, is being
constructed. A fast simulator efficiently handles both untimed and timed nets. Full and
partial state spaces can be generated and analysed, and a standard state space report
contains information such as boundedness properties and liveness properties.

CPN Tools uses the CPN ML [29] language for declarations and net inscriptions.
This language is an extension of a well-known functional programming language,
Standard ML (SML), developed at Edinburgh University.

CPN Tools use CPN ML, which is obtained by extending Standard ML in three
different ways. The first two extensions make the language easier to use. The third
extension is made to be able to define the scope of reference variables. The first
extension adds syntactic sugar for colour set declarations. This makes it very easy
to declare the most common kinds of colour sets. It also means that the user can
include a number of predefined functions, just by mentioning their name in a colour
set declaration. The second extension of SML allows the user to introduce typed
variables, as a part of the declarations. Instead a value may be bound to a name, and
this determines the current type of the name. Later the name may get a new value,
and then it gets a new type. It would be possible to use the same strategy for CP-nets.
However, we have found it more fruitful to demand that the user explicitly declares the
type of each variable. This makes it possible to perform an exhaustive type checking.
The third extension allows the user to declare reference variables.

A model of a client-server architecture distributed system model (Fig. 10) was
created in CPN/Tools environment. Server part of the modelled system consists of a PC,
further called measuring server, with IEC-625 interface card and DAQ data acquisition
card installed. HP33120A generator was connected to the IEC-625 interface. A signal
from the generator is provided to the input of object under test Q. Signal is measured
on the output of the object under test by DAQ acquisition card.

EC 625 Bus

LAN

Server Controller Client

Fig. 10. Diagram of modelled distributed measuring system

The measuring algorithm is based on frequency characteristic Uout = F(f) identi-
fication of object under test. Input of the tested object is stimulated with a signal from
the generator. Measurement is done by DAQ data acquisition card. Equipment’s work

S
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parameters are set by the measuring system’s server software. A measuring service,
which remotely starts the measuring procedure and provides the client with results, is
shared by the server via a computer network. Moreover, the server allows the remote
client to change parameters before the proper measuring procedure is started. Client
provides the user with the possibility to change the parameters and sends them to the
server. Client collects results from the server as they are ready, displays them on user’s
panel and saves them in the database. Modelled system uses a computer network to
transmit data. The exchange of data and messages is assured by DataSocket protocol.

Creating a system model in CPN/Tools environment is based on defining a hie-
rarchical Petri Net describing dynamic properties of system elements. The model uses
global timer, timed colours and timed variables. A block view of system description
leads to defining a high level model as a supernet Top (Fig. 11). The model consists of
three high level elements defining client, server and communication medium. The net
contains four places defining measuring system server and client network interfaces.
System elements in a CPN/Tools model are defined as three substitution transitions
associated with the subnets: Client, Network and Server (Fig. 11).
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Fig. 11. DMS model in CPN/Tools (supernet Top, subnets: GUI, Network)

In the described example a very simplified network example is used (Network sub-
net). Message transmission time is defined by probability distribution. The distribution
is defined by NetDelay function (1). A detailed DataSocket protocol model is a subject
of current works.

funNetDelay(cl, length) = 20+round(erlang(cl + 1, 1000.0/Real.fromInt(length))); (1)
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where erlang is a function for generating values from n-Erlang distributions,
Modelled system’s server and client parts are defined by Client and Server subnets
(Fig. 12)

Client model (Client subnet) contains substitution transitions associated with the
following subnets: GUI, FrameFormation, Analyze, Sender, Receiver and CreatelD
(Fig. 12). For example graphic user interface model is defined by GUI subnet (Fig.
11). The model consists of places related to graphic controls of client’s interface. The
places in their initial states are stimulated by tokens containing values associated with
client’s GUI control values. GetArg transition sets argument acquisition time from
graphical elements using a previously defined Delay function (2).

funDelay(i) = binomial(2*i,0.5) @)

where binomial is a function for generating values from binomial distributions.

Values of acquired parameters (actual measuring parameters) are transmitted by
out port to P1 socket of Clients submodel. After the measurement, the measured value
is submitted to port in by defined variable data of a defined colour DATA. A diagram on
a graphic user interface panel is modelled by display place. Measurement result display
time is defined as: Delay( l+get2(data)div50). Database place symbolises saving data
to an external database. A detailed database model will be a subject of further work.
The model is limited by the scope of research described in this paper.

Other client measuring system logic blocks were modelled analogously.
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System’s server part model contains several subnets defining particular elements of
this part of the system. For Example DAQ subnet (Fig. 13) modelling data acquisition
in the system consists of three substitution transitions associated with the subnets:
Initialize, Configure, Measure. Another example is Measure subnet. It consists of two
ports assigned to sockets — input and output nodes of the substitution transition in
a superpage DAQ. Transition modelling measurement time is the third element of
Measure subnet. The time is defined by MeasDelay function (3).

MeasDelay(f,n)=n"1000 div f + binomial(5,0.5) 3)

Remaining measuring system server’s logic blocks were modelled similarly. The
created system model enables the analysis of the system’s dynamic properties with
different time parameters of elements of the system. System elements’ breakdown
simulation and the analysis of system reaction are possible. The model allows defining
border parameters of information flow. The simulation enables defining border data
acquisition time values with set time parameters of particular system elements. However
detailed research requires a more accurate definition of models of some of the system
blocks.

It should be stated that the created models being described do not copy the real
system elements’ parameters. Examples were created to present measuring system ele-
ments’ modelling methods. Precise parameters, however, can be employed within such
models. Time parameters of elements of the model can be taken from catalogue data or
elementary events’ times evaluated experimentally, such as data acquisition time. Mo-
reover it is possible to develop the presented models by further specifying the model’s
elements. The specification is possible in the process of sequential decompositions.
The creation of a library of such models in particular environments shall be one of the
final stages of the research.
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Fig. 13. DMS model in CPN/Tools (subnets: DAQ and Measure)

6. SUMMARY

Modern formal languages offer the ability of exact demonstration of given pro-
perties of systems described by them. In times of high faultlessness of microprocessor
equipment and the tendencies to move more and more system components to software
the ability to formally assess the correctness of designed system software is gaining
more importance. Furthermore a measuring systems design methodology with relation
to time dependencies does not yet exist.

Petri Nets enhancements allow modelling of complex systems with time requ-
irements in a consistent way without loosing the details of description. Works and
research presented up to date show Perti Nets useful in MS modelling.

Works and research presented so far show Petri Nets useful in MS modelling. The
modelling can be employed to predict the necessity of preventing possible breakdowns,
which might occur within the system. The thesis on the possibility of simulating the
influence of time parameter changes of particular processes or system elements on the
functioning of the system as a whole was verified positively. In particular the possibility
of defining criteria of MS time limitations based on the model was confirmed.

At the same time the research show that TCPN employment allows the creation of
MS with time requirements systematic design methodology. Including TCPN in DMS
design can be combined with the use of existing software tools such as ExSpecT or

CPN/Tools. However there exists a need to create a library of typical MS models in
these environments.
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Creation of an as general as possible model of typical distributed measuring sys-

tems blocks will be one of the main elements of the research. Eventually a distributed
measuring systems design methodology will be formulated. This methodology would
use TCPN and an existing software environment together with formulated general DMS
element models. Effects of this research will be the subject of future publications.
In the current state of research it can be said that formulating wholly autonomic DMS
creation methodology requires the creation of new software tools enabling effective
DMS modelling based on TCPN. This kind of tool can be developed until a measuring
system specific CASE tool is created
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R. LUKASZEWSKI, W. WINIECKI

WYKORZYSTANIE SIECI PETRIEGO W PROJEKTOWANIU SYSTEMOW POMIAROWYCH

Streszczenie

Zasady projektowania systeméw pomiarowo-kontrolnych (SPK) w chwili obecnej majg charakter
heurystyczny. Wzrost ztozonosci oprogramowania SPK sprawia, ze zwykle nie jest mozliwe przeprowadze-
niewyczerpujacego testowania a poprzestaje sie na sprawdzeniu najwazniejszych przypadkéw testowych.
Istnieje, zatem potrzeba przeprowadzenia badaf zmierzajacych do opracowania metodyki efektywnego
Zastosowania metod formalnych do analizy, specyfikacji i wspomagania projektowania oprogramowania
SPK (w tym rozproszonych — RSPK) z wymaganiami czasowymi.

Wspdlczesne jezyki formalne (JF) opisu systeméw znajduja coraz szersze zastosowanie w r0ZwWigzy-
waniu wielu zagadnied zwiazanych z wytwarzaniem oprogramowania, umozliwiajg wykazanie zgodnosci
opisu systeméw [7], udowodnienie kluczowych whasciwosci systemu [13], pozwalajg na wykazanie spet-
nialnodci ograniczeri czsowych w systemach {2, 25]. Na uwage zashuguja: czsowe algebry, rozszerzenia
logik temporalnych [5, 15] oraz czsowe sieci Petriego (TPN) [2, 3, 4, 10, 13, 14, 191, w tym sieci
wysokiego poziomu [5] oraz kolorowane sieci Petriego [13, 21, 22].

Efektywne wiaczenie JF do metodyki wytwarzania oprogramowania SPK (w tym RSPK) z ogranicze-
niami czasowymi moze sie odbyé poprzez wybranie JF i jego zastosowanie w niektérych etapach procesu
wylwarzania w metodzie inzynierskiej. Mozliwe jest réwniez sformulowanie autonomicznej metodyki
projektowania wykorzystujacej wybrany JF.

W artykule przedstawiono przyktad wykorzystania $§rodowiska ExSpecT do stworzenia prostego
modelu SPK i jego analizy. Modelowany SPK skiada sie z kontrolera IEC-625 oraz dolaczonych do
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niego trzech urzgdzen (rys. 1). Model systemu umozliwia symulacje, ktéra pozwala obserwowad animacje
znacznikéw oraz w sposéb graficzny pokazuje stan linii synchronizacji interfejsu (rys. 9). Symulacja
poxwala na okredlenie wiasciwosci systemu wwarunkach pracy normalnej, jak tez w warunkach kry-
tycznych (awaria wrzadzen lub szyny synchronizacji interfejsu). Model umozliwia zmiany parametréw
czsowych poszczegdlnych elementdéw systemu a w konsekwencji zmiany czaséw transmisji komunikatéw
w systemie. Symulacja pozwala, wige na okreSlenie wlasciwoSci dynamicznych systemu przy r6znych
parametrach czasowych poszczegdinych elementéw.

W artykule opisano réwniez stworzony model RSPK (rys. 10) o architekturze klient-serwer w §rodo-
wiska CPN/Tools. Serwer pomiarowy modelowanego systemu sktada sie z komputera PC z kartg interfejsu
IEC-625, karta akwizycji danych DAQ oraz dolaczonego generatora HP33120A. Sugnat z generatora oda-
wany jest na wejScie badanego obiektu Q. Pomiary sygnalu na wyjsciu badanego obiektu dokonywany jest
za pomoca karty akwizycji. System wykorzystuje sie¢ komputerowg oraz protokdét DataSocket do trans-
misji danych i komunikatéw. Zbudowany model systemu pozwala na analize wiasciwosci dynamicznych
systemu przy réznych warto$ciach parametréw czsowych elementéw systemu. Mozliwa jest symulacja
i analiza awarii elementéw systemu. Model pozwala okre§li¢ graniczne parametry czsowe przeplywu
informacji oraz wyznaczenie granicznych warto§ci szybkoSci akwizycji danych pry zadanych ustalonych
parametrach czasowych elementéw systemu.

Przeprowadzone symulacje wykazaly celowo$¢ modelowania SPK z wykorzystaniem TPN 1 istniejg-
cych narzedzi programowych. W szczegélnoSci potwierdzono mozliwosé okreslenia krytycznych ograni-
czefi czasowych SPK na podstawie modelu. Wigczenie TPN do projektowania RSPK moze odbywaé sie
z wykorzystaniem istniejacych narzedziprogramowych, takich jak ExSpecT lub CPN/Tools.

Stowa kluczowe: systemy pomiarowe, metody formalne
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Bitratecontrol algorithm for video coding with regions of
interest

ADAM PIETROWCEW, ANDRZEJ BUCHOWICZ, WEADYSEAW SKARBEK

Institute of Radioelectronics,
ul. Nowowiejska 15/19, 00-665 Warsaw
{A.Pietrowcew, A.Buchowicz, W.Skarbek)@ire.pw.edu.pl

The bit-rate control algorithm for video sequence encoding with Region Of Interest
(ROD) is presented in this paper. The algorithm distributes available bit budget among
image layers taking into consideration both the distance from RO and the local complexity.
It improves the image quality in ROI by lowering the image quality outside ROI with the
preservation of the global constraint of the encoded stream bit-rate. The algorithm also
ensures the gradual image quality degradation outside ROL

Keywords: video coding, vate control, H.264/AVC

I. INTRODUCTION

The trade-off between compression ratio and the quality of the reconstructed signal
is the main issue in a video coding. It is obvious that better quality can be achieved
with smaller compression ratio and higher encoded stream bit-rate. The optimal coder
control, that is the selection of appropriate set of coding parameters, that will guarantee
the demanded bit-rate with minimal lost in fidelity of the reconstructed video sequence
requires the knowledge of the rate-distortion (R-D) model for the particular coding
scheme. The R-D model is usually build in such a way that the quality of the whole
frames in a video sequence is taken into account. However in many applications, e.g.
video monitoring and surveillance, telemedicine, videophone and video conferencing
some areas in the consecutive frames of the video sequence are more important than
others. It is desirable to encode those areas, called region of interest (ROI) with smaller
distortion than the rest of the sequence (background).

Such feature is available in a natural way in object-based video coding algorithms
introduced by the MPEG-4 standard [1, 2], since all objects, including those belonging
to the ROIL, are encoded independently from the others. It can also be realized by
bit-plane shifting in frame-based algorithms with bit-plane coding e.g., in MPEG-4
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FGS [1]. The modified rate-control algorithm is required for the traditional frame-
based video coding techniques in order to ensure ROI encoding. Several solutions to
this problem have been presented in the literature. The dynamic sub-window skipping
method for multipoint video conferencing has been proposed in [3]. ROI enabled
MC-DCT algorithm based on standard MPEG-1 encoder has been described in [4].
Bit allocation strategies allowing bit budget transfer from background to foreground
to be used with H.261 encoder have been presented in [5]. Another approach with
two separate DCT-based encoders for robust wireless video transmissions have been
discussed in [6]. A fuzzy logic control algorithm for quantization parameter adjustment
on the macroblock basis has been presented in [7]. The ROI functionality has also been
proposed [8] for the emerging Scalable Video Coding standard [9].

The algorithm presented in this paper is based on the linear rate-distortion(R-D)
model in p-domain [10]. It distributes the available bit budget among level sets in the
encoded frame taking into consideration both their distance from ROI and local image
complexity. ROI is encoded with higher bit-rate ensuring better image quality and the
image quality gradually decreases outside ROIL The algorithm has been integrated and
tested with the H.264/MPEG-4AVC [11] reference software [12].

L.1. INEAR R-D MODEL IN THE p- DOMAIN

The video coding process can be divided into following steps (Fig. 1):

iquantized |
{ transform !
/4 coefficients

- / Binar
———3{ Transform »1 Quantization » d'y ———
input éncoding binary
stream

Fig. 1. General transform coding system

— Transform coding: input signal samples are transformed into a transform co-
efficients. This step decorrelates the input samples and concentrate the signal
energy in a small number of transform coefficients. The Discrete Cosine Trans-
form (DCT) or Discrete Wavelet Transform (DWT) are usually used.

— Quantization: transform coefficients are replaced by their approximate values.
Small coefficients are eliminated in this step, i.e. are equal zero after quanti-
zation. The strength of the quantization is controlled by a parameter (usually
denoted by ¢q) representing the number of quantization levels or the distance
between these levels (quantization step)
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—— Binary encoding: symbol sequences are replaced by bit sequences. The Huff-
man coding or arithmetic coding are most often used
The encoding bit-rate R and distortion D are expressed in terms of quantization
parameter ¢ in a conventional R-D analysis. The knowledge of R(g) and D(g) functions,
called R-D model, is necessary in all rate control algorithms. The exact, analytical
formula for R-D functions can be found only for data sources with simple statistical
model. In practical applications like image or video coding approximate R-D mode]
derived from the empirical data must be used. He and Mitra in [10] proposed a new R-
D model in which fraction of zeros among quantized transform coeflicients, denoted by
p, 1s used instead of quantization parameter ¢. It has been shown [10] that in standard
video coding systems the bit-rate R is a linear function of JeX

Rip)=60-( -p) (H

The context in which p is computed depends on the data source encoding options.
It can be defined for frames or basic units of type I, P and B in one dimension or in
color components ¥, Cy, C, correspondingly. In presented method such context was
defined for P frames and color component.

The slope ¢ is modeled on the basis of the previous context and given by the

formula:
r[)}'(l\’

o 1 ~ Pprev

Parameters 7., and Pprev denote the bit-rate and zero fraction in the previous
context, respectively.

Such a modeling scheme makes application of p- domain methodology impractical
for I type frames as time interval between them is large. Thus the scene view can change
drastically during this period and the slope @ calculated for the previous frame of this
type can be inadequate for the current frame encoding.

The mapping from p to quantization index g is straightforward, having lookup
table build on the basis of histogram for zero quantized coefficients obtained for all
possible indices g. While model parameter 6 depends strongly on the local data, the
relationship between p and g is less dependent on the data prediction errors.

The experimental results for the MPEG-4 AVC/H.264 encoder confirming the
above linear R-D model have been presented in [13]. The linear R-ID model in 0-
domain has also been used for statistical multiplexing of compressed video bitstreams
[14} and low bit rate video streaming [15].

)

2. ROI ENABLED BITRATE CONTROL

ROI in the encoded sequence can be defined as one connected area or a set of
connected components [16]. It is composed of macroblocks for which at least one
pixel intersects with ROI (Fig. 2). Let us denote all such macroblocks by L,. Then
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we can define level sets L; (for i>1) as sets of macroblocks which are 8-neighbors of
macroblocks in L;_; and are not included in L; for all j<i. These level sets are further
characterized by N; = |L;| — number of macroblocks on the given level set, p; — zero
fraction on L; and r; — bit-rate for L;. The number of level sets will be denoted by
Imax, We used the fixed value of i=4 in all our experiments.

Fig. 2. Level sets in the first frame of the Foreman sequence

In order to distribute bit budget allocated for the frame by p -domain algorithm,

we decided to increase the fraction of zeros p; in consecutive level sets L; by Ap -y,
such that:

Pi = P Ap -y 1= Dl 3

where

. var, —var; |
~ I o~ {f vary > vary,
Vi = var, (4)
1.0 if var) < var,

In the equation (4) var; denotes the image signal variance on the level set L; and var,
is the whole frame variance. The variance is calculated on motion compensated image
and gives us information about image complexity on consecutive level sets.

Assuming that global frame bit-rate is distributed to the level sets I; proportionally
to their sizes we have:
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pir=1- g - ApZ (W:‘ Z%) ©)

i=2 =1

where w; = {Y«l-, N is the number of all macroblocks in a frame and 7 denotes the
bit-rate (in bits per pixel) for the frame.

Hence for the fixed Ap we compute p; by the formula (6) and next p; for all
i >1 using (3). Having p; for i = 1., we can execute further steps of p-domein
algorithm which include extraction of the quantization index ¢; from look-up table
plgl, establishing the encoding mode for all macroblocks and model updating.

Value of p; on all level sets except ROI is modified by y;, which is equal to 1.0
when the variance of ROI signal is below or equal to the variance of the whole frame
and is greater then 1.0 in other cases. Such formulation causes that quantization index
gi on a level set I; (i>1) increases more if the ROI is more complex than rest of the
image. We can cut bits from background area and allocate more to ROI as not very
complex signal generates lower error in PSNR sense during reconstruction.

Value of Ap in all our initial tests was treated as the input parameter of ROI
encoding algorithm. It was usually arbitrary chosen from the range [0.0125, 0.025]. In
this paper we propose a methodology of automatic generation of Ap value.

For this purpose histograms of zero quantized coefficients obtained for all possible
indices g on all level sets are needed. Let’s denote them as Hy, ..., H; . At the initial
stage of our algorithm we look for a quantization index gy for the whole frame, not
considering ROI bit budget allocation at all, using only equations (1), (2). Then we
select among all level sets one with the lowest (Li,) and one with the highest variance
(Li,). Having quantization index g for the frame we find on histograms H;, and H;,
values of p,; and p,;, corresponding to it. Parameter Ap can be set as Ap = [0y —~ pupl-
However, in order to limit too drastic changes in PSNR between ROI level sets we
additionally limit Ap:

Ap = max (min (Joy ~ pwl, 1 = pr) , 0.025) D

where pp is the estimated percentage of insignificant transform coefficients for the
current frame.

The proposed ROI bit allocation scheme works well on P frames. For 1 frames
similar technique as in JVT-GO12 [17] proposal was applied. On each level set I; we
calculate a sum S;q of quantization indices ¢; for all P frames in a group of pictures
(GOP). Then quantization indices for ROI level sets on I frame in a given GOP were
calculated using formula:

Spg . [ Neoy
qi = }\Zq ~ min (2, ﬁi) (®)

where N, denotes the number of P frames in the previous GOP and N, is the size
of GOP. Also the change between the current I type frame quantization index and the
previous one on the appropriate level set should not be greater then 2.
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The same methodology as for P frames can be applied to B type frames. However,
conducted experiments showed drawbacks of such approach. In the B type frames vast
amount of macroblocks is encoded using motion vectors where resulting coefficients are
all equal to zero after DCT transform and quantization. Sometimes, B frames occur with
all coefficients equal to zero, and these extreme results cause p-model inconsistency.
Therefore for B frames the solution inspired by the JVT-GO12 algorithm is proposed
in this work. For consecutive B frames in a sequence level sets L; are defined in a
similar way as for P frames. Values of quantization indices on ROI level sets L; are
then determined on the basis of corresponding quantization indices for level sets on
surrounding P frames. One of the surrounding frames could be of type I at the GOP
start, so in such case quantization indices from level sets on this frame are used instead.

The formula for determining quantization indices values on B frames is given
below:

1 K prev k : k rev k
— (qll + qinexr 4 2) lfql'p :# qiuext

g5, =14 2 9)

f”'w otherwise
where k is the B frame index, kpey, knexe are indices of the closest two P/I frames and
[ is the level set number.

In the proposed scheme there is no direct allocation of bits for B frames. Bit-
rate control algorithm is based mainly on P frames complexity and estimations on the
supposed bit budget for the following B frames.

The described ROI bit budged allocation scheme based on consecutive increase
of zero fraction by Ap -, takes into account image complexity. This complexity is
measured as frame pixels variance after motion compensation. The scheme gives better
results for images in which ROI is more complex than the rest of the image. But in
images in which ROI is less complex than background, taking into account the image
complexity, caused rather equalization of PSNR on all level sets. So in such case we
decided to increase p; by constant Ap in order to preserve higher quality on ROI and
gradually lower quality on level sets with increased distance from the ROI area.

3. EXPERIMENTAL RESULTS

The proposed algorithm was evaluated on several standard test sequences. The
ROI definitions were loaded to the encoder from external files. These files were created
manually by test sequence browsing. The GOP composed of 30 frames with two B
frames between I/P frames were used. The algorithm works correctly on all sequences
recorded with CIF and QCIF resolutions and at different bit- rates. The required bit-rate
is with very high accuracy preserved for all GOPs in test videos while at the same time
quality of ROI region is better with respect to the original JVT-G012 implementation
in JM 8.2 [12]. Figure 3 presents PSNR measures for the Foreman sequence encoded
with the proposed bit allocation algorithm. The results for the JM 8.2 with JVT-G012
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Fig. 3. Experimental results for the proposed algorithm with automatic Ap calculation; test sequence ——
Foreman CIF, bitrate 312 kbit/s
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Fig. 4. Experimental results for the original JM 8.2; test sequence — Foreman CIF, bitrate 312 kbit/s.
The PSNR values were calculated for macroblock collections Ly, ..., Ly used as level sets in the proposed
p-domain algorithm

algorithm are presented in Fig. 4. The PSNR values for the JM 8.2 were calculated in
the same macroblock sets as level sets defined for the proposed p-domain algorithm.
Comparing two diagrams, we can observe, that PSNR measure on ROI region is more
stable for bit allocation method working in p- domain. Also quality of ROI region is
better for almost all frames by more than 1.5 dB.

Quality on level sets L; and L, is comparable in both implementations. Only on
the last level set quality in JM 8.2 is better than in ROI p-domain algorithm, where
more bits were allocated to the area of interest. We proposed to divide all macroblocks
into level sets in our bit allocation algorithm to avoid strong quality change on the
border between interest region and rest of the image. Such solution allows gradually
decreasing quality on consecutive level sets lying farther from ROL It’s clearly visible
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that quality on L, is almost always slightly below that on L; for Foreman sequence
(Fig. 3) and quality on consecutive level sets is lower than on previous ones. This
allows smooth transition from ROI with highest quality to the background.

The above observation is even more evident if we look at the News test sequence,
for which encoding results are presented on Fig. 5.

In comparison to the results of original JM 8.2 algorithm (Fig. 6) PSNR measure
on ROI (Fig. 7) was increased by almost 5 dB.
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Fig. 5. Experimental results for the proposed algorithm with automatic Ap calculation; test sequence —-
News CIF, bitrate 192 kbit/s
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Fig. 6. Experimental results for the original JM 8.2; test sequence — News CIF, bitrate 192 kbit/s. The
PSNR values were calculated for macroblock collections Ly, ..., Ly used as level sets in the proposed
p-domain algorithm

On the Mobile & Calendar sequence quality difference between proposed method
and the original JVT implementation is most visible in the defined ROI if we encoded
it at low bit-rate (Fig. 8, 9).
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Fig. 8. Experimental results for the proposed algorithm with automatic Ap calculation; test sequence —-
Mobile & Calendar CIF, bit-rate 356 kbit/s

The ROI which was defined on a calendar (Fig. 10) remains readable even with
the bit-rate of 80 kbit/s what is not possible to achieve for the whole frame encoding
implemented in JM 8.2. Average bit-rate for all GOPs (309.30 kbit/s) is below the
desired value (312 kbit/s) in the p-domain method, while it is slightly above (313.87
kbit/s) in the case of the IM 8.2.

Table 1 compares the performance of the proposed algorithm with the performance
of the original JM 8.2. It contains PSNR values on level sets averaged over the whole
test sequences. Results for Foreman, News and Mobile & Calendar are presented. Each
sequence contained 90 frames. For all sequences the quality on ROI (level set L), is
better by more then 1 dB in relation to the original JM 8.2/JVT-GO012 proposal. This
quality improvement in ROI is controlled by the value of the Ap parameter. Greater
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Fig. 9. Experimental results for the original JM 8.2; test sequence — Mobile & Calendar CIF, bit-rate
356 kbit/s. The PSNR values were calculated for macroblock collections Li, ..., Ly used as level sets in
the proposed p-domain algorithm

Fig. 10. ROI definition

in the first frame of the Mobile & Calendar sequence
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Ap values give better quality in ROIL, which decreases smoothly on macroblocks laying
farther from the defined area of interest.

Table 1

Averaged PSNR (in dB) on level sets in the proposed p-domain algorithm and the original JM 8.2

p-domain
Sequence Level set | JM-8 | p-domain| with automatic
Ap calculation)
Foreman 312 kb/s IBBP Ly 36.28| 37.33 37.31
L, 35.89| 36.26 36.06
Ls 36.89| 34.95 34.52
L4 36.38] 29.23 26.94
News 192 kb/s IBBP L, 35.02 36.49 37.05
L, 38.150 37.64 37.46
Ls 39.641 34.12 33.34
Ly 39.66| 3546 35.15
Mobile & Calendar 356 kb/s IBBP Ly 2893, 2896 29.18
L, 29.661 27.89 28.10
Ls 28.541 2576 26.20
Ly 28241 22770 22.45

The algorithm described in this paper also outperforms the algorithm presented in
our previous paper [18]. By taking into consideration the local image complexity we
have improved the increase of the PSNR in the ROI for the News video sequence by
approximately 0.7 dB.

4. CONCLUSIONS

The algorithm presented in this paper guarantees higher quality of the reconstructed
video in the ROI and gradual video quality degradation outside the ROL The available
bit budget was distributed among level sets in the consecutive frames by increasing
the fraction of zero quantized coefficients by a constant value multiplied by the factor
depending on the local image complexity. Taking into consideration the image com-
plexity in the bit budget distribution allowed to improve the algorithm performance
when the complexity of ROI is higher than the complexity of the background.
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ALGORYTM KONTROLI PRZEPEY WALNOSCI DLA KODOWANIA WIDEO
Z REGIONAMI ZAINTERESOWANIA

Streszczenie

W artykule przedstawiono algorytm kontroli przeptywnosci umozliwiajacy kodowanie regionéw za-
interesowania w sekwencjach wideo. Algorytm rozdziela dostgpny budzet bitowy pomiedzy warstwy na
ktére dzielone s3 poszezegdlne ramki sekwencji - pierwsza z tych warstw jest regionem zainteresowania,
kolejne warstwy otaczajg poprzednie warstwy. Przy podziale budzetu bitowego brana jest pod uwage
zaréwno odleglod¢ danej warstwy od regionu zainteresowania jak i zlozono$¢ obrazu w tej warstwie,
Algorytm zapewnia poprawg jako$ci obrazu w regionie zainteresowania kosztem pogorszenia jakoci
obrazu poza tym regionem, przy zachowaniu wymagani odnoSnie calkowitej przeptywnos$ci strumienia
bitowego. Algorytm zapewnia takZe stopniowy degradacje jakosci obraza na granicy pomiedzy regionem
zainteresowania i pozostalymi obszarami w kolejnych ramkach sekwencji.

Stowa kluczowe: kodowanie wideo, kontrola przeplywnosci, standard H.264/AVC
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Viseme recognition

W. SKARBEK, M. LESZCZYNSKI, S. BADURA

Warsaw University of Technology,
Faculty of Electronics and Information Technology,
ul. Nowowiejska 15/19, 00-665 Warszawa, Poland
{W.Skarbek, M.Leszczyriski, S.Badura}@ire.pw.edu.pl

Three classification algorithms for visual mouth appearances (visemes) which corre-

spond to phonemes and their speech contexts, were compared w.r.t. recognition rate, time
complexity, and ROC performance. Two feature extraction procedures were verified. The
first one is based on the normalized triangle MESH covering mouth area and the color
image texture vector indexed by barycentric coordinates. The second procedure performs
DFT on the image rectangle including mouth w.r.t. small blocks of DFT coeflicients.
The classifiers has been designed by PCA approach and by the optimized LDA method
which uses two singular subspaces approach. It appears that DFT+LDA exhibits higher
recognition rate than MESH+LDA and MESH+PCA methods — 97.6% versus 94.4 and
90.2%, respectively. It is also much faster than MESH+PCA (5ms per one video frame
versus 26ms on Pentium IV, 3.2GHz) and slower than MESH-+LDA (5ms versus 1ms).

Keywords: viseme, viseme dassification, LDA, PCA, diphone modeling

1. INTRODUCTION

This research refers to a development of software tools supporting animation of
human face models integrated with Polish speech generator. With a gradual performan-
ce progress of computer systems w.r.t. computing and transmission speed the talking
head applications show higher realism in speech and dynamic visual face appearance
(viseme).

An animated talking head attracts immediately the attention of a user. Seeing a face
makes many people feel more comfortable while interacting with computer. Generating
animated talking heads that look like real people is a difficult task. To be considered
natural, a face has to be not just realistic in appearance, but it must also exhibit proper
plastic deformations of the lips synchronized with speech, realistic head movements
and emotional expressions.
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In computer graphics, many significant and different techniques exist for modeling
talking head, achieving various degrees of realism and flexibility (cf.[3,4,5]). All syn-
thesized heads are still far from reaching a perfect animation of lip synchronized with
speech.

One of the main goal of our efforts is generating in real time realistic animated
face synchronized with synthesized or real speech. To achieve it, we need de- termine
accurate correspondence between visemes and phonemes. In this paper we especially
focus on automatic viseme classification methods based on PCA and LDA.

2. DIPHONE MODELING

The speech synthesis system used in our talking head application requires definition
of a set of basic speech units to be used for concatenative synthesis. Although the
Polish phonetic notation provides only a few dozens of symbols (e.g. 36 in the SAMPA
notation), the influence of one phoneme on the next at transitions between them requires
to take into account the context of each phoneme. Similarly, this context influences
the mouth shape. The set of basic speech units may be extended to cover all possible
contexts. But including both the left and right context extends the set to about 60000
basic units. However, not all transitions are used in a real language.

Because the number of phoneme contexts is too large, we have used a set of
diphones, i.e. transitions between pairs of phones. A diphone covers time interval from
the middle point of the first phoneme to the middle of the second one. The set of
diphones contains about 1000 elements to cover all transitious.

The set of recorded sentences has been chosen to be equal to a set used in the
Corpora speech database (cf.[6]). All recordings have been automatically labeled in
time domain using tools from the HTK toolkit (cf.[7]). The process of labeling re-
quires a definition of a set of phonemes, a dictionary of words and their phonetical
transcription. As a result, a sequence of labels in time domain is obtained. Fig. 1 shows
an example of such a result — automatically labeled recording. Labels are later used in
visemes selection and concatenative speech synthesis.

A concatenative speech synthesizer creates an utterance concatenating basic speech
units — in this case diphones. This approach does not always give satisfactory results.
Without further processing, no prosody is simulated. There are also differences in the
base tone frequency (Fg). The reasons are:

— no synchronization of diphone boundaries with fundamental tone periods is at-
tempted

— differences in Fy among recorded utterances,

------ - different length of basic speech units.

In order to improve the quality of the synthesized speech, the following approaches
have been considered: shifting of samples in speech domain, normalization of samples
in frequency domain, involving of prosody. The synthesis consists of the following
stages:
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— splitting of a sentence, given in ortographical transcription, to tokens (words, punc-
tuation characters, numerals, acronyms),

- expansion of acronyms and numerals,

~— phonetical transcription,

------ concatenative synthesis.

About 1000 diphones are automatically chosen from a larger (about 10 times)
set of diphones. Selection is based on the tone frequency and amplitude — they are
compared with the average value for the whole set of diphones and diphones with
closest values are chosen. In case of a missing diphone, it is synthesized from existing
half-diphones, which decreases the quality of the synthesized speech.

4 - 100 200 300 460 500 6og o 800 960 1{ms]

Fig. 1. Example of automatically assigned labels in time domain

3. CTVP TABLE

Based on phonetic time sections we could observe any viseme as visual equivalent
of phonemes. FEach viseme has multiple instances, but not all of them can be clear-cut
classified. Therefore for the modeling viseme sets of instances were selected manually.
This selection allows creating good models, but it still requires quite a lot of selecied
instances.

Shape of mouth for some different phonemes look similarly, so visemes are gro-
uped into class of visemes. Previous classification distinguishes classes of visemes by
grouping images for similar uttering phonemes. We are proposing new classification
method.

Firstly we distinguish six classes of shape and ap-pearance of mouth (cf. Fig. 2):
opened mouth with upper teeth, lower teeth, and tongue visible;
opened mouth with upper teeth, and lower teeth visible, and tongue invisible;
opened mouth with upper teeth, and tongue visible, lower teeth invisible;
opened mouth with upper teeth visible, tongue and lower teeth invisible;

NS
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5. opened mouth visible, upper teeth, tongue, and lower teeth invisible;

6. closed mouth.

First 5 of the above classes with opened mouth has three subclasses referring to
the degree of mouth openness: wide, medium, narrow.

Each pronounced phoneme is classified to one of the above classes depending on
the uttering context in the uttered word.

Fig. 2. Representative images for six major viseme classes ~ the 16 minor classes are obtained by
discrimination between small, medium, and high degree of mouth opening within the first five major
classes

4. VISEME CLASSIFICATION

Below we explain how the viseme classifier had been designed to support the
creation of CTVP table. To this goal the classification performance of 80% could be
sufficient, However, we are going to use our viseme classifier to animate the human
head model on the basis of live video. Therefore the real time and high performance
of the classifier are the also main objectives of our research.

4.1. IMAGE NORMALIZATION

The realistic visual speech can be achieved by integrating the person specific face
model with mouth model optionally augmented with the model of chin and cheeks.
Using a triangle mesh (cf. Fig. 3), we can cover those speech sensitive areas and try
to get the model for at least two goals: viseme classification and mouth animation.

Alternatively we can approximate the mouth area by a least rectangle touching lips
from outside (cf. the upper part of Fig. 4).

Obviously, the triangle mesh approximation of mouth area is more exact than
rectangular one and therefore a texture vector built from the rectangle includes compo-
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Fig. 4. The rectangle including mouth area (upper), and channel subdivision for 21> DFT (lower)

nents hard for matching. In this case change to 2D Discrete Fourier Transform (DFT)
domain enables correct matching of mouth images normalized to reference mouth
rectangle. As the vertical variability of the mouth image dominates the horizontal one
we expect that out of three corner blocks (cf. the lower part of Fig.4) in DFT domain
(usually considered at DFT based feature extraction) only the one corresponding to
the least frequencies (without conjugated part) will be important for classification. Qur
expectation has been confirmed by the experiments.

In mesh approach we deal with variations of the mesh shape and of the mesh
texture (appearance). In order to make comparable two meshes we have to normalize
them with respect to a reference mesh.

We perform the nonlinear normalization of the mesh by mapping each triangle in
the current image onto the corresponding triangle in the reference image. Each local
mapping is affine, but globally we obtain the mapping which is piecewise affine.

Let the i-th triangle A;(Py, Py, P») in the reference mesh M be mapped by the affine
mapping Ai(P) = B;P+t; onto the triangle A{(Pg, P1,P,) in the current mesh M’, where
B; is the square matrix, t; is the vector, P € A, PP e Al,i=1,..,K. Then we have the
following properties:
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1. The piecewise affine mappings Ay, ..., Ak are continuous mappings of M onto
M’ in geometric space
2. If P = ayPy + a 1Py + a»P, has the barycentric coordinates «q, @, az w.rt. the

triangle A;(Po,P),P,) then the point Ai(P) = agPy + aP] + ozzP'z, ie. it has the » on
same barycentric coordinates with respect to the triangle AL(P, P}, P;): A
riz
AP) = B;P + ¢ we
su
= BiaogPo+a 1 Py + P+ (aoPo + a1 Py + a)ty = ap(B; Py + )+ a(BPy+ 1)+
of
@y (BiPy +1;) cl:
= aoP(’) + CXlP/I -+ asz’z
3. I f Api'(P), P}, Py’) — Cggp is the texture mapping in the current mesh then
the mapping
f APy, Py, Py) - Crap is defined by the barycentric coordinates for i=1,....K
as follows:
fP) =f(aoPo + a1 Py + a2P2) )
:f'(a0P6 + Q/IP’I + (Zsz)
The above substitution transfers the texture from the current mesh onto the refe-
rence mesh with possible deformation of linear segments which intersect at least two
triangles in the mesh.
We have used the texture mapping as described in point 3 above and despite the
negative conclusion of the property 3 we observe no special visual degradation in the
mapped texture on visemes (cf. Fig. 5).
Reference lmage
!
Fi
lov
Fig. 5. Comparison of original mouth views with the normalized images with respect to the reference
mouth (the leftmost image)
tin
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4.2. SUBSPACE METHOD FOR MOUTH CLASSIFICATION

Due to the robust normalization, all mouth classes can be now represented in
one texture space of high dimensionality N ~ 10°. Applying the Principal Component
Analysis (PCA — cf. [8]) reduces this dimensionality significantly. However, the va-
riability within the class using one PCA subspace for all classes is too high. Therefore
we model each class with its own separate PCA subspace. This leads to the known
subspace method of pattern recognition (cf. [9]).

In Fig. 6 we show the dependence of subspace dimension Ki(e) on percentage

of signal energy e represented by PCA subspaces obtained for six mouth appearance
classes, i=1,...,6.
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Fig. 6. Dependence of subspace dimension K;(e) on percentage of signal energy e included in the i-th
subspace, i=1,...,6

Having PCA eigenvalues /lgk) for i=1,...,6, and k=1,... N, we compute ¢; as fol-
lows:
T A

eK) =
PR

- 100% (2)

The classification of mouth texture M € RY by subspace method requires compu-
ting of reconstruction M; € RN against each subspace (M, W;), M; € RN, W, e RN*Ki.
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M; = Mj + Wi(WiM - M), 1,...,6 (3)

Having reconstructions M; of mouth texture M, the subspace method selects the
mouth class with minimum reconstruction error:

iope = arg min 1M — M, )

The time complexity for the subspace classification for C classes, can be estimated
from the above formulas to O(NK+NC+N?)=0O(N?).

The subspace method does not require to have all classes modelled in one space.
However, having classes in one space means that we avoid C-1 additional normaliza-
tions which take significant part of the algorithm’s time.

4.3. LDA FOR MOUTH CLASSIFICATION

The advantage of having all texture classes (in mesh case) or DFT coefficients
classes (in rectangular case) in common space RN allows us to use the Linear Di-
scriminant Analysis (LDA) to design the extremely fast classifier of linear complexity
oM.

Before we reached LDA feature vector of dimension five, the general Fisher LDA
criterium (cf.[10,11,12]) had been used for K dimensional training feature vector
yi =W, xeRN,i=1,..,LyeR, We RMWK,

between class variance for { y;}  tr(W'S, W)

&)

W, = arg max-————- - =

ort g within class variance for { y;}  tr(W'S, W)
where Sb, Sw are the between and within class scatter matrices, The above criterium
has points of singularity if W is arbitrary. Therefore Fisher imposed the following
constraints on the domain of W :

WISwW = I, W.L ker(Sw) ©)

This leads us to the following steps to obtain the optimal
W described in details as two singular subspace method in [1] with tuning parameters
g equal to the dimension of the intra-class singular subspace (cf. [13]):
1. Class mean shifting of the training sequence: X = [Xy, ..., XL];
2. Grand mean shifting for class means: M = [my, . . . ,mc];
3. Singular Value Approximation for X with subspace dimension equal to q :

[Uq Zql := sva(X, q); Aq = UgZs

4, Whitening of columns in M : M = A;M;
5. Singular Value Approximation for M with subspace dimension equal to r :
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V; i=sva(M, q); W = AgVy;

6. Return W;
The vector LDA features with maximum possible value
r=C-1=25gives in our case the best results. The LDA feature y = W'x for the

texture vector x is classified by the distance to LDA features yi = W'x; representing
the mouth appearance classes i = 1, . ... 6

k]

l'opt = arg min lly - yi”2 (7

1<i<6
4.4. EXPERIMENTAL RESULTS

For the training of models for feature extraction 488 mouth image were selected
with unbalanced distribution in the classes what corresponds to the distribution in the
whole recorded video sequence:

L1 =123,12 = 122,13 = 42,14 = 88,5 = 36,16 =77

For the testing another 500 frames were selected independent of training frames.
measure e:

e=¢(K), i=1,.,6

Dimensions, K; of PCA subspaces were established using a common which specifies
what fraction of signal energy (energy cover) included in the training set can be attri-
buted to the given subspace. The Fig. 7 (the upper graph) shows how the recognition
rate depends on this measure. The performance graphs show that the best results are
obtained for lower resolution of training and testing frames. The time performance in
Figure 7 (the lower graph) is referred to our algorithm implementation on PC Pentium
1V, 3.2GHz.

In mesh texture case of LDA, the best result (94.4% —— cf. Fig. 8) is achieved
for higher resolution image with subsequent subsampling of texture vector. However
slightly worse result 94.0% is obtained for lower resolution image.

Since in case of LDA, the extraction time is independent of q we accept higher
values of q giving higher generalization of the classifier even if the recognition rate is
slightly higher for lower values of q.

In DFT+LDA case the best result (97.6% — cf. Fig. 9) is achieved for various
combinations of parameters. In rectangular DFT case the best recognition result equal
to 97.6% are achieved for the following setup of parameters:

1. DFT blocks LL, LL for horizontal frequencies 0 — 4 and vertical frequencies

0 — 14 (cf. Fig. 4 lower part and graphs of Fig. 9 upper part)

2. DC component is skipped
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Fig. 9. Recognition rate versus LDA tuning parameter q and r=5: for different choice of DFT channels
(in upper graphs block 1 contains coefficients of LL frequencies, 2 -LL, 3 — LL) and different
combinations of real, imaginary and amplitude parts in DFT (lower graphs)

3. imaginary and real parts of all coefficients in blok LL and LL are stacked in one
vector of size 296 (contrary to the face classifier used in our system, the ampli-
tude of DFT coefficients for mouth classifier has appeared to be insignificant
— cf. graphs of Fig. 9 lower part)

4.
5.

intra-class singular subspace dimension equal to 160 (cf. Fig. 9)
inter-class singular subspace dimension equal to 5

It appears that mouth images which were wrongly classified are only from the
class of slightly opened mouth with visible upper teeth, without visible tongue. They
were confused with opened mouth, visible upper teeth and visible tongue. However, by
eye view (the important measure in talking head application) the difference between
such two images is not annoying while watching the mouth animation.

The very interesting comparison of the classifiers identification power delivers

, ROC analysis. The receiver operating characteristic curves are shown in Fig.10. It
) ‘ appears that minimum Equal Error Rate when false detection rate occurs for DFT-+LDA
and it is slightly less than for MESH+LDA (3.4% versus 3.6%), but it is significantly

smaller than EER for MESH+PCA (3.4% versus 16.4%).




184 W. SKARBEK, M. LESZCZYNSKI, S. BADURA Kwart. Eleker. i Telekom.

100 -
e | A
% 80 - ‘PCA
£
2 60 -
8
& 40 -
@
>

60 80 100
False Acceptance Rate

Fig. 10. Receiver operating characteristic curves (ROC) for MESH+PCA (FER = 16.4%), and
overlapping curves for MESH+LDA and DFT+LDA with EER = 3.6% and EEFR = 3.4%, respectively

5. SYNTHESIS AND ANIMATION

The main goal of our efforts is the real-time generating animated face synchronized
with synthesized or real speech. In case when the input of the synthesis and animation
is only text, the text has to be preprocessed in order to expand numerals, abbreviations
and acronyms to the full text form. To get a list of diphones, the text after preprocessing
undergoes phonetic and prosodic transcriptions. Now the system has all information
to select essential diphones from the diphones database for speech synthesizer and
essential visemes from visemes database for mouth animation. Consecutive diphones
are concatenated to form words and accent is added by the synthesizer for every
generated word. At the end of speech synthesis generated sound is scaled in time
depending on given speed of speech which is the parameter of the application.

The animation is created in parallel to the speech synthesis. The animation relies
on results of phonetic and prosodic transcriptions, which is necessary for selecting
appropriate visemes from database.

In the next step, the consecutive visemes are processed to animate given 3D head
model.

In case when we have speech as sound track the system needs make an analysis to
get a list of consecutive phonemes. The phoneme which are context sensitive transcoded
into viseme symbols.

In the animation process the selected visemes are integrated with face model. For
transition between visemes we used a shape morphing methods. In the intermediate
frames we took advantage of textures from subclasses of currently animated consecutive
visemes. At the end the system applies smoothing filters to remove any distortion arisen.
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6. CONCLUSION

Three real time algorithms MESH+PCA, MESH+LDA and DFT+LDA for vise-
mes classification were compared w.r.t. recognition rate, time complexity and ROC
performance. Two feature extraction procedures were verified.

It was experimentally proved that DFT+LDA exhibits higher recognition rate than
MESH+LDA and MESH+PCA methods — 97.6% versus 94.4% and 90.2%, respecti-
vely. It is also much faster than MESH+PCA (5ms per one video frame versus 26ms
on Pentium 1V, 3.2GHz) and slower than MESH+LDA (5ms versus 1ms).

Both LDA algorithms benefit of optimization stage when the optimal first singular
subspace dimension is selected in our LDA design. LDA matrix in mesh has about 30
times more elements than LDA matrix in DFT case. However this advantage at matrix
computation is absorbed by dominating DFT computational time.

Preliminary feature extraction for MESH+LDA is slightly faster but less robust
in case of automatic mesh identification. Therefore for talking head applications,
DFT+LDA technique is recommended as a tool for visemes classification.

Correct viseme recognition is very important to provide a realistic correspondence
between visual face appearance and phonemes. High speed and low error rate of some
methods allow us to realize assumed scenarios.
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ROZPOZNAWANIE WIZEMOW

Streszczenie

W artykule przedstawiono trzy algorytmy klasyfikacji wizeméw (ksztaltu i wygladu ust) jako odpo-
wiednikéw fonemdw i ich kontekstéw. Kryterium poréwnawczym byl stopief poprawnego rozpoznania,
ztozono$¢ obliczeniowa i krzywa ROC. W badaniach wykorzystano dwa sposoby ekstrakcji wizemdw.
Pierwszy oparty na normalizacji siatkg tréjkatéw i wspélrzednych barycentrycznych (MESH). Drugi na
znalezieniu prostokata obejmujacego usta i obliczeniu wspétczynnikéw DFT. Zaproponowane klasyfikatory
oparte byly na metodzie PCA i zoptymalizowanej metodzie LDA. Wyniki eksperymentéw pokazaly, ze al-
gorytm oparty na DFT+LDA wykazuje wyzszy stopiefi poprawnej klasyfikacji w stosunku do MESH+LDA
i MESH+PCA — odpowiednio 97,6%, 94,4% i 90,2%. Jest on jednocze$nie duzo szybszy od MESH+PCA
(5ms vs 26ms) oraz wolniejszy od MESH+LDA (5ms vs 1ms). Eksperymenty przeprowadzano na kom-
puterze klasy PC Pentium IV 3,2 GHz.

Stowa kluczowe: wizem, klasyfikacja wizeméw, LDA, PCA, modelowanie difonéw
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the article using commonly accepted adjusting marks.

Text should be written with double line spacing with 35 mro left and right margin. Titles and subtitles should be
written with small letters. Titles and subtitles should be numberd using no mor than 3 levels (i.e. 4.1.1.).

Tables

Tables with their titles should be places on separate page at the end of the article. Titles of rows
and columns should be written in small letters with double line spacing. Annotations concerning tables
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tables

should be placed directly below the table. Tables should be numbered with Arabic numbers on the top of each
table. Table can consist algorithm and program listings. In such cases original layout of the table will be preserved.
Table should be cited in the text.

Mathematical formulas

Characters, numbers, letters and spacing of the formula should be adequate to layout of main text. Indexes should
be properly lowered or raised above the basic line and clearly written. Special characters such as lines, arrows, dots
should be placed exactly over symbols which they ar attributed to. Formulas should be numbered with Arabic
numbers place in brackets on the right side of the page. Units of measure, letter and graphic symbols should be
printed according to requirements of IEE (International Electronical Commission) and ISO (International
Organisation of Standardisation).

References

References should be placed at the and of the main text with th subtitle ,References”. Refrences should be

numbered (without brackets) adequately to references placed in the text. Examples of periodical [@]

non-periodical [2] and book [3] references:

1. F. Valdoni: A new milimetre wave satelite. E.T.T. 1990, vol. 2, no 5, pp. 141148

2. K. Anderson: A resource allocation framework. XVI International Symposium (Sweden). May 1991.
paper A 2.4

3. Y.P. Tvidis: Operation and modeling of the MOS transistors. Nw York. McGraw-Hill. 1987. p. 553

’

Figures

Figures should be clearly drawn on plain or milimetre paper in the format not smaller than 9 x 12 cm. Figures can
be also printed (preferred editor — CorelDRAW). Photos or diapositives will be accepted in black and whit format
not gratd than 10 X 15 cm. On th margin of each drawing and on th back side of each ohoto authorp name and
abbreviation of the title of article should be placed. Figure’s captures should be given in two longuages (first in the
language the article is writtes in and then in additional language). Figure’s captures should be also listed on
separate page. Figures should be cited in the text.

Additional information

On the separate page following information should be placed:

— mailing address (home or office),

- phone (home or/and office),

— e-mail.

Author is entiled to free of charg 20 copies of articl. Additional copies or the whole magazine can be ordered at
publisher at th one’s expense.

Author is obliges to perform the author’s correction, which should be accomplished within 3 days starting from the
date of receiving of the text from the ditorial stuff. Corrected text should be return to the editorial stuff personally
or by mail. Correction marks should be placed on th margin of copies received from the editorial stuff or if needed
on separate pages. In the case when the correction is not returned in said time limit, correction will be performed by
technical editorial stuff of the publisher.

In case of changing of workplace or home address Authors are asked to inform the editorial stuff.




