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CHAPTER 1. INTRODUCTION

1-1 PREFACE

In recent years, eléctrical communication technology has
made a startling progress, not only in the domestic communica-
tion but also in the overseas communication. In many kinds of
electrical communication systems, electrical filters have play-
ed extremely important roles. It is no exaggeration to say
that the progress of filter technology has advanced that of
communication systems. Recent communication systems require
filters of low cost and small volume maintaining high perfor-
mances. Needless to say, much efforts have been paid to this
regard. However, in order to satisfy high performances, a lot
of complex calculation process is needed. To solve this problem,

the idea of computer aided design (CAD) has been introduced.

In this study, emphasis is placed upon the CAD methods
for electrical filters. -The historical review of filter design
and the significance of this study will be described in the

following sections.

1-2 "HISTORICAL REVIEW OF FILTER DESIGN

Since the filter design theory by "image parameter method"
was introduced by 0.J.Zobel in 1923, many filter design theories
based on this method have been investigated. However, this
method had basically some difficulties to require many match-

ing conditions. Furthermore, to realize a filter with sharp



cut off characteristics was very difficult. Overcoming these
difficulties, S.Darlington, W.Cauer and H.Piloty have developed
the design theory by "operational parameter method". The
Chebyshev approximation theory for band pass filter based on
this method has been developed by H.Watanabe, while the above
mentioned people dealt with low pass filter. They all

gave the transfer function with Chebyshev characteristic in a
closed form. However, a given specification is, in many cases,
arbitrary or does not always require Chebyshev characteristic.
Therefore, a designed filter with Chebyshev characteristic may

have an unreasonable characteristic for the given specification.’

A.J.Gibbs has developed the iterative approximation tech-
nique by using the filter characteristic function y(p) to meet
an arbitrary specification. His method fixes cut off frequen-
cy and, therefore, after approximation, y(p) converges with

some constant extra insertion loss in the stop band.

In the author's method, on the contrary, the cut off fre-
quency moves and, therefore, after approximation, Y(p) conver-
ges without any extra loss in both the passband and the
stopband. This transfer function has a minimum group delay
characteristic and a reasonable loss characteristic under a

given order of filter.

Next, the development of realization technique by posi-
tive reactance elements will be reviewed. S. Darlington

introduced the fact that no-pole filter, which has no

attenuation pole in a finite frequency range, is realized by



positive reactance elements. The problem, "what is the reali-
zation condition of filter having attenuation poles in a finite
frequency range?", was solved by T.Fujisawa for the low pass
filter case. He also introduced the realization technique.

For a band pass filter with unsymmetric transfer characteris-

tic, H.Watanabe solved this problem.

For a band stop filter, this problem was solved by the
author for the first time in which he gave a realization

condition together with synthesis technique.

Recently, the digital signal processing (DSP) technique
application to an electrical communication system, has been
energetically investigated, because it is very attractive in
regard to several aspects, such as cost, perfbrmance, size and
reliability. In DSP technique, digital filters play essential
roles. Progress in semiconductor technology, applicable to
LSI's, has given a big influence on electrical filter realiza-
tion technique. In other words, the digital filter technique,
the idea of which appeared more than twenty years ago, has
been introduced to a real world by using LSI technology. The
digital filter design technique is fundamentally based on the
classical network theory. However, it must be noted here that

the digital filters are expressed in a sampled system.

Furthermore, since the coefficients and variables in digital
filters are expressed by finite word length, quantization
error effects must be considered. In spite of many contribu-

tions in this regard, it can be said that a fully practical



method has never been developed. The author has developed the
digital filter design program system which contains various
new approaches to minimize the quantization error effects.
This contribution will be a step for a more practical design

method.

1-3 SIGNIFICANCE AND SUMMARY OF THIS STUDY

With the development of digital computer, many studies on
computer aided design, called CAD, have been done. For design-

ing filters which accomplish high performances, CAD technique

must be adopted. 1In this case, it is necessary to pay attention
in the following two points.
(i) Easy access to digital computer.
(ii) Less computation process for saving computing time.

Throughout this study, the strong attention has been paid to

these points.

This paper consists of two parts;
(1) Reactance filter design (Chapters 2-5).

(2) Digital filter design (Chapters 6-7).

From another point of view, we can divide this paper into
two contents of network approximation and realization theory.
Chapters 2, 5, 6 and 7 deal with approximation theory, while

Chapters 3, 4, 5 and 6 are concerned with realization theory.

In Chapter 2, a general approximation theory is investi-
gated. The problem how to determine a reasonable cut off

frequency and an optimum filter degree for an arbitrary



prescribed specification in the frequency domain, is solved

by taking fully advantage of CAD technique.

In Chapter 3, an approximation theory introduced in Chapter
2 is applied to the design of a band stop filter with unsym-
metric transfer characteristics and, furthermore, a practical
realization theory for this type of band stop filter is
introduced. By this work, an important problem on the filter
realization theory remained for band stop filter, has been

solved for the first time.

In Chapter 4, a fully automated design method of the
Norton transformation, which is one of the proccesses of band
pass ladder filter design and is to make the equivalent circuit
trénéformation from the original element values into the
practical element values, is developed by using a heuristic
approach. This method makes possible to release the filter
engineer from his hand work, who suffered from the complex

Norton transformation process.

In Chapter 5, a design theory of a four-port directional
filter to be used in a submarine cable system which requires
extremely high reliability, is introduced. This design theory
can reduce the number of filter elements with excellent per-
formances. The directional filters designed by this theory

are widely used for submarine cable systems in Japan.

In Chapter 6, a computer aided design program system for

digital filter is presented. First, the general property of



digital filter and some ?roblems related to an actual design
are described and then, a new program system is explained.
Finally, the digital filter used in TDM-FDM transmultiplexer
is shown as an example, which is a typical application to

digital signal processing.

In Chapter 7, a simultaneous approximation technique in
both frequency and time domains for an infinite impulse res-
ponse digital filter is introduced. The transfer function
with equiripple stopband attenuation is expressed in a sampled
system and, by using this transfer function, time response
approximation is carried out. This method is applied to the
design of the Nyquist roll off digital filter for use of data

transmission system.

In Chapter 8, the results obtained throughout this study'

are summarized.



1-4 SYMBOLS APPEARED IN THE PAPER

Symbol Meaning and definition
Ag attenuation loss
Ag return loss
Q angular frequency in a continuous system
P complex variable in a continuous system
S(p) operating transfer factor
= c.g 9(p)
s(p) =¢C £(p)
¥ (p) characteristic function
_ 1 h(p)
S(P)-s(~P) =1 + y(P): y(-b)
T(p) reflecting transfer factor
H(p) transfer function
1
N degree for g(p) or h(p)"
M degree for f(p)
ng degree of attenuation pole at zero frequency
Noo degree of attenuation pole at infinite frequency
qi or‘Qi pole
Y admi ttance matrix
s scattering matrix
I unit matrix
ki or hji residue




Symbol

Meaning and definition

kKo

ke

¢i

Ge or Ev

LPF
HPF
BPF

BSF

H(z)
FIR
IIR
x(n)

y(n)

residue at zero frequency
residue at infinite frequency
resistance

inductance

capacitance

transformer ratio

even part of polynomial

odd part of polynomial

real part or real axis
imaginary part or imaginary axis
low pass filter

high pass filter

band pass filter

band stop filter

sampling frequency (Hz)

sampling rate (second) T = %;

clock rate (second)

angular frequency in a sampled system
(or a discrete system)

complex variable in a sampled system
(or a discrete system)

transfer function

finite impulse response

infinite impulse response

nth number in the input sequence

nth number in the output sequence
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CHAPTER 2.  GENERAL APPROXIMATION THEORY

2-1 INTRODUCTION

A loss specification giveh to a filter is, in general,
arbitrary as shown in Fig. 2-1, in which a loss characteristic

of filter should be outside of the shaded area.

jLOSs (dB)
70.0
//////
A
60.0 ? g
[/ S/ a4
2 /]
50.0 % ﬁ ; ;
40.0 / f ;
. 1 7///////// §
J /LLj
0.6 7
/
0.4- ////
B /]
0.9 YOIV IIIIINS
0] T T T T 2‘\ T T T T T
0.3 2.6 3.0 3.4 4.0 4.2 4.5 4.9 5.2

Frequency (kHz)

Fig. 2-1 An example of loss specification.

For example, assuming that the filter shown in Fig. 2-1 is
used in a telephone transmission system, a stairway shape loss
specification reflects the fact that the voice signal limited

within 4.0 kHz frequéncy band has a frequency spectrum of a

- 17 -



convex form (called psophometer weighting). In other words,
in this case, we do not need to have a flat passband and

equiripple stopband filter.

A filter approximation theory with an arbitrary stopband
and a Chebyshev passband characteristics has been developed
by H.Watanabe(l), T.Fujisawa(2), G.C. Temes(3) and others.
However, as élearly shown in the passband specification in
Fig. 2-1, it is not necessary for a filter to have a Chebyshev
passband ripple. This suggests a possibility to reduce a fil-

ter degree.

A.J.Gibbs (4) has given an iterative approximation method
to solve this problem, in which his filter has a weighted

Chebyshev‘passband.

However, there still remained a big problem because they
all, incluaing Gibbs method, fixed the given cut off frequency.
Therefore, after approximation, the transfer function has an
extra attenuation loss. This causes a problem because an extra
attenuation loss produces an increase of group delay t(Q). It
is well known that the loss deviation D(Q) causéd by Q char-
acteristics of inductor and capacitor used in the network, is

related to T(R) in the following relatipn(3).

D(R) = T(R) - é- _

Therefore, an increase of T() produces an increase of D(Q).

The author has developed an improved approximation method,

in which a reasonable cut off frequency is determined so that

- 18 -



the transfer function exactly meets the specifications with
reasonable tolerance and without extra attenuation loss(6).
Examples of the conventional method and the author's new method

are compared in the final section in this chapter.

2-2 FUNDAMENTAL PRINCIPLE

On a reactance transfer function, the following relations

are well known.

Ag

Ae + 10 logio ¥ (p)-Y(-p) , P = 3@ , ©: angular
frequency

where
Ag = 10 log;oS(p) -S(-p)
Ae = 10 logie T(p) - T(-p)
S(p) : operating transfer factor
T(p) : reflection coefficient factor |

Y(p): filter characteristic function,

and, Ag and Ae express the attenuation loss and the return

loss, respectively.
Since Ag»Ae in the stopband, we have

Agx 10 logio¥(p) ¥ (-p). _ (2-1)
Since Ae¢ »Ag in the passband, we have

Re x -101og1o ¥ (p) ¥ (-p) . (2-2)
Therefore, we can characterize the both bands by y(p). Fig.
2-2 shows graphically the relations between Ag, Ae and v(p).

The relation between Ag or Ae and the error caused by the

approximation of Egs.(2-1) or (2-2), is shown in Fig. 2-3.
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Fig. 2-2 The relation between Ag, Ag and y(p).
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Fig. 2-3 The relation between A, or Ag and the error
caused by the approximation of Egs.(2-1) or (2-2).
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In case that Ae or As is larger than 10 dB which is general in

actual design stage, the error is less than 0.5 dB.

2-3 FREQUENCY TRANSFORMATION

Since the frequencies to be considered here range from
zero (p=3j0) to infinity (p=j«), the imaginary axis in the
p-plane must be transformed into the finite region by the fol-

lowing equation.
y =C I’—Z—_I (2-3)

where C is positive. By this linear frequency transformation,
y is limited to the region from -C to +C. This relationship

is shown in the following figure.

~je 30 jl p-plane joo

y-plane

- 21 -



P (p) is, in general, given as follows(5),

k Y Y

I (p? + ci) H.(p+Co) 'R

_ h(p) _ ,u=1 .

vip) = Hf(p) B 2.Yv Yo
I (p2 + Qy) ' -p
v=1

where H is a constant and h(p){ f(p) are polynomials of p.

The zeros and poles except for term (p + Co) YR in Y(p) exist
on the imaginary axis. When h(p) is of odd degree, yn = 1, and
when h(p) is of even degree, yn = 0. Yo expresses the degrees
of zero at p=j0 in f(p).

Here, we define N, M, neo and n, as

N =2(Yy, + Yo + ... + Yk) + Yn

2(Y; + Yo+ ... + Yh) + Yo

1§

M
No= N - M

no= Yyo .
neo and n, express the degrees of attenuation poles at infinite
frequency and zero frequency, respectively.

In the low pass filter, we have the relations of Cy = 0,

ng =0 and N > M,

In the band pass filter, we have the relations of n, X 0

and N > M.

Y(p) -¥(-p) can be transformed into ¢(y) in the y-plane

through the substitution of Eq.(2-3).
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2
My + y,,) "Mty - cp)'n
o(y) = m'2EZd
Iy + yzv)zYv.(y_c)Yo
v=1
where
1 -c?
Yip=C - L
1+ cﬁ
2
Y2y = C L Qv
1 + Q)
. Z + 1
c, =c28
ci -1
k 27y 2Yn
m(1 + c2) Y2 - 1)
H'?2 = qu=l o
h ZY\)
(1l + Q2)
v=1 v
and
1] k h
Y, =2 E Yu t Yp = (2% vy * ¥e) .
p=1 v=1

Now we define A(y) as follows.

A(y) =10 logio ®(y)
.
= 10 logwe{Ko + Ho + I 2yy-logely + vy )
p=1
h
- I 2yyrlogely + y, )}
v=1
where
Ko = logeK

- 23 -
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(y - co)'n
(y - c)Yo

K =

and Ho = loggH'? .

A(y) expresses a loss characteristic in the y-plane.

2-4 DETERMINATION OF OPTIMUM CUT OFF FREQUENCY AND
OPTIMUM FILTER DEGREE

The function A(y) has k+h+l independent variables of
ylu, Yoy and H, which are determined so that A(y) exactly meets
the both specifications in the passband and the stopband
except at the passband edge frequency. This is shown in Fig.

2-4 in the case of 7 degree low pass filter which has 7

independent variables.

In this figure, A(y) exactly meets the specifications at
7 points denoted by circles. We can also see that the pre-
scribed passband edge frequency Yo moves to ye' as if the

specified cut off frequency is changed.

This method can be applied to the band pass filter, as
shown in Fig. 2-5. 1In this figure, the band pass filter which
has 10 independent variables, exactly meets the specifications
at 10 points except at two passband edge frequencies. In this
case, two cut off frequencies y_p and Y+p move to y_p' and y, '

+p
respectively.
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Without loss of generality, we can restrict the following
discussions to the low pass filter case. After optimization,
in the low pass filter, the following three cases arise, which

are shown graphically in Fig. 2-6.

case 1: Specification is satisfied with reasonable tolerance
which means that the zefo nearest to the passband edge is
within the specified passband (see Fig. 2-6-a). In this case,

the initial degree of filter is reasonable to meet the specifi-

cation.

case 2: Specification is unsatisfied (see Fig. 2-6-b). In
this case, since the initial degree is under estimated, we
should increase the degree, whose operation is carried out by

increasing a pole and zero pair on the imaginary axis.

case 3: Specification is satisfied with foo large tolerance
which means here that the zero nearest to the passband edge is
outside the given cut off freqﬁency (sée Fig. 2-6-c). In
this case, since the ihitial degree is over estimated, we
should decrease the degree, whose operation is carried out

by eliminating a pole and zero pair on the imaginary axis.

In this procedure, n, and ne are both fixed while N and M
are changed. Through the above technique, we can determine
the reasonable filter degree automatically by the judgement of

computer.

- 26 -



(a) Case 1

(b) Case 2

(c) Case 3

Fig. 2-6

LOSS

(aB)
(
/
# Ag
L/
T < -7
L
Ag / !
|
|
|
[
i
i
LOSS
(dB)
V
g A
# S
v 2
///’ Y
A
Ae |
LOSS
(aB)
7
4 As
./
—~ Yy
Ag "
Ll el e 222l

- 27 -

Determination of an optimum filter degree.



2-5 ITERATIVE APPROXIMATION METHOD

Let us consider a low pass filter case. The frequency

axis y is sectioned by pole and zero frequencies, they are
[=Cr ¥ 1LYy 1Y V1Y 0¥y ] [Yyp_1r ¥yl and
[¥s1¥yy VY, 0¥y 1= 1y, s +C]

which consist of k+h+l sections. Y¥Ys expresses the stopband
edge frequency. The problem is to determine the k+h+l para-
meters Yiur Yavu and H¢ in A(y) so that the minimum difference
ei(yi) (i=1,2, —-—-———- ; k+h+1l) between the function A(y) and
the specification at k+h+l points Y, becomes to zero, in which
yi indicates the frequency to give the minimum difference in

i-th section. This is shown in Fig. 2-7.
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Fig. 2-7 Approximation in A(y).
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This problem can be solved by assuming a first order approxi-

mation with parameters y and He. By taking partial

111' yz\)’

derivative of A(y) in Eq.(2-4) with respect to Yiur Yoy and -
Hyo, we have a following equation.
k h
10 logiel 3 2y,—t—Ay, - & 2y, L v,
p=l  YitYyy R = Y Y,y v
+ AHo} = - e; (v,) (2-5)
i=1, 2, =---- , k+h+l
The parameters of a better approximation are
*
Ylu = ylu + hiAylu (2-6)
Yz*\) = yz\) + hiAyZ\) (2-7)
HE = Ho + AHo (2-8)
hy = min{(y  , - ylu)/Aylu’ 1} for Aylu:>0 (or Ay, )
h; = min{(yi - ylu)/Aylu, 1} for Ay,, <0 (or Ay,,)

where * sign means new parameter. Here, h; 1is introduced because
new parameters are restricted not to exceed out of the range

[Yi, Yi+1]. This comes from the reason of better convergence

for iterations. This process is repeated until ei(yi) (i=1, 2,
---—- , k+h+l) are satisfied within an allowable approximation

€rroreg .

2-6 DESIGN FLOW CHART

For easy access to the program, it is desired to reduce

the amount of input information given to the program. 1In this
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Input Data: €g, n,, ng, N, M, filter type,

passband and stopband specifications.

Transform the specifications given in the p-plane
into the y-plane by Eq. (2-3).

Ay

-Generate the initial parameter values of ylu,

y2v and Hg in the y-plane (u=1,2,...k,

v=1,2,....h).

AN

Find y; and e; for all sections.

Y
<:¥max lei,|<€0 ? :} =

No

Move the parameters by Egs.(2-6) - (2-8).

Case 1 Case 3
1 case 1, case 2 or case 3 ?

Case 2

Increase filter degree.

Decrease filter degree.

L

Output Data: filter degree, zexos, poles, cut off frequency,
transfer function, frequency characteristics.

Fig. 2-8 Design flow chart.



program, the ffequency characteristics specifications, €y, no,
ng, N, M and filter type of LPF, HPF, BPF, BSF are required.
The filter degree N and M are varied in the course of the pro-
gram. Initial parameter set is generated automatically in

the program. Program flow chart is shown in Fig. 2-8.

2-7 DESIGN EXAMPLES

Four design examples are shown, where examples 1 - 3 are
9th degree low pass filter (referred to as LPF) and example 4
is 18th degree band pass filter (referred to as BPF). The
shaded area in the following figures indicates the specifica-
tions for Ag and Ae. Example 1 is designed by the conventional
Gibbs method. Since the given cut off frequency 1.84 kHz is
fixed, this LPF has a 5 4B constant extra loss in the stop-
band (see Fig. 2-9). Example 2 is designed by the new method.
This LPF exactly meets the specification and the final cut off
frequency is 1.87457 kHz (see Fig. 2-10). Fig. 2-11 shows the
delay and loss characteristics in the passband with actual Q
values for example 1 and 2, respectively. From Fig. 2-11, it
is clearly shown that example 2 has better characteristics than
example 1 in both loss and delay. Example 3 designed by the
new method shows the case without equiripple passband in which
the cut off frequency indicates 1.92518 kHz (see Fig. 2-12).
Example 4 shows a typical BPF designed by the new method (see
Fig. 2-13).
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2-8 CONCLUSION

A computer aided approximation method by using filter
characteristic :function Y (p) , which characterizes passband and
stopband, was discussed. A method determining the optimum cut
off frequency and the optimum filter degree, was introduced.
Some examples show the excellency of this approximation theory

by comparing with the conventional design method.

Furthermore, this method together with computer program
can be fully applied to the digital filter design which will

be described in the latter chapter.
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CHAPTER 3. DESIGN OF REACTANCE BAND STOP FILTERS HAVING UNSYMMETRIC
TRANSFER CHARACTERISTICS

3-1 INTRODUCTION

Band stop filter (referred to as BSF) in communication

systems can be used in the following two cases.

In the first case, a filter with a very narrow stopband
in the signal frequency band and two passbands as wide as

possible is required.

In the second case, a filter with a limited stopband
width and one passband is required. In this case, BSF is
sometimes used instead of LPF or HPF, because BSF does not
have any attenuation pole at zero and infinity frequencies,
which leads to a good group delay characteristic. Fig. 3-1
shows two realization methods by BSF andnLPF comparing the

group delay characteristics.

In many cases, BSF has been conventionally designed
through the transformation of a prototype low pass filter. By
using this method, the transfer characteristics of BSF becomes
symmetric on the logarithmic frequency axis. Furthermore the
attenuation poles at infinity in prototype low pass filter are
transformed into multiple attenuation poles at center fre-
quency éf BSF. Therefore, when an unsymmetric attenuation
characteristic is given as a specification, this BSF has an
unreasonable attenuation characteristic which deteriorates the
group delay characteristic and increases the total number of

elements,
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It is known that BSF having unsymmetric transfer charac-
teristic in the stopband, can be designed by the image para-

(7) (8)

meter method. However, as mentioned earlier, this de-
sign method is rarely used in the actual stage. It should be
noted here that we can apply the approximation theory by ope-
rating parameter method stated in Chapter 2 to the unsymmetric
BSF design. In section 3-2, an approximation theory for un-

symmetric BSF, will be briefly discussed. 1In section 3-3, a

new realization theory for BSF will be proposed.

Many studies on realization techniques of three-terminal

networks without using transformer, have been reported. Other

than T. Fujisawa(g), H. Watanabe(lo)

(11) (12)

mentioned in Chapter 1,
H.C. Pande et al have given a realization condition
for RC three-terminal network in the special case. T. Nishi
(13) (14) (15) has reported a realization condition for react-
ance three-terminal network. However, it is, in general, dif-
ficult to apply his method to an actual BSF realization be-

cause a large number of elements is required.

In this chapter a practical realization theory for BSF
is proposed, which can reduce the number of circuit ele-

ments.(16)(l7)

3-2 APPROXIMATION THEORY

BSF to be considered here is defined below. It is well

known that S(p) and Y (p) can be written as follows,(s)
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s(p) = c-uLRL
= pip)
b (o) = BgR)

and, in a reactance network, we have a relation

S(p) *S(-p) =1 + Y(p)-Y(-p).

[Definition 3-1]

(1) s(j0) = 8(j=) =1

(2) All the zeros of f(p) whose degree N is even, exist on
the j? axis, and all the zeros of h(p) whose degree

M =N -1 is odd, exist on the jQ axis.

BSF is defined so as to satisfy the conditions (1) and (2).

If we choose the degree of zeros in h(p) at jO0 as 1, (2)
becomes the condition such that Y(p) has a largest number of
parameters in approximation procedure. Definition 3-1 says

that Y(p) in BSF has the form

(M-1)/2
b (p? + C¥)
_ i=1
Y(p) = H N73 (3-1)
m (p? + r}) .
i=1

Here, the total number of parameters H, Cj; and rj becomes

M-1
1+ =+

N =2

= N L)

It is clear that, by using y(p), the approximation method
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stated in Chapter 2 can be applied to BSF design. This can

be easily seen in Fig. 3-2.
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Fig. 3-2 Approximation by y¥(p).

The cut off frequencies Q_, and Q. given as specifica-
tions move to Q_c and Q4. where Y(p) has ten parameters and
exactly meets the specifications at ten points indicated by

circles in the figure.

3-3 REALIZATION THEORY

In this section, we introduce the sufficient condition
for transformerless realization of BSF. Let us define the ad-

mittance matrix Y of reactance reciprocal two-terminal network.
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Yii Y12
Y =

Yiz2 Y22
Since the degree of f(p) is even, Y can be written as(s)
_2312% _ H'f(p)
PU: (p) , PO, (p)
Y = (3-2)
_ H7f (p) g: (p)
PU, (p) , PU: (p)

where g(p) = G(p) + U(p), h(p) = G'(p) + U'(pP),
g1 (p) = C+G(p) + G'(p), g2(p) = C*G(p) - G'(p),

pU:1 (p) = C*U(p) + U'(p).

G(p) and G'(p) express the even polynomials while U(p) and
U'(p) express the odd polynomials. Since h(p) is odd, G' (p)

= 0. Therefore g:1(p) = gz2(p) which is equivalent to yi1 = y::,
and then it is called symmetric network. It is well known
that this type of network can be realized by lattice circuits
without use of transformer. 1In actual stage, however, it is
rarely realized by lattice circuit and realization by three-
terminal network with common earth is desired. A synthesis
method by three-terminal network is introduced here, consider-
ing the property of BSF. yi12 which is induced from ¥ (p) of

Eq.(3-1), can be expressed by using Eq.(3-2) as follows:

N/ 2
m (p? + rﬁ)
_ n=1
Y12 = L - ™M-1)/2
Apell (p* + qf) « T (p* + qj)
i=1 j=L+1
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where A is a positive constant. Without loss of generality,

we can assume rpfrpij, 4ij<di4+1 and g4£g944].
[Definition 3-2]
When the zeros and poles of y;. satisfy
q15q28 —=-= SQp<ri1srsg —---
---- Sry/2%dp+18ap42s -oT- Sd(M-1) /2,

we call that yi12 satisfies the condition I.

The condition I expresses a general property in BSF be-
cause the attenuation poles which are equivalent to zeros of
vi12, €xist between two passbands which are characterized by

gj and dj. We can write yi12 in the partial fraction expansion

expression.
L (M-1)/2
ko kib kb
-Yi2 = — + X —_—1s % —+— + kwp (3-3)
P j=1 P2+ A} g PP T

[Lemma 3-1]

If yi12 satisfies the conditioh I, we have
ko >0, k; <0, k2 >0, k3 <0, ===—=- , that is,

for even i, ki >0, and for odd i, kj <0.

We call these residues as low pass residues. In the same way,

we have

ko >0, k(M—l)/Z <0, k(M_3)/2 >0’ k(M"S)/Z <0, _____
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that is, putting m=(M-1)/2-j+1, for even m, kn >0, and for

odd m, kp <0. We call these residues as high pass residues.

(Proof) Low pass residues are calculated as follows:
N/ 2
I (rh)
= — n=1
kg = p(-y12) |p=0 = T M=-1)/2 ) >0
AT (qf) - I (a3)
i=1 j=L+1
p® + q}
k = 1 (-
i S ( ylz)lpz__ql
N/2 2,2
I ( qi+rn)
n=1

" A(a]) (-af+a]) (-af+aD) - (-afral ) (-afrad, )

M-1)/2
+q£) 1 (-gi+q?) -
j=L+1 J

e (=g 2
( a3
In the above equation, since qi <rﬁ for all n's, the

numerator is positive. In the denominator, each term of right

side from (—qi+q§+l) is positive and each term of left side

is

from (—qi+qi_l) is negative. For even i, or odd i-1, kj

positive since the total number of negative terms is even.

For odd i, ki is negative.

High pass residues are calculated by

= 1

1
Ko = P p=®

Since j = M-1)/2 - m + 1,
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(M-z-l) /2 k=P (Mgl) /2-L KmP

= T =7
j=L+1 P *qj m=1 p? + ap

Here, we have the relation -1 %qm and

p? + agf

Km — (=y12) p?= -q2

N/ 2
I (-qgi+r?)
n=1
= *
Al-aptay) (-qp#az) === (-antan-1) (-agtane1) -—--

L
—--=(-gq+d{y-1) /2-1) (-q5) igl(-q§+q;) .

Each term of numerator is negative. Since, in the denomi-
nator, each term of right side of (-gi+g2;j) is negative and
each term of left side of (-g2+gi_j) is positive, we need to
count up the total number of negative teims in the denominator.

Here, we have the following table.

Table 3-1 Sign of high pass residue kp

N/2 | (M-1)/2 L (M-1)/2-L m km
even | positive
odd odd
' odd negative
odd even
even | positive
even even
odd negative
even | positive
odd even
odd negative
even odd
even | positive
even odd
odd negative
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In table 3-1, we can easily see that for even m, kn is posi-

tive and for odd m, km is negative. Q.E.D.

Lemma 3-1 says that if, in BSF, the zeros and poles of
-Y12 are located as shown in Fig. 3-3, the sign of residues

changes alternatively.

oo ——— e Positive
_________________ Negative
________________ Positive

________________ Negative

________________ Positive
Sy Negative

JO X — e e Positive

(zero~pole position) (sign of residues)

Fig. 3-3 Relation between zero-pole position and
sign of residues.

In Fig. 3-3, © and X mean second degree zeros and poles res-

pectively, and X means a first degree pole.

We will apply the result of Lemma 3-1 to the realization

theory for BSF.
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[Theorem 3-1]

In Eq.(3-3), if

, k4
ko >Z':|kl| and . Koo >2§qu_| ’ ,
i J 7]
for all negative kj for all negative kj

BSF can be realized by parallel connections of LPF, HPF and

BPF .

(Proof) We divide Eq.(3-3) ‘into two parts of low pass and
high pass as y,, = yy, + Y1;H° First, we consider for y,,,

only. Furthermore, y,,; is divided into two parts as follows:

= (ko
yiap = (PR m) O ey

for all negative ki' for all positive kj

('leLA) + (-YIZLB)'

Since, in -y,;, 5, k; is positive for all i, -y,;,,z can be
realized by parallel connections of second order admittances.
Each second order admittance consists of two elements. In
~Yia2rar from the condition of the theorem, we can choose kg;

such that
koi> 0, koi> |ki| and ko = I kgj - (3-4)
i

for all negative kj
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Therefore we can rewrite -y;,;, as

Kos k.
~Yiz2ra = I ( 0L 4 ib )
i

3 pz + qf -

for all negative kj

For an arbitrary i, we have

(k,.+k;) (p2+ Kogdi
Ko kip 017 F i) YPTT AK
= Z + qZ = T 2 (3-5)
P PT T ay p(p*+qj) :

Since koi >|ki| , both koi + ki and koi qi are positive.

Hence, the zeros of Eqg.(3-5) exist on the imaginary axis and

are compared with qj.

' 2 2

Koi M _ g 27K
1

k,;tky ko ik

This relation satisfies the Fujisawa's theorem(g) for the

condition of realizing a low pass ladder filter by positive
elements. This can be confirmed for all i in yi2pa. There-
fore yi2pa can be realized by parallel connections of third
degree low pass ladder networks. Each third—degree network

consists of four elements.

For yiz2g, we can have the same discussions as yi:zg,-

‘As' a result, y;» can be realized by the parallel connec-

tions of three types of network group, in which the first
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group consists of parallel connections of third degree low
pass ladder filters, the second group consists of parallel
connections of third degree high pass ladder filters and the
third group consists of parallel connections of second degree

band pass filters. Q.E.D.

As clearly shown in the above synthesis procedure, it is
not necessary for residues to divide into low pass and high
pass residues. By this consideration, we have the following

corollary.

[Corollary] .
When we rewrite Y,, as

(M-1)/2

Ko kip
Y, = —*+ I o7 t kep
12 P i=1 P +qi .
and if we can have
ki
ko + ke >Z|ki] + Z|=| ,
i i Hi
for some - for other

negative k; negative kj

BSF can be realized by positive elements.

In the case of sixth degree or less degree BSF, the re-
alization condition can be obtained by the relation of poles

(16)

and zeros in y;. without using residues. y12 in sixth

degree BSF can be written in the following form.
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(p?+r?) (p2+r3) (p?+r2)
Ap(p2+q?) (p2+q2) .

Y12 = (3-6)

[Theorem 3-2]
In Eq.(3-6), if

ql <ri £rz £rs <d,
sixth degree BSF can be realized by positive elements.

(Proof) vyi12 can be rewritten as follows:

ko kip kap
_Y12=—-+ + +koop -

p p’+q? p’+ql

From Lemma 3-1, we have ko >0, ki1 <0, k2 <0 and ke >0. Let us

prove ko, > |k;| and ke >|k2/q§ . From Eq.(3-6), we can have k,

and k; as follows:

- Tirgr]
k0= 2 .2
Aqiq,
- (-qi+r?) (-q2+r3) (~q2+r?)
L =
A(-q?) (-qi+q3)
ko riryrs(az-af)
k1] aj(r}-q?) (r?-q?) (r?-q?)

ql
(1= (1) 2)
q
= 2 (3-7)

q q q
(1= (—) 2) (1=(—=1)2) (1=(—2) 2)
ri ro r;



From the condition of Theorem 3-2,
q q q q
()2 < (2 g (2 < (22 <1
q2 rj o’} X
and therefore,
q q q - q
(1= (—2) 2) > (1-(—2)2) 2 (1-(—) %) 2 (1-(—?) (3-8)
q2 rs Yo r .

Finally, substituting Eq.(3-8) into Eq.(3-7), we can obtain
ko > |k

. Through almost the same discussions, we also have

ko > |k2/a2] . | _ Q.E.D.

Therefore, sixth degree BSF can be realized by parallel
connections of a low pass third degree ladder filter and a

high pass third degree ladder filter.

3-4 CONSIDERATION ON NUMBER OF REQUIRED ELEMENTS

In an actual hardware realization stage, it is desired
that the number of required elements is as small as possible.
The relation between the filter degree and its number of re-
quired elements is investigated in detail. Since the filter
degree N is even, we let N = 2t. Let us consider the two
cases for odd t and even t. For odd t, since the total number
of residues excluding k, and k., is even, there exist the fol-

lowing three cases.

(case 1) 1In Eq.(3-3), all the residues excluding ky and ke
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are only low pass residues or only high pass res-.

idues.

In this case, since the number of negative residues is
(t-1)/2 and the number of elements required for each negative
residue is 4, the number of elements required for all negative
residues becomes 2(t-1l). Since the number of positive res-—
idues is also (t~1)/2 and each required element number is 2,
the number of elements for all positive residues becomes t-1.
For kg or ks, one element is needed. Therefore, in the case

1, the total number of elements becomes 3t-2,

(case 2) The number of low pass residues excluding k, is even
and the number of high pass residues excluding ko

is odd.

Since the number of negative residues and the number of
positive residues are equally (t-1)/2, the total number of

elements becomes 3t-3.

(case 3) The number of low pass residues excluding k, is odd
and the number of high pass residues excluding ke

is odd.

Since the number of negative residues is (t+l1)/2 and the
number of positive residues is (t-3)/2, the total number of

elements becomes 3t-1.

For even t, the total number of residues excluding kg
and Ko is odd. Through the same discussions as the case of
odd t, the total number of elements becomes 3t-1 for case 1

and 3t-2 for cases 2 and 3.
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Table 3-2 shows the relation between N and the total

number of elements.

Table 3-2 Relation between N and the total number of elements

N
2 |4|6]|8 |10 |12 |14 |16 | 18 | 20
Case
(1) | 2 | 5| 7|11 |13 |17 |19 |23 | 25 | 29
(2) 10 | 12 |16 |18 | 22 | 24 | 28
(3) 8 |10 |14 |16 |20 |22 | 26 | 28
3-5 DESIGN EXAMPLES
3-5-1 Example 1 of 12th degree BSF designed by the new
method
6

M (p*+r})

i=1

AP T (p*+q})

i=1
= — 4+ I + keop

p  i=1 p’+q}
r{ 0.415907 A 1.699730 ko 0.356321
r3 0.527006 q? 0.299696 ki =-0.098655
r} 0.611123 q5 0.354565 k2  0.024646
r? 0.725299 a5 0.945084 ks =-0.030215
ri 0.806308 gq? 0.960701 ke  0.057644
r 0.909870 q2 1.219778 ks =-0.182845

ko 0.588328




Example 1 satisfies the conditions of Lemma 3-1 and Theorem

3-1. Therefore, we have

ko kip kop
-y12L=_+ 2 + 2 2

p p*tal p?+ql

ksp kyp ksp
“Yi128 T + + + kop .

p’+q; p’+ql  p’+ql

Assuming that the residues are compact, y,, can be expressed

as
ko |k1|p kop
Yoo T + 2, 2 * 2, 2
p  p’+q?  p’+ql

and

|ks|p kyp | ks |p
+ + + koop
p?+q?  p?+q?  p?+q?

Yiix

where vy,, = ¥,,;, * ¥,,g- BSF can be realized by parallel

connections of LPF using k, and k;, HPF (high pass filter)
using kj, ks and k,, and BPF using k, and ky. Network con-
figuration and element values are shown in Fig. 3-4. Loss

characteristics are shown in Fig. 3-5.

3-5=-2 Example 2 of 6th degree BSF designed by the new
method

(p2+0.416658) (p2+1.217391) (p2+1.629783)

Y1z T 2.926205p(p2+0.254194) (p2+3.386999)
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40.5740 (H)
1.4032
1.8324
7.3476
8.2738
1.3672

o - B o R o N N o

(o S R - AR S

0.0695 (F)
1.3167
0.0600
0.3766
0.1540
0.8000 -
0.9589

(@]
(o) N B N S N

o 0O 0 0 0 0

~

Fig. 3-4 Network configuration and element values.
(Example 1) ~

60 —
50 —
40 -
30

20 -

10 7

LOSS (dB)

VW

I
0.5 0.6 0.8 1.0 (Hz)

Fig. 3-5 Loss characteristic. (Example 1)
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Example 2 satisfies the condition of Theorem 3-2. Net-
work configuration and element values are shown in Fig. 3-6.
Loss and delay characteristics are shown together with loss

specification in Fig. 3-7.

Ll 1.5237 (H)
L2 1.9444

L. oohm L3 0.6854 .
cl 1.4536 (F)
02 0.6834
c3 0.6888

Fig. 3-6 Network configuration and element values.
(Example 2)

)
—~ o
8 &
w | &
2 | 3
2| A
— LoSss
40 ===" Delay 7777
30 A
20 T 2 PN 77777777
,/
. p
o1 1 P Aq
0 T T T ! T fQ
0.2 0.4 0.7 1.0 2.0 (HzZ)

Fig. 3-7 Delayband loss characteristics. (Example 2)



3-5-3 Example 3 of 10th degree BSF designed by the con-
ventional method

Example 3 is designed for the same specification as ex-
ample 2 through the reactance transformation of prototype LPF.
Network configuration and element values are shown in Fig. 3-8.
Loss and delay characteristics are shown together with speci-
fication in Fig. 3-9. This BSF has three multiple attenuation
poles at center frequency and two symmetrical attenuation

poles as shown in Fig. 3-9.

1.4622 (H)
0.4869
1.3974
0.7418
0.9016

0.7774 (F)
2.3411
1.5366
0.8157
0.2643

Fig. 3-8 Network configuration and element values.
(Example 3)
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7
20 T 2 / 77777777,
///
”
1 - A
10 [l_--- s
Z
O T T T T Q
0.2 0.4 0.7 1.0 2.0 (Hz)
Fig. 3-9 Delay and loss characteristics. (Example 3)

3-5-4 Comparison of examples 2 and 3

In the delay characteristics, example 2 is superior
to example 3. 1In the number of elements, example 2 needs 8

elements and, on the other hand, example 3 requires 10

elements.

3-6 CONCLUSION

A design theory for BSF with unsymmetric transfer char-
acteristics was described. Lemma 3-1 shows a general property

of the residues in BSF. Based on this property, a practical

- 59 -



realization theory together with synthesis procedures was
given. In addition, the necessary number of elements which
becomes a problem in an actual design stage was examined and
it has been shown that the number of elements is less than
one and a half times of filter degree. Finally, it was shown
that BSF designed by using this method is excellent compared
with the one designed by the conventional method, in the de-

lay characteristic and the number of elements.

The ladder realization which is considered to be most
practical in the manufacturing stage, will become a next pro-
blem while we developed here the parallel connection realiza-

tion by means of admittance matrix.
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CHAPTER 4. COMPUTER AIDED DESIGN OF THE NORTON TRANSFORMATION
ON REACTANCE BAND PASS LADDER FILTERS

4-1 INTRODUCTION

In this chapter, a computer aided design method of the
equivalent circuit transformation is described, which is one
of a design process on reactance band pass ladder filters
(referred to as BPF in this chapter). The design of BPF by
operational parameter method, is usually carried out through

(5)

the following processes .

(1) Determine a transfer function satisfying a specifi-

cation.

(2) sSynthesize a ladder circuit through making a cascade

matrix from the transfer function.

(3) Determine optimum element values through equivalent

circuit transformation.

(4) Simulate various characteristics by approximating an

actual hardware implementation.

In the above four processes, the computer aided design methods
for (1),(2) and (4), have been successfully developed. The pro-

cess - (3) called Norton transformation(s)(ls)(19)(20)

implies
that the element values obtained by process (2) have usually a
problem for an actual realization and, therefore, they have

to be transformed into easily realizable element values which
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are, as usual, so chosen that their inductances have optimum

values for Q characteristics.

Since we have no systematic transformation process and,
therefore, it is difficult to predict the final network topo-
logy after the Norton transformation for an original network
topology given in an output of process (2), it is very hard to
organize CAD program system for this process. Usually, this
process has been carried out by man—machihe interaction using

graphic display. ‘12 (20)

This procedure is repeated until the
reasonable element values are obtained. However, the effecti-
veness of the indication by a filter designer, considerably
depends on the designer's filter design career and, even if he
has lots of career, this process requireé a lot of time con-

suming work. Furthermore, this process prevents from organizing

the total design automation system of BPF.

In this chapter, a method carrying out the Norton trans-
formation automatically by usihg a heuristic optimization
procedure, without depending upon a designer's career, is des-
cribed.(zl)(zz) By this new method,’wé can organize the

automatic BPF design program system throughout (1)-(4) processes.

4-2 NORTON TRANSFORMATION

The object of the Norton transformation is (i) to trans-
form the original element values given in process (2) into
easily realizable element values and (ii) to eliminate an ideal

transformer (transformer ratio is given by 1:T) being included
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in the network obtained by process (2).*

Since BPF is usually realized by a network of minimum
number of coils, we can restrict the following discussions to
the condenser transformation. ‘We make an abbreviation of con-
denser and coil as C and L, respectively. A condenser
transformation is defined by the equivalent circuit transfor-
mation of two C's and one ideal transformer as shown in

Figs. 4-1l-a and 4-1-b.

In Fig. 4-1-a, the condition that all the element values

obtained by the transformation are positive, is

Co
]_<¢i<l+6—1- (4-1)

and, in Fig. 4-1-b,

1l
<¢i<l

Q
N

1+

(4-2)

9]

1 .

An arbitrary number n of ideal transformer ¢4 (i=1, 2, ceeeosnl)
which expresses each transformer ratio, can be put in the cir-

cuit. Here, we have the restriction of

*foot note - If we can choose arbitrary input and output
impedances, we can determine their impedances so
that the transformer is exactly eliminated.
Otherwise, there exists an ideal transformer in

the network(lo).
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c
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o
(@]
NE
—
o

(b)

Fig. 4-1 Norton transformation.
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$1°G2 +eees $qeT= ’Rgut

in

(4-3)

where Rjin and Rout eXpress the input and output impedance,

respectively. For given values of Rjp, Royt and T, if we

choose arbitrary values of ¢,, ¢, csc-- $n-1r dn can be

uniquely determined by Eq.(4-3). The above mentioned process

is called Norton transformation.

In the network after the Norton transformation, we can

have the equivalent circuit transformation for each arm as

shown in Fig. 4-2.

It should be noted here that this transformation can be

carried out independently- for each arm.

2-terminal impedance transformation.

This process is called

c' i
Cal a Cla2
— — g = 32
a2
C .
0——||———0$ [Xl p———o0 C'al - a2 (1 + al -%)
11 ,32
a2
) c

a3 ' _ Ca2

C'az = ¥
(a) (b) 1
ot Ca3 = G
al ¢ 5
% Cpp a )
I ‘ B LY = &/8
o—e b 0—0— ¢ X +—o C'a1 = §(§ - l)cbl
1 i
Cp2 C'a3 C'az = %%
C
b2
C'. = (1 + -§)C
Fig. 4-2 2-terminal impedance transformation.
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4-3 NETWORK TOPOLOGY EXPRESSION

Since the Norton transformation program is not only used
as a subroutine of perfectly automated BPF design program but
also used as an independent main program, it is desired that a
network topology is easily expressed for programming and also
the necessary amount of program input data is as small as
possible. We can restrict the BPF topology expression to the

following six network configurations(lo).

o e e ek e e

C—TOO—OO%O% O O O O— -0

® & 6 &0 & ©

Fig. 4-3 Six network configurations of BPF.

All the BPF obtained from process (2) can be expressed by
the cascade connection of (:) - (:) networks, in which the order
of network connection is arbitrary. Therefore, the input data

in the program require only the (:) - (:) connection order and

their element values with T.

In this expression, if arbitrary two networks out of (:)
@ are successively connected, we can change their connec-

tion order. We have the same things for @ @@ .

The details of topology expression exampleé will be shown

in the Appendix.
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4-4 CONSIDERATION ON EVALUATION FUNCTION

The problem is what the optimum equivalent circuit is.
Strictly speaking, there are different solutions for this
problem, for each cases when considering several situations such
as the frequency range to be used, filter volume to be required
and cost etc. However, from the actual reaIiéation standpoint,

it is natural to consider the following three evaluations.

(1) The total number of required elements is as small as

possible.

(2) Each element exists within possibly realizable values.

(3) 1Inductance has a value such that Q of a coil is high

at the frequency considered.

By increasing the number of the ideal transformer to be
put in the circuit and increasing the 2-terminal impedance
transformation process, the total number of C increases.
Since, however, C is, in general, less costly compared with L
and inductancé is a more important factor for performances, we

may neglect the evaluation (1) here.

A volume of filter with extremely large capacitance becomes
big and a characteristic of filter with extremely small capa-
citance is affected by some parasitic elements. On the
evaluation (2), therefore, we give a restriction of upper

limit Cy and lower limit Cy for capacitance.
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Through BPF synthesis procedure (process (2) in section
4-1), the attenuation poles at infinite frequency and at zero
frequency (called no and no respectively) are, in general,

arranged at input and output of BPF network(IO). Therefore,

the inductances constituting these attenuation poles are not
changed by both the Norton transformation and the 2-terminal
impedance transformation. These element values are determined
by the given input and output impedances. Here we have the
following two cases on the evaluation (3). First is the case
that we can choose the input and output impedances so that the
inductances constituting neo and n, have values giving high Q
characteristics. Second is the cése that the input and output
impedances are both given as a constant. In this case, the
inductances constituting n, and ne do not often have the opti-
mum values for Q characteristics. However, due to the fact
that L's constituting attenuation poles at finite frequencies
sensitively affect the frequency characteristics while L's
constituting neo and ny have small sensitivity, we may neglect
the contributions of neo and no. Therefore, for both cases,

we can have the following evaluation function.
E = max|Lj - Lt (4-4)
i

where Lj expresses inductance of L constituting attenuation
pole at finite frequency and LT menas an ideal inductance value

for Q characteristics. For the first case, Lt is given as an
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average value of inductances constituting n, and n,, and, for
the second case, Ly is given by input data. Here, the problem
is to find a circuit minimizing E within the given range of

Cu and C,Q,'

4-5 ALGORITHM

4-5-1 Determination of the number n and the positions
of ideal transformers

First, we determine the number n of ideal transformer
to be put in the circuit, where n is given by the random
number generation. Assume that an ideal transformer can be
put in the circuit in pairs of circuit C) or circuit ()
in Fig. 4-3. Because we, in general, can not have the net-
work as shown in Fig. 4-1 in an original circuit obtained by
process (2), we can not make a combination of one ideal trans-
former and two C's. Consequently, the total sum K of (:) and
(:) becomes maximum possible number for ideal transformer.
Multiplying K- by the uniformly distributed random number
generated between 0 ~ 1.0 and then rounding it, we obtain an

integer value n lower than K.

Next, we determine which (:)'s'or (:)'s should be paired
with an ideal transformer, that is, the positions of n ideal
transformers to be put in the original circuit are determined
by generating random numbers. This pairing process is

called here that 'C is specified' for abbreviation. We make
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the numbering for (:) and (:), in order, from an input in

the original circuit. We generate n different integer values
in the integer values from 1 to K, which give the n different
positions. 1In this way, we have N; sets of equivalent cir-

cuits with different configuration.

In some cases, there exists two adjacent (:) and (:)
paired with each ideal transformer. 1In Fig. 4-l1-a, only I
type circuit is permitted for transformation, and in Fig.
4-1-b, T type circuit is permitted so that we can do the
Norton transformation for both C) and C). In other words,
when C; and C; in Fig. 4-1-a are both specified, we make I
type transformation for C, and then we make T type transfor-
mation for C3 in II type circuit instead of C,. Similarly,
when C, in Fig. 4-1~b is specified, this specification is

held in C%Y in T type circuit.

4-5-2 Confirmation of the Norton Transformation Possibility

Here we confirm the Norton transformation possibility.
When C; or C, is specified, we confirm, in order, from the
input of the circuit whether its specified C has C)(:) or C)
(:) connection. If its specified C does not have (:)(:) or
(:)(:) connection, we look at the next adjacent network of
@ or @ When the néxt adjacent network of @ or @ is
changeable, we change them and then, confirm again its pos-
sibility. If, after doing this, we can not yet find its

possibility, we proceed the next stage Norton transformation
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but hold the pre-stage specification. This process will be

explained together with two examples in the Appendix.

4-5-3 Determination of Transformer Ratio

¢;(i =1, 2, ..... n-1) satisfying Eq.(4-1) or Eq.(4-2),
is determined by generating random number. In this process,
we have N, sets of equivalent circuits with different ele-
ment values for each set of ¢;.. Element values transformed
by ¢;(1i =1, 2, ....... n-1) are all positive, while ¢n
determined by Eq.(4-3) does not always satisfy Eq.(4-1) or
Eq.(4-2). Therefore, we choose some sets from N, sets where

¢p satisfies Eq.(4-1) or Eq.(4-2).

4-5-4 2-Terminal Impedance Transformation

For some sets of equivalent circuité chosen in Section
4-5-3, we carry out the 2-terminal impedance transformation.
This transformation can bevindependently done for each arm
in the circuits. Here we take a consideration on Cu and Cy.
First, we consider to transform Fig. 4-2-a circuit into

Fig. 4-2-b circuit. The following inequalities hold.

' Caz Cal
0<Cy<Cyy = — (1 + - Y) £Cy (4-5)
Y Ca2
: ' Ca2
0<Cyp<Cyh2 = <Cqy (4-6)
Y
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' Ca2

0<Cy 2 Cys =

(y-1) <Cy . (4-7)
v .

From the above three inequalities, a possible range of Y is

given. From Eq.(4~5), we have the second degree equations

on v,

CQ"Y2 + Ca2y - (Ca1 + Cgj2) fQ(Y); 0

and (4-8)

Cuy? + Ca,Y = (Cay + Ca2) fuly) 20 .

Both £ (y) and fy(Y) have one positive root and one negative

root. Since Y must be positive, the range of Yy is determined

Yo £Y <Yy
where
‘Céz + /bgz + 4Cu(Ca1 + Cj;2)
YR =
2Cu
and (4-9)
. —Caz + ‘/ng + 4C2’(Ca1 + Ca2)
Yu =

2Cy |

Fig. 4-4 shows the range of Y.



£(y) fuly)

Fig. 4-4 The range of Y satisfying Eq. (4-5).

From Eq.(4-6), we have

Caz Ca2
and, from Eq. (4-7),

Ca22 Y(Caz = Cy) (4-11)
and

¥Y(Ca2 - Cu) <Ca> . (4-12)

For Egs.(4-11) and (4-12), there exist the following three

cases.

(l) ca2 <CQ,

Since the transformed element values becomes lower

than Cy, this case can be omitted.
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(2) Cp<Ca2<Cy

From Eq.(4-11), we have

Caz
<Y .

Caz - Cy

Eq. (4-12) is satisfied. Kpino and Kmax0 are defined

as follows:

ij_no = max [YRI ’ 1

Il

Kmax0

min [vy,

Using the above definition, we have the following relation

for a possible range of v,
Kmin02 Y £ Kmaxo

(3) Cu<Ca2
Combining Eq.(4-11) and Eq.(4-12), we have

Ca2 Caz

Caz - Cy Caz - Cu .

A

Kmaxl is defined as follows:

Ca2 Ca2
' 1.
Cy Ca2- Cy

Kmaxl = min [yy ,
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Therefore, y has a range of
Kmin0£LY ZXKmaxl .

Similarly, for the transformation from Fig. 4-2-c circuit
to Fig. 4-2-d circuit, a possible range of § can be deter-

mined according to the following three cases.

(1) Cp, + Cp, <Cy
Since the transformed element values becomes lower than

Cy, this case can be omitted.

(2) Cy<Cpi1 + Cp:2

K'min0 £ 6 <K'maxo0

where
Cy 1
K'mino = max [ r 89, L + — (Cp2 - Cu)l
Cp1 gbl
' Cu 1
K'maxo = min [— , §, , 1 + (Cp2 = Cy)l
Ch1 Cp1
and

Cp1 + ‘/cvbz1 + 4 Cp,C

L

8
o 2Cp)

s Cp, + /CZ, + 4Cp,Cy
u —3

2Cp)
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(3) Czécbl + Cbz;Cu

K'minl £8 £K'naxo

where

Ce
K'minl = max [—, &gl
Cha
By the range of Yy and 6, the range of &' in Fig. 4-2
is given and then L; satisfying Eq.(4-4) is uniquely
determined for each arm. This will be clear in Fig. 4-5

which shows a case of three coils.

Inductance
2!
_________________________________ Lt (Ideal inductance)
2! ‘L 2
Ly \l
L, &t L3
range '’ range &' range &'
(arm 1) (arm 2) (arm 3)

Fig. 4-5 Choice of Ij.

In Fig. 4-5, the values nearest to LI are chosen as L;, L; and

L3 (indicated by circles).
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This process is repeated for some sets of equivalent
circuits and then, finally, we obtain one equivalent cir-

cuit having minimum E.

4-5-5 T Type-Il type Circuit Transformation

When, through the above procedure, there still remains
C values outside the range of Cy and C, (called Cy), T type-
I type circuit transformation should be carried out. In the
case that Co<Cyp and Co is included in @@@ or @@ @
network, by the I to T type circuit transformation,
larger C values can be obtained. In the case that Co >Cy
and Co is included in @@@ or @@@ network, by the
T to II type circuit transformation, smaller C values can be
obtained. These circuit transformations are shown in

Fig. 4-6.

4-6 EXAMINATION

We call here a product of N; and N, as a pattern genera-
tion number (PGN). One PGN coincides a circuit presenting a
set of ideal transformer positions and their transformer ratio
¢ (i=1, 2, ..... n). Fig. 4-7 shows a relation of PGN and
the maximum or minimum L value (Lpax, Lpin) for various num-—

bers of ideal transformer n as a parameter.
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« Example 1 --- 18th degree, no = 1, ne = 3, Cp = SpF,

Cy = lOOOOPF

L (uH) Lp = 2.393;H
n
10.0 ® 4
o 3
* 2
a1
5.0
Lmax
""" Lmin
== - - _—O——-—-o—--o————-_o
- P I P Y
*oo8T o ' ' = PGN
500 1000 5000 10000 20000

Fig. 4f7;a Example 1

* Example 2 --- 10th degree, ny = 1, no = 3, Cyo =0, Cy

n
L (pH) Ly = 3.573 pH .
9.0 - oA o 3.
8.0 -
7.0 1 A A—A A o
6.0 & A —_ a1l
5.0 - s e *

o]

N _— o Lhax
1.0 ety ST, ™
3.0 1 gmmmmm0m T mO= == ===0 Imin
2.0 1 O=—m————e o==="" O===="" R Y Dttt .

1.0 7 ___..—o—‘—_—
0.9 1 ¢
T T T T ! PGN
500 1000 5000 10000 20000

Fig. 4-7-b Example 2



* Example

3 === 10th degree, no =

2, noo=2, C2'=0, Cu:m
[ ]
L. = 1.890 pH /0710\ .
(o]
o/ \. . o 4
o 3
/ X
g"'""&""’ Aw&:—-.: u_-g—--i A
/’ \
/
/ o
— Lnax
_____ === Lpin
Am==memeenQIIIIIATIIRTIIININ
--0-"
o--" P LE P e N ®
______ " -
T T i T PGN
1000 5000 10000 20000
Fig. 4-7-c Example 3
+ Example 4 --- 10th degree, ng = 3, no =1, Cp =0, Cy = =
L@H) Ly = 0.381 pH .
1.1
1.0 - o 4
0.9 o 3
0.84 4 s b———t—b——b
0.7 A . A 1
0.6 n 8 .\._./.
0.5 / \ — Iy
B ——A A a—2 y 3 ax
0.4 A B === _Ommumm === O mmm=Loip
0.3' —-—0- _________ O"’
0.2 - O-——c=——- o= T P ®
.2 SO
0.11 i . . T T PGN
500 1000 5000 10000 20000
Fig. 4-7-d Example 4
Fig. 4-7 Relation between the pattern generation number

and inductance value.
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Fig. 4-7 says the followings.

(1) The algorithm successfully operates because L. ,, and
Lpmin approach the ideal inductance Ly with the increase of

PGN. In the figures, all the graphs give saturated curves

for larger PGN,.

(2) An appropriate number of ideal transformer is from one

to three, regardless the filter degree. 1In cases of large
number of ideal transformers, deviation from Ly is large be-
cause only few circuits can be subject to the 2-terminal im-
pedance transformation. In another words, it shows that the
element values improvement by the 2-terminal impedance trans-
fotmation is considerably big. Therefore, in an actual design
stage, the number of ideal transformer may be limited to three
cases of one, two and three, so that the optimum equivalent

circuit can be obtained for each case.

(3) As all the examples show that the optimum solution can
be obtained by PGN of 1000 for one or two ideal transformers,

1000 may be sufficient for the practical number of PGN.
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4-7 FLOW CHART OF COMPUTER PROGRAM

The flow chart of computer program is shown in Fig. 4-8,

Input: Order of C) - C), Element values,
Cy and C,, (PGN = 1000, n =1, 2, 3)

Determine the position of ideal transformer for each
n. (generate Nl sets of equivalent circuits).

Confirm the Norton transformation possibility.

Determine transformer ratio g4 and carry out
the condenser transformation.
(Generate N, sets of equivalent circuits.)

Carry out the 2-terminal impedance transformation.

Choose an equivalent circuit showing minimum E.

Yes
\
<CQ'<C<Cu? /

No

Carry out the T type-Il type circuit transformation.

End

Fig. 4-8 Flow chart of computer program.



4-8 DESIGN EXAMPLE

For example 2 in section 4-6, the optimum circuit ob-
tained by this method is shown in computer output together
with an original circuit (see Fig. 4-9). Fig. 4-9-b shows a
final circuit for Cy=10pF, C\y=500pF, and Fig. 4-9-C shows a
final circuit for Cg=0, C,=*. In the latter case, all the
inductances have the same value as Ly. It takes 0.7 second

for computation by IBM 370-168.

PGN = 150, Ly = 3.573 pi

3.57254703%H 50.4015857PF

L ¢
L, 6.87532165 c, 19.5741617
LS 8.88832710 c, 9.80116509
L, 3.25184737 c, 47.4811856
Lg 3.81827977 c, 44.2800796
T 1.03382015 6 45.7023308
o 12.5726946
ohm 7
Ry = Rogp = 75-0 Cq 44.3530768

Fig. 4-9-a Original circuit
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(A
I===1
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0
Fig. 4-9-b

L 0.3572564703 E-05
L= N.268516123 F=0%
L= 0.357254885 E-05

L= 0.304256446 E-05

L= 0.,357254157 E-05

Final circuit for Cg

{2 0.134382921
C=  0.806501944
C=  0.501193409

C=  0.100555276

C= 0.183560528

cs 0.774261211
C= 0.407047174

C= 0.141502435

C= 0.488459412

Cs 0.134375037

C= 0.474038864

10pF, Cu = 500pF

=09

g~10

E-10

E-10
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E-~10

E-10
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Fig. 4-9-c Final circuit for Cy

C=  0.17932860R E-0Y
C=  0.701051300 E£-10
C=  0.37R699155 E-10
C=  0.526895541 E-11
c= 0.152533819 E-10
Ce  0.774261211 E-10
C=  0.407047174 E-10
C=  0.167306724 E-10
€= 0.406429890 E-10
C=  0.103470718 E-11
C=  0.124007922 E-10
C= 0.4T403R725 E-1(

O’ Cu = 0

Fig. 4-9 Circuit configuration and element values.



4-9 CONCLUSION

A CAD method of the Norton transformation which is one
of the most important processes of band pass ladder filter
design, was presented. So far, this process has required the
engineer's hand operations. However, the present study has
enabled the perfect design automation for this process, where
the heuristic approaches using random number generator have

been successfully used.

Some other formuiations may be possible as an evaluation
function. From many experiances, it is desired to have in-
ductances of almost the same values in manufacturing stage.
In this view point, we may have a following form as an

evaluation function.

L
E = _-max

Lmin

where E will approach to unity for the ideal case.(21)

However, the above evaluation does not relate to the desired
value Ly. Therefore, E in Eq.(4-4) is most preferable as an

evaluation function.
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CHAPTER 5. DESIGN OF FOUR-PORT DIRECTIONAL FILTER

5-1 INTRODUCTION

For submarine cable system, a single coaxial cable two-
way transmission system is widely used from economical view-
points. 1In this system, the transmitting frequency band is
divided into two groups of lower and higher frequency bands,
corresponding to the signal transmissions from east to west and
from west to east. In this case, there are two types of sub-

mersible repeater construction.

One type of repeater is composed of two amplifiers as
shown in Fig. 5-1, and two directional filters, which are both
three-port network, are used to separate the lower and higher

frequency bands.

LPF, L///' LPF
AMP
O——— L 0
) i
! : lower band signal
|
i AMP
l - HPF ,///1 HPF | —~~ higher band signal
|
\———— -———\l -y—— — - —

Fig. 5-1 A two amplifier configuration for repeater circuits.
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Another type of repeater has a common amplifier configu-

ration as shown in Fig. 5-2.

LPF HPF

T
—— :\7“@ |-

\ HPF a— R 11

—— — — _-___.__

lower band signal

—~-— higher band signal

Fig. 5-2 A common amplifier configuration for repeater
circuits.

The lower and higher band signal flows for both types are

also shown in Fig. 5-1 and Fig. 5-2.

In order -to realize a high reliability required for sub-
mersible repeater by reducing the number of parts per repeater,
a common amplifier configuration is used. In this case, a
four-port network is used for the directional filter as shown
in Fig. 5-2.(23)(24)

(25) has presented a theory and a design method

C.A. Desoer
of a four-port directional filter used in this type of
repeater. His method is based onthe theory of four-port con-

" stant R network, but when it is applied to an actual design,
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it becomes necessary to connect a one-port network (called
compensation network) at each of the four ports for the fol-

(26)

lowing two reasons. One is to compensate the susceptance

which appears because of approximations in the design proce-
dure. The other reason is to ensure sufficient loss between
the two ports connected to the amplifier. Decrease of loss
makes the repeater unstable because the directional filter
constitutes a feedback path of the amplifier. As was pointed
out in Desoer's paper, the loss can be made infinite in theory
by inserting an ideal phase inversion transformer. In prac-
tice, however, the loss becomes considerably small because of

inaccuracy of the element values and existence of parasitics.

In this chapter, a theory is proposed which enables to
design a directional filter without use of compensation net-

works.(27)(28)(29)

By this method, the same electrical per-
formance can be achieved with less number of elements than by
Desoer's method. Consequently, we can have filters more re-
liable and smaller in size. Directional filters of this new

type are widely used in Japanese submarine cable systems.(30)

5-2 ANALYSIS OF THE FOUR~PORT NETWORK

In the configuration of Fig. 5-3, the followings are

assumed.

(1) The two LPF are identical.

(2) The two HPF are identical.

- 89 -



(3) The four filters are reactive.
(4) An ideal phase inversion transformer is inserted be-

tween ports 2 and 3.

1l:-1

LPF J) 2 HPF
3
i . i
r 13 (13, V3) ‘ 23
1 O— —O;
(i,, v;) (i vs)
1 1 1114 (i4, V4) 2t V2
4
is
HPF LPPF
ig g2

Fig. 5-3 The configuration of the four-port direc-
tional filter.

Let us define the admittance matrix of two-port network

for each LPF or HPF as follows:

(1) (1)
Y, YLt Yy YHt
YL = YH =
(2) (2)
Lt Y1, YHt YH

[(Lemma 5-1]

The admittance matrix Y of four-port network in Fig. 5-3,

can be written as follows:
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y' 0 YLt
v = 0 y' “YHt
YLt  “YHt y"
| Yue Yoy 0
(1 (1
where y' = yr, ) + Vg ) and y" = yr,

(Proof)

(2)

+ Yy

(2)

(5-1)

Let us define the current and voltage at each port

as (ij, Vj) (j=1, 2, 3, 4), and the current ijk from port j

to port k (j ¥k, k=1, 2, 3, 4).

From the Kirchhoff's current law at each port, we have

i1 =

and iy = iyy + iy4o.

Each filter has a relation,

.7 - 1 b

113 Yﬁ ) Y& erT

s (2)
_ 31 th YL \V3 ’
’i b (1) 10

24 Y1, YLt A\

i (2)
| lu2 ] | Y1t Y1, \Vu ’

From the above relations, we have

- 91 -

11y

iy

la3

i1s + 114, i2 = 123 + i24, i3 = i3y + 132,

=l32

Ve |[ V1]
2

Yé ) Vi

YHt Va2
2

Yé ) ~V3




and, we obtain

I

i,

iz

i3 =

(y

(y

(1)
L

(1)
L

(

1
+ ¥YH§ )) vi + Yyt V3 * Vgt

1
+ yé )

Eq.(5-1).

From the relation § =

)

Va2 =

Yot Vi - Y Vz2.t (yg

= Yge V1t ype V2 t+ (yg

Yt V3 * Yt

(2)

(2)

+ yp))

+ yéz))

Vs

(II-Y) (IL+ Y)~1 where § and T

express scattering matrix and unit matrix respectively, we

have

where

> >

y}(Il)

~2¥Ht
A

-2yt
Lt

Si12

S22

S32

Sy

e

r Y =

Siy

Say*

Say

Syy

e
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ty,

|

[(1-y") (1+y") + (yae+yie))

[(1+y ") (1-y") + (Yae*ryig)]

(2

+ YL

)

(5-2-1)

(5-2-2)

(5-2-3)

(5-2-4)

(5-2-5)



and

A= (1 +y")(l+y") - (Ve + i) - (5-2-6)
Here, we assume p' = p" = p, that is, the reflection coeffi-
cient at each port, is equal. Therefore, we have y' = y" = Y.

[Lemma 5-2]

If y' = y" = vy, then yél) = yéz) = y;, and

(1y _ _(2) _
Yy = Yy = Yy

(Proof) Let us define P, and pu as the poles of admittance
matrix in LPF and HPF respectively. We can rewrite each ad-

mittance matrix of LPF and HPF in a form of common denomina-

tor.
£ p) £ (p)
1
R vgl‘P‘Pv’ f1.¢(P) f£2)(p)
and |
1 fél)(p) fue (P)
e uzl(p—pu) fut (p) f§2)(p)
where £, (), 07 (0), fre(m), £ (@), ££? () and e (o)

express the numerator of yﬁl), yéZ)' YI,tr yél), yéz) and yy¢

respectively. Since, in general, the poles of admittance

matrix in LPF and HPF are distinct each other, we have pv%pu.
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(1) (2) (2) (1)

From the relation yg - ¥y, = Yy - yg '+ we have
2 2
e #f2e H e g e
T (p-py) I (p-py) I (p-py) I (p-py)
v=1 v=1 p=1 =1
then,

T (p-py) + (552 (@) - £51) (0)) .

1

1 (p-py) + (521 (o) = ££2) (p))
u=1l AV
When we consider the vicinity of p = p, the above equation
approaches zero. Since p, ¥ p,, we have féz)(p) = fél)(p).
Through the same discussion, we also have féz)(p) = fél)(p).

Therefore, we obtain y(l) (2) (2).

= (1) _
H = Yy and YL, = ¥y, Q.E.D.

It means that each filter becomes symmetric. Then we have a

following theoremn.

[Theorem 7-1]

The scattering matrix of four-port network can be rewrit-

ten as,
P 0 T, TH
0 o} -Ty T,
S =
T, ~Tm p 0
s TH Ty, 0 o] §
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where

p = 811

TL = S13

TH = S14

Yo =y -
and

Yy = ¥y, +

yo €xpresses the input admittance at each port.

(Proof) Eq.(5-3-1) is the definition of y, itself.

From Eq.(5-2-1) or (5-2-2) and Eq.(5-2-6),

1-vo
l+y°

2 (:ZLt)
l+y, 1+y

- 2 (_yHt)
1+yo l+y

s X

Yae * Yie
l+y

Yy

1-y® + (ygetyre)

(14y) *~ (v vie)
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1 L=y +yp +yp,
2 _ 2 2
y = (1+yy (Yae"¥re)
0 1 - y2 2 2
y2 +yi, t+y
1+ Ht Lt
(1+y) *- (y§t+y£t)
Y + ¥ = (Yhe * ¥Ey)
(1 + vy) !
2 2
Yae ¥ Yot
=y - ——
1 +vy

This relation can be written as,

2 2
- Y t Yt
y - yo = ————= .
1 +y

Substituting the above relation into Eq.(5-2-4),

~2¥yt

e (1+y) 2 - (yZ +yZ,)
Yio T Wue¥re

~2¥q¢

(L+y) 2 = (y-yo) (1+y)

~2¥y¢

(1+y) (1+yo)

- 96 -

(Eq.(5-3-4))

(Eq.(5-3-3))

Q.E.D.



Since the network is reactive, using Eq.(5-3-1)

S13§13 + S1u§1u =1 - S11§11
2 2
= T;y—o L) l—-l_-m . EV yo v (5_4)

where ~ denotes the substitution of p by -p, and Ev y, expres-

ses even part of yy.

Let G(p) be even part of ys, then reminding that yy and

Y1, are odd rational functions of p (for example, see Eq.(3-2)

Y]

in Chapter 3) and then, since y = -y, we have
+ 3
-1 (y + (y2, + — + 1
=7 WHy - lyge * v (G + 153))
Yhe * Yi
_ ZHt Lt (5-5
T T 2. 4 -5)
ye=-1
or
Yae + vi: = (y? - 1) G(p) . (5-6)

The above relations (5-5) and (5-6) are important for our

problem.

Let Qy, 9 and Qp denote the higher passband, the lower
passband and the transition band respectively. Combining

(5-3) and (5-6), we have
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1 (l + yo 1 + ?o Yﬁt + yﬁt

|S14]? B 2 2 yétG(p)
(5-7)
Y
1 _ (l + yo)(l + ¥, . Ve + Yit
Is13]? 2 2 Y£+G (p) .

Since G(p) is close to unity in the passband, (5-7) has

the following approximations:

1 y2
—— ~1+ LE for Q € 9
|S14 ]| Yﬁt
(5-8)
1 V3
s~ 1 + —ot for Q € 0y .
S13 th .

Since, in Q,, that is, in the stopband of HPF, the at-
tenuation loss must be extremely larger than that of LPF and,
in Qy, that is, in the stopband of LPF, the attenuation loss

must be extremely larger than that of HPF, we have the rela-

tions,
lyrel? >> | Yge | ® for Q e Qp
(5-9)
|vgel? >> lypel? for Q ¢ Qg
and
2 2 ‘ 2
(5-10)
yft + Yﬁt ~ yﬁt for Q ¢ QH .



From Eq. (5-9), Eq.(5-8) becomes

1 e
o~ IE for Q e O
|S14] YHE :
(5-11)
1 v
- Ht for Q € fy
|s1s] Y.t :

Let us define filter characteristic functions Yy and Yy

for HPF and LPF as,

Using Eqg.(5-11), the attenuation loss Ay and A for HPF and

LPF can be approximately written as

Ay = 10 logig |§%l2 ~ 10 logio ‘IWHIZ - 10 logio |1PL|2
1
Ar, = 10 logio |§1-?|2 ~ 10 logio |¥r|? - 10 logio |¥,l?

ftv

Apor, for Q € Qg (5-12)

where Ayy and Aqyp, express the given attenuation loss specifi-'
cations for HPF and LPF respectively. Here, Eq.(5-6) is re-

placed by

vl + ¥p? = (y? - 1)G(p) . ©(5-13)
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Our design problem is to obtain Yj and Yy solving Eq. (5-13)

under the constraint of Eq. (5-12).

Let us consider the requirements imposed on the above
functions S;;(G(p)), S13, S1s and S3,, etc. For the filters,
the loop attenuation between ports 3 and 4 must be sufficient—
ly large to decrease the passband ripple of a repeater. AaAnd
also, in the transition band, the filters must, at leaét, have

larger attenuation than the amplifier's gain.

Now, the sensitivity of the operating transfer function
between the ports 3 and 4 with respect to the terminating
resister r, at the port 1 is

lassu

5T |2« |S;3]% ¢ |S14]|? on the jQ axis.

In order to ensure the stability of a repeater, the sensitiv-

ity must be small.

Since the high return loss is required in Qp and Qp,
|S11]? ~ 0 for 2 e QyUQL. In Q, |s;13]? is very small in
comparison with a magnitude of |Si14|? and, also in Qp, |S14]?
is very small in comparison with a magnitude of [Si3]|?. Ac-
cordingly, the sensitivity which is proportional to the pro-

duct of |S13|? and |S1u4|?, becomes small.

In Qp, however, the magnitude of [S13|? and [Siu|? are
comparable, hence, in order to keep the sensitivity small, the

sum |S13]% + |S14|? must be small.
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Then, the requirements for the filters are summarized as

follows:

(1) G(p) must be close to unity so that the filters have

high return loss in the passbands. (Eq.(5-5)).

(2) S33 and S14 (S23 and S,4) must be so determined that
the filters have small sensitivity of the operating
transfer function Sj;, between the ports 3 and 4. This

is reflected to G(p) by the relation (5-5).

(3) Si13 and Sis (S23 and Sz4), also, must be so determined

that the filters have enough attenuation in all bands.

5-3 NETWORK REALIZATION

In Eq.(5-6), we can find that the sum yj; + yf{ must
have maxima of value ~-G(p) on the jQ axis. From Eq.(5-10),

for Q € @ has maxima of value ~G(p), which means that

Ve H’
|vy|? oscillates between 0 and 1/G(p). The same for y{p holds
for @ € Q. Desoer's theorem for the necessary and sufficient
conditions of physical realizability is modified and stated as

follows:
(1) vy and Yyt must be odd rational functiohs of p, having
Asimple poles located on the jQ axis.
(2) The jQ poles Y1+ are distinct from those of yyt-
(3) For p = jQ,

2 2 -
Yie * YAt
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must have maxima of value -G(p).
The condition (3) is different from Desoer's theorem and is
important for the problem. Under these conditions, we consi-

der the physical realization.

Let the partial fraction expansions of y;; and yp¢ be,

respectively,
+n ki ko
am 1
ype = I — t —
~n p-Jjwj P
(5-14)
+m hyg
Ygr = L' —— + h«p ,
-m p-Jdg

where the prime indicates that the terms for n, m = 0 are

omitted and

wi = _m_i (i = l' 2, * o0 o 0y n)
dx = —9-k k=1, 2, .vv.., m)
wi * qk (i = l, 2’ ceses ey N} k = 1., 2, ooy m).

Now, let us consider the relation (5-6) . When Eq.(5-6) is
expanded in Laurent series around the points p = jwj, p = jqk,
p = jO0 and p = jo, the dominant term of the left hand side

must match the dominant term of the right hand side.

Therefore, y can be written as:

+n ki +m  hg ko '
y=1=3L' + I + — + heop .
-n p-jw; -m p-jqgy P
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Then,

the residue

k%G (p)

hy % +G (p)

The following conditions must be added so that LPF and HPF

=ki at p=
= hﬁ at p =

reactive.
ki? - ki z20 , ki -
hg? - hZ 20 o’ =
Consequently, we have
ki? (1-G(p)) 2 0 atp
hy? (1-G(p)) 2 0 at.p
Combining above conditions, we
G(p) £ 1 atp=jw; , p

The case G(p).

satisfies the

l at p = jwu;, P =

jw; + k§%+G(p)

jqk ’ h$2’G(P)

k3 20
h >0 .
= jwir kéz

h2

(1-G (p) )

= jai, ha? (1-G(p))

have

minimum susceptance condition.

v

1\

jax » P = jO0 and p

matching conditions are as follows:

at p jo

I

at p j®.

are

0 at p=j0

0 at p=je

je .

J9x, P = jO0 and p = jx,

This require-

ment means that the zeros of Y;, Yy must exist at the point

of G(p) 1.

Yy by

So, we can have the reactance functions y, and

- 10
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+n kil I ko |

v, = L : +
-n p-Jjwj P
(5-15)
+m |hk|
yg = %' — + |he|p
-m  p-jay

5-4 DESIGN PROCEDURE

The actual design procedure together with an example is

shown as follows:

(1) Determine G(p) so that it satisfies the requirements
of the return loss in the passbands, at the same time, gives
the small sensitivity in the transition band. 1In order to

(31)

determine G(p), we consider reference filters which

satisfy the above requirements.

Let py and py, be the reflection coefficients of the

reference high pass and low pass filters respectively, and

we obtain the following(3l):

P = PH * PL
where

_ l_yo _ l-YH _ l_YI
b= l+y0 * P = 14+Yy and oy, = 1+¥y, .

Yy and Yy express the admittances of the reference high pass

and low pass filters.
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From the relation G(p) = Ev y,, we have

YH 4-'YL

G(p) = Ev —m—ro
1+ Yyyp,

Fig. 5-4 shows a given G(p).

Admittance

2.0

I T T

2.5 3.0

Normalized Frequency

Fig. 5-4 The characteristics of given G(p).

(2) Find the poles of Yy and y; from the requirements in
the attenuation bands.

(3) Modify the zeros of Yy and Yp so that |Yyl? and |y |2
do not exceed 1/G(p) and are tangent to 1/G(p) in their
respective band, by using the iterative approximation

method (32) Fig. 5-5 shows |yy|? and |y |2.
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Normalized frequency

Fig. 5-5 |¢y|? and |y;|? after the design procedure (3).

(4) Obtain'yy and y; which satisfy the residue matching re-

quirement (see Eq. (5-15)).

'(5) Proceed the cascade synthesis of yy and yg,.

The characteristics obtained through these procedures
are shoWn in Figs. 5-6, 5-7, 5-8 and 5-9. Figs. 5-6 and 5-7
show the even part of the input admittance and the return
loss at each port, respectively. Fig. 5-8 shows the insertion

loss between ports 1 and 3, and between ports 1 and 4. Fig.
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5-9 shows the loop loss between ports 3 and 4. Fig. 5-10

shows the network configuration and element values.

Admittance

2.0

1 ] 1 1 | 1

0 0.5 1.0 1.5 2.0 2.5 3.0

Normalized Frequency

Fig. 5-6 Even part of the input admittance characteristics.

Loss
dB
60
50 1
40
307

201

104

T T T I i I
0 0.5 1.0 1.5 2.0 2.5 3.0
Normalized Frequency

Fig. 5-7 Return loss characteristics.
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Fig. 5-8 1Insertion loss characteristics between
ports 1 and 3, and between ports 1 and 4.

o

| T i I
1.5 2.0 2.5 3.0
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LOSS

(dB) \/

110
100
90
80 ]
70
60

50

T T T T T T
0 0.5 1.0 1.5 2,0 2.5 3.0

Normalized frequency
Fig. 5-9 Loop loss characteristics between ports 3 and 4.
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In the actual hardware realization, adjustable air core
inductors with high-Q characteristics are used in order to
meet the critical requirements, such as low distortionf33)
small passband ripple and ensurance of sufficient loop loss.
Naked golden mica capacitors are adopted because of their
high-Q characteristicsf34) Each coil is shielded to prevent
from harmfui coupling. Volume of each separately shielded
section is decided according to the sensitivity of inductor's
Q in the network because inductor's Q is affected by its oc-

cupied space. This "honeycomb" shape of each section is

shown in Fig. 5-~11.

In addition, we realized a network in which an inductor
is used as phase inversion\transfbrmer and filter element
(see Fig. 5-10). For comparison with the newly developed
filter, the network configuration of a directional filter
designed by the converntional method is shown in Fig. 5-12.
From Fig. 5-10 and Fig. 5-12, it is seen that eleven

elements are reduced.
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LiL

Honeycomb construction of a four-port
directional filter.
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-

00
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—————— ]

compensation network
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1:-1 transformer
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Network configuration by the conventional method.

Fig. 5-12



5-5 CONCLUSION

The design method of a four-port directional filter
which is commonly used in a submarine cable system was des-
cribed. By this method, we were able to have a filter with-
out using compensation networks, with the same performances
as a filter designed by the conventional method, which re-
quires compensation networks at each port of directional
filter. This contributes not only to reduce filter volume
but also to realize higher reliability. This filter is wide-
ly used in submarine cable systems in Japan to improve the

system economy and reliability.
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CHAPTER 6. DIGITAL FILTER DESIGN PROGRAM SYSTEM

6-1 INTRODUCTION

Digital signal processing is concerned with the repre-
sentation of signals by sequences of numbers or symbols and
the processing of these sequences. Historically, digital
signal processing has been done by the high speed digital
computer whose progress has stimulated the developments of
the complex and sophisticated signal processing algorithms.
By the recent advances in integrated circuit technology, it
is promised that economical implementations of very complex
. digital signal processing systems in which digital signal is

processed in real time, become possible.

In digital signal processing systems, digital filter
performs essential roles. Therefore, many studies on digital

filter have been contributed in recent few years.

In this chapter, we describe the newly developed digital
filter design program system called DINETS (DIgital NETwork

design program System),(35)(36)(37)l

First, the fundamental
concept on digital filter design and some related important
problems are explained. Secondly, the DINETS system is des-
cribed ‘along with the programs of three phases : approxima-
tion, synthesis and analysis. Finally, an actual digital
filter design example applied by means of DINETS, to trans-

multiplexer is shown, which is a typical application system

of digital signal processing.

- 114 -



6-2 GENERAL CHARACTERISTICS ON DIGITAL FILTER

6-2-1 Digital Signal Processing

(38) (39) (40)

Digital filter can be used for both digital and analog

systems.

When applied to analog continuous system, the block

diagram and the principle are drawn in Fig. 6-1.

A KLB C Digital E F
(o, P —-o0
\X/ A/D Filter D/A LPF
Sampler Coder Decoder Analog filter
Amplitude _ Amplitude
A /\/ F —-\/\/
time time
Amplitude. Amplitude
1M i
- time time
T
AT
—
1--
c 0__'LLIl RITNNTIY AR P P TP 1
B ! time \
t bit t bit

Flg. 6-1 System block dlagram of digital filter
' applied to analog system.
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In Fig. 6-1, an analog continuous band limited signal (a) is.
transformed into analog sampled signal(B) by a sampler, whose
sampling rate T is determined by the sampling theorem. The
signal(B) is converted to t-bit digital signal(C) by A/D con-
verter within T second conversion time. Digital filter han-
dles signal(C) and then the digitally processed signal (D) is
put into D/A converter which converts digital signal(D) into
analog sampled signal(E). Finally analog filter produces
analog continuous signal(F) by smoothing analog sampled sig-

nal(E).

Here we can see that, in this system, quantization and
recovery errors occur by A/D and D/A converters, in which
analog signal is expressed by t-bit digital signal. If we
handle with digital signal, we do not need to consider these
errors. For this reason, in the following discussions, we

are interested in digital signal only.

Digital signal expressed with finite word length is
arithmetically processed in digital filter by means of three
fundamental elements: adder, delay element, and multiplier

which are denoted in Fig. 6-2.

:::::(::)————‘ Adder

Delay

_r
[::> Multiplier

 Fig. 6-2 Three fundamental elements of digital filter.
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Each element is composed of logic devices. For example,
a multiplier which is the most important element in digital

signal processing, have a configuration as shown in Fig. 6-3.

ngn XO ngn /Xg- ngw /xoz
’ +—~0Y
{ 1 i 2
Cell __"Oll
* ° o
7 t 7 Y1
llo"
{ £, 1 —°¥o
r ——non
IN
F_/Y_N
Sum %) X
X0 xl X2
Cell
X Y0 Yl Y2
Y XY X.Y .
Xo¥2 12 2°2 Carry out Ocaryy in
¥ XY A% o
Sum out
+ XOYO leO XZYO
PO Pl P2 P3 P4 P5

Fig. 6-3 An example of multiplier circuit.

This figure shows an example of parallel multiplier in which

multiplicand is expressed in 3 bits and multiplier is also
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expressed in 3 bits. Each cell in the figure consists of AND

gate logic circuits.

6~2-2 Features of Digital Filter

Digital filter has several special features in the fol-

lowing points listed below.

(1) No electrical adjustment process is needed in manufac-
turing stage, which produces the good uniformity of filter

characteristics in mass production.

(2) A filter can be realized with exactly the same char-

acteristics as the designed one.

(3) By/using LSI technology, super-miniaturized filter can .

be obtained.

(4) A filter with variable characteristics can be easily

realized by means of read only memory (ROM).

(5) Using ‘an universal hardware implementation block, the

time multiplexing and function multiplexing are possible.

(6) Very high performances can be easily obtained, which

are impossible with analog filters.

These features are extremely attractive not only for filter

engineers but also for production engineers.
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6-2-3 Sampled System Representation

Since digital filter is expressed in a sampled system,
it is mathematically represented by a N-th order constant co-

efficient linear difference equation of the form

A M2

M
ay(n-k) =1  brx(n-r) (6-1)
r=

=0 0

for the input x(n) and the output y(n).

Here, the z-transform X(z) of a sequence x(n) is defined by

[+

X(z) = x(n)z™™

I ==00

. (6-2)

The z-transform of Eq.(6~1) becomes

A=z

M
akz'kY(z) = I bpz7TX(z)
r

=0 =0 .

Therefore, we have a transfer function

M
% brz7Y
_ Y(z2) r=0
H(z) = 5oy = o — (6-3)
z ayxz .
k=0

H(z) expresses frequency characteristics in digital filter,
which are evaluated along the unit circle z=eJ®WT in the z-
plane, while frequency characteristics in analog filter are

evaluated along the imaginary axis p=jQ in the p-plane.
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This tells us that digital filter has periodic frequency

characteristics whose period is 2II/T.

Next, we consider the stable condition together with
an example. Let us consider an impulse response h(n)=anU(n)
where U(n) expresses unit step sequence. The corresponding
z-transform is

o0 .
H(z) = X anz = — if IZ|>|al .

n=0 l-az (6-4)

The condition |z| > |a| is called region of convergence.

Since we evaluate H(eij) along the unit circle, region of
convergence must include the unit circle, which is equivalent
to |a] < 1. This suggests us, as the stable condition,

that the poles in H(z) must exist inside the unit circle.
These are shown in Fig. 6-4, in which the shaded region
expresses the region of convergence. In contrast, the poles
in H(p) in analog filter must exist in the left half plane °

in the p-plane. I

Z-plane

Fig. 6-4 The stable condition of digital filter for
qu (6_4) .
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6-2-4 IIR and FIR Digital Filters

If the denominator in Eq.(6-3) is unity, H(z) will be
referred to as a finite impulse response (FIR) filter
because the unit-sample response of FIR filter is of finite
duration. If the denominator in Eqg.(6-3) is not unity, H(z)
will be referred to as an infinite impulse response (IIR)
filter because the unit-sample response qf ITIR filter is of

infinite duration.

An FIR filter has many advantages such that is can have
precisely linear phase and it does not need to consider the

stable condition etc.

In contrast, if we neglect phase consideration, it is
generally true that a prescribed amplitude specification will

be met most efficiently with an IIR filter.

Thus the choice of an FIR filter or an IIR filter

depends on the circumstances.

Next, we consider an FIR filter and an IIR filter imple-

mentations.

An FIR filter is usually implemented by transversal

filter form as shown in Fig. 6-5.

An IIR filter has usually three types of implementation:
direct, parallel and cascade forms. However, it is generally
true that the cascade form shown in Fig. 6-6 is most suitable

from the standpoints of sensitivity and applicability to LSI.
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_____________ ouT

H(Z) = I bez™*
r=0

Fig. 6-5 FIR filter implementation.

Fig. 6-6 IIR filter cascade form implementation.
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6-2-5 Effect of Finite Word Length

From the view points of hardware complexity, fixed
point representation is usually adopted as the type of arith-
metic. So, the fixed point arithmetic is used throughout

this chapter.

As a result of the finite word length in digital filter,
each coefficient is replaced by its t-bit representation.
That is, the coefficient ak is replaced by ayx + dyx with dy
bounded in absolute value by 2-t. Therefore, the filter

characteristics are changed.(4l)

This tells us that, even
though the original filter designed with infinite word length
satisfies a given specification, the actual filter with t-bit
rounded coefficients may not satisfy a given specification.

One of the solutions of this problem is given by the newly deve-

loped design method which will be described in Section 6-3-3,

Next, we consider the round of £ noise; When s-bit state
variable (A) in digital filter is multiplied by t-bit coef-
ficient (B) , the output variable of multiplier is rounded by
s-bit (C) as shown in Fig. 6-7. This rounding error is observed
as noise. If the state variable is restricted lower than
unity by scaling, then, multiplication does not cause over-

flow but addition causes overflow.

The spectrum of the output round off noise can be calcu-

lated by the form(42)(43)
N(eJTy = o2z k:'jlc;-::l(ej‘*’T) |2 (6-5)
J
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S-bit signal (Aa) r\\\\\\\\ S-bit signal (C)

t-bit coefficient (B)

S-bit
(4 A -~
-\ 4] (Input variable of multiplier)
t-bit
X I B ] (Coefficient)

(S+t)-bit

(& L Y
c Vé7%%%%%%%?@__r——-rounding error

Y

S-bit (output variable of multiplier)

Fig. 6-7 Rounding error by multiplier.

where the Gé(erT) are scaled transfer function from certain
summation nodes in the digital circuit to the filter output.

0.2

is the variance of the rounding errors from each multi-
plier, and ké.is an integer which indicates the number of
error inputs to the respective summation nodes. From Eq.
(6-5), we can see that the round off noise is affected by
G%(eij) which is determined by the filter structure.

The effect of overflow after addition can be loosened
by putting an overflow-correction at the output of adder.
Fig. 6-8 shows an operation of saturation type overflow

correction.
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Output to overflow correction

Input to overflow correction

- pm-———

Fig. 6-8 Saturation type overflow correction.

An actual example of overflow and overflow correction will
be shown in Section 6-3-5.

Rounding or truncation of the result of arithmetic
operation often causes another important quantization error
referred to as limit cycle oscillation. We can see it in a
simple example. Let us consider a first order IIR filter of

a form

I

y(n) = - 3y(n-1) + x(n)

and

X(n) 0, Y(O) = 3/4 .

If we can have the infinite word length at the output of

multiplication, y(n) will decay toward zero in the form

y(n) = 2(= 1)"u(n) .
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But, if we may have three bits (i.e., a sign bit to the left
of the binafy point and two bit to the right of the binary
point), the productl- %-y(n-l) must be rounded or truncated
in three bits. Assuming rounding of the product, this pro-

cess will be shown in y(n) with time sequences as follows:

n=20 y(0) = %

n=1 y(1) = - 3(3) = -3 rounding_ 2
n =2 y(2) = - (- 3) = pfounding 1
=3 oy --bdy oo Lzomding 1
n =4 y(4) = - 2(- p = 3 Founding_ 1

Thus, y(n) reaches a periodic oscillation % or - %. This can
be also observed as noise. In order to make the amplitude

of a limit cycle small, we must have a longer word length.

6-3 DIGITAL fILTER DESIGN PROGRAM SYSTEM

6-3-1 Design Flow Chart

The flow chart of DINETS developed in this study is shown
in Fig. 6-9. This system is organized with three phases of
approximation, synthesis and analysis. In the approximation
phase, the transfer function is designed with infinite coeffi-
cients word length, and these coefficients are optimized through

discrete optimization process. 1In the synthesis phase, an
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-
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i
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!
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Analysis

R

Calculation of
transfer function

[

Simulation of
hardware implementation

|

Fig. 6-9

End

The flow chart of DINETS.

optimum filter structure is selected to minimize the round off

noise. In the analysis phase, the response of transfer func-

tion and the actual hardware implementation are simulated.
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6-3-2 Approximation with Infinite Word Length

The weighted Chebyshev approximation of IIR filter
with an arbitrary stop band and pass band characteristics,
is carried out in analog frequency domain through pre-warping.
For this step, the approximation theory stated in Chapter 2
together with its program can be fully applied. The trans-
fer function can be converted into the z-plane by one of the
three commonly used method: standard, matched or bilinear

transformation.

Linear phase FIR filter is designed by the Remez

d544)(45)

exchange metho Minimum phase FIR filter is designed

by using the transfer function having quasi-equiripple char-

acteristics in the stop band$46)

An iterative Chebyshev approximation program(32) is also
prepared for the filter shaping in the pass band and, in
addition, this program can be applied to a time domain design

of IIR filter which will be described in detail in Chapter 7.

(48) (49) (50)
(51) (52) (53)

6-3-3 Approximation with Finite Word Length(47)
If a given specification is not met because of the
deviation of the filter response caused by rounding coeffici-
ents, it is necessary to optimize the coefficients in finite

precision. The optimization procedure is fundamentally based

on the random search method.(48)(53)

Let X be a N dimensional initial coefficient set

x= (xl' X2, * o0 00 ¥ 4 }H\])l
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then a new coefficient set X' are generated from X such
that
X' = X + AX

where AX = (Ax;, AX3, ceee. , Axy) .

X' is generated randomly according to a specified probability
distribution function. Scanning area of AX is given previ-
ously, and scanning interval is chosen to be equal to

quantization step size of coefficients.

Our approach is carried out through the following two
steps. 1In step 1, the rounded values of original coef-
ficients which are obtained with infinite precision, are
chosen as the initial set. Generation of random number is
specified by a uniform distribution function. Moving the
coefficients set uniformly in the scanning area, the trans-
fer function is evaluated. The coefficient set which shows
the best characﬁeristics‘is chosen as the initial set for
step 2 as shown in Fig. 6-10. In step 2, normal distri-
bution function is used to generate the random number, and
the scanning of optimum solution is concentrated in the
vicinity of the initial set. Through these two steps, the

final optimum coefficient set is obtained.

In.view of computing time or the number of transfer
function evaluation, the optimization procedure through the
above two steps is superior to the conventional one which
used the first step or the second step only. 50% reduction

of the number of evaluation can be achieved. One example is
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(X is represented by one dimentional vector)

Fig. 6-10 Optimization procedure through two steps.

shown in Fig. 6-11. This figure shows the loss character-
istics of 8th degree LPF with 12-bit word length. Through
the proposed optimization procedure, the word length of
coefficients can be reduced by 3 bits compared with rounding
only. In other words, in the case of rounding only, 15-bit
word length is fequired in order to satisfy the specifica-

tion.
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Fig. 6-11 Comparison of loss characteristics between
before and after optimization.

6-3-4 Synthesis(54) (55) (56) (57) (58) (59) (60)

In the synthesis phase, the filter structure having low
round off noise with considering its dynamic range const-
raint, is selected through the optimization procedure. In
the program, the séaling factor which is closely related to
the dynamic range constraints, is determined and the round
off noise is calculated for three commonly used digital fil-

ter structures, direct, parallel and cascade forms.

In the cascade form realization, the round off noise is
highly dependent on the ordering and pairing of poles and

zeros. Therefore, for some set of ordering and pairing, the
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total round off noise is calculated by integrating Eq.(6-5) .

over the finite frequency range and, then, a digital circuit
structure which shows minimum total round off noise, is
chosen. A calculation example of noise spectrum by Eq.
(6-5) for 8th degree cascade structure LPF whose passband is

from DC to 1.7 kHz, is shown in Fig. 6-12.

Noise Power
x10 12 i

3_
22-bit signal word length

1.0 2.0 (kHz)

I—-—- Passband

1

Fig.- 6-12 An example of noise spectrum.

6-3-5 Analysis(61)(62)

There are two kinds of analysis programs in DINETS. In
the first analysis program, the frequency response (ampli-
tude, loss, phase and delay) can be calculated whose example

will be shown in Fig. 6-15 which will appear in Section 6-4.
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In the second program, an actual hardware implementa-
tion of digital filter can be simulated. This simulation
program performs completely the same operations as the actual
hardware operations such as rounding of data and overflow
correction along with time sequences in the network. The
examples of the time response analyzed by the program are
shown in Fig. 6-13. Fig. 6-13-a shows the time response
with infinite precision, Fig. 6-13-b shows the one with finite
word length in which overflows occur, and Fig. 6-13-c shows

the one with overflow correction, in which errors are reduced.

; .||“I I”‘ I|||

| ||‘| (a) Infinite word length

_l-
-2
1
0 1 1 | -1 (b) Finite word length
j ||| ||I i I ||| | | ' without overflow correction
1 |
-1 |||||| ||||. Ill | (c) Finite word length '
° L i l|I|| with overflow correction
-1

Fig. 6-13 Output signal for sine wave input signal.
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6-4 DESIGN EXAMPLE

Digital filter applied to transmultiplexer which is used

to interconnect analog and digital communication networks at

l(63)(64)(65)

the multiplex leve , is shown as an example. 1In

this system, digital filter transfer function has a form

G(z) = I z_i-Gi(zk) Ty, z = eij (6-6)

whose construction is illustrated in Fig. 6-14.

Go (2¥) . 20 —
S G]_(Zk). z-1 —
—1 G(2) ' — — —
I
|
i
Gg-1 (Zk) 7= (k-1) [

Equivalent realization of G(Z] by G; (zk)

Fig. 6-14 Illustration of Eq.(6-6).

-

G(z) operates at a rate of (1/T)Hz while Gi(zk) operates at a

rate of. (1/kT) Hz.

The actual design parameters are listed below.

*+ Coefficient word length = 14 bit

. Signal (state variable) word length = 36 bit
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= 224 kHz

. k 1 _
Sampling rate of Gj(z") = ol 8 kHz

3|

+ Sampling rate of G(z) =

- k = 28 (28 time division multiplex)

. Clock rate = LT = 8 kHz x 28 x 36 = 8.064 Miz

Gi(zk) is realized by 8th degree cascade form IIR filter. The
frequency characteristics of G(z) is shown in Fig. 6-15. A
photograph of an actual hardware implementation is also shown

in Fig. 6-16.

6-5 CONCLUSION

We discussed briefly the general concept on digital filter
design and then, described the newly developed digital filter
design program system DINETS. Throughout the course of the
design of DINETS program, the strong attention was paid to the

saving of computation time.

VDINETS was successfully developed very timely because any
kind of systems, not only for communication systems, will be
digitalized in very near future. However many unsolved pro-
blems, in éarticular, related to quantization errors caused by
finite word length, are still remained. DINETS, therefore,

will be a step for a more powerful design program system.
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Fig. 6-~15 Frequency characteristics of G(z).



(a)

Circuit board for LSI's (front)

(b)

Fig. 6-16

Circuit board for wire wrapping (back)

Digital filter hardware implementation.
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CHAPTER 7. IIR LOW PASS FILTERS WITH SPECIFIED EQUIRIPPLE STOPBAND LOSS
AND ITS TIME RESPONSE APPROXIMATION

7-1 INTRODUCTION

One of the important problems in designing pulse trans-
mission systems such as pulse code modulation (PCM) transmission
system and data transmissioh system, is to design the pulse
shaping network which satisfies the specifications in both the
frequency domain and time domain simultaneously, where the
frequency domain specification is related to the interference
for adjacent channels and the time domain specification is

related to the intersymbol interference.(66)(67)(68)(69)(70)

This network is actually realized by a low pass filter such
that it satisfies the given specified stopband attenuation
loss in the frequency domain while the intersymbol interference

becomes zero in the time domain.

In a continuous system, a low pass transfer function hav-
ing Chebyshev characteristic in the stopband was given by K.H.

Feistel and R.Unbehauens71) By using this transfer function,

G.C.Temes, M.Gyi(72) (73)

and D.A. Spaulding gave the time res-
ponse approximation method through iterative optimization
procedure.

N.Yoshida and Y.Ishizaki(74)(75)

presented akstopband
Chebyshev transfer function which preserves a prescribed stop-
band minimum effective attenuation loss in a constant while the

time response is iteratively optimized. This improves the
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method of G.C.Temes and M.Gyi in which, in the course of
approximation process, the attenuation loss at zero frequency
varies and as a result, the given stopband effective attenua-
tion specification is not satisfied.

In a sampled system, for FIR and IIR filters, S.Tsujii et
al(76)(77)(78)(79) give a method of time response approxima-
tion, preserving the effective stopband attenuation in a
constant within a given tdlerance by using a linear programm-

ing problem technique.

In this chapter, a stopband equiripple transfer function
in a sampled system is obtained by using the method of K.H.
Feistel and R.Unbehauen. In addition, the condition such that
a stdpband equiripple transfer function has a prescribed mini-
mum stopband loss, is considered here, applying the method of
N.Yoshida and Y.Ishizaki and, then, we introduce the design
theory for time response approximation which satisfies this
(80) (81)

condition. Finally, the design examples applied to

Nyquist pulse shaping network are shown.

7-2 STOPBAND EQUIRIPPLE TRANSFER FUNCTION IN A SAMr.ii) SYSTEM

In a continuous system which is expressed in the p-plane,
a stopbénd equiripple low pass transfer function is given by
K.H. Feistel, R.Unbehauen(7l) and N.Yoshida, Y.Ishizaki(74) as

follows:
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CH) = K (7-1)

where

r =/p? + Q2 Re [2] > O
(7-2)

ti =/pi + Re [2i] > 0

and K expresses a positive constant. Gg means to take the even
part of polynominal.

In p=3jQ, | H(j2) | have a equiripple amplitude characteristics
between 0 and K in the frequency range |Qg| < in which Q¢
means the stopband edge frequency. The transformation from
p-plane to z-plane in which a sampled system is expressed, is

performed by a following relation.

1-21 d +p
p=4d-——0m and’ z = (7-3)
1+ z d -p
JuT

where z = e , T =1/f5 , £5 and d express the sampling fre-
quency and the positive constant, respectively. When w¢ is
taken to be the stopband edge frequency in the z-plane, from

Eq.(7-3) , we have
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eJ¥cT _
d - jQ¢
1 - t2 2t
=+ — (7-4)
1 + t? 1+ t?

where t = Qo /d. From Eq.(7-4),

1 - t? 2t
COSwWeT = ——— and SINweT = —m— . (7-5)
1+ t2 1+ t2
The transformation by Eq.(7-3) means that the imaginary axis

in the p-plane shown in Fig. 7-1l-a is mapped to the unit cir-

cle in the z-plane in Fig. 7-1-b.

In these figures, AN indicates the frequency range of
equiripple amplitude. Eq.(7-2) is squared and is substituted

by the relation (7-3). We have

1 - t2
1-2-—2z‘1+z‘2
z2= @2 (1 + t2?) 1+t (7-6)
1+ 2z=1 + z-2 .

The denominator in Eqg.(7-1) can be rewritten by the substitu-

tion of Eq.(7-3).
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(cos w T, sin w T)
c c

—jQC

-sin w T
(cos wcT, sin c)

-3

(a) p-plane (b) =z-plane

Fig. 7-1 The transformation from the p-plane to the

z-plane.
n n l—ZiZ-l
I (p-piy) =1 2d ) _ (7-7)
i=1 i=1 (L+z 7) (1+z4) .
From Eq. (7-5),
1 + t? = 2 = 1
1 + COSwcT coszng .
Since 0 <wcT<T ,
/l t2 =_.1__
. + wcT * (7_8)
COS——
2

By substituting Eq.(7-6) and Eq.(7-7) into Eq.(7-1) and using
Eg.(7-8), we have an IIR low pass transfer function having

equiripple stop band loss.
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n
1 i=1

H(z"l) =K .
weT n n 1-z,2z-1
(2cos —) | -
2 i=1 (1+z 7) (1+z3) (7-9)
where

, 1- 2COSuo.:;.T-z-'1 + 272
L=

1+ 2271 + z-2 (7-10)
, 1- 2COchT-z'i'l + zzz
Li<

-1 =2
1 + ZZi + z] .

It is well known that, if we use the relation (7-2), all the
zeros of numerator in Eq.(7-1l) exist on the jf axis in the
p-plane and exist in the frequency region of |Q] >Qc(5)(75).

In this case, the numerator in Eq.(7-1) can be written as

follows:
n . 2 )
Ge | (z+1zi)| = T (g2 + Qf) (7-11)
i=1 i=1
where Qi is positive, and £ = (n-1)/2 for odd n, £ = n/2 for

even n. Here, in Eq.(7-9), we have a following theorem.
[Theorem 7-1]

In Eq.(7-10),if we have i as

1 -2 COchT°zil.+ zzz
1 + Zzi + Zi
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all the zeros of numerator in Eq.(7-9) exist on the unit cir-

cle in the z-plane and exist in the frequency region of

lw]| > we.

(Proof) 1In the case that the theorem's condition is satisfied,
the numerator in Eq.(7-9) can be written by.the same form as

Eq.(7-11) . We substitute Eq.(7-10) into Eq.(7-11).

(1+Q;)z-2+2(Qi—COchT)z—l+l+Q;

2
Ge (z + 1) |= 1 (

=1 i=1 1+22-147-2 ]

P

In the second order equation for z in the i-th term in numera-

tor of right hand side, its discriminative equation D is

expressed as follows:
Di = (Qf - COSwcT)? - (1 + QF)?2
= (COSweT + 1) (COSweT - 1 - 20%) .
Since Q]?_ >0, we have Dj <0.

Hence, 253 , zeros of i-th term can be written as

COSwT-Q} J(20%+1-COSucT) (COSwT+1)
29y = ——— =+ J 3
1+Q4 1+Q4 .

From the above relation, the absolute value of z,; becomes
unity which means that z;{ exists on the unit circle.

NMext, we compare the real parts of eijT and z;j.
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2
. _ Qi (14+COSw T)
Re[ejwcT] - Ral2zpi] = 5 >0 .
l+Qi

Therefore, as shown in Fig. 7-2, it can be seen that Z0i

exists within the frequency region of |&| > wg. Q.E.D.

|

Fig. 7-2 The relation between 2,; and wg,

The stopband minimum effective loss Ag of a stopband

equiripple transfer function can be expressed by(74)

1
|

1 —
Ag = 20 lOg1olE| - 20 l°gl°|H(eJO)

where

n wcT) 1-z4
I | (cos - ( )
i=1 [ 2. l+zy J . (7-13)
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If we choose |H(ej°)| = 1(74), then

k| = 10 20 (7-14)

Since Ag >0 and, without loss of generality, we can determine
K>0, we have 0 <K< 1. .

With the condition of | H(ej°)|= 1, that is, the condition
of 0dB at zero frequency, ﬁhe time response approximation is

carried out.

7-3 ODD DEGREE TRANSFER FUNCTION

An odd degree transfer function satisfying IH(ejO)I =1
is introduced, in which éll the attenuation poles exist on the
unit circle, that is, in Eq.(7-10), Re[Z] >0 and Re[z3] >0
for all i's are satisfied. From the stable condition, all the
zeros 2i(i =1, 2, ¢¢eeee, n) in the denominator must exist
inside the unit circle. We will obtain z; satisfying |H(ej°)|
= 1 for a given 23, 23, ..... 25 set in zj. Eqg.(7-13) can be

rewritten as

SIN 9§3 . Uo + L1 * Go
H(edO) = K
. weT n 1l1-2z, n 1l-2z3
(Cos —) . « T ) (7-15)
2 1+2z, i=2 1+2z4
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where

n
UE) = Up [T (T + zj)
1

: |
G(T) = Ge |T (T + £3)
1

=2
and
w T
Uy = U(SIN —)
2
wcT
Go = G(SIN —) .
2
Substituting Eq.(7-15) into |H(eJ9)| = 1, we have

WeT 5
(SIN —— . U, + 21 * Gg)
2

weT 1-z2; n 1l-z; \2
= (%«cos-———)n . ‘T )) (7-16)
2 1+z; i=2 1+z4
From Eq.(7-10), we have
1-2, 222 - (1-COSwgT)
( )2 = (7-17)
1+z, 1 + COSweaT :
Putting
n 1-25
L =1 ( )
i=2  1+z;
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and combining Eq.(7-16) and Eq.(7-17), we can obtain a second

order equation on ;.

(Gf = ——— =+ ((cos — ™ - ") g3

1+COSWw.T 2 K

wcT
+2Go'SIN———'Uo'C1
2

WaT 1-COSweT weT n L

+ SIN*— - U} + ———— * ((cos —)" * )
2 1+COSwT 2 K

On Eq. (7-18), we have

[Lemma 7-1]

a following Lemma.

0

(7-18)

If |K| <1, there exists a real T sétisfying Eq.(7-18).

(Proof) 1In Eq.(7-18), its discriminative equation D becomes
weT (L)cTz
((cos —)® « L - sIN —)
4 . 2 2
D= — -
K2 (1 + COSweT) 2
WeT L weT
*(((cos —)™ . )2 - cos2— (G} - ud)) .
2 K 2
Using the relation
_ wcT -
G} - U = (cos —)2(n71) | g2 , (7-19)

2
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D can be written as follows :

2
4 ((cos ¥eTyn, 1, . gy ¥eT)
D = — -« 2
K* (1 + COS wgT) 2
U.)cT 1
. (cos —) 2t L2 Loy .
2 ‘ K2

Since 0<K<1l, D is positive which means that Eq.(7-18) has

two real roots. ' ' Q.E.D.

Since both sides in Eq.(7-17) are real, z;is also real.

z, is obtained by Eq.(7-17) as follows:

"W WeT

. C C
4cos? —— (¢} - sIN?2—/)
-(z} + COSwcT) + 2 2

z? - 1 - (7-20)

21 =

The product of above two roots becomes unity and, hence, there

exists a real 'z; inside the unit circle.

In Eq.(7-9), Re[zj] (i =1, 2, ....., n) must be all
positive in order that all the attenuation poles exist on the

unit circle. Here, we have a following theorem.

[Theoreﬁ 7-21]

In nth odd degree stopband equiripple transfer function

H(z_l), for a given n-1 2z, 23,....., 2Zn set, put H'(z—l) as

- 149 -



i=
H'(z"l) =k )
weT l-ziz
(2cos ) ( ) -
=2 2 (1+z7h (Qezgy | o (772D

n

=]

If 0<K<1l and H'(ejo)'<l, there exists a positive real T,
satisfying H(el®) = 1. ¢, can be obtained by solving Eq. (7-18)

as follows:

weT

-Gy + SIN — . Uy~ VD
2
Ci1 =
weT . . L
G} - (( cos —)™L1. )2 (7-22)
.2 K .

(Proof) 1In Eq.(7-18), the first order and the constant coef-
ficients are both positive. If the secoﬁd order coefficient

is positive, Eq.(7-18) has two negative real roots, and if
negative, Eq.(7-18) has one negative real root and one positive
real root. In order that cl'is positive, the following relation

must hold.
weT
G% - ((cos —)
0 2 K

L

The above relation can be rewritten as follows:

Go i=
K =K = H' (eI <1
weT _ n - weT 1l-zj :
(cos —)™1 . g T |(cos —) { )
2 i=2 2 1l+zi
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Since, in Eq.(7-15), Rel%il >0, |z;|<1 (i =1, 2, ....., n),
SIN (weT/2) >0, COS (wcT/2) >0 and K >0, the numerator and
denominator in Eq.(7-15) are both positive and hence, we have

H(edO) = 1 for |H(eJO)| = 1. Q.E.D.

Zz) can be obtained by taking a solution that its absolute
value is smaller than unity in the two solutions in Eq.(7-20).
Theorem 7-2 says that the condition H'(eJ°) <1 is needed in
order that there exists a positive real iz, satisfying |H(eJO) |
= 1 for a given positive Relzyl (i = 2,-3, .s+es.;, n) set in Eq.

(7f9).

7-4 EVEN DEGREE TRANSFER FUNCTION

An even degree transfer function satisfying IH(ejo)| =1
is introduced, in which all the attenuation poles exist on the
unit circle. The denominator zeros zj are divided into two
parts of zy, z2 and 23, Zy, eee.., Z2n. It should be noted
here that, if z; is complex, z, is complex conjugate, and if

Zz1 1s real, z; is also real. 'Eq.(7-13) can be rewritten as

follows:
U)CT (,UcT
H( jo) (SIN2—§“ + C182)Ge + (g, + ,)SIN —-5 Ug
e = K
(COSNCT)n . 1-2zy | l-z, E (l—zi)
2 1+2z, 1+z, i=3 1+Zi
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where

u(zg)

G(Z)

I

U(SIN

G(SIN

Substituting Eq.(7-23) in |H(eJO) |

wWeT

C

((SIN2—2—+ £182)Go + (T; +

l .
(E(COS

U)CT) n
2

. l"'zl

1+z,

1+z,

l, we have

wA~T
Z2) SIN—‘;—-UO) 2

1-z;5
1+2zj5

)2

n
- I
i=3

From Eq.(7-10), similarly in\Eq.(7—l7), we have

EZEL)Z.

(l+z

1

(

1-22) 2

1+2,

In Eq.(7-24), putting

L

n
I
i=

3

-7
+zi

l1-2z

(

2% + COSweT - 1) (2;§ + COSWeT - 1
1 + COSweT 1 + COSWcT
1 1 wcT n
d = = = £
an = = (cos > ) ’

we have a second order equation on (Z; + Zj).

- 152 -

(7-24)

)



2 .

. (L)cT 2 L 1

SIN*—~ | u? + 4 . . + 2
2 [ ’ K'? (1+c05chP] (1 + z2)

: wcT weT
+2GoUs - (SIN*== + [10;) * SIN—— * (5 + L)
Z-U)—CE- 2 . 2 — L] L2 L] l —1
+ (SIN 2 + Z1Z2) |:Go 4 K72 (1+COSwaT) 2:|— 0 .

(7-25)

Eq.(7-25) is an equation to obtain (¢, + Z,) of the stopband
equiripple transfer function satisfying |H(ej°)| =1 for a

given positive real z;Z, - On Eq.(7-25), we have a following

Lemma and Theorem.

[Lemma 7-2]

If |K| <1 for a given positive real r;Z,, there exists

a real (z; + z2) satisfying Eq.(7-25).

[Theorem 7-3]

In nth even degree stopband equiripple transfer function

H(z_l), for given n-2 z3, 24, ....., Z, set and a positive

real £,%,, put H'(z™1) as

T [(2cosm ) (

‘ -1

H'(z 7) =K
n cT 1-zjz~1 ]
i=3 2 7 (l4z-1) (1+z3)] .

(7-26)

If 0<K<1l and H'(ej°)<<l, thére exists a positive real (z, +

t,) satisfying H(ejo) = 1. (£1+%,) can be obtained by solving
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Eq. (7-25) as follows:

weT weT. n- }
SIN22C- 4 £1Z,  =GoUo+((COS—S2) P72, Ly2, A
B 2 2 K
L1+ C2 = T . .
C 2 wcl, n-2 L, 2

(7-27)

(Proof) 1In Eq.(7-25), the first order and the second order
coefficients are both positive. If the constant coefficient
is positive, Eq.(7-25) has two negative real roots and if
negative, Eq.(7-25) has one negative real root and one posi-
tive real root. 1In order to have a positive real (g; + T3),

the following relation must hold.

2
G} - 4P2 . L <0 .
K (1+COSwcT) 2
It leads to a relation
n
Go Ge n (C+24) ;=SINEEE
K — = K = i=3 2 -H'(edo) < 1
P WaT 1-2i .
(cosZeryn-2 g I l(cosiely (& z%ﬂ
2 i__.3 2 l+ZJ_

Since the numerator and the denominator in Eq.(7-23) are both

positive, we have H(ejo) = 1 for |H(eJO)| = 1.
. Q.E.D.
Through the similar discussion for an odd degree case, 2z,

and z, can be obtained by Eq.(7-20). Theorem 7-3 says that the

condition H'(ejo) <1 is needed in order that there exist
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positive Re[z;] and Re[Z,] satisfying |H(eJ9)| = 1 for a given

positive Re(zi] (i = 3, 4, «se.s;, n) set in Eq.(7-9) and C1Go2.

7-5 THE CASE NOT SATISFYING H'(ejo) <1

If we take some zi as Re[zj] <0, some of the attenuation
poles do not exist on the unit circle. 1In this case, the fre-
quency characteristics show a slowly rising attenuation loss

curve. However, some cases have better time response.

7-5-1 0dd Degree Case

In the case not satisfying the condition H'(ejo) <1
shown in Section 7-3, the second order coefficient in Eq.
. (7-18) is positive. Consequently, as shown in the proof of
Theorem 7-2, Eq.(7-18) has two negative real roots on Z;.
It means.that, even if we take Re[zj] >0 for all i excluding
i1, one of the pairs of zeros in the numerator of Eq. (7-9) is

not on the unit circle. Here we have a following theorem.

[Theorem 7-4]

In nth odd degree stopband equiripple transfer function,
if H'(ej°)=il for H'(z_l) in Eq.(7-21), there exists a nega-

tive real gz, satisfying H(eldO) = -1 .

(Proof) Since Lemma 7-1 holds, %1 is real. In the case

of H'(ejo) = 1, z; can be easily obtained by Eq.(7-18).
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W~T
-SIN—~ - (U§ + ((cosZSE = Tyn-1, Z) %)
L1 =

2Gy Uy .

We see that r; is negative. Substituting the above z; into

- the numerator in Eq.(7-15), we have

weT (U5 -G§)
2Uo *

WeT
SIN—E+ « Up + T1°Gy = SIN

Since, from Eq.(7-19), the numerator in Eq.(7-15) is nega-
tive and the denominator is positive, we have H(eJO) = -1.
In the case of H'(eJO) >1, Eq.(7-18) has two negative real

roots which are given by

weT

-Gy SIN—E—-°U0-FVD
C1 = :
0T no1 1. 2 - (7-28)
Gg-((cos—g—)n 1 L)

Here "the following two cases exist.

(1) The caée that we take a positive sign for composite
sign in Eq.(7-28).

Substituting Eq.(7-28) into the numerator in Eq. (7-15),

wcT
-SIN—Z——'U0+ C1° Gg
weT wcT, 2(n-1) 1 | 1l
) -SIN—E— (cos 5 ) . (UOE Gofgz = 1)
2 n-1 1L
Go - ((COS > ) ‘X . (7-29)
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Since H'(eJO) >1, the denominator in this equation is posi-
tive. We investigate the sign of the parenthesis in the

numerator in Eq.(7-29).

Us 2 1 _ 1 2 2
=z = G (E; - 1) =6 - &Gy ~ Uyp)
Tn-1 1,2
=G02-((COS§)n - I S

Hence, we have

(DcT
SINT - Uy + Ty Gp <0 ,

Since the denominator in Eq.(7-15) is positive, we have

H(edo) = -1.

(2) The case that we take a negative sign for composite
sign in Eq. (7-28).
In this case, since the parenthesis in the numerator in Eq.

(7-29) is changed by

1
(Uox + Go l? -1 ,

=

similarly, we have H(el®) = -1, Q.E.D,

If we permit a negative Z; like the above case, there exists
a negative realg; satisfying H(ed®) = 1 in the case of H' (e7°)

< l.
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Consequently, for an odd degree transfer function, we
can have four cases satisfying |H(ej0)| = 1, including the

result of Section 7-3, which are shown in Table 7-1.

Table 7-1 : Four cases satisfying IH(ejo)I =1 (n: odd)
: : Composite sign of
1 Jo 0
No. [ H' (eJ9) H(elJO) Eq. (7-28)
1 Positive <1 =1 -
2 Negative <1 =1 +
3 | Negative >1 =-1 -
4 Negative 21 ==1 +

7-5-2 Even Degree Case

In the case not satisfying the condition H' (eJO)< 1
shown in Section 7-4, the constant coefficient in Eq.(7-25)

is positive. We have a following theorem.

[Theorem 7-5]

In nth even degree stopband equiripple transfer function
H(Z‘l), if H'(ejo);=l for H'(z—l) in Eq.(7-26), there exists
a negative real (g;+Z,) satisfying H(eJ©) = -1. 1In this

case we can have (g;+Z,) as

W~T WeT, n-2 2 .
SIN2—c2:—— + 122 =GoUo *((COS——)" .%) -V1-K?2
1+, = .
WeT 2 WoT n-2 L, 2
smT ~ Us+( (cos—z—) E)

(7-30)
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Similarly, in the case of H'(eJO) <1, there exists a
negative real (f, + 7,) satisfying H(ejJO) = 1. We can have
four cases satisfying |H(eJ®)| = 1, including the result of

Section 7-4, which are shown in Table 7-2.

Table 7-2 : Four cases satisfying |H(ej°)| = 1 (n: even)
No. | ti+ g | H'(eJ0) | m(edo) | Composite sign of

1 Positive <1 = 1 o +

2 Negative <1 =1 -

3 Negative >1 ==1 +

4 Negative >1 =-1 _

7-6 TIME RESPONSE APPROXIMATION

Through the former discussions, we can see that in an odd
degree case, for a given z,, 23, ....., 2Zn set, the numerator
in Eq.(7-9) and z; are determined so that the stopband equirip-
pPle transfer function with the condition |H(eJ9)| = 1 can be
obtained. 1In an even degree case, for a given Z3, Zuy, cee..,
zn and C,Z, sets, the numerator in Eq. (7-9) and (g;+%,) are
determined. Therefore, in the time response approximation,
we have:a Z2) Z37 eeceey zpn parameter set for an odd degree
case and Z3, Zy, eeeeey Zp and 0, parameter sets for an even

degree case.
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In addition, since we can permit the time difference méT
(mg : integer) and the amplitude difference k between the ideal
time response and an output time response, we can have m, and
k with zj as the parameters. Furthermore, for obtaining bet-
ter approximation, we may add the all-pass networks whiéh

become the parameters, too.(73)

An iterative Chebyshev approximation method by the refer-

ence (32) is used here.

The ideal time response for M time sample points is given
by g(mT) (m =1, 2, ....., M). Multiplying an output time
response h(mT + m,T) by k, taking the difference between the two
responses and then, multiplying it by the weighting factor Wm,

we minimize the maximum error.

Emax = max (Wp(k-h(mT + mgT) - g(mT))).

m=l, 2, ..... M

Putting the transfer function H(z-l) as
R
z er—r
(1+% agz )
s=1

its impulse response h(mT) can be calculated by the following

relation.(82)

h(mT) = by-a,-h((m-1)T) - a,-h((m-2)T) ... -ap-h(0) .

(7-31)
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By considering the digital filter realization, we can permiﬁ
-H(z~1l) other than H(z~l). Therefore, when starting an
approximation, for a given initial parameters set, each-:

impulse response is computed for four cases of H(z~l) and

-H(z"l) in No. 1 and No. 2 in Tables 7-1 and 7-2 in the case of
H'(ej°)< l, and then we may start the iterative approximation for
a transfer function showing better approximation to the ideal time
response. In the case of H'(ejo)izl, there exist four cases

of H(z"l) and -H(z-1l) in No. 3 and No. 4 in the above Tables.

We may choose one of them.

7-7 FLOW CHART OF COMPUTER PROGRAM

The flow chart of computer program is shown in Fig. 7-3.
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(2)

(3)

(4)

(5)

(6)

(1) Input data

l

Compute two L] by Eq.(7-28).

orxr

Compute two (L3 + Z2) by Eq.(7-30).

Make H(z™l) by Eqs. (7-9) and (7-10).

Compute the impulse response by Eq.(7-31) for both
cases of H(z_l) and -H(z-l), and choose one transfer

function which shows the best impulse responsé.

Compute m, and k.

i

Minimize Ep,, by carrying out the iterative

approximation method of reference (32).

no

A

Allowable deviation ? :>

yes

(7) . Output

Fig. 7-3 Flow chart of computer program.
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According to the flow chart, we will explain it briefly.

(1) Input data are stopband edge frequency: wo, stopband attenua-
tion Ag, degree : n, initial parameters : zj (2., 23, ...., zp for
odd degree or z3, Zy, ....., 2Zn and C1Z2 for even degree),

allpass network transfer function, ideal time response : g(mT),

weighting : Wp, and allowable deviation.

(2) For odd degree, 7, is computed by Eq.(7-28) which has two
solutions equivalent to No. 1, 2 or No. 3, 4 in Table 7-1.
For even degree, (r;, + L,) is computed by Eq.(7-30) which has

two solutions equivalent to No. 1, 2 or No. 3, 4 in Table 7-2.

(3) The two transfer functions H(z-l) with equiripple stop-
band attenuation satisfying |H(ej0)| = 1 are computed by Eq.

(7-9) and (7-10).

(4) The impulse responses for the two transfer functions
H(z_l) are computed together with the case of -H(z_l) by Eq.
(7-31) and, then, one transfer function which shows the best

time response, is chosen.

(5) The time difference maT and the amplitude difference k
between the ideal time response and the output time response

are simultaneously computed.

(6) By carrying out the iterative approximation, Emax is
minimized. This process is repeated until Ep,x becomes smal-

ler than the allowable deviation.
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(7) Output data are transfer function, frequency characteristics,

time response, and Ep,..

7-8 DESIGN EXAMPLES

Our method will be applied to the de;ign of Nyquist roll off
IIR digital filter. The ratio of the Nyquist rate Ty and the
sampling rate T is taken to be an integer. It is required
that an impulse response has unity at one sample point and
zero at other Nyquist sample points. g(mT) for the ideal time
response is given at these Nyquist sample points. We can
obtain k and my by computing the peak value of time response

and time which gives that peak value.

(Example 1) Nyquist frequency: lkHz (Ty : 0.5 msec)
~Sampling frequency: 10kHz (T : 0.1 msec)
Stopband edge frequency: 1.8kHz (80% roll off)

Minimum effective stopband loss: 404B

We use a fifth degree IIR filter and a second degree all-pass

network.

Since IIR filter with No. 1 in Table 7-1 is uscd here,
two pairs of attenuation poles exist both on the unit circle.
The transfer function is shown in Table 7-<3. An impulse res-
pohse and frequency characteristics are shown in Fig. 7-4.

Maximum error was 8.5 x 10-4.
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Table 7-3

IIR filter

All-pass network

mSec

ZEROS POLES
0.37394+£30.92745 0.54927+50.24940
-0.16149%30.98687 0.48619+j0.47143
-1.0 -0.04265
3.07354+51.9487x10" > 0.32535%42.0628x10 2
Amplitude
T1.0
0.5
R S S—
Ty '
(b) Frequency response
7-4 Example 1 of Nyquist roll off digital filter.

Fig.
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(Example 2) Nyquist frequency: 1lkHz (Ty : 0.5 msec.)
>Samp1ing frequency: 8kHz (T : 0.125 msec.)
Stopband edge frequency: 1.8kHz (80% roll off)

Minimum effective stopband loss: 30d4dB

Since a fifth degree IIR filter with No. 3 in Table 7-1 and
—H(z—l) is used, one pair of attenuation pole does not exist
on the unit circle. The transfer function is shown in Table

7-4. An impulse response and frequency characteristics are

shown in Fig. 7-5. Maximum error was 1.2 x 10_4.

Table 7-4-

ZEROS POLES

0.01981 + j0.9998 0.31378 + j0.38417

-0.47590 x 10-3 0.38200 + j0.18215
-0.21012 x 104 0.0019957
"'1.0
Amplitude
1.0
70.5
o] | Pl ! ! :
u—_f-..{ - — Time
R T

(a) Time response

- 166 -



mSec

(b) Frequency response

Fig. 7-5 Example 2 of Nyquist roll off digital filter.

7-9 CONCLUSION

Introducing the transfer function of IIR low pass filter
with equiripple stopband attenuation in a sampled system, a
time response approximation method holding the minimum effec-
tive stopband ‘attenuation in a constant was described. The

results obtained in this chapter are listed below.

(1) In order to hold the minimum effective stopband attenua-

tion in a constant, the condition IH(ejO)I = 1 is required.

(2) The condition in order that all the attenuation poles

exist on the unit circle is given by H'(eJO) <1.
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(3) In the case of H'(eJO) >1, if some of the attenuation
poles exist off the unit circle, the condition |H(eJO)| =1

can be satisfied.

(4) There are eight cases satisfying IH(ejo)I = 1 for H(znl)

and -H(z~1l), odd degree and even degree. Starting the
iterative approximation, one of them is chosen as an initial

parameter set most fitted to the desired time responce.

(5) The design examples of Nyquist roll off digital filter

with excellent performances are shown.

Theoretically, the simultaneous approximation method in
the time domain and frequency domain of IIR digital filter,
have been developed. This work have practically contributed to
the developmeht of data transmission system with excellent

performances in low cost and minimum hardware.
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CHAPTER 8. CONCLUDING REMARKS

In this paper, the computer aided design methods on several
types of electrical filters used in electrical communication

systems, were described.

The results obtained throughout the course of this study

are summarized as follows.

(1) A new approximation theory for a filter with an arbit-
rary weighted Chebyshev transfer function both in the passband
and in the stopband have been developed, in which a reason-

able cut off frequency and an optimum degree are automatically

determined.

(2) A practical realization theory together with a synthe-
sis procedure have been found for a reactance band stop

filter with unsymmetric transfer characteristics.

(3) The CAD method carrying out automatically the Norton
transformation process in the course of band prass ladder

filter design have been developed.

(4) The design theory have been introduced for a four-port
directional filter without compensation networks, used in a

submarine cable system.

(5) The digital filter design program system DINETS have
been developed, in which thfee phase programs in filter

design: approximation, synthesis and analysis programs,
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are included.

(6) The time response approximation method has been deve-
loped for IIR low pass filter with specified equiripple

stopband attenuation, used in a data transmission system.

This study has developed the computer aided filter design
theories for both the continuous and sampled systems, and the
results have made fruitful contributions for the filter design
techniques and for the reduction of the necessary hardware,

which lead to reduction in total cost of the system.

Furthermore, the design automation by CAD method made
other contributions which were to release the filter engineers

from their time consuming works.

The filter will be the kéy component in LSI era and play
a more and more important role in future in electrical communi-
cation systems. By this reason, further efforts must be devoted
to advance the filter design theory fitted to the new filter

technology.
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APPENDIX  NORTON TRANSFORMATION PROCESS

Example 1

(Step 1) Original circuit

F““T{:B—h’—l—m—' T
(L2, C2) T (L4:C6) , ROUT
o— - —0
R
out
in

* means the position of ideal transformers.
Topology expression
* * *
@000 ®O®®
Ci, C3-and C7; in step 1 are specified.

(Step 2)

Since C; in step 1 can not make Norton transformation,

the order of (L,, C,) and C; in step 1 is changed.

M«»I i
(L2,C ) % (LgsCg)
Al ]’
o :
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Topolggy eipression
EROPO®OO®® N

Ci, C2 and C7 in step 2 are specified.
(Step 3)

Since C; in step 2 can make Norton transformation, T type

transformation is carried out by C; and C, in step 2.

T
*
o— T M-
LGl ¢
e
o 2- —0

Topology expression

* *
@OODEOA®O®®
Cs and Cg in step 3-are specified.
(Step 4)

Since C3 in step 3 can not make Norton transformation,
the order of C; and (L,, Cu) in step 3, and the order of

(L3, Cs) and C¢ in step 3 are changed.

*
t
L, € (Lyicy) G4 | I E1

N A |
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Topology expression

EPOEEOOOO®O® ‘.

Cy and Cg in step 4 are specified.

(Step 5)

Since Cy in step 4 can make Norton transformation, I type

transformation is carried out by Cy and Cs in step 4.

l1:T
T{;FDTTI—ED—‘ :
L, C L .
1 e, 5 I
%‘ ClO
: 0]

. "o

Topology expression

POOPEOEOOO®®

Cy in step 5 is specified.

(Step 6) Final circuit

Since Cy in step 5 can make Norton transformation, I type

transformation is carried out by Cs and C,, in step 5.

Note

o—— .

G g S oy e I o el A
1 (L2:C3) F ° T T(1,,Cq) 0=
of ~ ] of 9] [
[e’ . : . * :> . O
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Topology expression

@OAEOOOOO®O®®

Note: This arm (C¢ and (L3, Cy)) will be carried out

2-terminal impedance transformation.

Example 2
(Step 1) Original circuit
* * * *
L I I
1 CS%-C?%%

] ca|
o, ® *

(L4IC6) (L5lC8) L6

* means the position of ideal transformers.

Topology expression

* * * *
®OOE®OODOODO®OE®®
Ci, C3, C7 and Cy in step 1 are specified.

(Step 2)

Though C; in step 1 is specified, C: can not make Norton
transformation. So, we investigate C; in step 1. Though C;
'in step 1 can not make Norton transformation too, the order of

(L3 , C4) and Cs in step 1 can be changed.
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* *
i '—EU,:}—I—"—T—'
(L5,C5) C4 (L3,C5) % %
o] 2|
o 1 3

(Ly,Cg) (Lg,Cg)

C10

—il—o

Topology expression
PEEAOPEPOOOO®®

Ci, C3, C; and Cy in step 2 are specified.
(Step 3)

Since C; in step 2 can make Norton transformation, T type

transformation is carried out by Cs; and Cy in step 2.

i L
(L3,Cg)
(L, C 3176
e Ty é
o

4L

Topology expression

POPOOOPOOOD®®®

G1, Cs and Cyo in step 3 are specified.
(Step 4)

Here, we again investigate C; in step 3. Though C; in
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step 3 can not still make Norton transformation, the order of

(L, C2) and C3 in step 3 can be changed.

HWF CFm}ﬁ
2 (Lac L 75 (1y,cq) ‘11
] I
o— . :

* *

&———0
(LgsCp) (L5.Co) L
Topology expression
* * *
@OOO®OOOOO®®®
C;, Cs and C;o in step 4 are specified.
(Step 5)
. Since C; in step 4 can make Norton transformation, T type

transformation is carried out by C; and C2 in step 4.

* *
O— T —|| |—{:ﬁi}__~_ir_4k—17_4; ? % 0
L C c o Co C11
LM L3 @,y 6 (Ly,C.) €12
2] [ <]
C @ @ @ @ O

Topology expression

POOOEOPOPOOO® O G

Ce and C;; in step 5 are specified.
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(Step 6)
Though Cy in step 5 is specified, Cs can not make Norton

transformation. So, we investigate C;; in step 5. Though C;;

in step 5 can not make Norton transformation too, the order of

Ls and Ci12 in step 5 can be changed.

T T
3 (1,,Cy) (Ly,Cy) Le
] " E I3l 7

O L .

Topology expression

PPOOPOOOCOODO®®

Cs and C;; in step 6 are specified.

(Step 7)
Since Cli in step 6 can make Norton transformation, I

type transformation is carried out by C;; and C;, in step 6.

L
1 Cl C3
(L2,C4) 6 (L3IC7)
, CzI CSI
G

Topology expression

POROOPOPOOO®O®® G

- 177 -



Cy in step 7 is specified.
(Step 8)

Here, we again investigate Cy in step 7. Though Cs in

step 7 can not still make Norton transformation, the order of

(Ls, Cy0) and C,; in step 7 can be changed.

°~—fVV\——1F——-——1| I

| ii' T 1 °
C C
= 3 (1y,Ccy) ® (wy.co) _% €9 L g €12 L
c5'|' . -

Co

Topology expression

EPEEEPPOEOOAOO® ®

Cs in step 8 is specified.
(Step 9) Final circuit

Since Cy in step 8 can make Norton transformation, I type

transformation is carried out by Cy and C;, in step 8.

Note Note

—

A

, ! [;‘E} ], ) ST o
-L 1A "
C3 (L2 C4)C CG'—_(*IT::,C7) _g J_CC1((): _[_ . _l_

c dl [ o]

o}

e H._J
Note Note

- 178 -



Topology expression

DOOOPEPOODOOAOAOOO®®

Note: These arms (C; and (Ly, Cy), Cg¢ and (L, Cv),
(Lq, Cs) and Co, Ci11 and (Ls, Ci2)) will be

carried out 2-terminal impedance transformation.
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