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ABSTRACT

The real frequency technique with the
Marquardt-More optimization agorithm is
probably one of the best microwave active
circuit synthess method avalable for the
design of amplifiers and active filters. This
numerical approach was introduced to
overcome the limitations of the anaytica
methods, when applied to the single or double
matching problem.

INTRODUCTION

The present classica synthesis techniques
applied to the design of microwave active
circuits, give no indication a priori on the
values of the congtituent elements of interstage
equalizers. Therefore, optimization can prove
long, tedious and without any guarantee as
regards the convergence of the final result (this
optimization is even longer, the greater the
number of parameters to be optimized and the
longer the bandwidth length). For the real
frequency method, neither an a priori choice of
matching network topology nor an analytical
foom of the system transfer function is
necessary. Moreover, most of the usua
techniques utilizes a model of the 2-port active
device contrary to the presented procedure
which directly includes the measured scattering
parameters.
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Figure 1: Real frequency technique for single-matching
problem.

In the version described in this paper, the
optimization process is applied smultaneousy
to gain, input and output VSWRS, noise figure
and group delay of multistage microwave
active circuits. The « FREELCD » software
uses the real frequency method with the
Marquardt-More optimization algorithm and is
applied to the design of low-noise amplifier and
bandpass filter.

|I. THE REAL FREQUENCY METHOD
The numerical approach caled the red
frequency or line-segment technique was
introduced [1] in 1977 to overcome the
limitations of the analytical methods, when
applied to the single-matching problem. Using
only measured 2-port active device data, the
Carlin method consists in generating a positive
real (PR) impedance, z,=R,(w)+jX,w),
looking into a resistively terminated lossess
matching network. This impedance is assumed
to be a minimum reactance function so asto be
able to determine x,(w) uniquely from R, (w)

by aHilbert transformation. In this manner, the
transducer power gain function of z,and z, ,

has only one unknown R, which is computed

by using a set of line segments to approximate
the desired transducer power gain bandpass
response. z,(w) is approximated by a
realizable rational function (describing a ladder
network for example) which fits the computed
data. Finaly, z, is synthesized using the
Darlington procedure as a lossless 2-port with
a resstive termination. Despite severa
attempts, it has not proved convenient to apply
this method to the double-matching problem.
The potential power of the rea frequency
technique led to the development of a new
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numerical synthesis procedure by Yarman and
Carlin [2] in 1982, which has al the merits of
the line-segment technique. In double-
matching, the final result of the new procedure
is an optimized, physicaly redizable, unit-
normalized reflection coefficient e, (p) (pesju) -
which describes the equalizer aone. The
equalizer is placed between a complex source

G, and complex loadg .
G G
(e 50@ = 50 W
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Figure 2 Real frequency technique for double-
matching problem.

If e (p) IS appropriately determined, then the
equalizer E may be synthesized using the
Darlington theorem, which states that any
bounded real (BR) reflection coefficient e, (p)

is redlizable as a lossess reciprocal 2-port
terminated in a pure resistance [2] and a ladder
type network may be extracted. This method
has the further advantages of generality, being
applicable to al matching problems, and
universality, as it involves neither equalizer
values nor a predefined equalizer topology.
The smple formalism of this technique alows
us, without complex calculations, to optimize
many performance parameters of single and
multistage microwave active circuits.

A. Formalism [3]

In the case of the double matching problem, the
scattering parameters of an equalizer E, can be
completely determined from the numerator
polynomial h(p) of the input reflection e, (p). E
is assumed to be a ladder network, thus the
scattering parameters are given as following
(Belevitch representation)

h(p) _ hy +hyp+...+h,p" (1)

e (p) = -
() go +gipFetg,p

e (1) = en(p) = 2
a(p)
(-9*h(-p)

a(p) )
where n is the number of passive elements of
the matching network E and k is an integer
which specifies the order of the transmission
zeros (k < n) at the origin. The polynomial h(p)
is chosen as the unknown and assumes the
equalizer to be lossess. For the amplifier
design, the equalizers E have al been assumed
to be a minimum phase structure with
transmission zeroonly at w=¥ , w=0 (i. e
f(p) =+p*). For the active filter design, we
consder the genera form of f(p) given as
follows

()= £p*Q (p2 +w?) (4

i=1

€x (p) =-

where m is the number of the finite attenuation
poles. The filter will be low-pass if k = 0O,
bandpass if 1<k+2m < n or high-pass if
k+2m = n . The polynomia g(p) is generated
from theHurwitz factorization

lew ()]’ +lew (p)° =1 (5)

9(p)9(-p) = h(p) h(-p) +f (P)f (- P) (6)
To obtain the scattering parameters of E, it is
therefore sufficient to generate the Hurwitz
denominator polynomial g(p) from h(p).

B. Algorithm
The inputs of the algorithm aren, kg, , G
and h (i=1,2...n). The computational steps are:
@ Generate the polynomial
G(p?) =9(P)9(- P) = Gy + G1(p?) +L +G,(p™") @)
where
Go = hg
G, = - h? +2hyh,

: & i ) 0

G =(-D'h+ 2(éhziho + é (- 1)J-1hj-1h2i- 1

j=2 ]

G, = (-)"h?

The initial values of hy (withi = 1,2 ... n) are
selected in a pseudorandom manner for several
different cases from a wide range of values.
The coefficients G; , corresponding to selected
h are then computed using Marquardt-More
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agorithm [4]. @ Find the roots of G(p?).
® Choose the left half plane of G(p?*) and form

the polynomia g(p). @ Construct the real
normalized scattering parameters e, (p) from

h(p) and g(p) usng eq.6. ® Knowing €; ,
compute the transducer power gain, input and
output VSWRs, noise figure and group delay
from classc formulae [5]. ® Create the
multiobjective function with respect to the
parameters desired

2 2
o as(w, 0 aRy, (w; O
u=4 ws W) S w g.n( D8
= € Go [} e Rio [}
2 2 2
aR (W 0 adH(w; 0 aD(w; 0
+W3§M_ 1= +W49M- 1= +W5§M_ 1= (8)
€ Rouo [} e K [} e Dy [}
where Gy, Rig: Rog:r R, and D, are

respectively the specified transducer power
gain, input VSWR, output VSWR, noise figure
and group delay at the k™ equalizer ; m is the
number of sampling frequencies ; W, are the
appropriate weighting functions.

C. Flow chart of FREELCD program

The flow chart represents the manner in which
FREELCD is organized. From the input data
which include S-parameter data for each type
of transistor used, amplifier specifications of
bandwith, gain, input and output VSWRSs,
noise figure, group delay and number of
elements for each equalizer, the program
optimizes the vector h; for each stage of the
active circuit using the optimization routine.

INPUT : Transistor S-Parameter Data
and Amplifier Specifications

v

Ganl VSWRin1 Fminl D1 h1

Marquardt-More Analysis

Gan2 VSWRiIn2  Fmin2 D2 h2

Figure 3: Flow chart of FREELCD program.

OPTIMIZATION target

‘ Gaink+1 VSWRIin k+1 Fmink+l Dk+

Once the vector h; and the corresponding
equalizer parameters ; are obtained for each
stage, the overall circuit response is compared
with the target specification. If the result
complies with the specification, FREELCD
carries on to the next stage. If not, a new set of

starting values for h; is selected in the random
manner, and the optimization process repeated.
Once the equalizer parameters are obtained,
each stage may be synthesized from the
parameter g; to a given low-pass, high-pass or
bandpass specification with a lumped or
distributed element topology. The manner in
which the high-pass, bandpass or low-pass
considerations impose following conditions on
the polynomialh(p)
- low-pass hp=0 and h,=

- bandpass hp=x1and h,

- high-pass hp=+1and h,=0.
In al cases, the solution obtained with no
approximation on transistor S;, is optimal. No
improvement can be obtained in circuit
performances by using a circuit optimization
program.

gn,
gn,

[11. APPLICATIONS
A. Bandpassfilter design
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Figure 5: Gain and V SWRs of the bandpass filter.

This example demonstrates the use of the
proposed program to design a 3-7 GHz 4-finite
transmission zeros filter with lumped elements.
The extraction of lumped element topol ogies of
the ladder form using the Darlington procedure
has been applied to obtain the constituent
elements of two equalizers. The transducer
power gain in the passband is 10.2+0.2 dB and
input and output VSWRs are respectively less
than 1.9 and 1.7.

B. Low-noise amplifier design

The proposed method can be applied using the
Richards transformation t=jW to distributed
commensurate transmission line extraction.
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This approach has been used to a 3-stage low-
noise amplifir desgn. The hybrid
implementation of the amplifier fabricated on a
0.635 mm thick aumina substrate is shown in
Figure 6. The measured transducer power gain
is 32+0.16 dB. The noise figure measured on
the passband is less than 1.5 dB. The input and
output return loss are less than -12.0 dB.
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Figure 7: Gain and noise figure of the amplifier.

V. CONCLUSION

The real frequency technique associated with
More optimization algorithm is an origina
method to design microwave active circuits.
This technique does not require any 2-port
active model because it directly includes the S
parameters. Moreover the stability and the
feasibility of computed equalizers are ensured
by theHurtwitz factorization.
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Figure 8 Return loss of the amplifier.

The validity and advantages of the proposed
method have been demonstrated by two design
examples. This procedure can be applied to
design power or broadband amplifiers.
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Figure 4: Schematic diagram of the bandpass filter.

0-7803-4603-6/97/$5.00 (c) IEEE



