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7) ABSTRACT

The invention provides a method and apparatus for a adap-
tively predistorted filter which has a transfer function that
satisfies performance criteria specified for at (east one
property of the filter. The transfer function is obtained by
adaptively predistorting the transfer function poles to meet
the performance criteria such that at least one of the poles is
shifted by a unique amount.
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MICROWAVE FILTER WITH ADAPTIVE
PREDISTORTION

FIELD OF THE INVENTION

The invention relates to filters and more particularly to a
method and apparatus for realizing a transfer function for a
filter based on adaptive predistortion.

BACKGROUND OF THE INVENTION

A microwave filter is an electromagnetic circuit that can
be tuned to pass energy at a specified resonant frequency.
Accordingly, microwave filters are commonly used in tele-
communication applications to transmit energy in a desired
band of frequencies (i.e. the passband) and reject energy at
unwanted frequencies (i.e. the stopband) that are outside of
the desired band. In addition, the microwave filter should
preferably meet some performance criteria for properties
which typically include insertion loss (i.e. the minimum loss
in the passband), loss variation (i.e. the flatness of the
insertion loss in the passband), rejection or isolation (the
attenuation in the stopband), group delay (i.e. related to the
phase characteristics of the filter) and return loss.

In order to design a microwave filter to meet the above-
mentioned performance criteria, it is well known in the art
to vary the shape of the transfer function of the microwave
filter. The transfer function (H(s)) of the microwave filter
can be defined by a polynomial according to equation 1
shown below.

M

where D(s) and E(s) are polynomials of the variable s, s=jw,
j=Y-1 and w is angular frequency. The roots of the numera-
tor polynomial D(s) are known as transmission zeros of the
filter and the roots of the denominator polynomial E(s) are
known as poles of the filter. The shape of the transfer
function (H(s)) can be changed to meet the performance
criteria by varying the number of transmission zeros and
poles and using different filter types such as Chebychev,
elliptical, Butterworth, etc. to obtain different placements for
the locations of these transmission zeros and poles.

By varying the number of poles (i.e. the order of the
filter), the physical characteristics of the microwave filter
such as the size and shape will change. In addition to varying
the number of poles, the shape, size, quality and conductiv-
ity of the internal resonators of the filter may also be
changed. As is well known to those skilled in the art, a
resonator may be a hollow metallic chamber with precise
dimensions. The chamber, also referred to as a cavity,
usually incorporates relatively small apertures (i.e. irises) to
couple energy between at least one other chamber.
Alternatively, resonators may be in the form of a cavity
having a metallic post or ceramic dielectric material. The
dimensions of the resonators are determined by the use of
design and synthesis tools as is well known to those skilled
in the art.

When the material type and the size of the resonators for
the filter are chosen, the Q (i.e. quality) factor for the filter
is set. The Q factor has a direct effect on the amount of
insertion loss and pass-band flatness of the realized micro-
wave filter. In particular, a filter having a higher Q factor will
have lower insertion loss and sharper slopes (i.e. a more
“square” filter shape) in the transition region between the
passband and the stopband. In contrast, filters which have a
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low Q factor have a larger amount of energy dissipation due
to larger insertion loss and will also exhibit a larger degra-
dation in band edge sharpness. Examples of high Q factor
filters include waveguide and dielectric resonator filters
which have Q factors on the order of 8,000 to 15,000. An
example of a low Q factor filter is a coaxial resonator filter
which typically has a Q factor on the order of 2,000 to 5,000.

As is conventionally known, in order to increase the Q
factor of the filter, and hence the performance of the filter,
the size of the resonators must be increased which results in
a larger and heavier filter. This is disadvantageous since
multi-cavity microwave filters are typically used in various
space craft communication systems such as communication
satellites in which there are stringent restrictions on payload
mass.

Another issue with microwave filter design is that the
transfer function of a microwave filter represents an ideal
filter with an infinite Q factor. Since a microwave filter
cannot be realized (i.e. constructed) with an infinite Q factor,
but rather with resonators having a finite Q factor, the
performance of a realized microwave filter is not the same
as the ideal filter. Accordingly, the transfer function of the
realized microwave filter will have passband edges that
slump downward which causes distortion and intermodula-
tion. There is also degradation in the loss variation in the
passband of the realized filter.

In order to improve the loss variation and band edge
sharpness of a realized microwave filter, an approach using
predistortion was proposed by Livingston (Livingston, R.
M., “Predistorted Waveguide filters”, G-MTT Int. Micro-
wave Symp., Dig. 1969, pp 291-297) and Williams et al.
(Williams, A. E., Bush, W. G. and Bonetti R. R., “Predis-
tortion Technique for Multicoupled Resonator Filters™,
IEEE Transactions on Microwave Theory and Techniques,
Vol. MTT-33, No. 5, May 1985, pp 402—407). Livingston
and Williams taught that predistortion of the poles could be
used to correct for the effects of energy dissipation in the
realized microwave filter to make the response of the
realized filter approach that of an ideal filter. In particular,
Livingston and Williams applied predistortion to the poles of
amicrowave filter having a high Q factor of 8,000. The poles
of the filter transfer function were each predistorted by
shifting the real part of the poles towards the jw axis by a
similar amount before the filter was realized. The result was
that the loss variation and band-edge sharpness of the
realized predistorted filter were improved. However, the
insertion loss and return loss degradation of the realized
predistorted filter were severe to the point that the realized
predistorted filter could not be used in a practical applica-
tion. Furthermore, the realized predistorted filter had an
undesirable increase in group delay ripple because the
predistorted method did not consider group delay compen-
sation.

SUMMARY OF THE INVENTION

In one aspect, the present invention provides a method for
creating an adaptively predistorted filter, the method com-
prising:

a) designing a transfer function according to performance
criteria specified for at least one property of the adaptively
predistorted filter;

b) calculating the poles of the transfer function;

¢) performing at least one iteration of adaptively predis-
torting the poles of the transfer function by shifting the
poles, wherein at least one of the poles is shifted by a unique
amount, relative to the shifting of the remaining poles, to
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obtain adaptively predistorted poles for creating an adap-
tively predistorted transfer function for achieving the per-
formance criteria; and,

d) realizing the adaptively predistorted filter accordingly
to the adaptively predistorted transfer function.

In another aspect, the present invention provides an
adaptively predistorted filter produced by:

a) designing a transfer function according to performance
criteria specified for at least one property of the adaptively
predistorted filter;

b) calculating the poles of the transfer function;

¢) performing at least one iteration of adaptively predis-
torting the poles of the transfer function by shifting the
poles, wherein at least one of the poles is shifted by a unique
amount, relative to the shifting of the remaining poles, to
obtain adaptively predistorted poles for creating an adap-
tively predistorted transfer function for achieving the per-
formance criteria; and,

d) realizing the adaptively predistorted filter accordingly
to the adaptively predistorted transfer function.

In yet another aspect, the present invention provides an
adaptively predistorted filter, the filter having an initial
transfer function comprising a plurality of poles at initial
locations, wherein the poles are adaptively predistorted for
allowing the adaptively predistorted filter to achieve speci-
fied performance criteria, the poles being adaptively predis-
torted by shifting the poles away from the initial locations,
at least one of the poles being shifted by a unique amount
relative to the shifting of the remaining poles.

BRIEF DESCRIPTION OF THE DRAWINGS

For a better understanding of the present invention and to
show more clearly how it may be carried into effect,
reference will now be made, by way of example only, to the
accompanying drawings which show a preferred embodi-
ment of the present invention and in which:

FIG. 1a is a plot of the poles of an exemplary transfer
function;

FIG. 1b is a plot of the poles of the exemplary transfer
function of FIG. la after being subjected to prior art
predistortion;

FIG. 1c is a plot of the poles of the exemplary transfer
function of FIG. 1a after being subjected to adaptive pre-
distortion in accordance with one embodiment of the present
invention;

FIG. 2 is a flow-chart of an adaptive predistortion filter
design method in accordance with one embodiment of the
present invention;

FIG. 3a is an example of a function used to select values
for adaptive factors used in the adaptive predistortion
method;

FIG. 3b is another example of a function used to select
values for adaptive factors used in the adaptive predistortion
method;

FIG. 3c is another example of a function used to select
values for adaptive factors used in the adaptive predistortion
method;

FIG. 3d is another example of a function used to select
values for adaptive factors in the adaptive predistortion
method;

FIG. 4 is a flow-chart of an alternative version of the
adaptive predistortion method in accordance with another
embodiment of the present invention;

FIG. 5a is a plot of normalized insertion loss (normalized
to 5 dB) for another exemplary transfer function resulting
from adaptive predistortion;
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FIG. 5b is a magnified plot of the insertion loss
(normalized to 5 dB) of FIG. 54 showing loss variation.

FIG. 5¢ is a plot of normalized group delay for the
exemplary transfer function of FIG. 5a;

FIG. 6a shows a realized adaptively predistorted filter
having the properties of FIGS. 5a to 5c¢ in comparison with
a conventional filter having a Q factor of 8,000;

FIG. 6b shows the interior of the realized adaptively
predistorted filter of FIG. 6a;

FIG. 7 is a block diagram of a simplified satellite com-
munication system;

FIG. 8a is a plot of the group delay of the OMUX filter
of FIG. 7,

FIG. 8b is a plot of the insertion loss of the OMUX filter
of FIG. 7,

FIG. 9a is a plot of the of the group delay of the
combination of the OMUX filter and IMUX filter of FIG. 7
for a conventional IMUX filter;

FIG. 9b is a plot of the insertion loss of the combination
of the OMUX filter and IMUX filter of FIG. 7 for the
conventional IMUX filter of FIG. 9a;

FIG. 10a is a plot of the group delay for an over-
compensated adaptively predistorted IMUX filter;

FIG. 10b is a plot of the insertion loss for an over-
compensated adaptively predistorted IMUX filter,

FIG. 11a is a plot of the group delay of the combination
of the OMUX filter of FIGS. 8z and 8b and the over-
compensated adaptively predistorted IMUX filter of FIGS.
10z and 10b; and,

FIG. 115 is a plot of the insertion loss of the combination
of the OMUX filter of FIGS. 8a and 8b and the over-
compensated adaptively predistorted IMUX filter of FIGS.
10a and 10b.

DETAILED DESCRIPTION OF THE
INVENTION

The inventors have realized that the predistortion method
introduced by Livingston and Williams can be improved by
removing the constraint that the poles must be shifted by the
same amount. Accordingly, an adaptive predistortion
method, in accordance with the present invention, involves
predistorting the position of the poles in an adaptive fashion
such that the position of at least some of the poles are shifted
by differing amounts to improve at least one property of the
realized filter such as insertion loss, group delay, etc.
Alternatively, the method may involve adaptive predistor-
tion for simultaneous improvement of amplitude and group
delay.

The adaptive predistortion method may be applied to a
filter that utilizes resonators with a high Q factor to improve
the performance of the filter. Alternatively, the adaptive
predistortion method may be applied to a filter that utilizes
resonators with a low Q factor to allow the filter to emulate
the performance of a high Q factor. This is beneficial since
a filter having a low Q factor is lighter and smaller than a
filter having a high Q factor. Accordingly, the smaller, lighter
low Q factor filter, designed using adaptive predistortion,
may be used in space craft applications in which the size and
mass of payloads are constrained.

As previously mentioned, the design of a filter begins with
the definition of a transfer function as given by equation 1
and reproduced below for convenience.
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In this form, the transfer function H(s) is also known as the
s parameter S,; which is a measure of the transmission of
energy through the filter. The filter design process involves
synthesizing the poles and zeros of the transfer function H(s)
and selecting values for the poles and zeros to satisfy
performance constraints.

Referring now to FIG. 1a, shown therein is a plot of the
polesIP,, ..., IP, of an ideal (i.e. infinite Q factor) six-order
filter shown for exemplary purposes. The filter has 2 pairs of
transmission zeros at +/-1.822j and +/-1.081 which are not
shown and six poles. The approximate location of pole IP,
is -0.149+1.116j, pole IP, is -0.429+0.791j, pole IP; is
-0.511+0.254j, pole IP, is 0.511-0.254;, pole IP5 is -0.429-
0.791j and pole IP is —0.149-1.116j. The return loss of the
ideal filter is 22 dB.

Simulation of these poles and zeros will indicate the
performance of the ideal (i.e. lossless) filter. However, one
skilled in the art will realize that when a filter is realized (i.e.
built) having the poles and zeros shown above, the perfor-
mance of the realized filter will not be the same as the ideal
(lossless) filter since the resonators used in the realization of
the filter have a finite Q factor. The finite Q factor used for
the resonators has the effect of shifting the poles IP,, . . .,
IP, to the left, away from the jw axis, by an amount related
to the finite Q factor which results in a degradation in the
performance of the realized filter.

In an attempt to compensate for this effect, the prior art
method of predistortion of the poles moves the poles to the
right by a certain amount related to the Q factor of the
realized filter. Mathematically, this is represented as follows.
The factorized polynomial for the denominator polynomial
E(s) is:

E(s)=c(s=p)(s-p2) - - - - (5-Pp) @

where c is a constant, p; is the i” root of E(s) and n is the
order of the filter. The prior art predistortion method
involves modeling the non-ideal effects of realizing a filter
with finite Q factor resonators by a dissipation factor r given
by equation 3:

1 (©)

r= ———
Q- Fgw

where Q is the finite Q factor of the resonators used for the
realized filter and Fgy is the fractional bandwidth of the
filter which is the 3 dB bandwidth of the filter divided by the
center frequency of the filter. The prior art predistortion
method involves shifting the poles by a value r, where
O<r <r. The factorized denominator polynomial E'(s) is now
given by equation 4.

E'(s)=ds-(py-r,)Hs-@r-1,)] - - - - [s=(p,7,)] Q)

Continuing with the pole-zero example introduced earlier,
the prior art predistortion method can be used to shift the
poles to the right by 0.0286 to provide the performance of
a realized filter having a Q factor of 20,000. The location of
these poles PD,, . . ., PD, are shown in FIG. 1b relative to
poles IP,, . . ., IP,. The approximate location of pole PD,
is —0.121+1.116j, pole PD, is -0.401+40.791j, pole PD; is
-0.482+0.254j, pole PD, is -0.482-0.254j, pole PDs is
-0.401-0.791j and pole PDy is -0.121-1.116j. However,
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predistortion of the poles comes at a penalty since the
insertion loss of the realized filter is —2.08 dB and the return
loss is =7.67 dB. In comparison, a realized filter that has not
been designed using predistortion has an insertion loss of
-1.3 dB. The difference between the insertion loss of the
predistorted filter and the insertion loss of the conventional
filter will increase for a higher order filter as will be shown
in another example below.

The adaptive predistortion method of the present
invention, compensates for the effect of using a finite Q
factor resonators in the realized filter, without suffering the
same performance degradation of the prior art predistortion
method. In the adaptive predistortion method, the poles are
adaptively predistorted by shifting the poles by varying
amounts rather than by shifting each pole by a constant r,.
In mathematical terms, this results in a factorized denomi-
nator polynomial E"(s) as given in equation 5.

E"'(s)=cls-(pr-a)s-@2ma)] - - - - [s-(Piman)] ®)

where a; (i=1, 2, . . ., n) are a set of adaptive factors. The
adaptive factors a; are chosen such that these factors do not
all share the same value. Therefore, at least one of the
adaptive factors a, has a value that is different from the
remaining factors. Examples of sets of adaptive factors are
shown further below. However, the value of each adaptive
factor a; is constrained such that the filter obeys the law of
physical realizability as is well known to those skilled in the
art. Accordingly, each pole is shifted such that it remains in
the left hand side of the complex plane. This constraint is
indicated by equation 6.

real[p~a;]<0, i=1,2,..., n ©)]
The ability to shift each of the poles by different amounts
with respect to one another allows for the optimization of the
filter performance.

Continuing with the pole-zero example introduced earlier,
as an example, the adaptive predistortion method in accor-
dance with the present invention, can be used to shift the
poles to the right by approximately 0.0286 except for the
two poles that are closest to the jw axis which are moved
40% less. The location of these adaptively predistorted poles
APD,, . . ., APDy are shown in FIG. 1c relative to the
location of predistorted poles PD, . . ., PDg and ideal poles
IP,, . . ., IP,. The location of the poles APD,, . . ., APDg
are the same as those of PD,, . . . , PD5 while the
approximate location of pole APD, is -0.133+1.116j and
pole APD is —0.133-1.116;j. In this example, the poles have
been adaptively predistorted so that the realized filter emu-
lates a filter with a Q factor of 20,000 with significantly
improved performance over the filter realized by the prior art
predistortion case. The insertion loss of the realized adap-
tively predistorted filter is —=1.57 dB and the return loss is
-11.68 dB. Accordingly, the performance of a realized filter
that has its poles adaptively predistorted is better than the
performance of a corresponding realized filter that has its
poles predistorted. This effect becomes more pronounced as
the order of the filter increases as will be shown with another
example below.

Referring now to FIG. 2, shown therein is a process 10 for
the adaptive predistortion method of the present invention.
The adaptive predistortion process 10 begins at step 12
where the transfer function of a filter is designed. This
involves selecting a particular passband for the filter (i.e.
bandpass, lowpass, highpass, etc.) and selecting a particular
type of transfer function for the filter (i.e. Chebycheyv,
elliptical, etc.). Also in step 12, the performance criteria for
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the filter can be selected for at least one property of the filter
such as insertion loss, loss variation and group delay.
Alternatively, this may include simultaneously specifying
the insertion loss and group delay performance criteria. It is
understood to those skilled in the art how these performance
criteria are specified.

Step 12 also includes selecting a resonator type having a
certain Q factor. One may choose a resonator having a high
Q factor value such as at least 6,000 to improve the
performance of the realized filter. Alternatively, and more
advantageously, one may select a resonator having a low Q
factor value since the adaptive predistortion method of the
invention allows a low Q factor filter, which has a Q factor
on the order of 2,000 to 5,000, to emulate a higher Q factor
filter as an example. In other applications, it may be possible
to extend the lower limit to less than 2,000 such as 1,500 or
1,000 for example. This allows for the reduction of the mass
and size of the microwave filter while using the adaptive
predistortion method to recover the degradation that is
associated with using low Q factor resonators.

The adaptive predistortion process 10 then moves to step
14 where the poles of the designed transfer function are
calculated. As mentioned previously, these poles are asso-
ciated with an ideal or lossless filter. The adaptive predis-
tortion process 10 then moves to step 16 where the poles of
the transfer function are adaptively predistorted using a set
of adaptive factors a;. Step 16 involves performing at least
one iteration of the adaptive predistortion of the poles. At
this point, the transfer function that results from the adap-
tively predistorted of the poles is calculated to determine if
the resulting transfer function is close to the desired transfer
function specified in step 12. This may be done by visual
inspection by a filter designer. If the resulting transfer
function is acceptable, the process 10 moves to step 18
where the filter is realized. However, if the resulting transfer
function is not acceptable, several iterations of adaptively
predistorting the poles may need to be done.

In step 16, values for the adaptive factors a, can be set in
an ad hoc fashion as long as there is at least one unique value
for the set of adaptive factors a, Alternatively, a more
orderly fashion of selecting values for the set of adaptive
factors a, involves ordering the poles in a counter-clockwise
fashion, beginning with the topmost pole as was done in
each of FIGS. la-1c with the subscripts of the poles
indicating the ordering of the poles. In this case, the poles
closest to the jw axis are at the beginning and the end of the
ordered set of the poles. A variety of piecewise linear
functions can then be used to define the values for the
adaptive factors a;.

For instance, referring to FIG. 3a, and using a 57 order
filter as an example, a piecewise linear sinusoidal function
16a may be used to select the values of the adaptive factors
a,. In this case, the value of each adaptive factor a, is given
by equation 7.

M

a; = O.lrsin[ G- l)”]

2n-1)

Using a piecewise sinusoidal function will ensure that each
adaptive factor a; is changed at a different rate. Various
scaling factors can be used rather than 0.1r to change the
values of the adaptive factors a;.

Referring now to FIG. 3b, shown therein is an alternative
piecewise linear function 165 which is in the form of a linear
staircase function. In this case, the first and last poles are
shifted by a first amount A, while each of the other poles are
shifted by a second amount A,. The amounts A, and A, can
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be related to the parameter r. A variety of values can be used
for the first and second amounts A, and A, to shift the poles
by varying amounts relative to one another.

Referring now to FIG. 3¢, shown therein is another
alternative piecewise linear function 16¢ which is in the
form of a triangular staircase function. In this case, the value
of each adaptive factor a, is given by equations 8a and 8b.

(82)
(8b)

a=di+c, fori=1,2, ..., m+1)/2
a=a,_;, for i=m+1)/2+1, ..., n

assuming that n is odd (if n is even then (n+1)/2 is replaced
by n/2). The parameter d is a constant that sets the slope of
the triangular staircase function and may be related to the
parameter r. The parameter ¢, is a constant that can be used
to shift the staircase higher or lower. In this case, each pole
is shifted by a different amount.

Referring now to FIG. 3d, shown therein is another
alternative piecewise linear function 16d which is in the
form of an exponential function. In this case, the value of
each adaptive factor a, is given by equations 9a and 9.

(%)
(9b)

az=es+h, for i=1,2, ..., (n+1)/2

a=a,_;,, for i=m+1)/2+1, ..., n

assuming that n is odd (if n is even then (n+1)/2 is replaced
by n/2). The parameter g is a constant that sets the slope of
the exponential envelope of the staircase function 164 and
the parameter h, is a constant that adds an offset to the
staircase function 16d. Once again, the value of each adap-
tive factor is unique in this example.

In each of the examples given above, there is symmetry
in the values of the adaptive factors a,, However, in an
alternative, the values of the adaptive factors a, may be
changed so that there is no longer symmetry about the
middle adaptive factor which occurs at index i=(n+1)/2 for
n odd or i=n/2 for n even. Furthermore, other types of
piecewise linear functions may be used, and those shown
above are for exemplary purposes only.

Although the values of the adaptive factors a, may be
chosen in an ad hoc fashion, as mentioned previously, it is
preferable to select the adaptive factors a; such that the
adaptive factors that correspond to the poles which are
closest to the jw axis are distorted by a smaller amount than
the remainder of the poles. This is preferable since the poles
that are nearest to the jo axis have a larger effect on the
performance of the realized filter. By shifting the poles near
the jw axis by a smaller amount than the remainder of the
poles, the degradation in insertion loss is reduced and the
amount of return loss is increased.

Referring once more to FIG. 2, the adaptive predistortion
process 10 then moves to step 18 where an adaptive pre-
distorted filter is realized with a new transfer function
having the new adaptively predistorted poles. In this step, a
coupling matrix is generated which defines the amount and
type of coupling between the various resonators of the
realized filter. Therefore, the Q factor of the physical
resonators, and hence the size of the resonators, that was
chosen in step 12 is still used to construct the realized filter.
However, the adaptive predistortion of the poles alters the
coupling between these resonators such that the realized
filter behaves as if it were constructed using physical reso-
nators that have a higher Q factor. This higher Q factor is
dictated by the amount of shifting of the poles that was done
in step 16. The end result is a physically smaller filter that
emulates a higher Q factor. This allows inexpensive filters
having lower Q factors such as coaxial resonator filters to be
used rather than waveguide or dielectric resonator filters.
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A variety of different techniques may be used in step 18
to realize the filter as is commonly known to those skilled in
the art. These include using doubly-terminated LC network
theory (Guillemin, E. A., Synthesis of Passive Networks,
John Wiley and Sons, 1957), general folded, cross-coupled
networks or folded, cross-coupled networks with diagonal
cross-coupling admittance inverters (R. J. Cameron, “Gen-
eral Prototype Network-Synthesis Methods For Microwave
Filters”, ESA Journal 1982, Volume 6, pages 193-206.) or
any other suitable techniques. Step 18 would also include
tuning the resulting realized filter. Computer aided tuning
techniques may be used to aid in tuning as is well known to
those skilled in the art.

Referring now to FIG. 4, an alternative adaptive predis-
tortion process 20 in accordance with another embodiment
of the invention is shown which comprises much of the steps
of adaptive predistortion process 10 except that step 16 is
now replaced by three steps 22, 24 and 26. After the poles
of the transfer function are calculated in step 14, the poles
of the transfer function of the filter are initially adaptively
predistorted as described above. In step 24, the transfer
function F(s) of the filter with the adaptively predistorted
poles is calculated. In step 26, the transfer function F(s) is
compared with the transfer function R(s) which results from
the specification in step 12 of the performance criteria for at
least one property of the designed transfer function. This
comparison involves examining the difference between
these two functions according to equation 10.

D(s)=F(s)-R(s) (10)

It should be noted that the difference transfer function D(s)
retains both magnitude and phase information.

Preferably, the filter designer uses computer optimization
techniques to carry out steps 22 to 26. Accordingly, the poles
of the transfer function are initially shifted in an adaptive
predistortion fashion which may involve the use of any of
the piece-wise linear functions mentioned above. The loca-
tions of these initially shifted poles are provided to the
computer optimization program which then calculates the
difference function D(s) and attempts to minimize D(s) to
optimize the performance of the filter represented by the
transfer function F(s) by adaptively predistorting the pole
locations while satisfying equation 6. The computer optimi-
zation program selects new values for the adaptive factors a;
which may or may not retain the shape of the piece-wise
linear function used for the initial adaptive predistortion of
the poles. Any computer optimization technique may be
used, as is commonly known to those skilled in the art, such
as the least squares method or the gradient based optimiza-
tion method. Once the optimization method selects a set of
adaptively predistorted poles to minimize D(s), the process
20 moves to step 18 where the filter is realized and tuned if
necessary.

It should be noted that it is preferable to provide a
piecewise linear function as described above so that the
poles near the jo) axis are shifted by a smaller value than the
remainder of the poles. This will allow the resulting realized
filter to have a reduced amount of insertion loss and an
increased amount of return loss which are both desirable. In
addition, setting the initial shift of the poles in this manner
may allow the optimization program to converge at a faster
rate.

As mentioned previously, one may choose a resonator
having a low Q factor value in step 12 since the adaptive
predistortion method of the invention allows a filter which
utilizes low Q factor resonators to emulate a filter that
utilizes higher Q factor resonators. However, the process 20
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also allows the group delay and the amplitude of the realized
filter to be simultaneously optimized for the best perfor-
mance possible for low Q factor resonators since both the
magnitude and phase information are retained in the differ-
ence transfer function D(s). The loss variation of the result-
ing realized filter is also improved.

In another example, a 107 order filter typically used for
satellite communications was realized using the prior art
predistortion method and the adaptive predistortion method.
The prior art predistortion method was applied to a filter
which uses resonators having a Q factor of 8,000 while the
adaptive predistortion method was applied to a filter which
was realized with coaxial resonators having a Q factor of
approximately 3,000 such that the resulting realized filter
would emulate the performance of a filter having a Q factor
of 8,000. Accordingly, in this example, using predistortion
has resulted in an improvement in the Q factor of at least
100% with an acceptable insertion loss penalty as discussed
below. The performance results of the realized filters are
shown in Table 1. The results indicate that the adaptive
predistortion method results in a 2.8 dB improvement in
insertion loss and 3.4 dB improvement in return loss over the
prior art predistortion method.

TABLE 1
Adaptive Prior Art
Predistortion Predistortion
Parameters Method Method
Insertion loss (dB) -5.0 -6.9
Return Loss (dB) -3.6 -2.0

In comparison, a conventional dielectric resonator filter
has a typical insertion loss of approximately -1.2 dB.
Accordingly, using the prior art predistortion method leads
to an extra insertion loss of 5.7 dB, while the adaptive
predistortion method increases the insertion loss by only 3.8
dB. The increase in insertion loss of 3.8 dB is acceptable
since the realized filter is typically incorporated with a low
noise amplifier in a satellite communication system and the
gain of the low noise amplifier can be increased by 3.8 dB
to recover the insertion loss whereas a gain increase of 5.7
dB is more problematic. Accordingly, an adaptively predis-
torted filter may be a direct “drop in” replacement of the
current IMUX filters used in satellite communication sys-
tems.

Referring now to FIGS. 5a-5¢, the performance of the
adaptively predistorted 10 pole filter of Table 1 is shown.
FIG. 5a shows a plot of normalized insertion loss (which is
equivalent to the magnitude of the transfer function) versus
frequency. FIG. 5a shows that the insertion loss is very flat
in the passband and that the transition between the passband
and the stopband is also quite sharp. FIG. 5b shows a
magnified view of the insertion loss of FIG. 5a in the
passband which shows that the variation in the insertion loss
is on the order of a tenth of a dB. FIG. Sc shows the group
delay in the passband of the adaptively predistorted filter.
The group delay is quite flat with a variation on the order of
a few nanoseconds.

Referring now to FIG. 6a, a diagram is shown of a typical
dielectric resonator filter 30 which has a Q factor of 8,000.
Also shown is a physical realization 40 of the adaptively
predistorted 10 pole filter of Table 1 in the form of a coaxial
resonator filter. The dielectric resonator filter 30 is what is
typically used for input multiplexers in spacecraft applica-
tions. Both filters 30 and 40 are of the same order and have
similar performance in the same frequency band. However,
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the volume and mass of the adaptive predistortion filter 40
are approximately 25% and 35% respectively of the con-
ventional dielectric resonator filter 30 which is very benefi-
cial for applications in which size and mass are important.
This is also beneficial from a cost perspective since coaxial
resonator filters are less expensive than dielectric resonator
filters. Furthermore, as previously mentioned, the adaptive
predistortion method allows the realized filter to simulta-
neously achieve lower insertion loss with group delay equal-
ization.

Referring now to FIG. 6b, shown therein is the interior of
the adaptively predistorted coaxial resonator filter 40. The
filter 40 comprises an input probe 42 for receiving input
electromagnetic energy and an output probe 44 for providing
output filtered electromagnetic energy. The input probe 42
and the output probe 44 both respectively have a coupling
element 42a and 44a for coupling energy to/from the filter
40. The size and location of the input prove 42 and the
output probe 44, which determines the amount of electro-
magnetic coupling into and out of the filter 40, are different
than those of other conventional prior art filters which have
input and output probes with similar, if not identical, size
and location.

The filter 40 further comprises a plurality of resonator
cavities C,, . . ., C,,. Each resonator cavity C,, . .., C,, has
a respective post P;, . . ., P,, and a respective aperture
A, ..., A The posts Py, . . ., P, are used to lower the
resonance of the cavities C;, . . . , C;,. The apertures
A,, ..., Ag couple the cavities sequentially (i.e. cavity C;
is coupled to cavity C,, cavity C, is coupled to cavity C; and
so on. The filter 40 also has a number of coupling posts CP,,
CP, and CP; which respectively cross couple cavities C,
and C,, cavities C; and Cg and cavities C5 and C.. There is
also a “cross-coupling” aperture A, which couples cavities
C, and C,,. The physical size of each cavity C,, . .., C;,
and each post Py, . . ., P, is selected to provide a Q factor
of 3,000. However, the amount of coupling that is provided
by the apertures A,, . . ., A,y and the coupling posts CP,,
CP, and CPj; is related to the adaptive predistortion of the
poles such that the filter 40 emulates a filter that is built with
resonators having a Q factor of 8,000. In addition, the
adaptive predistortion provides both group delay equaliza-
tion and improvement of return loss for filter 40.
Accordingly, adaptive predistortion has an effect on the size
of the apertures A,, . . ., A;, as well as the length and the
diameter of the coupling posts CP,, CP, and CP;.

Referring now to FIG. 7, shown therein is a block diagram
of a simplified satellite communication system 50 compris-
ing a receive antenna 52 for receiving uplink signals from an
carth station and a transmit antenna 54 for providing down-
link signals to the same earth station or to a different earth
station. The system 50 also comprises a receiver 56 and a
plurality of sub-channels which have similar components
wherein each of the sub-channels operate at different fre-
quencies. For simplicity, only sub-channel 58 is shown. The
receiver 56 receives and processes the uplink signal as is
well known to those skilled in the art and provides a
wideband signal to the sub-channels. The receiver 56 usually
incorporates a low noise amplifier. The sub-channel 58
comprises an input multiplexing (IMUX) filter 60 for chan-
nelization (i.e. providing a bandpass signal corresponding to
a certain channel), a power amplifier 62 for providing
amplification to the bandpass signal, and an output multi-
plexer (OMUX) filter for providing an output signal that is
recombined at the transmit antenna 54 with the output
signals from the other sub-channels. A high Q factor filter is
often used for the IMUX filter 60 and the most critical
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parameters for the IMUX filter 60 includes in-band perfor-
mance such as loss variation and group delay. Accordingly,
the adaptive predistortion method of the present invention
may be used to provide the needed performance for the
IMUX filter 60 with a physical realization that may prefer-
ably use low Q-factor resonators or alternatively high
Q-factor resonators.

The OMUX filter 64 is a high power device that can be
subjected to tens or hundreds of Watts so it is important for
the OMUX filter to have only a small amount of insertion
loss. Accordingly, the OMUX filter 64 is often realized using
a 4" or 5° order filter with one pair of transmission zeros.
However, this leads to performance degradation as shown in
FIGS. 8a and 8b (the frequency axis for FIGS. 8a to 11b are
in MHz and centered at 4 GHz). FIG. 8a shows the group
delay within the pass band of the OMUX filter 64. The group
delay is not flat within the passband and suffers severe
degradation near the transition bands. Group delay equal-
ization may not be used on the OMUX filter 64 due to
structure constraints. FIG. 86 shows a plot of the insertion
loss of the OMUX filter 64. The insertion loss is not flat and
has a severe roll-off near the transition bands of the OMUX
filter 64.

Referring now to FIGS. 9a and 9b, shown therein is the
combined performance of the conventional IMUX filter 60
and the OMUX filter 64 (the power amplifier 62 is assumed
to have linear performance in the passband of filters 60 and
64). FIG. 9a shows that the group delay for the combination
of filters 60 and 64 is more rounded near the center of the
passband as well as being more sloped near the transition
bands in comparison with FIG. 8a. However, FIG. 95 shows
that the insertion loss of the combination of filters 60 and 64
is not as large but is more rounded in the passband.

In order to improve the performance of the combination
of the IMUX filter 60 and the OMUX filter 64, the adaptive
predistortion method may be used. However, any extra
insertion loss for the OMUX filter 64 introduced by adaptive
predistortion is not desirable. Accordingly, the adaptive
predistortion method may be applied to the IMUX filter 60
such that the overall performance of the combination of the
IMUX filter 60 and the OMUX filter 64 is acceptable.

The adaptive predistortion process 20 may be used to
design an over-compensated adaptively predistorted IMUX
filter so that the performance of the combination of this
IMUX filter with the OMUX filter 64 is improved. However,
some of the steps of process 20 are altered. For instance, in
step 12, the desired performance criteria for the transfer
function of the combined filters is specified. Preferably, the
combination of the over-compensated adaptively predis-
torted IMUX filter and the OMUX filter 64 has negligible
insertion loss, negligible insertion loss variation and flat
group delay. Based on the transfer function of the OMUX
filter, an estimate is made of the transfer function of the
over-compensated adaptively predistorted IMUX filter to
achieve the desired performance criteria of the combined
filters. In step 14 the poles of the estimated transfer function
of the over-compensated adaptively predistorted IMUX fil-
ter are calculated and in step 22, these poles are adaptively
predistorted so that at least one pole is shifted by a unique
amount. Step 24 involves calculating the overall filter
response of the over-compensated adaptively predistorted
filter and the OMUX filter 64. This involves converting the
transfer function of each of these filters into a t parameter
matrix, as is commonly known in the art, and multiplying the
two t parameter matrices together to obtain a product t
parameter matrix, and converting the product t parameter
matrix into a transfer function which will be referred to as
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the product transfer function. In step 26, the product transfer
function is then compared to the desired transfer function
(specified in step 12) to determine a difference transfer
function (according to equation 10). Computer optimization
is then preferably used to minimize the difference transfer
function. The end result is that the poles of the over-
compensated adaptively predistorted filter are shifted until
the product transfer function is sufficiently close to the
desired transfer function (i.e. the difference transfer function
is preferably minimized).

Referring now to FIGS. 10a and 105, shown therein is the
performance of the over-compensated adaptively predis-
torted IMUX filter. FIG. 10z shows a plot of group delay and
FIG. 10b shows a plot of insertion loss. In both cases, there
is a “dip” in the middle of the pass band and a “hump” at
each end of the passband. The dip is a result of the
optimization of the performance of the overall filter matrix
and acts to flatten out both the group delay and the insertion
loss of the OMUX filter 64 within the passband, while the
humps act to compensate for the roll-off effect of the OMUX
filter 64 in the transition band.

Referring now to FIGS. 11a and 115, shown therein is the
performance of the combination of an over-compensated
adaptively predistorted IMUX filter with a conventional
OMUX filter. FIG. 11a shows group delay and FIG. 11b
shows insertion loss. Improvement can be seen in both group
delay and loss variation when compared to either FIGS. 8a
and 8b or FIGS. 94 and 9b. Accordingly, the over-
compensated adaptive predistortion method can be used to
compensate for the performance of another filter.

The adaptive predistortion method of the present inven-
tion is applicable to any filter having a plurality of poles and
in particular to any type of multi-resonator microwave filter.
The adaptive predistortion method may also be applied to
waveguide filters, dielectric resonator filters, printed circuit
filters such as microstrip filters and CPW filters as well as
low temperature co-fired ceramic (LTTC) filters. The adap-
tive predistortion method may also be applicable to filters
operating in a wide range of frequencies such as in the radio
band, the microwave band and the millimeter band.

It should be noted that the example provided in Table 1 in
which a coaxial resonator filter having resonators with
physical dimensions to provide a Q factor of 3,000 but with
coupling between the resonators to emulate a Q factor of
8,000 is shown for exemplary purposes only and is not
meant to limit the invention. A higher Q factor may be
emulated as long as the resulting performance is acceptable.
Alternatively, resonators having physical dimensions for a Q
factor lower than 3,000 such as 1,000 for example may be
used as long at the resulting performance is acceptable.
Furthermore, the adaptive predistortion method may be
applied to a filter having resonators with a higher Q factor
such as 6,000 to 12,000 or higher for example. In addition,
although the adaptive predistortion method was applied to a
filter having similar Q factors for each resonator, the adap-
tive predistortion method may also be applicable to a filter
which has resonators with different Q factors. In addition,
the adaptive predistortion method may involve a scenario in
which one pole is moved by a first amount and the remainder
of the poles are moved by a second amount.

It should further be understood that various modifications
can be made to the preferred embodiments described and
illustrated herein, without departing from the present
invention, the scope of which is defined in the appended
claims.

What is claim is:

1. A method for creating an adaptively predistorted filter,
the method comprising:
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a) designing a transfer function according to performance
criteria specified for at least one property of the adap-
tively predistorted filter;

b) calculating the poles of the transfer function;

¢) performing at least one iteration of adaptively predis-
torting the poles of the transfer function by shifting the
poles, wherein at least one of the poles is shifted by a
unique amount, relative to the shifting of the remaining
poles, to obtain adaptively predistorted poles for cre-
ating an adaptively predistorted transfer function for
achieving the performance criteria, and where each
amount of shifting is a percentage of a dissipation
factor that is related to the Q factor and fractional
bandwidth of the filter; and,

d) realizing the adaptively predistorted filter accordingly
to the adaptively predistorted transfer function.

2. The method of claim 1, wherein the poles of the transfer
function that are closest to the jw axis are shifted by a
smaller amount in comparison to the remainder of the poles.

3. The method of claim 1, wherein step (a) includes
selecting resonators for the realization of the adaptively
predistorted filter, the number of the resonators being equal
to the number of poles of the transfer function, each reso-
nator flaying a Q factor.

4. The method of claim 3, wherein each resonator has a
low Q factor on the order of 1,000 to 5,000 and step (c)
includes adaptively predistorting the poles for allowing the
realized adaptively predistorted filter to emulate the perfor-
mance of a realized filter having higher Q factor resonators.

5. The method of claim 3, wherein each resonator has a
high Q factor on the order of at least 6,000 and step (c)
includes adaptively predistorting the poles for improving the
performance of the realized adaptively predistorted filter.

6. The method of claim 1, wherein the at least one
property in step (a) is selected from the group consisting of
insertion loss, insertion loss variation, group delay and
return loss.

7. The method of claim 1, wherein the at least one
property in step (a) includes insertion loss and group delay.

8. The method of claim 1, wherein step (¢) includes
obtaining a difference transfer function D(s) between the
transfer function R(s) specified in step (a) and the adaptively
predistorted transfer function F(s) specified in step (c)
according to D(s)=F(s)-R(s), step (¢) further including
adaptively predistorting the poles for minimizing the differ-
ence transfer function by using an optimization method.

9. The method of claim 1, wherein in step (a), the
performance criteria is specified for allowing the realized
adaptively predistorted filter compensate for the perfor-
mance of a second filter connected to the realized adaptively
predistorted fitter.

10. The method of claim 1, wherein the realized adap-
tively predistorted filter is a coaxial resonator filter.

11. An adaptively predistorted filter produced by:

a) designing a transfer function according to performance
criteria specified for at least one property of the adap-
tively predistorted filter;

b) calculating the poles of the transfer function;

¢) performing at least one iteration of adaptively predis-
torting the poles of the transfer function by shifting the
poles, wherein at least one of the poles is shifted by a
unique amount, relative to the shifting of the remainder
of the poles, to obtain adaptively predistorted poles for
creating an adaptively predistorted transfer function for
achieving the performance criteria and wherein each
amount of shifting is a percentage of a dissipation
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factor that is related to the Q factor and fractional
bandwidth of the filter; and,

d) realizing the adaptively predistorted filter accordingly
to the adaptively predistorted transfer function.

12. The adaptively predistorted filter of claim 11, wherein
the adaptively predistorted filter comprises a plurality of
resonators, each resonator having a low Q factor on the order
of 1,000 to 5,000 and step (c) includes adaptively predis-
torting the poles for allowing the adaptively predistorted
filter to emulate the performance of a realized filter having
higher Q factor resonators.

13. The adaptively predistorted filter of claim 11, wherein
the adaptively predistorted filter comprises a plurality of
resonators, each resonator having a high Q factor on the
order of at least 6,000 and step (c) involves a adaptively
predistorting the poles for improving the performance of the
adaptive predistorted filter.

14. The adaptively predistorted filter of claim 11, wherein
the performance criteria is specified for allowing the adap-
tively predistorted filter to compensate for the performance
of a second filter connected to the adaptively predistorted
filter.

15. The adaptively predistorted filter of claim 11, wherein
the adaptively predistorted filter is a coaxial resonator filter.

16. An adaptively predistorted filter, the filter having an
initial transfer function comprising a plurality at poles at an
initial location, wherein the poles are adaptively predistorted
for allowing the adaptively predistorted filter to achieve
specified performance criteria, the poles being adaptively
predistorted by shifting the poles away from the initial
locations, at least one of the poles being shifted by a unique
amount relative to the shifting of the remainder of the poles
and wherein each amount of shifting is a percentage of a
dissipation factor that is related to the Q factor and fractional
bandwidth of the filter.

17. The adaptively predistorted filter of claim 16, wherein
the adaptively predistorted filter comprises a plurality of
resonators, each resonator having a low Q factor on the order
of 1,000 to 5,000 and the poles are adaptively predistorted
for allowing the adaptively predistorted filter to emulate the
performance of a realized filter having higher Q factor
resonators.

18. The adaptively predistorted filter of claim 16, wherein
the adaptively predistorted filter comprises a plurality of
resonators, each resonator having a high Q factor on the
order of at least 6,000 and the poles are adaptively predis-
torted for improving the performance of the adaptively
predistorted filter.

19. The adaptively predistorted filter of claim 16, wherein
the performance criteria is specified for allowing the adap-
tively predistorted filter to compensate for the performance
of a second filter connected to the adaptively predistorted
filter.

20. The adaptively predistorted filter of claim 16, wherein
the adaptively predistorted filter is a coaxial resonator filter.

21. Amethod for creating an adaptively predistorted filter,
the method comprising:

a) designing a transfer function being defined by at least
one polynomial according to performance criteria
specified for at least one property of the adaptively
predistorted filter;

b) calculating the roots of the at least one polynomial;

¢) performing at least one iteration of adaptively predis-
torting the roots of the at least one polynomial by
shifting the roots, wherein for at least one of the at least
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one polynomial, at least one of the roots is shifted by
a unique amount, relative to the shifting of the remain-
ing roots for the at least one of the at least one
polynomial, for creating an adaptively predistorted
transfer function for achieving the performance criteria
and wherein each amount of shifting is a percentage of
a dissipation factor that is related to the Q factor and
fractional bandwidth of the filter; and,

d) realizing the adaptively predistorted filter accordingly
to the adaptively predistorted transfer function.

22. A method for creating an adaptively predistorted filter,

the method comprising:

a) designing a transfer function for a filter having a first
Q factor according to performance criteria specified for
at least one property of the adaptively predistorted
filter;

b) calculating the poles of the transfer function;

¢) performing at least one iteration of adaptively predis-
torting the poles of the transfer function by shifting the
poles to obtain adaptively predistorted poles for creat-
ing an adaptively predistorted transfer function having
an equivalent Q factor for achieving the performance
criteria; and,

d) realizing the adaptively predistorted filter with a physi-
cally similar or smaller filter that is usually associated
with a smaller Q factor than the first Q factor but when
realized has an equivalent Q factor to the first Q factor
due to the adaptive predistortion of the poles.

23. The method of claim 1, wherein the dissipation factor

is

1
Q- Faw

r=

where Q is the Q factor of the filter and Fyy, is the fractional
bandwidth of the filter.

24. The adaptively predistorted filter of claim 11, wherein
the dissipation factor is

1

= —
Q- Fpw

where Q is the Q factor of the filter and Fyy;, is the fractional
bandwidth of the filter.

25. The adaptively predistorted filter of claim 16, wherein
the dissipation factor is

1

= ——
Q- Fpw

where Q is the Q factor of the filter and Fyy, is the fractional
bandwidth of the filter.

26. The method of claim 21, wherein the dissipation factor
is

1

F= ——
Q- Fpw

where Q is the Q factor of filter and Fgy is the fractional
bandwidth of the filter.
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Figure 10b, change “Relativ Fr qu ncy” to -- Relative Frequency --.
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Column 14
Line 49, insert -- to -- after the word “filter”.
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