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ABSTRACT

In this paper a new implementation of
FIR and IIR filter transfer functions is
presented that is structurally passive
and, hence, has very low pass-band
sensitivity. This implementation is based
on a recently introduced common structure
for recursive discrete transforms {[1).
This structure consists of digital
resonators in a feedback loop. It is shown
that by locating the resocnator poles
properly, the passivity of the feedback
loop can be easily guaranteed.

INTRODUCTION

Recently a common structure for
recursive discrete transforms has been
suggested [1]1, which seems to be suitable

to form a C(possibly VLSI implementedd
common base for every linear
filtering-like signal processing
operation. The derivation of this

structure and its parameters is based on
the state-variable formulation, and the
results of the observer theory (2], while
its applicability to FIR and IIR filtering
operations comes from the generalization
of the "frequency-sampling' method (31].
The block diagram of the structure is
given in Fig.1i. This structure is based on
digital resonators embedded into a
feedback loop. Due to this feedback, the
properties of this structure substantially

differ from that of the well -known
Lagrange or “frequency-sampling”
structures (3,41.

In the next section, the possible

resonator positioning startegies are
investigated, and a simple condition is
derived, which guarantees the passivity of
the feedback loop. It is also shown that

by applying appropriate quantization
strategy, even this structure is able to
suppress zero—-input limit cycles.

In the last section some aspects of
digital filter implementations based on
this new structure are considered.
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DERIVATION OF THE STRUCTURALLY PASSIVE
FORM

In this paper we will concentrate on
the time-invariant version of the common
transformer structure Csee Fig.1), and for
simplicity we do not consider the case of
multiple resonator poles, thus we have in
every channel of the structure as an
internal transfer function

m=0,1,...,N-1, €1

which 1s usually a function of complex
coefficients having a pole on the unit
circle. The global transfer function for
every channel has the form of

H Czd>
m

TmCzbﬂ m=0,1,...,N-1, (&

N-1 ’
1+ L HC2
n=0

while the overall transfer function of an
FIR or IIR filter based on this structure
can be written in the following form

N-1
d+ ¢ memC z)
N-1 m=0
HCzD -d-rmgo( wm-d) Tm( z)= N-1 <3
i1+ L an 2D
n=0

In this paper we will suppose that the
poles and zeros of H(z) are real numbers
or occur in complex conjugate pairs, and
as usual, even d is a real number.

It is a very interesting property of
this structure that at the resonator pole
positions

H(z D=w , m=0,1,...,N-1, 4
m m

from which we can deduce that the
sensitivity of the transfer function at

CH2458-8/88/0000-1421$1.00 © 1988 IEEE



z=zm is zero with respect to any HnCz>. wn
n=0,1,...,N-1) except the n=m

case. This property is due to the infinite
loop gain at these frequencies providing
complete independency of the coefficients
within the feedback loop. The detailed
coefficient sensitivity formulas are
presented elsewhere [S].

It is very important to note that this
common feedback implements a perfect
pole-zero cancellation mechanism. The
poles in (1), which are not necessarily
located on the unit circle in a general

and z
n

case, will be transformed by the feedback
loop into zeros, which automatically, and
perfectly cancel their *“generators" in

expression (3. This is the reason why the
application of ideal resonators does not
cause implementational problems, since
every resonator pole is cancelled by a

zero generated by the overall common
feedback from the very same resonator
pole, and this is true even ir

implementational errors occur.
The design of the filter parameters

for this structure is rather
straightforward. Ir the resonator
positions are known, the weighting
coefficients are given by (4>, while if

(an. n=0,1,...,N-1, are the poles of the
filter

N-1 —

ne - pz "D

n=0 npm

gm’zm N-1 -1 s

ne -zz ">

n=0 nm

nm
see [4]). The resonator poles, at the price
of some redundancy, can be located

arbitrarily. Excellent pass-band behavior
can be achieved if the resonator poles are
distributed in the pass-band. For elliptic

filters, to provide good stop-band
behavior, and spare weighting
coefficients, the resonator poles can be

located to the transmission zero positions
of the filter transfer function. A very
useful pole positioning strategy can be
derived, 1f we investigate the transfer
function from the input to peint P (see
Fig.1>

N-1
T an z)
n=0

N-1
1+ ¥ HnCz)
n=0

It is easy to show that the magnitude of
this transfer function is less or equal to
the unity (i.e. it 4is passive in this
sense), if

H (z)=

B (4. >]
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N-1

1
Re § H(C(z) =2 - . (arp)
n=0 ° 2
Condition C7) can be fulfilled at every
frequency, if
. b1,....,N"1, (4:>)
-] m = zmrm m=0,1 N-1
where L, is a real constant, and
N-1 2!! N-1
ERe[z ]-}:rmsi [4°>}
m=0 m m=0
In Fig.2 we present two simple
second-order sections, which
“structurally” force the fulfilment of

condition (8). It is important to note
that these second-order sections implement

3¢, 3¢
Gmc z) = memC zd + memC z ., <105
where asterisk denotes a compl ex
conjugate.
If in (©) equality holds, HPCz)

implements an all-pass filter, and if so,
we know even its zeros, since they are in
mirror image relationship with the poles
of HCz). This property is the key to the
determination of those rescnator pole
positions which will provide the above
properties. These positions coincide with
the zeros of 1-HPCz), since the input of

the resonators (see point C in Fig.1d> is
the difference of the filter input and the
output at peint P. We will have two sets
of rescnator poles, since the filter poles
do not specify the sign of HP(z).

If the number of resonator poles
equals the number of the filter poles,

HP(z) can not be an all-pass transfer

function, because it is forced to have at
least one zero at the origin, otherwise
the 1loop would be delay-free. The
resonator pole positions, however, can be
determined rather similarly by finding the

zeros of 1—HACz). where HACZ) is an

all-pass function having the same poles as
the filter has. These resonator poles meet
condition (8, and one of the two
resonator pole sets will insure alsc the
fulfilment of condition CQD.

Ir conditions [4: 5] and (4>} are
fulfilled, the transfer function HPCzJ is

a bounded real (BR), or if it is all-pass,
lossless bounded real CLBRDY transfer
function [6,7). As it is shown in the
literature Ce.g. [6,7,81>, the BR Cor LBRD
property promises low sensitivity in the
pass-band, and if appropriate quantization
strategy is applied, even the zero-input
limit cycles can be avoided. If the
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coeficients (rm> B m=0,1,...,N-1, are

positive, and fulfil condition (8>, and
the magni tude of all the other
Cnontrivial) coefficients is less or equal
to the unity, both stability <in the
linear sense), and the boundedness
property are guaranteed. The zero-input
limit cycles will be suppressed, if the
Cunavoidable) quantizers are placed to the
“entrance"” of the delay elements, and
"magnitude truncation" strategy is applied
(see Fig. 3.

Figure 3. The proper position of the
quantizer

As it is clear from (3>, to implement
an arbitrary FIR or IIR filter, only
appropriate taps should be added to the
structure described by HPCz) Csee Fig.1D.

Since these taps do not influence the
behavior of the feedback loop, the nice
properties mentiocned above, will not be
destroyed.

For an FIR filter the poles of HP( z)

are placed to the origin. If we force the
fulfilment of equality in condition (@D,
we will get the recursive Fourier
transformation structure presented in (11,
that gives back the "frequency-sampling®
method for FIR filter design.

Concentrating on the "time-invariant®
version of the common structure for
recursive discrete transforms (see Fig.1),
which can be considered to be a cne input,
N output digital filter, it is easy to
show, that the condition of the structural
boudedness property is the fulfilment of
¢8>, and

N-1 N-1 2

Zrm-NZrmtl. 11>

m=0 m=0
which means, that rm=:'7. m=0,1,... ,N-1, and
thus the discrete Fourier transformation
is the only transformation that can be
implemented recursively in a structurally
bounded manner using the “time-invariant®
version of the proposed structure.

UTILIZATION OF THE NEW STRUCTURE

The proposed structure can be applied
in a2 wide variety of forms. One form is
the direct wutilization of the common
structure (see Fig.1) having as internal
building blocks the second-order sections
suggested in Fig.2.
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An alternative utilization can be the
implementation of those filters, which are
based on parallel connection of all-pass
filters (8,9].

Obviously simple first- and
second-order building blocks can also be
implemented, and ir the structure
suggested in Fig.2.a is applied, the
second-order section obtained will be
canonic concerning the nontrivial
multiplications. The structure suggested
in Fig.2.b is essentially the well-known
coupled-form ([(10), that pormises lower
roundoff noise at the price of additiocnal
multiplications.

CONCLUSIONS

In this paper a simple condition of
structural passivity has been derived for
digital filters consisting of digital
resonators in a common feedback loop. Due
to this structural passivity the structure

obtained has very low pass-band
sensitivity, and, by applying appropriate
quantization strategy, ©  suppresses

zero—-input limit cycles.
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