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ABSTRACT

A method for the design of linear-phase IIR digital filters for
low-power applications is proposed. In this method, the dig-
ital filter is implemented as a cascade arrangement of 2nd-
order sections. Each section is designed through optimiza-
tion techniques so that all sections in cascade satisfy as far
as possible the overall required specifications. This process
is repeated until a multisection filter is obtained which sat-
isfies the required specifications under the most critical cir-
cumstances imposed by the application at hand. The min-
imum number of sections required to process a particular
input signal can then by switched on through the use of a
simple adaptation mechanism and, in this way, the power
consumption can be minimized. This design structure is
achieved by formulating the design of the & — 1 sections
as constraints. As an example, a low-power filter system
is compared with a fixed-order linear-phase IIR filter of the
same performance. It is shown that a power reduction of at
least 10% can be achieved.

1. INTRODUCTION

Digital filters are commonly designed to assure a desirable
performance for all possible signals that may be encoun-
tered. However, for many DSP applications the worst-case
conditions are rarely present, which leads to wasted power
and computational resources. In other circumstances, elec-
trical systems such as portable wireless systems are depen-
dent on power availability whereas systems such as multi-
tasking systems are dependent on the availability of compu-
tational resources. Recent studies have shown that these de-
pendencies can be alleviated by dynamically adjusting the
complexity of the algorithms used according to predeter-
mined criteria and the changing signal characteristics [1]-
[5].

In [5], a sequential design of IIR digital filters for low-
power DSP applications was proposed. In this paper, a vari-
ation of this method is described whereby a filter system

The authors are grateful to Micronet, Networks of Centres of Excel-
lence Program, and the Natural Sciences and Engineering Research Coun-
cil of Canada for supporting this work.

0-7803-5471-0/99/$10.000©1999 IEEE

is designed as a collection of 2nd-order cascaded sections
that can be turned off when they are not needed so as to
conserve power and/or reduce the computational complex-
ity. The problem is set up as a sequential quadratic function
whereby each new section is designed assuming that the
previous sections are available while imposing constraints
to assure a stable section that satisfies the prescribed speci-
fications. An example signal is constructed from two speech
signals modulated at different carrier frequencies, and an al-
gorithm proposed in [2] is implemented as the decision de-
vice to turn off the appropriate sections. The method was
used to design a low-power filter system which is compared
with a fixed-order linear-phase IIR filter that has the same
performance.

2. PROBLEM FORMULATION

Consider an IIR digital filter represented by
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The frequency response of the filter can be examined by per-
forming the substitution z = €77 where w is the frequency
of the signal in rad/s, and T is the sampling period, which
will be assumed to be 1 s throughout.

When the kth stage is to be designed, it is assumed that
the sections represented by b;(2)/a;(2),i = 1,...,k -1
have been designed and one seeks a stable 2nd-order section
with a transfer function by (2)/ax(2) such that the objective
function
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is minimized where W}, (w) is a weighting function,

e(w,x) = Hi(e’) — Dyp(w)
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where M (w) is the desired amplitude response, and 7 is
the desired passband delay.

The design method can be better described by consider-
ing the case where Dy (w) represents a lowpass frequency
response
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The objective function in this case is given by
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where the weighting function assumes the form
1 wel0, wy)
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0 elsewhere

Wi(w) =

It is known that if the scalar weight w for the stopband is
sufficiently large, say w > 1000, and if a sufficient number
of constraints on the filter’s frequency response in the pass-
band are imposed, an IIR filter with near-equiripple pass-
band and least-squares stopband can be designed {6]{7].
These constraints can be expressed as
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passband ripple. Additional constraints on a(z) must be
imposed to assure the filter’s stability. For the 2nd-order
section, these constraints are simple and linear and are given
by
Q;o <1

aip —az <1 ()]

a;; +a; > —1
(see p. 524 of [8]).

The design problem at hand can now be formulated as
the constrained optimization problem
minimize ¥(x) in (2)
subject to the constraints in (3) and (4)

gain (dB)

6
© (rad/s)

Figure 1: Amplitude responses of one, two, three, four, and
five 2nd-order filters in cascade.

Evidently, both the objective function in (2) and the con-
straints in (3) are highly nonlinear. For a satisfactory de-
sign, the number of frequencies involved in (3) is typically
in the range of 20 to 40. So if one takes N = 30, then the
optimization problem has six parameters and involves 33
constraints. The sequential quadratic programming (SQP)
method (see Ch. 12 of [9]) has been used to solve the opti-
mization problem.

3. OPTIMIZATION PROCEDURE

In an SQP algorithm, the objective function is typically a
quadratic approximation of the Lagrangian of the original
problem, which is minimized subject to a set of linear con-
straints obtained by a linear approximation of the constraints
in the original problem. The solution of the quadratic pro-
gramming (QP) problem is then used as the point at which
an updated quadratic approximation of the Lagrangian as
well as updated linear approximations of the constraints are
obtained. In this way, one solves a sequence of QP prob-
lems formulated using the method in [5], and the solution
of these subproblems is shown to converge to a solution of
the original problem under fairly mild conditions.

4. DESIGN EXAMPLE

The above method was used to design a five-section low-
power TIR filter system with w, = 4.83 x 10* rad/s, w, =
7.08 x 10* rad/s, and ws = 2.57 x 10° rad/s. The ampli-
tude responses obtained for one, two, three, four, and five
sections in cascade are plotted in Fig. 1.
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5. LOW-POWER ADAPTATION MECHANISM
DESIGN

Once the sections have been designed, a low-power adapta-
tion mechanism can be used to decide the minimum number
of sections required to provide a satisfactory performance.
One such mechanism [2] approximates the input and output
power spectrums in consecutive windowed intervals as

It
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where L is the interval window, z is the input signal, y is
the output signal, Ny is the number of sections that are on,
and n is the last sample of the window. It can then be shown
that the number of sections (V) required to achieve a pre-
determined output SNR tolerance (OSNR,) should satisfy

[2]

Py[N()] - (Pz - Py[NO])Ph[NO] >
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S (e7¥) is the input power spectrum and Hy,(e/*) is the
frequency response of Ny cascaded sections.

By creating a lookup table of values OSNR,; (Pr[N])
for N = {1...K}, it can be shown that an accurate esti-
mate of the number of sections required can be calculated
using less power than that required by a single 2nd-order
recursive digital filter.
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Figure 2: Reference 6th-order lowpass filter.
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Figure 3: Number of sections required in each window.
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6. LOW-POWER IMPLEMENTATION
SIMULATION

Using input speech samples of Ronald Reagan and Richard
Nixon modulated at 3.1 x 10 and 9.4 x 10* rad/s, respec-
tively, with a spread of 5.1 x 10* rad/s each, the multisec-
tion low-power filter characterized by Fig. 1 was compared
with a fixed 6th-order linear-phase recursive digital filter de-
signed using the method in [10]. The amplitude response
of the fixed 6th-order filter is shown in Fig. 2. Both filter
systems filtered out the Nixon signal. Fig. 3 displays the
two speech samples along with the number of sections used
within each interval window of 1000 samples. The mini-
mum ratio of the output passband to stopband power spec-
trum was set to

Wp

100.1Aa
0.5w5 — w,

where A, is the desired stopband attenuation in dB. The av-
erage number of sections used was 2.7. This corresponds to
a 10.4% power reduction compared to the power required
by the fixed filter, which satisfied the same OSNR require-
ments. In addition, typical communication channels have
periods of no signal. This would greatly increase the per-
centage of power reduction.

7. CONCLUSION

A method for the design of linear-phase IIR digital filters for
low-power applications has been proposed. The problem is
set up as a sequential quadratic function whereby each new
section is designed, assuming that the previous sections are
available, while imposing constraints to assure a stable sec-
tion that satisfies the prescribed specifications. This allows
for quick design time using a quadratic programming al-
gorithm. The resulting designs exhibit the desirable steep
transition response inherent in IIR digital filters. Using the
resulting filter system with a simple adaptive mechanism
to determine the required number of sections to power up,
savings of 10% compared to a fixed order linear-phase IIR
digital filter were measured.
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