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Abstract— Decorrelating transformations (referred to as
DECOR transformations) to reduce the power dissipation
in digital filters are presented in this paper. The transfer
function and/or the input is decorrelated such that fewer bits
are required to represent the coefficients and inputs. Thus, the
size of the arithmetic units in the filter is reduced, thereby
reducing the power dissipation. The DECOR transform is suited
for narrow-band filters because there is significant correlation
between adjacent coefficients. Simulations with fixed coefficient
filters indicate reduction in transition activity, ranging from
6% to 52% for filter bandwidths ranging from 0:30� to 0:05�;

respectively, (where � corresponds to half the sample rate).
Simulations with adaptive filters indicate reduction in transition
activity in the F-block, ranging from 12% to 38% for filter
bandwidths ranging from 0:30� to 0:05�; respectively. The
DECOR transforms result in greater energy savings and over a
larger bandwidth than existing methods.

Index Terms—CMOS VLSI, digital filters, low-power.

I. INTRODUCTION

POWER reduction techniques form an integral part of low-
power VLSI systems design and is presently an active

area of research [3], [5], [12], [22]. These techniques have
been proposed at each level of the design hierarchy, beginning
with algorithms and architectures and ending with circuits
and technological innovations. Existing techniques include
those at the algorithmic level (such as reduced complexity
algorithms [5]), architectural level (such as pipelining [13],
[19], and parallel processing), logic (logic minimization [27]
and precomputation [2]), circuit (reduced voltage swing [18],
adiabatic logic [4]), and technological level [8]. It is now
well recognized that an astute algorithmic and architectural
design can have a large impact on the final power dissipation
characteristics of the fabricated VLSI solution.

The recent proliferation of portable wireless communication
systems has specifically made low-power high-performance
digital signal processing (DSP) an important research area. A
common DSP operation is filtering where the output at
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time is given by

(1.1)

where and are the coefficients of the filter and is
the input. Equivalently, in the-transform domain

(1.2)

where , and are the -transforms of the
output, filter, and input, respectively. In addition, to the generic
power-reduction techniques mentioned above, techniques exist
specifically for filters [1], [10], [14]–[16], [21], [24]–[26].
These techniques employ the fact that power dissipation in
CMOS VLSI circuits occurs mainly during signal transitions
and is given by

(1.3)

where is the transition activity, is the capacitance, is
the supply voltage, and is the frequency of operation. The
transition activityof a bit-level signal is defined as

and and

where is the probability of the occurrence of event.
Power dissipation is reduced by reducing one or more of

, and in (1.3). The techniques are (with the quantities
being reduced in parenthesis) multirate architectures (and

), prefiltering [1], block finite-impulse response (FIR)
filters ( and ) [21], coefficient optimization
differential coefficients [24], and coefficient reordering

. In other work on low-power adaptive filters [14], the total
switched capacitance is reduced by dynamically varying the
filter order based on signal statistics. In [10], power reduction
is achieved by a combination of powering down filter taps
and modifying the coefficients. In [26], the strength reduction
transformation is applied at the algorithmic level to reduce
power dissipation in complex adaptive filters.

In this paper, an algorithm transformation technique, re-
ferred to asDECOR transforms, is presented to reduce the
number of bits required to represent the filter coefficients or
the input samples by decorrelating the coefficients or the input.
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The DECOR transform is applicable to filters in which the
magnitude of the difference between the absolute values of
adjacent coefficients of is less than the magnitude of
the coefficients themselves. Hence, fewer bits are required to
represent the differences compared to the actual coefficients.
Thus, the size of the arithmetic units in the filter is reduced,
thereby reducing the power dissipation. In addition to a
reduction in power dissipation, there is also a reduction in
delay and area due to smaller bit widths at the inputs to
the multipliers.DECOR transforms are well-suited to custom,
hardwired, fixed-point implementations since power reduction
is achieved by reducing the size of the arithmetic units.
Since DECOR transforms maintain the regularity of the
original direct form (DF) filter, they can also be considered
for implementation on a programmable fixed-point processor.

The signal flow graph transformations (SFGT) in [16],
which were developed independently, are a special case of
the DECOR transform. The differences between our work
and [16] are as follows. TheDECOR transforms are applied
to infinite-impulse response (IIR) filters, adaptive filters [23],
filters with rounding after the output of multipliers, and the
inputs to a filter in addition to fixed coefficient FIR filters
which retain full numerical precision. We study the types of
filters that are suitable forDECOR transforms and provide
gate-level simulations to illustrate the effect of such filter
parameters as cutoff frequency and filter order on the energy
savings.

Another approach close toDECOR in literature is the differ-
ential coefficients method (DCM ) [24], in which differential
coefficients are employed for FIR filters. In FIR filters, the
output is given by

(1.4)

The first-order differential coefficients are given by

(1.5)

Each product term , (except ) in (1.4), is
written as

(1.6)

The result of applyingDCM to the DF filter in Fig. 1(a) is
shown in Fig. 1(b).

It is possible to employ second-order differences by
repeating the above procedure on the first-order differential
coefficients . The advantage ofDCM is that the width of
the coefficients are reduced but additional adders and
latches are required for an tap filter. In addition toDCM ,
there are other approaches that exploit coefficient correlation.
In [7], the frequency response of the filter is used to select an
appropriate architecture from among the fast FIR algorithms
proposed in [17].

In this paper, motivated byDCM , an alternative approach
is proposed to realize a filter with differential coefficients. Our
formulation results in the following advantages overDCM :

1) lower overhead for a given filter order;
2) overhead is independent of the filter order;

(a)

(b)

(c)

Fig. 1. (a) DF. (b)DCM . (c) DECOR filters.

3) energy savings over a wider range of filter bandwidths;
4) easily and efficiently implementable in software;
5) applicable to adaptive filters.

Note that, power reduction techniques such as parallel
processing and pipelining and those in [10], [14], [26] can
be applied in addition toDECOR for further power savings.

The rest of this paper is organized as follows. In Section II,
the DECOR transform is presented and applied to fixed
coefficient FIR and IIR filters. In Section III, theDECOR
transform is applied to adaptive filters and in Section IV,
analytical and simulation results for the reduction in power
dissipation are presented.

II. DECOR TRANSFORM APPLIED TO

FIXED-COEFFICIENT FILTERS

In this section, theDECOR transform is presented and
applied to fixed coefficient FIR and IIR filters. The relaxed
DECOR transform, applicable to filters which do not re-
tain full numerical precision, is then presented. Finally, the
DECOR transform is applied to the filter inputs.

A. TheDECOR Transform

In DECOR, the transfer function is multiplied and
divided by the polynomial

(2.1)

where and are integers that are chosen, depending on
the frequency profile of . Thus, the -transform of the
output is given by

(2.2)

The frequency response is not altered by multiplying and
dividing by as long as finite precision effects are



778 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS—II: ANALOG AND DIGITAL SIGNAL PROCESSING, VOL. 46, NO. 6, JUNE 1999

TABLE I
OVERHEAD IN DECOR AND DCM FOR AN N TAP FIR FILTER

Fig. 2. DF andDECOR Code for anN tap FIR filter.

accounted for. The numerator polynomial
results in a filter with differential coefficients. The denominator

introduces a recursive section. The parameter
(determined in Appendix A) is either or and determines
if coefficients spaced sample delays apart are either added
or subtracted. The parameter is analogous to the order of
difference in [24]. The coefficient bit width typically decreases
with . There is, however, a limit to since the bit widths
of the coefficients cannot be less than zero and the overhead of
DECOR increases with . Fig. 1(c) shows the filter obtained
after applyingDECOR with , and
(i.e., ) to the DF filter in Fig. 1(a). In
Fig. 1(c), all coefficients except for the left-most and right-
most, are differences of adjacent coefficients in the original
filter. Note that the left-most coefficients inDECOR [see
Fig. 1(c)] and DF [see Fig. 1(a)] are identical, while the right-
most coefficients have opposite signs. Thus, for there to be a
reduction in bit-width, the left-most and right-most coefficients
in the original filter must be small in magnitude, which is true
in most practical filters.

In Fig. 1(c), the result of applyingDECOR to an FIR
filter is an IIR filter with additional hardware, compared to
the original FIR filter. The overhead inDECOR and DCM
is summarized in Table I. UnlikeDCM , the overhead in
DECOR is independent of the filter order and, for this reason,
is less than that ofDCM . The overhead inDECOR depends
on . For instance, if is one and all of the coefficients
of the original filter are nonzero, then for symmetric and anti-
symmetric filters, no additional multiplier is required. The
overhead inDECOR also depends on whether the filter is
implemented in software or hardware. As Fig. 2 shows, it
is nearly as efficient to implement aDECOR filter as a DF
filter in software. TheDECOR code executes one additional
multiply-accumulate instruction, but saves on setting register
to zero due to the presence of the recursive section in Fig 1(c).

The values of and are determined in Appendix A and
summarized in Table II. The values of and in Table II
were verified to be effective in reducing the bit widths when
the filter was designed employing such other methods as the
window-based method, Parks–McClellan, or least squares. In
Table II the absolute value of is always equal to one.

TABLE II
� AND � FOR DIFFERENT TYPES OF FIR FILTERS

Fig. 3. Coefficients of a low-pass filter before and afterDECOR (� = �1;
� = 1).

Since is less than the order of the original DF filter, it is also
possible perform an exhaustive search to determine optimum
and . There are three disadvantages if is not equal to one.

1) The magnitude of the difference of the absolute values
is not minimized since, typically, the magnitude of the
filter coefficients increases till the center coefficient and
then decreases.

2) A multiplier is needed in the recursive section of the IIR
filter resulting in extra overhead and a quantizer.

3) If and is either symmetric or anti-
symmetric, then is not necessarily
either symmetric or anti-symmetric. Thus, if

complexity reductions due to symmetry cannot be
exploited.

For the above reasons, is assumed to be either or
throughout this paper.

Fig. 3 shows the coefficients of a 41 tap low-pass FIR
filter with cutoffs (where corresponds to half the
sample rate) before and after applyingDECOR. There is a
decrease in the range of coefficients after applyingDECOR
once and a further decrease after
applying DECOR twice . Fig. 4
shows the coefficients of a 41 tap high-pass FIR filter with
cutoffs before and after applyingDECOR. There is a
decrease in the range of coefficients after applyingDECOR
once .

If the filter passband is narrow, then from (A.1)–(A.4) for
the ideal low-pass, high-pass, bandpass, and bandstop filters,
respectively, we see that the sinc function is sampled at
smaller intervals, leading to a smaller difference between the
magnitude of adjacent coefficients. Thus, as the width of the
passband is reduced, the reduction in coefficient bit width is
increased, and the effectiveness ofDECOR is increased. If
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Fig. 4. Coefficients of a high-pass filter before and afterDECOR (� = 1;
� = 1; m = 1).

the original coefficients are quantized such that the magnitude
of the maximum coefficient is close to the maximum value
possible for the given bit width and then it can be
shown that the cutoff frequency must be less than
(where corresponds to half the sample rate) for there to be a
reduction in the number of bits for a low-pass filter generated
using the sinc function. Similarly, for a high-pass filter, the
cutoff frequency must be greater than . Simulation
results are presented in Section IV to illustrate the impact of
cutoff frequency on the effectiveness ofDECOR.

Multiplying and dividing the transfer function by
introduces poles and zeros at each of the

roots of . Since is equal to one, all the new poles and
zeros are on the unit circle. For stability, the new poles must
exactly cancel with the new zeros. To ensure exact cancelation
of poles and zeros, the coefficients in must be first
quantized and then multiplied with . In addition,
the multiplications and additions in the actual implementation
of have to be exact, i.e., without rounding or truncation.
The next subsection describes the issues that arise when this
assumption is relaxed.

B. RelaxedDECOR

In most filters, quantization (i.e., rounding or truncation) is
employed at the output of the multipliers in order to reduce the
size of the adders. The noise due to quantization will depend
on the amount of quantization; the noise is increased as more
bits are dropped at the output of the multipliers. So far, no
quantization has been employed at the output of the multipliers
in DECOR filters in order to guarantee stability. Relaxed
DECOR is identical toDECOR, except that quantization is
employed at the output of multipliers. There are two issues in
relaxedDECOR filters: stability and quantization noise.

In relaxed DECOR filters, the pole on the unit circle
introduced by the recursive section is not cancelled by the
preceding feed-forward section. Hence, to guarantee stability,
the IIR section can be modified to include a saturating adder.
Alternatively, a multiplier with coefficient close to, but less
than unity can also be employed in the recursive section so as
to move the pole inside the unit circle. In our simulations, a
saturating adder is employed in the recursive section because,
in practice, it results in lower overhead and lower deviation
from the ideal (i.e., unquantized) output.

The quantization at the output of the multipliers in relaxed
DECOR filters has to be done such that the quantization error
does not build up in the recursive part. A build-up of the
quantization error can occur if the quantization error has a
dc bias. For instance, the output, , of a relaxed
DECOR filter with and is given by

where represents the quantization operation. If
then it can be shown by induction onthat the difference be-
tween the ideal (i.e., unquantized) output and relaxedDECOR,

is a nondecreasing function of. The
condition is in fact satisfied when two’s complement
with truncation is employed. Hence, if two’s-complement
arithmetic is employed, then rounding, not truncation, must be
employed at the output of the multipliers in relaxedDECOR.
If, however, sign-magnitude representation is employed, then
it may be possible to employ either truncation or rounding
in relaxedDECOR. In our simulations, rounding with two’s-
complement arithmetic was employed.

C. Low-Power IIR Filters

In an IIR filter, the transfer function can be written as

(2.3)

where and are the numerator and denominator
polynomials, respectively. To applyDECOR to IIR filters,
the transfer function will have to be multiplied and divided by
two polynomials, i.e.,

where and depend on
and respectively. If and are such that

and then needs to
be multiplied and divided by one polynomial, i.e.,

Practical values of and for low-pass,
high-pass, bandpass, and bandstop filters were obtained experi-
mentally and are shown in Table III. For example, for low-pass
Chebyshev, Butterworth, and Elliptic filters, the values of

and were experimentally determined as
and respectively.

In Appendix B, we show that, unlike FIR filters, the output
of the filter obtained after applyingDECOR to an IIR filter
will not be identical to the output of the original DF filter.
The difference in outputs is unavoidable and is due to the
quantizer in IIR filters.

The DECOR transform can be combined with other al-
gorithm transformations such as look-ahead pipelining [20].
For instance, when look-ahead pipelining is applied to the IIR
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TABLE III
�N ; �D ; �N ; and�D FOR DIFFERENT TYPES OFIIR FILTERS

Fig. 5. DECOR for filter input (� = �1; � = 1, m = 1).

filter , it can be shown that there is a
decrease in the bit-width of the filter coefficients of the feed-
forward path after applyingDECOR if and the
look-ahead pipelining level is greater than .

D. DECOR Applied to Filter Inputs

The DECOR transform can be applied to the input to a
filter by multiplying and dividing by .
The parameters and should be chosen depending on the
region in the frequency spectrum that contains most of the
energy of the input. For instance, if the input is correlated
(i.e., most of the energy is concentrated in a small frequency
band), then is equal to and is equal to 1 (see
derivation of and for low-pass FIR filters in Appendix
A). One difference between the coefficients and the inputs is
that typically the input sequence is not knowna priori. Hence,
if a lossless implementation is desired then there will actually
be an increase in the input bit width after multiplication with

. The input bit-width can, however, be reduced
if a certain amount of clipping of differences is acceptable.
A block diagram for reducing the input bit-width bybits is
presented in Fig. 5. If the difference between the current and
previous input samples is greater than (less than

), then the difference is set to .
The clipper output is employed to predict the current input
sample (backward prediction) in order to reduce noise.

III. DECOR TRANSFORM APPLIED TO ADAPTIVE FILTERS

In this section, theDECOR transform is applied to adaptive
filters. In order to do so, we derive the following from (1.4):

(3.1)

Fig. 6. Adaptive Filter. (a) Traditional. (b)DECOR adaptive filter. (c)
DECOR adaptive filter with multiple decorrelators.

The derivation of (3.1) is presented in Appendix C. The ’s
in (3.1) are defined as follows:

(3.2)

In (3.2), the first differential coefficients are identical to the
first original coefficients and the last differential coeffi-
cients are the last original coefficients multiplied by . The
center coefficients are sums or differences (depending
on whether is or ) of the original coefficients. The size
of the multipliers will be reduced if is less than

. Reducing the size of the multipliers reduces
the power dissipation and in certain situations, also reduces the
delay and the area of the filter.

The traditional adaptive filter, shown in Fig. 6(a), has two
blocks.

1) Weight update (WUD) block. This block uses the inputs
and the error to compute the new coefficients. The
weight-update equation for a least-mean squares (LMS)
filter is

(3.3)

where is the step size and is the adaptation error
given by

(3.4)

In (3.4), is the desired response of the filter.
2) Filter (F) block. This block filters the input employing

the coefficients computed by theWUD block according
to (1.4).

We employ (3.1), (3.2), and (3.3) to construct theDECOR
adaptive filter. There are three blocks in theDECOR adaptive
filter (one block each to compute (3.1), (3.2), and (3.3) [see
Fig. 6(b)].

1) Weight update (WUD) block. This block is identical to
the WUD block in the original adaptive filter.
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Fig. 7. Traditional LMS filter.

Fig. 8. DECOR LMS filter.

2) Decorrelating block. The inputs to this block are the
coefficients computed by theWUD block. The out-
put consists of decorrelated coefficients computed
employing (3.2).

3) Filter (F ) block. This block filters the input employing
the coefficients computed by the decorrelating block
according to (3.1). As can be seen from Fig. 1(c), this
block will be different from theF-block in the original
adaptive filter.

The inputs to the decorrelating block are thecoefficients
. The outputs of the decorrelating block are the

coefficients . The parameters and
are chosen as in Table II, depending on the type of filter to
be implemented. The output of theDECOR adaptive filter
is identical to the original adaptive filter as long as the
computations in theF-block are exact (i.e., no rounding or
truncation). Hence, the finite precision analysis for the original
adaptive filter holds for theDECOR adaptive filter as well.

It is possible to employ higher order differences corre-
sponding to in (2.2) by cascading more than one
decorrelating block, as shown in Fig. 6(c). In Section IV, we
will see that, typically, a single decorrelating block provides
the most reduction in power dissipation, and hence, in most
situations, multiple decorrelating blocks are not needed.

After the filter has converged, the power dissipation in the
WUD and decorrelating blocks can be reduced substantially
by powering them down. Hence, after convergence, only theF
block will consume power. The block diagrams for an adaptive
LMS filter and aDECOR adaptive LMS filter are shown in
Figs. 7 and 8, respectively.

Note that dynamic algorithm transformations [10] can be
applied in addition to theDECOR transform, in which case,
the WUD block would send a zero coefficient for the taps
to be turned off. The decorrelating block would, as always,
generate a new set of coefficients employing the coefficients
from the WUD block.

It may be possible to combine theWUD block with the
decorrelating block by deriving update equations for . We
can employ (3.2) and (3.3) to calculate directly from its
previous values as indicated by

(3.5)
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Hence, it is possible to combine the decorrelating block and
the WUD block by modifying theWUD block to calculate

directly, instead of theWUD block computing
and the decorrelating block computing . One potential
problem with combining theWUD block and the decorrelating
block employing (3.5) is that quantizers are often employed
in the WUD block to reduce the precision of the coefficients
(see Figs. 7 and 8). The output of theDECOR LMS filter
will not be identical to the original filter, in general, because
of the quantizers. The effect of the quantizer will, however,
be small if enough bits are employed for in which case
the WUD and decorrelating blocks can be combined.

In this section, the application of theDECOR transform
to the coefficients has been described. For an LMS filter,
DECOR transforms can also be applied to the inputs. For
instance, the following can be derived from (1.4):

(3.6)

The derivation of (3.6) is similar to that of (3.1). In (3.6),
one of the inputs to the multiplier is the difference between
successive input samples instead of the input samples them-
selves. The size of the multipliers can be reduced if the input
is correlated, and the maximum of the difference is less than
half the maximum of the original samples. This implies that the
input must have most of its energy concentrated in a narrow
band of the frequency spectrum. There is no restriction on
the transfer function of the filter whenDECOR is applied to
the input. There is an overhead in the form of the final double
summation in (3.6). After convergence, this term will be small
because the error will be small. Thus, the final term does
not have to be computed if theDECOR transform is applied
to the input only after convergence.

IV. RESULTS

In this section, analytical and simulation results for esti-
mating the reduction in power dissipation due toDECOR
andDCM are presented. The analytical model in [24] will be
employed to estimate the reduction in transition activity for
FIR filters. We will then present gate-level simulations for the
reduction in transition activity whenDECOR is applied to
FIR, IIR, and adaptive filters.

A. Analytical Results

The analytical model in [24] was employed to estimate the
reduction in power dissipation and the speedup due toDECOR
andDCM for a 40-tap low-pass FIR filter with cutoffs .
In this model, a multiplication is performed by repeatedly
adding the multiplicand to the left end of a partial sum, with the
MSB of the multiplicand aligned with the MSB of the partial
sum. The multiplicand is added only if the multiplier bit is
one. The partial sum is right shifted by one bit. The results of

Fig. 9. Analytical estimate of reduction in transition activity due toDECOR
and DCM .

Fig. 10. Analytical estimate of speedup due toDECOR andDCM .

the analysis, shown in Figs. 9 and 10, indicate thatDECOR
provides a greater reduction in power dissipation and a greater
speedup compared toDCM . Furthermore, the advantages of
DECOR over DCM increases with . The greater reduction
in power dissipation is due to the lower overhead inDECOR.
In the analysis, the original input and coefficients were 16-bits
wide and a square-root model was employed for the memory
with and .

B. Simulation Model

In addition to the above analysis, a tool to perform gate-level
simulations of DF,DCM , andDECOR filters was developed
in C. This tool contains gate-level models of a ripple-carry
adder and a two’s-complement array multiplier [11]. The array
multiplier was employed in the simulations because of its
simplicity and regularity. The simulation results are different
from the analytical results presented in Section IV-A because
the array multiplier model is different from the shift- and add-
multiplier employed in the analysis in [24]. Also, unlike the
analysis which assumed only one adder and one multiplier
were available, the simulation assumed all the multiplications
and additions were performed on separate units. All multipliers
and adders were assumed to have operands of the same bit
width.

In our simulations, the following three quantities were
measured.

1) The total number of transitions at the inputs to the gates.
This is a measure of the power dissipation in CMOS cir-
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Fig. 11. Effect of cutoff frequency (filter order= 40, coefficient precision
= 16 bits, data precision= 16 bits, � = �1; � = 1; m = 1).

cuits because power is dissipated predominantly during
signal transitions.

2) The maximum number of gates between two latches.
This is a measure of the critical path or delay.

3) The total number of transistors, which provides a mea-
sure of the area.

Only inverters and 2 and 3 inputNAND gates were employed
to construct the adders and multipliers, since the aim is
to estimate power dissipation in CMOS circuits. The adder
and multiplier models were employed to construct filters.
The transitions in a latch were assumed to be equal to the
transitions at its inputs. The input for gate-level simulations
consisted of 4096 samples of 16-bit PCM audio data. The
gates were assumed to have zero delay, since zero-delay
simulations are a good measure of transition activity if the
multiplier and adder architectures are balanced so that glitches
are minimized. A second advantage of zero-delay simulations
are that they are fast. For instance, a zero-delay gate-level
simulation of a 40-tap low-pass FIR filter with 4096 samples
of 16-bit input data required 100 s on a Sparc Ultra-2, whereas
a unit-delay simulation of the same filter required 9840 s. One
set of simulations was run with unit delay to examine the
effect of changing the delay model on the reduction in power
dissipation. The correctness of simulations of FIR filters was
verified by comparing the outputs of the gate-level simulations
and RTL simulations.

C. Simulation Results

Fig. 11 shows the maximum reduction in transition activity
after applyingDECOR to 40-tap low-pass FIR filters. The
reduction in transition activity decreases with cutoff frequency
from a maximum of 52% for a cutoff of to 3% for a
cutoff of . The order of difference was chosen to
maximize reduction in transition activity. Fig. 11 indicates
that DECOR is suited for narrow-band filters. The range
of bandwidths over whichDECOR results in power savings
(0–0.35 ) is, however, much greater than that forDCM , due
to the lower overhead inDECOR. Fig. 11 also indicates that
the savings in power dissipation are lower with the unit-delay
model compared to the zero-delay model. This is because, in
an array multiplier, the number of transitions is higher under
the unit-delay model due to glitching caused by reconvergent

Fig. 12. Reduction in transition activity due toDECOR (coefficient preci-
sion= 16 bits, data precision= 16 bits, � = 1; m = 1).

fanout. Hence, the overhead due toDECOR is higher under
the unit-delay model, sinceDECOR introduces additional
multipliers. The overhead can be reduced by employing a
different multiplier (e.g., Booth multiplier) with less glitching,
or by modifying the array multiplier to reduce glitching (e.g.,
introducing latches).

To examine the effectiveness of relaxedDECOR, the base-
line DF filter was modified so that the least significant 16 bits
of the 32-bit output of the multiplier are dropped. This baseline
filter was compared with a relaxedDECOR filter. The cutoff
frequency was filter order coefficient precision

bits, and . The reduction in
total number of transitions was 25.8%, the reduction in total
number of transistors was 9.4%, and the increase in the length
of the critical path was 5.2%.

Fig. 12 shows that there is a reduction in transition activity
for different types of FIR filters after applyingDECOR. The
cutoffs of the bandpass, low-pass, high-pass, and bandstop
filters were and
respectively. The cutoff frequencies were chosen such that
application ofDECOR results in a decrease of the coefficient
bit-width. A reduction in transition activity was obtained with
DCM only for the band-pass filter.DCM , as presented in
[24] has been applied only to low-pass filters. However, the
applicability ofDCM can be easily extended to other types of
filters by adding and subtracting at the output of the
multipliers in (1.4), i.e.,

(4.1)

where and are as determined in Appendix A. Another
approach to extendingDCM to high-pass, bandpass, and
bandstop filters is by sorting the coefficients and then applying
DCM [25]. The approach in (4.1) will give greater savings
because, for instance, in a high-pass filter, the sum of adjacent
coefficients is less than the difference between every second
coefficient. For this reason, (4.1) was employed when com-
paring results forDCM for high-pass, bandpass, and bandstop
filters.

Fig. 13 shows the effect of on reduction in transition
activity for a low-pass FIR filter with cutoff . The reduction
in transition activity increases with up to . For
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Fig. 13. Reduction in transition activity withm for an FIR filter (cutoff
= �=10; filter order= 40; coefficient precision= 16 bits, data precision
= 16 bits, � = �1; � = 1; m = 1).

Fig. 14. Effect ofm for an IIR filter (cutoff = �=5; filter order = 15;
coefficient precision= 16 bits, data precision= 16 bits, m = 1).

Fig. 15. Reduction in transition activity with difference bit width (cutoff
= �=6; filter order= 40; coefficient precision= 16 bits, � = �1; � = 1;
m = 1).

, the reduction in bit width is not significant, leading to
an increase in transition activity due to the overhead.

Fig. 14 shows that there is a reduction in transition activity
only for after applyingDECOR on the recursive part
of a 15th-order Butterworth IIR filter with cutoff . The
difference between the output of the filter with and without
DECOR was 4.2 dB.

Fig. 15 shows the effect of applyingDECOR to the input
to a 40-tap low-pass FIR filter with cutoff . Reducing
the difference bit-width increases the reduction in transition
activity for an FIR filter. Transitions in the clipper in Fig. 5
were ignored because most of the differences are not clipped.

Fig. 16. SQNR (cutoff= �=6, filter order= 40, coefficient precision= 16

bits, � = �1; � = 1; m = 1).

Fig. 17. Effect of passband width (filter order= 40; coefficient precision
= 8 bits, data precision= 17 bits, � = �1; � = 1; m = 1).

There is a reduction in transition activity of 8.5%, even when
the difference bit width is 1 bit more than the original input
bit width of 16. This reduction in transition activity is because
the dynamic range of the input is reduced by computing the
difference. Fig. 16 shows that reducing the difference bit-
width decreases the signal to quantization noise ratio (SQNR)
at the output of an FIR filter. A longer input sequence of
1 440 000 samples of 16-bit PCM audio data was employed
to measure the SQNR, since it can be computed via RTL
simulations, which are faster. There is no noise due to clipping
of differences for difference bit widths of 16 and 17, since all
differences fit in 16 bits.

The results of zero-delay gate-level simulations of serial
LMS filters andDECOR LMS filters are now presented. The
adaptive filter was employed for system identification of low-
pass FIR filters. The input was 4096 samples of uniform white
noise. The desired response was obtained by applying the input
to a filter generated by employing MATLAB’sfir1 command.
The step-size was set at 0.007 812 5. In order to easily
compare the output of the serial LMS filter and theDECOR
LMS filter, all computations in theF block were made exact
(i.e., without any rounding or truncation). The baseline filter
was a low-pass FIR filter with cutoff of data precision
of 17 bits, coefficient precision of 8 bits, and filter order of 40.
The power dissipation in theF block was measured separately
from the rest of the filter because, after the coefficients have
converged, all blocks other than theF block can be turned off,
reducing the power dissipation in those blocks to zero. The
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Fig. 18. Effect of filter order (cutoff= 0:1�; coefficient precision= 8 bits,
data precision= 17 bits, � = �1; � = 1; m = 1).

Fig. 19. Effect of coefficient precision (cutoff= 0:1�, filter order= 40;

data precision= 17 bits, � = �1; � = 1; m = 1).

Fig. 20. Effect of order of differencem (cutoff = 0:1�, filter order= 40,
coefficient precision= 8 bits, data precision= 17 bits,� = �1; � = 1).

coefficient width was determined experimentally by running
RTL simulations and noting the maximum magnitude of the
coefficients.

In Fig. 17, in general, the percentage reduction in power
dissipation in theF -block is increased as the width of the
passband is reduced. This is because the differences between
adjacent coefficients is smaller for narrow-band filters leading
to a greater reduction in bit width of coefficients. There is
little change in delay and area. In Fig. 18, the percentage
reduction in power dissipation in theF block is increased
as the filter order is increased. This is because the relative
overhead in theDECOR transform is decreased as the filter
order is increased. There is also a small reduction in delay and

Fig. 21. Effect of data precision (cutoff= 0:1�; filter order = 40;

coefficient precision= 8 bits, � = �1; � = 1; m = 1).

area. In Fig. 19, the percentage reduction in power dissipation
in the F block is increased as the precision of the coefficients
is decreased. This is because the reduction in the number of
bits is generally independent of the precision, due to which
the fractional savings is higher for lower precision. There is a
small percentage reduction in delay and area which is higher
for lower precision. In Fig. 20, the percentage reduction in
power dissipation is maximized for . This is because of
the overhead for . There is a small reduction in delay
and area for . In Fig. 21, the percentage reduction in
power dissipation in theF block is nearly independent of
data precision. In all the experiments, the power dissipation in
blocks other than theF -block (i.e., WUD and decorrelating
blocks) changed by less than %.

V. CONCLUSION

In this paper, theDECOR transform is presented, which
is a power-reduction technique suited for narrow-band filters.
In this method, the coefficients (input) is decorrelated such
that fewer bits are required to represent the coefficients (in-
put), thereby reducing the size of the multipliers. Simulations
with fixed-coefficient filters indicate a reduction in transition
activity ranging from 6% to 52% for filter bandwidths ranging
from to respectively. Simulations with adaptive
filters indicate reduction in transition activity in theF block
ranging from 12% to 38% for filter bandwidths ranging from

to respectively.
In future, we plan to implementDECOR transforms in

VLSI circuits and compare the savings in power dissipation
with simulation results. The effect of quantization in IIR filters
on DECOR transforms will also be studied.

APPENDIX A
DETERMINING AND FOR FIR FILTERS

In this appendix, practical values of and for low-pass,
high-pass, bandpass, and bandstop filters are determined. This
is done by analyzing the ideal sinc prototype filter impulse
responses.

The coefficients of an ideal low-pass filter with cutoffs
are given by

(A.1)
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The magnitude of the difference between adjacent coefficients
is typically less than the magnitude of the original coefficients.
Hence, by choosing and (i.e.,

) the difference between adjacent coefficients can
be obtained.

The coefficients of an ideal high-pass filter with cutoffs
are given by

(A.2)

Due to the term in (A.2), the magnitude of the sum of
adjacent coefficients is typically less than the magnitude of the
original coefficients. Hence, by choosing and
(i.e., ) the sum of adjacent coefficients can
be obtained.

The coefficients of an ideal bandpass filter with cutoffs
are given by

(A.3)

Due to the term in (A.3), the magnitude of the sum
of coefficients apart is typically less than the magnitude
of the original coefficients. Hence, by choosing and

(actually, rounded to the nearest integer) or
the sum of coefficients spaced

apart can be obtained.
The coefficients of an ideal bandstop filter with cutoffs

and are given by

(A.4)

Due to the term in (A.4), adjacent coefficients will be
the sum and difference of two sinc functions. Hence, the range
of coefficients can be reduced by choosing and
(i.e., ).

APPENDIX B
EFFECT OFQUANTIZATION IN IIR FILTERS ON DECOR

In this appendix we show that the output at time
of an -tap direct form IIR filter will not be identical to the
output, of the filter obtained after applyingDECOR,
i.e.,

where is the difference between the two outputs due to the
quantizer.

Proof: Without loss of generality, assume that both the
DF andDECOR filters are in the same state at timei.e.,

for

The output at time of the DF filter is given by

where represents the quantization operation. The output
of the DECOR filter is given by

[Note: ]

[Applying definition of to since, by

assumption, ]

[ is the noise due to the quantizer]

is the noise due to the quantizer

[From definition of ]

which is the desired result.

APPENDIX C
DERIVATION OF (3.1)

The derivation of (3.1) is presented in this Appendix.

(C.1)

(C.2)

[Replace with in (C.1) & multiply with ]

[Add (C.1) and (C.2)]
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[Replace with in the second and third sums]

[Using (3.2)]

which is the desired equation.
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