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Soft Digital Signal Processing
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Abstract—In this paper, we propose a framework for low-energy digital signal processing (DSP), where the supply voltage is
scaled beyond the critical voltage imposed by the requirement to
match the critical path delay to the throughput. This deliberate
introduction of input-dependent errors leads to degradation
in the algorithmic performance, which is compensated for via
algorithmic noise-tolerance (ANT) schemes. The resulting setup
that comprises of the DSP architecture operating at subcritical
voltage and the error control scheme is referred to as soft DSP.
The effectiveness of the proposed scheme is enhanced when
arithmetic units with a higher “delay imbalance” are employed. A
prediction-based error-control scheme is proposed to enhance the
performance of the filtering algorithm in the presence of errors
due to soft computations. For a frequency selective filter, it is
shown that the proposed scheme provides 60–81% reduction in
energy dissipation for filter bandwidths up to 0 5 (where 2
corresponds to the sampling frequency ) over that achieved via
conventional architecture and voltage scaling, with a maximum
of 0.5-dB degradation in the output signal-to-noise ratio (SNR ).
It is also shown that the proposed algorithmic noise-tolerance
schemes can also be used to improve the performance of DSP
algorithms in presence of bit-error rates of up to 10 3 due to deep
submicron (DSM) noise.
Index Terms—Due to deep submicron (DSM) noise, low power,
noise-tolerant design, voltage oversealing.

I. INTRODUCTION

E

NERGY-efficient very large scale integrated (VLSI) circuit design is of great interest given the proliferation of
mobile computing devices, the need to reduce packaging cost,
the desire to improve reliability, and extend operational life of
VLSI systems. Scaling of CMOS technology has made possible
substantial reduction in energy dissipation and, hence, has lead
to the proliferation of low-cost VLSI systems with increasingly
high levels of integration. At a given technology, reduction in
energy dissipation has also been made possible due to energy-efficient design techniques at all possible levels of design hierarchy, beginning at the algorithmic level [1], architectural level
[2], logic level [3], and finally at the circuit level [4]. Schemes
at the lower levels of the design process such as the logic and
circuit levels are usually application independent [3], [4]. At the
algorithmic and architectural levels, features that are specific to
a class of applications are exploited to develop application specific energy reduction techniques [5], [6]. Voltage scaling [5]
is an effective means of achieving reduction in energy dissipation as a reduction in supply voltage by a factor , reduces
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Fig. 1. A typical DSP implementation. (a) Block diagram of a typical DSP
system. (b) Block diagram of a 6-bit ripple carry adder.

the dominant capacitive component of energy dissipation by a
[7]. The static components of energy dissipation are
factor
also reduced when supply voltage is scaled without altering the
device threshold voltage. However, the extent of voltage scaling
[7] is limited by the critical path delay of the architecture and
the throughput requirements of the application.
Consider the block diagram of a typical digital signal processing (DSP) system shown in Fig. 1(a), where the input/output
,
(I/O) registers are clocked at the sample period
is the sample rate. The critical path delay [18]
where
of the DSP block (defined as the worst-case delay over all possible input patterns) should be less than or equal to the sample
. Fig. 1(b), shows the block diagram of
period , i.e.,
a 6-bit ripple carry adder. If the time period required for a single
time units, then the critical path
full-adder is represented by
of an -bit full adder is given by
. Given
delay
, the gates forming the adder are designed such that at the
, the delay condition,
rated supply voltage
is satisfied. The relationship between
and circuit delay
is given by [8]
(1)
where
load capacitance;
is the velocity saturation index,
gate transconductance;
device threshold voltage.
as the critical supply
We refer to the voltage at which
of
a
given
architecture.
Note
that violating the
voltage
beyond
delay condition by reducing
- , i.e.,
-

(2)

leads to erroneous output when the critical
where
is seen as a lower bound on the
path is excited. Hence,
supply voltage for a given architecture and throughput. In order
(without violating
to reduce energy dissipation, reduction in
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Fig. 3.

Fig. 2.

The proposed soft and noise tolerant DSP framework.

the delay condition) can achieved by reducing the critical path
delay of the VLSI implementation via architectural transformations such as pipelining [1] and parallel processing [7]. In this
paper, we propose operating the DSP architecture at voltages
lower than
- . Such operation leads to errors in the system
output when the critical paths and other longer paths are excited.
Hence, the resulting computations are referred to as soft computations.
Errors in system output can also be induced due to deep
submicron (DSM) noise [9] due to phenomena such as ground
bounce, cross-talk, process parameter variations [10], charge
sharing, charge leakage, and slow and unpredictable interconnects. Current approaches to address the issue of DSM noise
range from interconnect centric design methodologies [11] to
systematic static noise analysis methodology [12].
In this paper, we propose algorithmic noise-tolerance (ANT)
to compensate for degradation in the system output due to errors from either soft computations or DSM noise. ANT refers
to algorithmic error-control schemes derived from the knowledge of the system transfer function, input, and output signal
statistics. The resulting framework is illustrated in Fig. 2. The
setup that comprises of the DSP architecture operating at a subcritical supply voltage (lower than
- ) and the low-complexity error-control scheme is referred to as soft DSP. The
goal of soft DSP is to achieve substantial energy-savings while
meeting the algorithmic performance specifications. Note that
the effectiveness of the proposed scheme depends on the error
frequency. We show that the phenomenon of velocity saturation
in short-channel devices (feature size is less than 0.5 m) favors
low-power operation via soft DSP. In contrast to the existing solutions to the DSM noise problem [11], [12], we propose the
use of ANT schemes to restore degradation in algorithmic performance due to DSM noise and refer to the resulting setup as
noise-tolerant DSP as shown in Fig. 2. The motivation for the
framework in Fig. 2 is derived from the recently proposed [13],
[14] information-theoretic approach to jointly address the energy efficiency and reliability issues for DSM technology.
Several researchers have proposed algorithmic level
error-control schemes. In algorithm based fault-tolerance
(ABFT) [15], redundant computations are employed to detect
and locate errors. The correct output is then recomputed. The
fault-tolerant FFT processors [16] involves detection and isolation of permanent faults. In [17], redundant taps are provided

Effect of errors on performance of DSP algorithms.

to restore performance degradation due to stuck-at faults at one
or more bits in tap outputs. The ANT scheme proposed in this
paper aims at restoring the degradation in SNR due to transient
errors and not exact error correction. Hence, the error-control
overhead is substantially smaller as compared to the existing
fault-tolerant schemes.
The rest of this paper is organized as follows. In Section II,
the proposed notion of soft DSP is introduced with a motivational example. It is also dependent on the path-delay distribution of the architecture employed. A new multiply-accumulate
(MAC) architecture that augments the effectiveness of the proposed approach in digital filter implementations is presented. In
Section III, a low complexity prediction-based algorithm is developed to detect and mitigate the effect of soft errors on the
performance of the digital filtering algorithm. In Section IV, we
study the energy savings due to the proposed approach in the
context of frequency selective filtering. In particular, the effectiveness of the proposed scheme for existing and proposed filter
architecture is studied. We also study the performance of algorithmic noise-tolerance schemes in presence of random errors in
the system output due to DSM noise. Finally, in Section V conclusions and scope for future work on this topic are presented.
II. ENERGY SAVINGS VIA SOFT DSP
The efficacy of the soft-DSP approach is a function of: 1)
supply voltage scaling beyond
- ; 2) error frequency; and
3) the overhead due to error-control. In this section, we illustrate
the relationship between energy savings due to the proposed approach and the resulting degradation in performance due to errors in the system output. It is shown that error frequency due
to soft computations is a function of the path delay distribution
of the DSP block architecture and a new MAC architecture that
improves the effectiveness of the proposed scheme for the filtering algorithm is presented.
A. Motivational Example
Consider the 5-bit adder shown in Fig. 3(a), where the input
ns, the
operands are 00 101 and 01 011. Assuming that
critical path delay of this adder is 15 ns. Note that the time taken
to compute the output corresponding to the two operands is also
15 ns as the carry generated in adding the least significant bit
(LSB) propagates all the way to the most significant bit (MSB).
ns. If the supply voltage is now reduced such that
Let
ns, the adder output at the end of the sample period will
be 01 000 as shown in Fig. 3(a). Hence, the numerical value of
the adder output will be 8 instead of 16. These errors in turn
result in a wrong system output. If the inputs do not excite the
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longer paths (e.g., 00 001 and 00 010), then the adder provides
correct outputs. We refer to such an adder as a soft adder and,
in general, we refer to arithmetic units operating at subcritical
voltages as soft computational blocks.
In the absence of errors, the algorithmic performance of a
[as shown in Fig. 3(b)] is measured
filter transfer function
in terms of the output SNR given by
SNR

(3)

and
are the signal and noise powers, respectively.
where
The output in this case can be expressed as
(4)
is the desired signal and
is the signal noise.
where
The filter output in presence of errors due to soft computations
can be expressed as
(5)
is the error introduced in the output sample at the
where
th instant. Note that
will be nonzero only when errors
occur in the filter output. The output SNR is given by

Fig. 4. Path delay histograms of 8-bit ripple carry adder: (a) Path delay
statistics over all input combinations for an 8-bit ripple carry adder. (b) Input
and output histograms of an 8-bit 2’s complement ripple carry adder.

(6)

that the input distribution is uniform, reducing
such that
, leads to an error
the new full-adder delay
probability of 0.05. This can be reduced even further provided
the input combinations that excite the critical paths occur infrequently. The path delay histogram of an 8-bit two’s complement
ripple carry adder where the input operands are generated randomly, is shown in Fig. 4(b), (iii). Fig. 4(b), (i) and 4(b), (ii)
show the probability distribution of the adder operands and ,
respectively, with the axis being the integer value of the corresponding binary combination. Also shown in Fig. 4(b), (iii) is
the histogram of path delays for an unsigned 8-bit adder. The
operands are the same as in Fig. 4(b) (i) and 4(b) (ii). However,
a bias of 128 is added to both the operands to make them unsigned positive numbers. It can be seen that for unsigned numbers, the fraction of inputs that excite the critical paths is significantly less. In the two’s complement number representation,
small negetive numbers have a higher number of ones which require larger path delays. Therefore, it is better to use unsigned
number representation in order to further improve the effectiveness of soft DSP. In this paper, we propose a MAC architecture,
presented in the following subsection, that employs an unsigned
array multiplier for digital filter implementations. We show in
Section IV, that this MAC architecture gives an additional 20%
energy savings as compared to the 2’s complement architecture
when used to implement an ANT-based system.

is the total noise power. Hence, errors in the system
where
output lead to degradation in performance in terms of SNR .
The extent of the degradation depends on the magnitude of the
when it is nonzero and the frequency with which
error
it occurs. As shown in the adder example above, errors from to
soft computations occur in the MSBs due to longer path delays.
These errors can cause substantial degradation in algorithmic
performance and are easily detectable. This leads us to conclude
that the error-control schemes should be effective in capturing
MSB errors in order to result in substantial energy savings with
marginal performance degradation. Note that intermittent errors
could also be due to DSM noise. In this paper, we propose employing low-complexity algorithmic error-control schemes to
detect and mitigate the effect of errors on algorithmic performance, where the errors could be due to either soft computations or DSM noise.
B. Path-Delay Distribution of Adders
A soft DSP-friendly architecture is one where the number of
paths that fail, increases gradually as the supply voltage is scaled
beyond
- . In this subsection, we study the frequency of
excitation of critical paths in the context of a ripple carry adder.
For an -bit ripple carry adder, the total number of possible
Of these, some cominput combinations is
and
( is
binations such as
time units. Other
assumed to be 8) are evaluated in just
,
excombinations such as
time units. In Fig. 4(a), the
cite the critical path requiring
path delay distribution (histogram of the evaluation time) for
all possible input combinations for an 8-bit ripple carry adder
is shown. It can be seen that more than 95% of the possible
time units. Assuming
input combinations are evaluated in

C. Energy Savings Versus Probability of Soft Errors
and the gate
The relationship between the supply voltage
versus the increase in the
delay is given by (1). A plot of
normalized delay for several values of the velocity saturation
index is shown in Fig. 5(a). Note that reduction in (due to
short channel effects) leads to a reduction in the delay penalty
suffered due to voltage reduction. The rate at which these errors
would occur is input dependent. A plot of the factor by which
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are computed separately. If the product is negative, a bias term is
added to make it positive before it is applied to the adder. Hence,
we get

where, flag
Fig. 5. MAC architectures. (a) Traditional. (b) Proposed.

(7)
transition. Note that
where is the probability of a
, about 50% reduction in energy dissipation can
for
be achieved with a probability of error of 0.1. The energy savings possible are about 80% for velocity saturated devices with
. Hence, the proposed approach leads to higher energy
savings with technology scaling. The impact of the probability
of error can be reduced via the ability to detect and correct errors
in the output of DSP systems with a low-complexity overhead.
This will allow for substantial reduction in energy dissipation
with marginal degradation in performance.
D. MAC Architecture for Soft DSP
of an

is
is

ve
ve

(9)

and
are the number of bits in the representation of
and
. An additional adder (operating at sample rate) is
flag
employed to subtract the bias term
from
to obtain
. Note that the multiplier in the SMA
is smaller than that in the traditional structure due to signed
magnitude representation. This leads to additional reduction in
energy dissipation of the overall structure that compensates for
the overhead of two adders.

and

voltage is reduced versus the probability of error for an 8-bit
V (typical
adder is shown in Fig. 5(b). We have set
was
for 0.35 m CMOS technology) , and the value of
is normalized to 1 ns at
V. Once
chosen such that
again, note that reduction in enables higher voltage scaling
for a given probability of error. Finally, the relationship between energy dissipation and the probability of error [shown
in Fig. 5(c)] was obtained by assuming a quadratic relationship
and , given by [18]
between

The output

flag
if
if

-tap filter is given by
(8)

III. ALGORITHMIC NOISE-TOLERANCE FOR DIGITAL FILTERING
In this section, we present an algorithmic error-control
scheme for digital filtering in order to reduce the impact of
errors on the algorithmic performance. The proposed scheme is
shown in Fig. 7(a), where the filter output is fed to an error-control block that detects errors in the filter output and reduces
their effect on system performance. The output of the error
and the goal of this approach
control block is denoted by
, where
denotes the filter output
is to obtain
in absence of errors. The term noisy filter represents a soft
implementation of the digital filter or in presence of other noise
inducing phenomena such as deep submicron noise. We assume
that the error-control block has been designed to be error free.
For soft DSP, as it will be shown later, this assumption holds
as the critical path delay of the error-control block will be
small compared to that of the filter. Similarly, in case of DSM
noise, a noise elimination design strategy [9] can be adopted to
obtain an error-free error control block. As the complexity of
the error-control block is much lesser than that of the filter, the
design overhead will be significantly smaller.

where

A. A Difference-Based Error-Control Scheme

th coefficient of the filter;
input at
th instant;
order of the filter.
A typical MAC structure to compute the filter output is shown in
Fig. 6(a), where the multiplier computes the product
, which are accumulated by the adder. Typically, two’s complement representation is used in representing the filter coefficients and the signal. However, as shown earlier, unsigned magnitude representation offers the advantage that a smaller fraction
of inputs excite the critical path. Note that signed-magnitude
representation has been employed in the past [5], [23], to reduce transition activity in correlators for wireless applications.
The proposed MAC structure [refered to as the sign-magnitude
architecture (SMA)] shown in Fig. 6(b) employs signed magnitude representation and unsigned multiplier and adders. In this
structure, the magnitude and sign of the product

In this subsection, we present a simple error-control scheme
suitable for lowpass digital filters with a relatively narrow passband. This scheme can be shown to be a special case of the
more general predictive error-control scheme presented in Secdenote the filter output when the filter error
tion III-B. Let
free and is given by (8). The difference in consecutive samples
of the filter output is given by
(10)
denote the filter output when the filter is operating
Let
under reduced voltage, with
(11)
denotes the the error in the filter output due to soft
where
is nonzero only when the input
computations. Note that
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Fig. 6. Energy dissipation-error probability of 8-bit ripple carry adder. (a)
error versus% reduction in energy dissipation.

V

Fig. 7. Algorithmic noise-tolerant digital filtering. (a) The proposed scheme.
(b) Difference-based ANT scheme for LPF.

pattern is such that longer paths in the filter implementation are
excited. Assuming that the past input is noiseless, i.e,
, we have

versus normalized delay. (b)

K

versus probability of error, and (c) probability of

If an error is detected, the past output sample is taken to be the
estimate for the current output sample. The performance of the
above algorithm is based on the choice of
, the relative magand
and the frequency with which ernitudes of
and
obtained over
rors occur. The distributions of
of the frequency
20 000 samples for several bandwidths
selective filter is shown in Fig. 8. Note that for lower bandis an order of magnitude smaller
widths, the variance in
. Hence, the magnitude of the error in filter
than that in
, which occurrs mainly in the MSBs, will be
output
. Therefore, if
,
will
much larger than
is chosen such that
be large. The value of
when
(in absence of error) and
when
(in presence of error). In this paper, we have
, where
is the variance of
. As the
chosen
increases with bandwidth, the effectiveness
variance in
of the above approach in performing error detection deteriorates. Hence, for larger bandwidths, a more sophisticated prediction-based scheme presented in Section III-B is employed.
For the proposed error-control scheme for lowpass filters,
note that the past sample of the filter output is used as the estimate of the current sample. Hence, as shown in Fig. 7(b) the
overhead involved is just an adder, a delay element and a comparator for the decision block.

(12)
B. Prediction-Based Error-Control
is the difference in the filter output in presence
where
of errors. From Schwartz inequality and (12), it can be easily
shown that
(13)
for all , where
is a suitably
Assuming that
chosen difference threshold as described later, the following difference-based error-control scheme (shown in Fig. 7(b)) is derived from (13):
(from (10));
• compute
an error is declared;
• error detection: if
;
• error correction: if an error is declared,
.
else

A general prediction-based scheme can be proposed to handle
different input correlation structures, as shown in Fig. 9. In this
scheme, a low-complexity linear forward predictor is employed
to get an estimate of the current sample of the filter output based
on its past samples. In the absence of errors in the filter output,
the prediction error is usually small. A large error in the filter
output due to excessive voltage reduction leads to an increase
in the magnitude of prediction error and this phenomenon is
employed to detect errors in the filter output.
denote the output of an
-tap predictor when the
Let
filter is noiseless, i.e.,
(14)
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Distribution of y (n) and y (n) for (a) ! = 0:1 , (b) ! = 0:2 , and (c) ! = 0:3 .

The following theorem derived from (18) is employed next to
derive the error detection scheme.
, where
is positive, then
Theorem 1: If
(19)
Proof: Multiplying (18) on both sides by

, we get
(20)

Fig. 9.

Prediction-based algorithmic noise tolerance.

where
denotes the optimum predictor coefficients [24]
of the
that minimize the mean squared value (MSE)
, given by
prediction error
(15)
The minimum MSE (MMSE) depends on the autocorrelation
and the order of the predictor. Let
,
,
function of
denote the filter output, the predictor output, and the
and
prediction error, respectively, in presence of errors due to soft
computations.
, where
denotes the
Define
due to voltage reduction. From (11) and (15), we
error in
get
(16)
output sam-

Assuming that no more errors occur in the next
ples, we can show that

(17)
. Equations (16) and (17) can now be exfor
pressed in vector form as
(18)
where
;
;

Taking absolute values on both sides and applying Schwartz inequality, we obtain (19).
It can be seen from the above theorem that if
, then
and, hence, the error is detected.
C. Error-Control Algorithm
The following algorithm, derived from Theorem 1 is employed for error control.
be the variance of the prediction error with noise• Let
less digital filter.
, then an error is de• Error detection: If
clared.
• Error correction: If an error is declared, then
, else
.
Hence, if an error is detected, the predictor output based on
the past correct samples is declared as the system output. The
performance of the prediction-based error control algorithm
and
and the frequency with
depends upon the choice of
and
which errors occur. The distributions of
obtained over 20 000 samples for several bandwidths of the
frequency selective filter is shown in Fig. 10. Note that for all
is several orders
the bandwidths, the variance in
, making it possible to
of magnitude smaller than that in
that satisfies the assumption
choose a smaller value of
for all . As, the magnitude of the error
will be several orders larger than
in filter output
, if
,
will be large. It can be
, the
term amplifies
seen from (20) that when
on the product
. This enables
the effect of
the prediction-based algorithm to detect errors of smaller
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Distribution of y (n) and y (n) for (a) ! = 0:2 , (b) ! = 0:4 , and (c) ! = 0:6 .

magnitude and, hence, we choose a smaller decision threshold
.
Hence, the effectiveness of the error detection and correction
scheme described above depends on the following assumptions.
is relatively large. Errors with
1) The magnitude of
higher magnitudes lead to a higher value of
and the error is easily detected.
is small enough such
2) The probability that
that the frequency of the errors in the filter output is less
. The performance of the above scheme detethat
riorates when multiple errors occur at the filter output in
samples.
the span of
The errors due to soft computations occur in the MSBs and,
hence, are of large magnitude. This validates assumption 1. Assumption 2, limits the factor by which voltage can be reduced
as the set of error inducing input combinations grows with increase in delay due to voltage reductions. The experimental results presented in this paper demonstrate that for long channel
, up to 25% reduction in supply voltage can
devices
be achieved before assumption 2 is violated. The corresponding
is about 52%. Hence,
value for short channel devices
in both the cases, substantial energy savings can be obtained before assumption 2 is violated.

Fig. 11.

2) Relaxation for Error Detection: It can be seen from (16)
is large relative to
, the magnitude of
that when
is large and, hence, an error can be detected by a jump
. Hence, step 2 in the error-control
in the magnitude of
algorithm presented above can be modified to the following.
, then an error is declared.
• If
.
In this case, we set
In the next section, the performance of the error detection and
correction schemes described above are simulated in the scenario where a digital filter is employed to reduce out-of-band
noise in a bandpass signal. It is also shown that the proposed
approach provides for substantial reduction in energy dissipation with marginal performance degradation.
IV. EXPERIMENTAL RESULTS

D. Complexity of the Error-Control Algorithm
-tap filter for
The algorithm presented above involves an
multipliers and
adders (equivthe linear predictor and
. In case
alent to an -tap filter) to compute the term
of soft computations, note that the errors occur in the MSBs
and, hence, are of higher magnitude. In such a case, the proposed error-control algorithm can be relaxed further to reduce
the complexity of the error detection circuitry.
1) Relaxation via Coefficient Reduction: Here, the coefficients of the predictor that are small in magnitude are reduced
to zero. This allows for elimination of an entire tap from the
prediction filter reducing its complexity and energy dissipation.
As the coefficients with smaller magnitude have an insignificant
, the reduction in performance is usually marimpact on
ginal.

Simulation setup to evaluate the proposed scheme.

The setup used to measure the performance of the proposed
scheme in which the filtering algorithm is employed in the frequency selective filtering configuration is shown in Fig. 11. A
lowpass, bandpass, or a high-pass filter (LPF, BPF, or HPF), denoted as the signal generation filter (SGF), is used to generate
from a wide-band input
. The
a bandlimited signal
is the corrupted by wide-band noise
, i.e., the
signal
signal
is obtained as
(21)
where

is the output of the SGF for a wide-band input
. The SNR of
is given by
SNR

(22)
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where
As

is the variance of
and
is the variance of
.
is bandlimited, the SNR can be improved by passing
though a frequency selective filter with bandwidth .
This filter is denoted as the signal processing filter (SPF) in
Fig. 11 and it supresses the out-of-band components of the noise
. The SNR at the filter output, denoted by SNR , is
signal
given by
SNR

(23)

the component of
that occupies the same band
where
and, hence, is not suppressed.
as
We employ the proposed soft DSP implementation of the
filtering algorithm to perform frequency selective filtering on
as shown in Fig. 11. Note that this setup simulates several practical scenarios for signal processing where the task is
to extract a bandlimited signal embedded in wide-band noise.
We employ a folded implementation for the signal processing
taps where all the taps are mapped on to a
filter containing
single MAC. The coefficient and the input data precisions are
chosen to be 10 and 8 bits, respectively. The conventional MAC
structure that employs 2’s complement architecture (TCA) requires a 8 11 multiplier due to sign extension. The proposed
structure however requires a 6 9 multiplier as there is no need
for sign extension. The length of the ripple-carry adder in the
MAC is 19 bits for the proposed architecture and 22 bits for the
of the conconventional TCA. Hence, the critical path delay
. The critical path delay of the
ventional MAC structure is
. The sample period is given
proposed MAC structure is
, where is the number of taps in the filter. We
by
for all the experimental results presented
have chosen
in this paper as it was sufficient in providing the required SNR
improvement for several bandwidths considered in this paper.
A. Performance Measures
The complexity of the predictor and the error-control block
depends on the bandwidth of the signal, the statistics of the errors introduced due to soft computations or DSM noise and the
desired SNR . The performance of the proposed scheme is measured via two experiments. In the first experiment, we study the
performance in restoring the SNR degradation due to soft computations. We also measure the resulting savings in energy dissipation, present the energy-performance relationship, and compare it to that of the conventional TCA. In the second experiment, we measure the performance of the proposed scheme in
presence of DSM noise by introducing errors randomly at the
SPF output. The SNR at the output of the filter in presence of
errors is given by
(24)
where
variance of the signal component (due to
);
variance of the noise component (due to
);
variance of error in the output due soft computations
or DSM noise (i.e.,
).
In order to estimate the energy savings obtained via voltage
reduction as proposed, the energy dissipation values are ob-

=

Fig. 12. Performance with filter bandwidth !
0:2 of the difference-based
ANT scheme. (a) K versus SNR for several values of for the porposed
SMA. (b) K versus SNR for
= 1:2 for the conventional TCA and the
proposed SMA.

tained by using MED [25], a gate level energy estimator. Note
that the simulator uses a real delay model and, hence, takes
into account the glitching activity in the circuit. An extended
simulation for 2000 input vectors is performed for the arithmatic blocks employed in both the traditional and the proposed
schemes to obtain energy estimates. The gate library parameters
comprised of delay and capacitance values that are typical of a
0.5 m CMOS technology. When the supply voltage is scaled,
values corresponding to a given path-delay are obtained
the
(no velocity saturation) and for
by solving (1) with
and 1.2 (with velocity saturation). The reduction in energy dissipation is characterized by energy savings (ES) defined
as
(25)
is the energy dissipation with conventional
where
is the
voltage scaling (i.e., with
- ), and
energy dissipation with the proposed scheme.
B. Effect of Velocity Saturation on Soft DSP
versus SNR for a lowpass filter employing
The plot of
for sevthe proposed SMA, with filter bandwidth
eral values of is shown in Fig. 12(a). Note that smaller en-
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Performance versus energy savings ( = 1:2) with filter bandwidth

:  for the difference-based ANT scheme.

= 02

ables a smaller value of
, the voltage scaling factor (see (2)).
,
scaling by a factor of 0.72 is possible with
With
a degradation of less than 0.5 dB in SNR using ANT. The difference-based ANT scheme is employed here as the filter bandwidth is small. It can be seen that reduction in due to velocity
and, hence, higher ensaturation enables higher reduction in
ergy savings.
For the same bandwidth and the ANT scheme, the plot of
versus SNR characteristics of the proposed signed-magnitude
are
architecture (SMA) and the conventional TCA for
compared in Fig. 12(b). Note that the proposed architecture alscaling as compared to the conventional
lows for higher
TCA. For a performance degradation of less than 0.5 dB, the
as compared to the
conventional TCA allows for
proposed scheme that allows for
.

Fig. 14. Performance–energy relationship (with
=
1:2) of the
prediction-based ANT scheme with N = 3 for filter bandwidths. (a)
! = 0:3 . (b) ! = 0:5 .

C. Energy-Performance Characteristics
The plot of SNR versus energy savings of the proposed soft
DSP scheme for
employing the difference-based
ANT scheme is shown in Fig. 13. For comparison purposes, we
choose a conventional TCA architecture operating at its
as a reference. Note that this is the best that traditional voltage
scaling achieves. The proposed SMA architecture with ANT
leads to 80% energy savings over the conventional TCA. The energy-savings via soft DSP employing the TCA is 34%, whereas
the same with the proposed SMA is 51% when the performance
degradation allowed is less than 0.5 dB. The proposed architecture leads to savings over conventional TCA due to the following reasons: 1) the critical path delay of the proposed architecture is reduced due to the unsigned multiplier and 2) the
transition activity of the proposed architecture is reduced due
to the employment of the signed magnitude representation in
the multipliers. Note that the reduced transition activity in the
MSBs allows for higher voltage scaling for a given error frequency. The difference-based scheme can only be employed
for low bandwidth filters as its performance degrades rapidly
with higher filter bandwidths. For larger filter bandwidths, the
prediction-based ANT scheme is more effective in obtaining
satisfactory energy-performance relationship despite the higher
overhead.

Fig. 14(a) shows the plot of energy-performance curves (with
) for a lowpass filter with
employing the
prediction-based ANT scheme. The degradation in performance
due to voltage scaling is nearly linear in the absence of ANT. It
was observed that, in presence of ANT, the performance degradation is restored for scaling factors upto 0.49 (as compared to
conventional TCA) resulting in 81% energy savings over conventional TCA. The performance loss suffered is less than 0.5
dB. Beyond this point multiple errors occur and, hence, the assumption 2 in Section III-C is violated. Fig. 14(b) shows the en. In this case, the
ergy-performance relationship for
possible energy savings over the conventional TCA operating at
is 78% with a performance loss of about 0.5 dB. Note
that the energy savings compared to the proposed architecture
is about 58% and the corresponding savoperating at
is 64%. The drop in energy
ings for filter bandwidth
savings for higher bandwidths is due to the reduction in correlation of the filter output which requires a higher predictor length
for increases effectiveness.
D. Performance of ANT in the Presence of DSM Noise
In order to experimentally verify the effectiveness of the proposed approach in presence of DSM noise, errors are introduced
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V. CONCLUSION AND FUTURE WORK
In this paper, we have proposed soft DSP for reduction in energy dissipation, where the supply voltage is reduced beyond
that limited by the critical path delay of a given DSP architecture. The degradation in performance of the DSP algorithms
is restored via algorithmic noise tolerance, where the signal
statistics are exploited to develop low complexity error-control
schemes. Note that the proposed approach is also a viable lowpower technique in presence of DSM noise in future technologies, particularly for DSP and communications applications.
It was shown that the effectiveness of the proposed approach
depends on two key features: 1) the path delay distribution
of the architecture employed and 2) the effectiveness of the
error-control schemes in restoring performance degradation.
The ANT scheme presented in this paper is applicable to
frequency selective finite impulse response (FIR) digital filters.
However, the potential for energy reduction via soft DSP exists
any DSP/ communications applications where the algorithmic
performance is specified in terms of average metrics such as
SNR or bit error rate (BER). Such applications include adaptive
filtering for channel equalization, fast Fourier transform/inverse
fast Fourier transform (FFT/IFFT) computations, image/video
processing algorithms etc.. We also intend to study the impact
of algorithmic noise-tolerance schemes in handling various
DSM noise sources and study the effect of a noisy error-control
block on the performance of ANT schemes for space-based
applications that are prone to noise problems due to cosmic
rays.
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