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Periodogram of IF signal without noise (black line) and output of linear filter (gray line)
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Periodogram of IF signal without noise (black line) and output of linear filter (gray line)
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Discrete white Gaussian sparse noise (52 = 10)
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Band-limited continuous Band-limited continuous
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Peakedness vs. bandwidth for Gaussian noises of initial sparsities 10 and 100
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Peakedness of total power response in dBc of excess-to-average power
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METHOD AND APPARATUS FOR ADAPTIVE
REAL-TIME SIGNAL CONDITIONING AND
ANALYSIS

CROSS REFERENCES TO RELATED
APPLICATIONS

[0001] This application claims the benefit of the U.S. Pro-
visional Patent Application Nos. 61/280,821 filed on Nov. 9,
2010, No. 61/280,833 filed on Nov. 9, 2010, No. 61/399,040
filed on Jul. 6,2010, and Atty. Docket No. Nikitin 1005P filed
on Oct. 21, 2010, which are incorporated herein by reference
in their entirety.

STATEMENT REGARDING FEDERALLY
SPONSORED RESEARCH OR DEVELOPMENT

[0002] None.

COPYRIGHT NOTIFICATION

[0003] Portions of this patent application contain materials
that are subject to copy-right protection. The copyright owner
has no objection to the facsimile reproduction by anyone of
the patent document or the patent disclosure, as it appears in
the Patent and Trademark Office patent file or records, but
otherwise reserves all copyright rights whatsoever.

TECHNICAL FIELD

[0004] The present invention relates to methods, processes
and apparatus for real-time measuring and analysis of vari-
ables. In particular, it relates to adaptive real-time signal
conditioning, processing, analysis, quantification, compari-
son, and control. This invention also relates to generic mea-
surement systems and processes, that is, the proposed mea-
suring arrangements are not specially adapted for any specific
variables, or to one particular environment. This invention
also relates to methods and corresponding apparatus for mea-
suring which extend to different applications and provide
results other than instantaneous values of variables. The
invention further relates to post-processing analysis of mea-
sured variables and to statistical analysis.

BACKGROUND OF THE INVENTION

[0005] Signals of interest in various data acquisition and
processing devices are always affected by various interfer-
ences (noise) from natural and man-made sources. Be it a
signal from a sensor, or a signal from a transmitter in a
communication chain, the amount of noise affecting the sig-
nal needs to be reduced in order to improve the signal quality.
[0006] Since a signal of interest typically occupies a difter-
ent and/or narrower frequency range than the noise, linear
filters are applied to the incoming mixture of the signal and
the noise in order to reduce the frequency range of the mixture
to that of'the signal. This reduces the power of the interference
to a fraction of the total, limited to the frequency range of the
signal.

[0007] However, the noise having the same frequency
power spectrum can have various peakedness, and be impul-
sive or non-impulsive. For example, white shot noise is much
more impulsive than white thermal noise, while both have
identically flat power spectra. Linear filtering in the fre-
quency domain does not discriminate between impulsive and
non-impulsive noise contributions, and does not allow miti-
gation of the impulsive noise relative to the non-impulsive. In

May 12, 2011

addition, reduction in the bandwidth of an initially impulsive
noise by linear filtering makes the noise less impulsive,
decreasing the ability to separate the signal from the noise
based on their peakedness.

[0008] Effective suppression of impulsive interferences
typically requires nonlinear means, for example, processing
based on order statistics. These means can be employed either
through digital signal processing, or in the analog signal
chain. The nonlinear filters in the analog signal chain can
range from simple slew rate limiting filters to more sophisti-
cated analog rank filters described, for example, in U.S. Pat.
Nos. 7,133,568 and 7,242,808, referenced as (Nikitin and
Davidchack, 2006 and 2007), and U.S. Pat. Nos. 7,107,306,
7,418,469, and 7,617,270, referenced as (Nikitin, 2006, 2008,
and 2009).

[0009] However, the practical use of nonlinear filters is
limited as it typically results in complicated design consider-
ations and in multiple detrimental effects on normal signal
flow. These filters cause various nonlinear distortions and
excessive attenuation of the signal, and their effect on the
useful signal components is typically unpredictable and
depends on the type and magnitude of the interfering signal.
[0010] A particular example of impulsive interference is
the electromagnetic interference (EMI), also called radio fre-
quency interference (RFI). It is a widely recognized cause of
reception problems in communications and navigation
devices.

[0011] EMI is a disturbance that affects an electrical circuit
due to either conduction or radiation emitted from a source
internal or external to the device. EMI may interrupt, obstruct,
or otherwise degrade the effective performance of the device,
and limit its link budget. The detrimental effects of EMI are
broadly acknowledged in the industry and include: (i)
reduced signal quality to the point of reception failure, (ii)
increased bit errors which degrade the system resulting in
lower data rates and decreased reach, and (iii) increased
power output of the transmitter, which reduces the battery life
and increases its interference with nearby receivers.

[0012] A major and rapidly growing source of EMI in com-
munication and navigation receivers is other transmitters that
are relatively close in frequency and/or distance to the receiv-
ers. Multiple transmitters and receivers are increasingly com-
bined in single devices which produces mutual interference A
typical example is a smartphone equipped with cellular, WiFi,
Bluetooth, and GPS receivers. Other typical sources of strong
EMI are on-board digital circuits, clocks, buses, and power
supplies.

[0013] Most state-of-the-art analog mitigation methods of
EMI focus on reducing the interference before it reaches the
receiver, and none of these methods allows effective EMI
filtering once it has entered the receiver chain. After the
interference has entered the signal path, only computationally
and silicon intensive nonlinear, non-real-time digital signal
processing solutions are offered.

[0014] Other systems impeded by the impulsive noise and
artifacts are various sensor systems, including all coherent
imaging systems. A common example is various medical
imaging systems such as ultrasonic, which are generally
affected by multiplicative shot (or speckle) noise. Typically,
various methods of reduction of the speckle noise involve
non-real-time adaptive and non-adaptive speckle filtering of
the acquired images, or multi-look processing.

BRIEF SUMMARY OF THE INVENTION

[0015] Due to the sporadic and transient nature of impul-
sive interferences, their effective suppression can be achieved
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by using filters which behave nonlinearly only during the
occurrence of relatively high power disturbances, and main-
tain linear behavior otherwise. The present invention over-
comes limitations of the prior art by providing a novel method
for identifying and discriminating between, in real time, the
conditions of the signal with and without impulsive distur-
bances. This method can be implemented without substantial
changes in the signal processing chain of a communication or
data acquisition system.

[0016] The present invention also overcomes the shortcom-
ings of the prior art through the introduction of the novel
SPART filter family. This filter family can be considered a
novel non-obvious improvement on the Single Point Analog
Rank Tracker (SPART) filter initially described in (Nikitin,
2006, 2008, and 2009), with which the new filters share some
methodological similarities. In this disclosure, reference to
“SPART”" and “FrankenSPART™” filters shall mean those of
the present invention SPART filter family, and not the SPART
filter disclosed in (Nikitin, 2006, 2008, and 2009), which we
may refer to in this application as “prior-SPART™".

[0017] The present invention SPART filters have the fol-
lowing useful properties:

[0018] (i) a SPART filter can replace a corresponding
analog linear filter in the signal chain of a device;

[0019] (ii) a SPART filter has the ability to sense and
discriminate between, in real time, the conditions of the
signal with and without impulsive disturbances;

[0020] (iii) when the mixture of the signal and the noise
is non-impulsive, a SPART filter acts just like the linear
filter it replaces; and

[0021] (iv) a SPART filter senses the spurious impulsive
disturbances in real time, and adjusts its behavior for the
duration of those disturbances in a manner which
reduces the power of the disturbances.

[0022] When an interference contains an impulsive com-
ponent, SPART filters have the ability to improve the signal-
to-noise ratio even if the spectral density of the noise lies
entirely within the passband of the signal.

[0023] SPART filters can also be implemented digitally,
without memory and high computational cost limitations of
the nonlinear processing found in the existing art.

[0024] Further scope of the applicability of the invention
will be clarified through the detailed description given here-
inafter. It should be understood, however, that the specific
examples, while indicating preferred embodiments of the
invention, are presented for illustration only. Various changes
and modifications within the spirit and scope of the invention
should become apparent to those skilled in the art from this
detailed description. Furthermore, all the mathematical
expressions and the examples of hardware implementations
are used only as a descriptive language to convey the inven-
tive ideas clearly, and are not limitative of the claimed inven-
tion.

BRIEF DESCRIPTION OF FIGURES

[0025] FIG.1.Simplified block diagram of implementation
of a FrankenSPART method and/or circuit.

[0026] FIG. 2. Comparison of FrankenSPART with series
combinations of RC integrator and slew rate limiter. The input
signal is a harmonic tone affected by (i) an additive broadband
white impulsive noise, (ii) a broadband white nonimpulsive
noise, and (iii) by the sum of (i) and (ii). The input is filtered
by (a) an RC integrator followed by a slew rate limiter (“RC-
SRL”), (b) a slew rate limiter followed by an RC integrator
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(“SRL-RC”), and (c) by a FrankenSPART filter with the
corresponding time constant and slew rate parameters. The
gray lines in all traces show the outputs when the input is a
pure tone unatfected by the noise. One can see that, while the
RC-SRL is effective against the nonimpulsive noise, and the
SRL-RC is effective against the impulsive noise, these com-
binations fail in the presence of the noise which is the sum of
both impulsive and nonimpulsive. FrankenSPART, on the
other hand, performs well in all three cases.

[0027] FIG. 3. Comparison of FrankenSPART with series
combinations of RC integrator and slew rate limiter. The input
signal is a harmonic tone affected by the sum of broadband
white impulsive and nonimpulsive noises, corresponding to
case (ii1) in FIG. 2. The input is filtered by (a) an RC integrator
followed by a slew rate limiter (“RC-SRL”), (b) a slew rate
limiter followed by an RC integrator (“SRL-RC”), and (c) by
a median FrankenSPART filter with the corresponding time
constant and slew rate parameters. The gray lines in all traces
show the power density of the sum of the signal and the noise
before filtering. One can see that the FrankenSPART filter
lowers the noise floor even in the signal passband, without
affecting the signal, resulting in the SNR improvement.
[0028] FIG. 4. Simplified setup for demonstration of the
impulsive nature of interchannel interference.

[0029] FIG. 5. Two equal-power transmitters are sending
messages simultaneously, and the path attenuation is equal.
Since the power of the out-of-band interference is much
smaller than the in-band signal, the received message is
uncorrupted and accurately represents the in-band transmit-
ted message indicated by traces I and Q.

[0030] FIG. 6. With 75 dB gain in the receiver to compen-
sate for the additional 75 dB path loss of the in-band trans-
mitter, the out-of-band interference becomes strong enough
to disrupt the message in the receiver using the linear base-
band filters. The receiver with the FrankenSPART filters is
largely unaffected by the interference. (The gray traces show
the uncorrupted receiver signals [ and Q.)

[0031] FIG. 7. With 95 dB gain in the receiver to compen-
sate for the additional 95 dB path loss of the in-band trans-
mitter, the out-of-band interference completely overpowers
the message in the linear receiver, while the receiver with the
FrankenSPART filters still maintains quality signal. (The
gray traces show the uncorrupted receiver signals [ and Q.)
[0032] FIG. 8. Example of a SPART filter £ G comprising
a combination of FrankenSPART filters S and satisfying the
conditions (i) through (iv) of Section 1.3. In linear regime
L behaves as a low-pass filter with the cutoff frequency
(2memt;pgpepmrIV14+rIV 2rixrlomx) ' ~(10t)™". The slew
rate parameter |1 is controlled by the measured IQR of the
differences between the input signal x(t) and the output of a
first-order low-pass filter h (t)*x(t). The gain G sets the range
of linear behavior of £. .

[0033] FIG. 9. Mitigation of impulsive noise by the SPART
filter £. shown in FIG. 8 in comparison with the correspond-
ing linear filter. One can see that during impulsive distur-
bances (indicated by the gray shaded intervals between the
vertical dashed lines) the filter £ switches into the nonlinear
mode, limiting the rate of change of the output. The filter
remains in this mode until the difference between the input
and output of the filter returns to linear range.

[0034] FIG. 10. Mitigation of impulsive noise by the
SPART filter £ shown in FIG. 8 in comparison with the
corresponding linear filter. The filter £ reduces the total
power of the noise in the passband of the signal by about an
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order of magnitude in comparison with the linear filter, with-
out noticeable attenuation of the signal.

[0035] FIG. 11. Example of a SPART filter modification
M designed to suppress the output during the impulsive
disturbances. The absolute value of the difference between
the intermediate signals y(t) and h_*x(t) is compared with the
product pt. This value exceeding the product pt indicates the
nonlinear regime of the first median-mode FrankenSPART
filter S (on the left). Applying the multiplier O[ut—Iy(t)-
h_*x(t)!] to the output of the first filter § results in suppres-
sion of the output during the nonlinear behavior of the first
filter §. The second median-mode FrankenSPART filter
S (on the right) removes the short-duration residual non-
zero output during the impulsive disturbances.

[0036] FIG. 12. Mitigation of impulsive noise by the
SPART filter M shown in FIG. 11 in comparison with the
corresponding linear filter. One can see that during impulsive
disturbances (indicated by the gray shaded intervals between
the vertical dashed lines) the filter M switches into the non-
linear mode, suppressing the output. The filter remains in this
mode until the difference between the input and output of the
filter returns to linear range.

[0037] FIG. 13. Mitigation of impulsive noise by the
SPART filter M shown in FIG. 11 in comparison with the
corresponding linear filter.

[0038] FIG. 14. Analog band-limited white Gaussian
sparse noise of bandwidth W (lower panel) reconstructed
from an ideal discrete sparse noise with the sparsity factor
s2=10 (upper panel).

[0039] FIG.15. Upper panels: Simulated densities of band-
limited continuous sparse Gaussian noises with the sparsity
factors s*=10 and s°=100 (solid lines), and their respective
idealized approximations according to equation (15) (dashed
lines). Lower panels: Approximation of equation (22)
(dashed lines) in comparison with the simulated densities
(solid lines) for the equal-power additive mixtures of the
sparse and non-sparse band-limited continuous Gaussian
noises. Vertical dashed lines indicate the first and third quar-
tiles of the non-sparse component, and the gray bands fill the
interquartile ranges of the mixtures of the sparse and non-
sparse noses.

[0040] FIG. 16. Mixture of sparse (sparsity factor s>=10)
and non-sparse bandpass Gaussian noises of bandwidth AW.

[0041] FIG. 17. Peakedness as function of bandwidth for
the sparse Gaussian noises of the initial sparsity s*~10 and
s2=100. The dashed lines indicate the respective horizontal
and oblique asymptotes.

[0042] FIG. 18. When a mixture of sparse and non-sparse
components undergoes reduction in bandwidth, it becomes
less impulsive and the distinction between the non-sparse
intervals and those affected by the sparse component dimin-
ishes. The gray bands indicate the sparse intervals of the
mixture.

[0043] FIG. 19. Panel 1 of the figure shows simulated
instantaneous total power response of quadrature receivers
tuned to 1 GHz and 3 GHz frequencies (gray and black lines,
respectively) to an amplitude-modulated 2 GHz carrier of unit
power. The squared impulse response of the lowpass filters in
the receiver channels is shown in the upper right corner of the
panel. Panels I1(a) and II(b) of the figure show the modulating
signal and its first derivative, respectively. For the modulating
signal shown in the figure, n=2 in equation (35). The lower
panel of the figure shows instantaneous total power response
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of'a quadrature receiver as a spectrogram in the time window
w(t) shown in the upper left corner of the panel.

[0044] FIG. 20. Upper panel shows peakedness in dBc of
the instantaneous total power response of a quadrature
receiver as a function of frequency. The horizontal dashed
line corresponds to the peakedness of a Gaussian distribution.
The lower panel shows the total excess (solid line) and aver-
age (dashed line) power in the receiver versus frequency. The
transmitted signal is a 2 GHz carrier amplitude-modulated by
a random 10 Mbit/s bit stream. The impulse response w(t) of
the receiver and the pulse shaping of the modulating signal
are as in the example shown in FIG. 19.

[0045] FIG. 21. Single transmit-and-receive channel for a
typical phased-array medical ultrasound imaging system.
The SPART filters simply replace the the anti-alias filter F1
and the low-pass filter F2 in the VGA control (both high-
lighted in gray).

[0046] FIG. 22. Example of implementation of SPART
using operational amplifiers. The details of the implementa-
tions of the differential amplifier and the voltage-controlled
amplifiers are omitted.

[0047] FIG. 23. Comparator functions given by equations
(2) and (66) (for g=33 and a=7.3x107°x,).

[0048] FIG. 24. Example of implementation of Fran-
kenSPART using operational amplifiers.

[0049] FIG. 25. Attenuation of harmonic signal of various
amplitudes and frequencies. Notice that for the signals with
the amplitudes below the “critical’ (ut) amplitude, the Fran-
kenSPART acts as an RC filter, and for the signals with the
amplitudes above the critical, the FrankenSPART circuit
behaves like a slew rate limiting filter.

[0050] FIG. 26. Illustration of the absence of nonlinear
distortions of harmonic signals with the amplitude below
critical when filtered by the FrankenSPART circuit.

[0051] FIG. 27. Nonlinear distortions of harmonic signals
with critical amplitude by the slew rate limiting filter. Notice
that, since the output of the filter is symmetrical, only odd
harmonics are present.

[0052] FIG. 28. Nonlinear distortions of harmonic signals
with critical amplitude by the FrankenSPART and slew rate
limiting filters.

[0053] FIG. 29. Response of FrankenSPART to boxcar
pulses of various height and duration in comparison with the
response of an RC circuit (top three panels) and a slew rate
limiting circuit (bottom three panels). In all panels, the gray
lines correspond to the input boxcar pulses, the solid black
lines correspond to the FrankenSPART output, the dashed
lines correspond to the RC and slew rate limiting circuits, left
and right respectively. One can see that the attenuation of
boxcar pulses by FrankenSPART is significantly higher then
by the RC filter for large pulses, and higher then by the slew
rate limiting filter for small pulses.

[0054] FIG. 30. Comparison of attenuation of boxcar
pulses by FrankenSPART (solid lines) in comparison with an
RC integrator (gray dashed lines) and a slew rate limiting
filter (black dashed lines).

[0055] FIG. 31. Response to Gauissian white noise with
different rms values. The noise bandwidth is approximately
twenty times the bandwidth of the linear RC filter Notice that
for the signals with the rms below pt/2, the FrankenSPART
circuit acts as an RC filter, and for the signals with the rms
much larger than pt/2, the FrankenSPART circuit behaves
like a slew rate limiting filter.
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[0056] FIG. 32. Response to Gauissian white noise with
different rms values. The noise bandwidth is approximately
five times the bandwidth of the linear RC filter Notice that for
the signals with the rms below pt/2, the FrankenSPART cir-
cuit acts as an RC filter, and for the signals with the rms much
larger than pt/2, the FrankenSPART circuit behaves like a
slew rate limiting filter.

[0057] FIG. 33. FrankenSPART attenuation of impulsive
white noise in a broadband signal. The noise bandwidth is
approximately ten times the bandwidth of the linear RC filter,
and its index of stability (characteristic exponent) is a=2
(Gaussian), 1.75, and 1.5. In all panels, the gray lines show
the input signal, the solid black lines show the Fran-
kenSPART output, and the dashed lines show the output of the
RC filter. In the example, the power signal to noise ratio of the
unfiltered noisy signal is maintained constant.

[0058] FIG. 34. FrankenSPART attenuation of impulsive
white noise in a broadband signal. The noise bandwidth is
approximately ten times the bandwidth of the linear RC filter,
and its index of stability (characteristic exponent) is a=2
(Gaussian), 1.75, and 1.5. In all panels, the gray lines corre-
spond to the input signal, the solid black lines correspond to
the FrankenSPART output, and the dashed lines correspond
to the RC filter. In the example, the power signal to noise ratio
of the unfiltered noisy signal is maintained constant.

[0059] FIG. 35. Demodulation of a binary phase-shift key-
ing (BPSK) signal. Panel I shows that, for a noise-free signal,
replacement of an RC filter in the bandpass filter at the inter-
mediate frequency of a superheterodyne receiver does not
affect the performance of the receiver. However, as shown in
Panel 11, the SPART-based receiver greatly improves the per-
formance in the presence of high intensity impulsive noise.
[0060] FIG. 36. Average FrankenSPART output D;, as a
function of noise rms.

[0061] FIG. 37. Comparison of noise thresholds estab-
lished by FrankenSPART and RMS circuits.

[0062] FIG. 38. Example of a circuit for obtaining the
prime and the first two derivative signals.

[0063] FIG. 39. Prime (solid) and first two derivative
(dashed and dotted, respectively) outputs of the circuit shown
in FIG. 38.

[0064] FIG. 40. Example of sampling according to the
algorithm of Section 6.1.1. The incoming prime signal is
shown by the gray lines, the samples are shown by the dots,
and the black lines show the signals reconstructed by cubic
splines. The ticks at the x-axis indicate the sampling times.
[0065] FIG.41. Timing the maxima of a prime signal above
athreshold by downward zero crossings of an auxiliary signal
proportional to the first time derivative of the prime signal.
[0066] FIG.42. Example of a circuit for constructing prime
and auxiliary signals from an input signal x, (t).

[0067] FIG. 43. Increasing timing accuracy of the BPS by
using an auxiliary signal which is an even function of the
derivative of the prime signal, such that the first derivative of
this function has a sharp extremum at zero (for example, an
inverse hyperbolic tangent).

[0068] FIG. 44. Example of a BPS circuit with increased
slew rate of zero crossings by the auxiliary signal.

[0069] FIG. 45. Improving precision and extending the
dynamic range of the amplitude measurements by using non-
linear BPS.
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[0070] FIG. 46. Example of implementation of monotonic
nonlinear amplifier for logarithmic transformation of the
prime signal.

[0071] FIG. 47. Simplified receiver block diagram.

DETAILED DESCRIPTION OF THE INVENTION

Intermittently Nonlinear Analog Filters for Suppres-
sion of Impulsive Interferences

[0072] Effective suppression of impulsive interferences in
a signal chain of a communication receiver typically requires
nonlinear means, for example, median or slew rate limiting
filters. However, usage of nonlinear filters typically results in
multiple detrimental effects on normal signal flow, such as
nonlinear distortions and excessive attenuation of the signal.
The effect of nonlinear filters on the useful signal components
is typically unpredictable since it depends on the type and
magnitude of the interfering signal.

[0073] Due to the sporadic nature of impulsive interfer-
ences, their effective suppression can be achieved by using
analog filters which behave nonlinearly only during the
occurrence of relatively high power disturbances, and main-
tain linear behavior otherwise. We here describe such inter-
mittently nonlinear analog filters.

1.1 Intermittently Nonlinear RC Integrator:
FrankenSPART

[0074] Let us consider a modification of the Single Point
Analog Rank Tracker (SPART) filter initially described in
(Nikitin, 2006, 2008, and 2009) (herein “prior-SPART”).
This modification, to which we may refer further as “Fran-
kenSPART”, constitutes the main building block of the
SPART filter family described in this disclosure.

[0075] The FrankenSPART filter can be represented by the
operator § =8 (q,l,T) such that

S (@rowO=x(g ) O=pde] j—m *(O-x(g1T)(0)]+
2¢-1}, (€9

where [dt . . . denotes the primitive (antiderivative), x(t) is the
input signal, %(q,uL,T)(t) is the output, and the comparator

function F, (x) with the resolution (linear range) parameter c.
is

@

- - for |x| < &
Falx) = @
sgn(x) otherwise,

where sgn(x) is the sign function. The parameters <, |1, and q
are the time constant, slew rate, and quantile parameters of the
filter, respectively. Equation (1) can also be written in the
form of a differential equation as follows:

d -
X 1 DO = p{F w30~ x(g. g DO+ 29 - 1.
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[0076] Equation (1) and/or equation (3) can be used as a
basis for the following implementation of FrankenSPART:

[0077] (i) apply the comparator function For (x) given
by equation (2) to the difference x(t)—y(q.u,T)(t) of the
input signal x(t) and the feedback of the output y(q,u,T)
()

[0078] (ii) linearly transform the output of Step (i) by
adding the offset 2q-1 indicative of the quantile param-
eter q, then multiplying the result by the slew rate param-
eter ; and

[0079] (iii) integrating said linearly transformed output
of the comparator to obtain the output of the filter y%(q,
L.

[0080] A simplified block diagram of an implementation of
a FrankenSPART method and/or circuit is shown in FIG. 1.
[0081] Anexample of anumerical algorithm implementing

a finite-difference version of a FrankenSPART filter is given
by the following MATLAB function:

function Dq = S_undertilde(x,t,q,mu,tau)
Dq = zeros(size(x)); alpha = mu*tau; Dq(1) = x(1) + alpha*(2*q-1);
for i = 2:length(x);
FF = (x(i)-Dq(i-1))/alpha;
if abs(FF)>1, FF = sign(FF); end
Dq(i) = Dq(i-1) + mu * ( FF + 2*q - 1) * (t(i)-t(i-1));
end
return

[0082] Note that, given the three parameters T, 1, and q,
obtaining the value of the output for the current time and input
values requires only a few simple operations, and the knowl-
edge of just two previous values: the time and the output.

1.1.1 In Linear Regime FrankenSPART is an RC
Integrator

[0083] When the condition that the absolute value of the
difference between the input and the output does not exceed
the resolution of the comparator, Ix(t)—y(quLT)(D)I=pT,
holds, solving equation (3) leads to

X(g, D) = he(@ 30 + pr(2g = 1), “
where
)

he(D) = ée”“@(t)

is the impulse response of an RC integrator with RC=t.
[0084] In median mode q=1/2, and

©

(1 T]([) = h (D) =x(1) if ih (1) = x(1)
Xl zaﬂs g T

<p.

That is, given an input signal x(t), the output of the filter

1
Sz7)
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will be equal to the output of an RC integrator with RC=t if
the absolute value of the slew rate of the latter does not exceed

L.

1.1.2 In Nonlinear Mode Median FrankenSPART
Produces an Output with Constant Slew Rate

[0085] When the absolute value of the difference between
the input and output of the filter

exceeds the linear range (resolution) of the comparator F ,
the filter switches into the nonlinear mode, producing an
output with constant slew rate. The filter remains in this
constant slew rate mode until the difference between the input
and output of the filter returns to the linear range.

1.1.3 Median FrankenSPART is Not a Combination
of'an RC Integrator and a Slew Rate Limiter

[0086] Even though the median FrankenSPART filter acts
as either, its performance cannot be replicated through any
combination, series and/or parallel, of an RC integrator and a
slew rate limiter. To illustrate that, let us consider a simplified
example shown in FIG. 2, where the input signal is a harmonic
tone affected by (i) an additive broadband white impulsive
noise, (ii) a broadband white nonimpulsive noise, and (iii) by
the sum of (i) and (ii). The input is filtered by (a) an RC
integrator followed by a slew rate limiter (“RC-SRL”), (b) a
slew rate limiter followed by an RC integrator (“SRL-RC”),
and (c) by a FrankenSPART filter with the corresponding time
constant and slew rate parameters. The gray lines in all traces
show the outputs when the input is a pure tone unaffected by
the noise. One can see that, while the RC-SRL is effective
against the nonimpulsive noise, and the SRL-RC is effective
against the impulsive noise, these combinations fail in the
presence of the noise which is the sum of both impulsive and
nonimpulsive. FrankenSPART, on the other hand, performs
well in all three cases.

[0087] FIG. 3 provides the frequency domain picture for
case (iii). Neither RC-SRL nor SRL-RC improves the SNR,
while the FrankenSPART filter lowers the noise floor even in
the signal passband, without affecting the signal, resulting in
the SNR improvement.

1.2 FrankenSPART Mitigation of Interchannel
Interference

1.2.1 Impulsive Nature of Interchannel Interference

[0088] Interchannel interference in digital communications
is typically impulsive. Consider, for example, a simplified
measuring setup shown in FIG. 4. In the left-hand panel of the
figure, the transmitter emits a single 1.2 GHz tone with the
amplitude modulated by a random raised cosine-shaped 10
Mbit/s message. As illustrated in the upper right-hand panel,
the total instantaneous power of the in-phase and quadrature
components of an in-band quadrature receiver (Proakis and
Manolakis, 2006) is proportional to the squared modulating
signal. However, as shown in the lower right-hand panel, the
total instantaneous power in an out-of-band receiver tuned to
1 GHz is an impulsive pulse train with multiple of 100 ns
distance between the pulses. Note that there is no apparent






