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Improved-Speed Parameter Tuning of
Deconvolution Algorithm

Tamas B. Baké and Tamas Dabdczi

Abstract

Deconvolution (or inverse filtering) is applied if a time, space or other domain signal is distorted
by a measurement system, and one wants to reconstruct the signal to be measured. This is an
estimation process since the measurement is always corrupted by noise. The estimation problem is
usually ill-posed, meaning that even very slight changes in the measured signal caused by a moderate
noise will cause extreme fluctuation in the estimate. Different kind of regularizations are applied to
suppress this noise amplification which can be accomplished only at the price of bias in the estimate.

The big challenge is to set the trade-off between the variance and bias. Most deconvolution al-
gorithms can be tuned with one parameter or several parameters. This paper presents a systematic
algorithm to optimize the parameters of deconvolution algorithms. Its advantage is that it is directly
derived from the input error criterion with some approximations and spectral modeling. Spectral
models of the signals are built automatically, thus no user interaction is needed, the procedure is com-
pletely automatic. The optimization method is based on a former algorithm of one of the authors, for
which a significant improvement in computational speed (apprx. 100..150 times) has been achieved
for Tikhonov type deconvolution method by replacing one of the iteration processes by a closed form
expression. The convergence of the method is analyzed. The usefulness of the proposed method is
demonstrated on simulated and measured data. Error benchmarks and robustness comparisons with
competitor algorithms are also presented.

Index Terms

regularization, deconvolution, inverse filtering, Tikhonov’s regularization, optimization

I. INTRODUCTION

Measurement systems can be characterized by different quality parameters. We focus now on
systems which aim at measuring time-, space- or other domain signals, and the main limitation is
the finite bandwidth of the measuring device (i.e. we assume a linear and time-shift invariant model
for the measurement system). In this case the acquired waveform from the measurement system
is a distorted version of the true one. On top of that the measurement is always contaminated
by additive noise and/or interference. In such cases one wants to reconstruct the distortion by
means of digital post-processing of the measured signal (deconvolution or inverse filtering). This
procedure is usually ill-posed, which means that the estimated signal has a very large variance due
to even a small amount of noise. To overcome on this problem signal reconstruction is combined
with some kind of noise suppression, which however leads to distortion in the estimate (Fig. 1).
The big challenge is to find the optimal trade-off between the large variance and large bias. There
were many attempts to suppress the amplified noise during the inverse filtering process. Our study
focuses on methods which tune the trade-off by a limited number of parameters (we will call them
parametric inverse filtering methods).

The paper is organized as follows. Section II briefly summarizes the most common inverse filtering
methods. Section III collects previous attempts to tune the parameters of inverse filtering methods.
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Fig. 1. Block-scheme of the investigated ill-posed problem.

Our model based parameter optimization is introduced in Section IV. In Section V, simplification on
the method will be proposed, which significantly increases calculation speed. Convergence property
of the new algorithm is analyzed. Next the sensitivity of the algorithm on noise level estimate is
derived. Section VII shows the usefulness of the method on simulated and measured data, together
with comparison of the performance of other methods. The novelty of the paper is the improvement
on the speed and the convergence analysis.

II. INVERSE FILTERING METHODS

An early approach to solve ill-conditioned problems is Tikhonov’s theory [1]. He introduced
regularization operators to reformulate the original problem and to control the behavior of the
estimate. The regularization operators incorporate our a priori knowledge about the signal to be
reconstructed. In practice mostly one, rarely a few operators are used ([2-5]). Typical regularization
operators are the energy-, smoothness- and higher order derivatives of the estimated signal.

A simple method to suppress noise during inverse filtering is to apply a lowpass filter before
compensation of the distortion of measurement system [6]. The cutoff frequency of the filter is the
parameter to control the trade-off between noisy and biased estimates. It can be applied only for
systems having lowpass nature, and signals concentrating their energy to the lower frequency bands.
If we have a priori knowledge about the signal to be reconstructed, a matched-or cross-correlation
filter can enhance the signal-to-noise ratio (power of useful signal compared to that of the noise) on
a more effective way [7].

Iterative inverse filtering processes have the advantage that amplitude constraints are easy to in-
corporate [8-10]. However, the computational demand is very large. Noise suppression is controlled
by the number of iterations.

Stochastic approaches can take not only output noise, but also process noise into account [13].
Optimal filter can be derived only with some assumptions about the knowledge of the signal to be
measured or at least about some parameters of it (e.g. authors of [14] assume autoregressive model
for the signal).

As different algorithms utilize different properties of the signal to be reconstructed (amplitude
constraint, lowpass nature, smoothness etc.), and different level of a priori knowledge, the perfor-
mance of inverse filtering depends both on the signal and on deconvolution method.

III. OPTIMIZATION OF PARAMETRIC INVERSE FILTERING METHODS

The field of inverse filtering algorithms is more or less thoroughly investigated. A much less
developed field is the optimization of the algorithms, i.e. tuning the parameters of the inverse filter
to receive the optimal reconstruction from the point of view of an error norm.

One of the early attempts to optimize the frequency domain version of Tikhonov’s regularization
is Nahman’s work [4,5]. He observed specific behavior of the rounding error of computation as
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a function of regularization parameter and created a frequency domain regularization technique.
However, the idea is heuristic, and strongly depends on the implementation of the Fourier-transform
and on the processor architecture.

Parruck et al. derived a method for non-parametric system identification, which is also a decon-
volution problem [10]. The estimated impulse response is integrated to receive an estimate of the
step-response. The tail part of the step-like waveform is further investigated and the optimum is set
where the mean value and the standard deviation satisfy certain conditions. Unfortunately, manual
interaction is still required as the solution is not unique.

A similar method was developed by Bertocco et al. to reconstruct step-like waveforms [2]. The
idea is that the noise on the measurement should have uniform distribution in the whole record
length. The method is easy to implement, and showed a good performance, however, the set of
signals is limited to step-like waveforms.

In Morozov’s algorithm [11], the idea is to utilize a priori information about the level of noise on
the measurement. The optimal solution is defined for which the output error (difference between
the measured signal and predicted output) is very close to the a priori noise level. The drawback
of the algorithm is that it requires an accurate measurement of the noise level.

Younan et al. investigate also the output error, however, not the predicted output, but the
system output itself. They separate inverse filtering to a lowpass filtering (truncation of FFT) and
a successive reconstruction step [6]. The optimality is defined for which the randomness of the
truncated part of the signal is maximal, which is measured by serial correlation coefficient. The
drawback of the method is that the regularization method is restricted to sharp lowpass filtering,
consolidated by windowing.

Dhaene et al. developed a method to handle two-parameter inverse filtering (Tikhonov’s regular-
ization with energy and smoothness constraints) [15]. Several noise factors need to satisfy certain
conditions which need to be evaluated on three-dimensional or contour plots. Although handling
two parameters provides more flexibility from the point of view of reconstruction performance, the
procedure requires manual separation of the transfer function into pass-, attenuation- and stop-
bands.

A classical method for parameter optimization of regularization problems is the so called ”L-
curve” method. Here the norm of the regularized estimate (estimated signal after applying the
regularization operator) is plotted as a function of the norm of the output error. This curve
has a monotonic decay with a characteristic corner, which is claimed to correspond to the optimal
regularization value. The most well known algorithm to select this characteristic point automatically
is from Hansen to find the maximum curvature [16], [17]. Even if the L-curve idea (output error
equals regularized estimate) seems to be reasonable, it is not proven that it is optimal. Despite this
limitation, L-curve method is popular in many applications (e.g. [18]).

Roy and Souders also developed a heuristic algorithm which can weight the error in the time
domain, allowing to emphasize important parts of reconstruction [19]. The performance of the
algorithm is very good for step-like waveforms.

Olofson dealt with ultrasonic signals, and developed a technique to compensate for the effect of
clipping, if the AD converter is slightly overloaded in amplitude [20]. In this method the distribution
of the signal to be reconstructed needs to be known. Many times we miss this information.

Szolgay and Sziranyi determined optimal stopping criterion for image deblurring, assuming Richardson-
Lucy iterative restoration method [21]. This method does not use any regularization operator. They
showed promising results for image reconstruction, but in general case of time-domain deterministic
signals, regularization operators are required to suppress the amplified noise.
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Kido et al. developed automated image restoration technique for X-ray photography. Although
the procedure is automatic at the end, the parameters are empirically set, i.e. the optimal parameter
set is image type specific [22]. Similarly, there are many automated algorithms for image restoration,
but they rely on some specificity of the fact, that the two dimensional signal is an image of some
real object (e.g. [23]), or require the knowledge of the distribution of the unknown measured data

[24].

IV. MODEL BASED PARAMETER OPTIMIZATION

In this section we will introduce our model based parameter optimization method, which can
automatically set the parameter(s) of (parametric) inverse filtering methods. Next section will
show the suggested modification, which improves the computation speed.

The block-scheme of the ill-conditioned problem can be seen in Fig. 1. The signal to be measured
(the signal of interest) is distorted by a linear filter, h, then it is contaminated by noise. The
reconstruction implies pushing the observed signal, y through an "inverse filter”, h;y,,, in order to
get a proper estimate of z. This estimate is denoted by . If we push Z through the (simulated)
copy of the original linear filter, we get an estimate about the observed signal (predicted output).
This is denoted by . In the frequency domain convolution operation reduces to multiplication:

Y(f) = H()X()+N() (1)
):f(f) = Hino ()Y (f) = H(F) Hino (F)X () + Hino ()N () (2)
Y(f) = H()X(S) (3)

where capital letters correspond to the Fourier transform (in our case DFT) of the signals. With-
out any noise reduction or regularization the inverse filter is the reciprocal of the transfer function
of the system:
1 ; N(f)

Hmv(f):m X(f):X(fH'W (4)

At those regions, where the input signal is strongly damped by H(f), performing the inverse
filtering may amplify the added noise so much that the result will be useless. Therefore, we are
looking for an ”optimal inverse filter”, which suppresses the noise but keeps the bias also on a
limited level. We define the optimum as the minimum of some kind of norm of the difference of =
and Z. Please note that this is the input error, and not the usual output error, which minimization
leads to large noise amplification.

As it is mentioned in [25,26] input error criterion cannot be directly used because the input
signal (or its spectrum) is unknown. However, our aim is still to define the optimal solution as the
one having the minimal input error, even if we cannot perfectly calculate it. There are alternative
criteria (cited in the previous section) which minimize alternative function (as e.g. output error,
some characteristic points of curves etc.), but their aim is also to have a solution close to the one of
the input error criterion. Our approach has the advantage that it is directly derived from the input
error criterion, with some spectral approximations. This includes a spectral modeling of signals and
some approximations of the input error expression in the frequency domain. Our method requires
approximate spectral models of the noise and input signal. Only the magnitude of the spectrum
is required, the phase information is not utilized. The spectral models are automatically extracted

from the measured data, thus no user interaction is required, the procedure is fully automatic
3,27,28].
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By using Euclidean norm, the aim is to minimize

> ((t) — #(1))° (5)
t
Applying Parseval’s theorem the input error criterion can be written in the frequency domain as
1 . — —
¥ (X0 = X(0) (X0 = %) 0
f

Substituting equations (1), (2) and (3) into (6), and omitting the normalization by Ny:

SX(NX () (= H() Hino () (1= () Hino( )

f
+3 NN Hino(f) Hino(f)
f
- XfiX(fW(f) (1= H(f)Hins (f)) Hino (f)

—Zf:X(f)N(f) (1= H () Hino(£)) Hino( ) (7)

It has been proven that the cross terms of signal and noise can be neglected and it is enough to
minimize only the rest (see e.g. [3]):

S XX (1= H(F) Hino ) (1 = H) Hio )
f
f

= ZIXWDF = H (D) Hanl ) (1= H () Him( 1))

This step was the approximation of the input error criterion by neglecting a term. The next
approximation is the substitution of the absolute value of signal spectra by spectral models. The
minimization can be accomplished by an iterative method, where we start from rough spectral
models.

cost = 2 Xn(HF (1= H() Hu( 1) (1=H(NHi()))

where cost denotes the cost function to be minimized, | X,,(f)| and | N,,(f)| mean spectral models
for the absolute values. The absolute value of the noise spectrum is assumed to be constant through
the whole frequency range, and its height is estimated based on the signal energy at the stopband
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region. Spectral model of the signal to be measured is extracted from the measurement (absolute
value of the spectrum of the observation) as an initial guess, and refined with an interactive process.
Using the initial spectral models the optimal parameter set can be derived by minimizing (9),
leading to our first estimate of H;,,(f). Now, we can refine our spectral model of the input signal
by the absolute value of the spectrum of reconstructed signal. (9) is minimized again to acquire a
better estimate of the input signal, which provides again a new spectral model. This procedure is
iteratively repeated, until the change in the parameters become small enough. Many simulations and
experimental investigations show that the above procedure is convergent, and leads to good spectral
models. However, general mathematical proof of the convergence is not yet derived. The usefulness
of the original algorithm has been proven among others in calibration laboratory [27,28] to extend
the bandwidth beyond technology limits, and in high voltage laboratory for non-destructive testing
[3]. In the next section we will introduce a simplification, which results a significant improvement
in computational speed, and we provide a convergence analysis.

V. SIMPLIFICATION OF MODEL BASED OPTIMIZATION OF INVERSE FILTERING METHOD
A. Tikhonov’s reqularization

If we choose Tikhonov’s regularization method to calculate the inverse filter, the final deconvolu-
tion parameter(s) of our model based optimization method can be found without iteration as well,
which speeds up the process.

Tikhonov proposes to regularize the ill-conditioned problem by introducing regularization oper-
ators beside the output error:

ly — gl + Allz] (10)

where ||z|| is some kind of norm of x, e.g. Euclidean-norm, .1 norm, etc.
If we use (1), (2) and (3) formulae on (10), assume that the signal and the noise are uncorrelated,
and minimize it using Euclidean norm, we get

@y HY
How ) = Fpa(G ¥ 2~ THE + A )

Here the optimal value of A is still unknown.

B. Simplification

Let us see, how the model based parameter optimization method can be simplified for the above
special case of Tikhonov’s regularization.
At the first step

[ Xino () =Y ()] (12)
At the i-th step
| Xon i (N = 1Y (F) Hino, (f)] (13)

Substitutuing the Tikhonov-solution into (13):

H(f)

Xs DL =Y s,

| (14)
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where ); is the regularization parameter after the i-th iteration. By using this result in the (i +1)-th
step, from (9), we can write the formula to be minimized (in A;;;) as

. HP 2,
2 Y DTG+ A2 (HDE + Ar)?

. P
P2 G R

(15)

The location of the minimum of this formula can be found, where the derivative by A, is zero:

,HDE 2HP PG
2 Y DGR+ 2P THDE A

. . AH(E
N 0 v e (16)

2 |H (f)?
25 INa (DI gaeppiay

- [H(f)P? [H(f)P2
i Y O qagp ey tropper?

Assuming that at the end of the iteration A\;;; = A; in (17), we can simply write A instead and
the equation reduces to

(17)

i+1

|H(f)[?
. Zf |Nm(f)|2(|H(f)|2+>\)3
o [H(f)*
Zf |Y(f)|2(|H(f)|2+)\)5

2
Zlem(f)P% A\
4
S 1Y (P qagpiteys

The above two equations have the same solution, as the model based iterative method reported
in the previous section, which requires an iteration to automatically extract spectral models of
the signals, plus a numerical minimum finding in each iteration step. Solution of the proposed
simplification requires only one numerical root finding (because A cannot be expressed in closed
form). However, it does not require additional iterations, the iterative model building process is
reduced to one step. The root finding can be done e.g. with grid search, bisection method or
successive approximation.

If we assume that the cost function is minimized on a grid in two steps (first on a rough grid,
next on a fine grid around the minimum), both steps evaluated in 50-50 points, and the spectral
models are refined in 20 consecutive steps, the cost function needs to be evaluated 100 x 20 = 2000
times with the original method. With the suggested modification it is reduced to about 100 (if we
assume that the evaluation of the cost function requires nearly the same computation as evaluation
of (18). The improvement is an order of magnitude. Our method can be further accelerated if the
cost function is optimized by means of bisection (root finding of (19)) or successive approximation
algorithms (iterative evaluation of (18)), which cannot be applied to the original model based
algorithm. On that way we can reach an improvement of factor of 150.

(18)

—0 (19)
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C. Convergence analysis of numerical root finding methods
C.1 Grid search and bisection methods

For grid search and bisection method the end points of the search interval need to be determined.
An obvious value for lower limit is 0, because A - per definition - must always be > 0. A reasonable
upper limit for search can be max|H (f)|%. Above that value the distortion is extremely high, and
the estimate is useless even if the the optimum is there. Grid search and bisection methods will be
able to find an appropriate solution of (18) or (19) if the search interval contains the optimum, as
these functions are continuous and smooth.

C.2 Successive approximation method

A further improvement in speed can be reached if we optimize (18) by means of successive
approximation. However, this method has convergence limits, thus, there is a price for increased

speed. It will be convergent if

2 [H)?

0 (Zf N (VP i )‘ <1 (20)
H(f)*

ZHY( )’2 | (HIZ+N)?

This means that

5§hﬁN’()P<Huﬁ%:P SV |H1ﬂﬁ L INe (NP iy <1 (21)
)4 2 1
(S YO Pgatise) 7 H(DP+NS 7 s, [y (F) P

Let us examine the above equation at the borders (asymptotic values at A — 0 and A >>
max|H|*). For A >> max|H|*, (|H(f)]*+ ) ~ A. Applying this for (21), and simplifying it we

get
S Y HPIH
s [N (/)P (f)?
This means that the starting value of A should be smaller than very roughly the half of the signal-
to-noise ratio, otherwise the successive approximation method could be divergent. Also, inherently
lies in the equation that the signal-to-noise ratio should be ”good enough” for convergence: if
the noise energy is higher than the signal energy, the result of (22) is already < 0.5, but the
corresponding optimal value of the regularization parameter is also high, thus the above condition
is not fulfilled. (The solution for such a large SNR has only mathematical interest, it is usually
useless for engineering purposes anyhow).
As A — 0, those frequencies dominate in the summations (let us collect these frequencies to fy
set) , for which

A <05 (22)

(1H (fo)I)’
([H(fo)[2+ )"
is maximal. (Please note that the equation of convergence limit (21) consists similar fractions, but

with different powers in the numerators and denominators. j and k in the above equation denote
the power of the numerator and denominator.) The above equation reaches its maximum if

A
Hfo) = £
J

(23)

(24)
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Substituting this in (21) we will get

A/
5 |Nm(f|H:0.71>\)|2(3/2,2\)3 ‘Y(f’ ),2 ()\/2)2 _ |N (f|H 058>\>|2 4/3)\) 1 (25)
H=0.71X
(’Y(f|H:122)\)| %) (3/2)\>6 |Y(f|H 122)\)‘2E§§§i
Nm 2 Y 2 Nm 2
H=1.22)\ H=1.22\

The above derivation tells us the convergence limits of the successive approximation method.
For reasonable starting values the successive approximation method is convergent; only at very
small and very large \ values we might face divergent behavior. The suggested max(|H|) value for
starting point is a safe initial guess. Outside of the guaranteed convergence region bisection or grid
search is a safe alternative to solve (18) or (19).

VI. SENSITIVITY ANALYSIS

Let us check the situation, if the noise level is incorrectly estimated, that is, all frequency com-
ponents are over- or underestimated with the same amount:

[Nest(f)] = (1+€)[N(f)] (27)
[Nest(F)* = (1+2e+€)[N(f)* = (1+2€)[N(f)]”

Equation (18) will be approximated. If the original equation is written in A = f(A) form, the new
equation will be

)\‘F(S%(1+26)f<)\+5)%(1+26)</\+d£()\)(5> (28)
2e 2e
A+~ A+ A1+ —F7 | A
S (i)

(The multiplication by two appears, because N.g appears squared in the successive approximation
form.)

(28) provides us a measure of sensitivity of noise model in our optimization algorithm. Luckily,
it shows that A\ estimate changes roughly with two times the error of the absolute value of noise
model, which is tolerable.

VII. VERIFICATION
A. Verification on simulated data

The following simulation shows the correctness of the derived simplification of our proposed
method.

We will also compare our optimization method with the ones that are the most promising tech-
niques from the literature. The selection is based on the following criteria: the procedure needs to
be fully automatic, no user interaction is required (thus [10,15] is out of scope of comparison), the
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Transfer function of the B&K SMB-EB velocity sensor + damping

10

magnitude in [dE]

_B0 il ; i T il i
10" 10" 10° 10° 10° 10°

Fig. 2. Transfer function of the simulated system

method can be applied for Tikhonov type regularization (thus [6,21] is out of scope of comparison),
the method is not restricted to special signal types like e.g. step-like or Gaussian waveforms (thus
[2,19] is out of scope of comparison) and the method does not require much a priori knowledge
about the signal to be measured (thus [20,22-24] is out of scope of comparison). The convergence
of the method in [4,5] depends on implementation of FFT; we couldn’t reproduce their results.
There are two methods remaining, which can be compared to ours on an objective manner, namely
Morozov’s technique [11] and the classical L-curve method [16,17].

As distortion the characteristic of a Bruel&Kjaer velocity sensor is used, combined with a first
order low-pass filter, having a corner frequency of 1 kHz, as additional damping. The IIR filter
coefficients, assuming 51.2 kHz sampling frequency!, are:

asensor [1.0 -1.99939 0.999396];
bsensor = [0.730889 -1.46166 0.730777];
= [1.0 -0.884239];
[0.0578803 0.0578803]; (29)

Qdamping =

bdampzn g

The transfer characteristic can be seen in Fig. 2. max(H(f)) is 1.2539. The input- and the
distorted, noisy output signals are depicted in Fig. 3.

Signal models of model based algorithm are depicted in Fig. 4. Noise level for the noise model
is extracted from the spectrum of the output measurement by averaging the square of its absolute
value at high frequency band. Absolute value of the signal model is derived from the regularized
estimate of the input signal.

! This is the sampling frequency of a vibration monitoring system developed by Dr. Baké et al.
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Fig. 3. Input and output signals of the simulation
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A.1 Performance comparison

As in the simulation the true input signal is known, the exact optimal A parameter, ”true op-
timum”, can be determined. In the following table the true optimum and the estimate values for
different methods can be found. The RMS errors between the original input signal and the restored
one (input error) are also calculated. The simulations were repeated on the same noise level, but
with different noise records to check stability (last column of table).

rel. std.
A RMS error of RMS error

True optimum: 6.9847E-5 16.45 1
Model-based, original m. 7.4702E-5 16.47 1.0269
Model-based, new bisec m. 7.4702E-5 16.47 1.0269
Model-based, new succ. appr. | 7.4702E-5 16.47 1.0269
Morozov’s method 1.7655E-4 20.49 1.3400
L-curve method 1.5399E-7 74.51 263.79

It can be seen that the three estimation methods of model based approach provide the same
regularization parameter, which is close to the optimum. The differences between the RMS errors
are insignificant, thus the speed improvement did not affect performance. Solutions are close to
the exact optimum with both the original model based method and the improved speed algorithm.
Morozov’s method performed also well. L-curve optimization, however, for this type of signal and
system (bandpasss nature) systematically under-regularized the solution. The reason might be that
the optimality criterion is heuristic.

If we use the fast successive approximation method to solve (18) care should be taken with respect
to convergence limits. To examine its convergence properties, the derivative of (18) is calculated
for a large range of A, which is depicted in Fig. 5. The absolute value of this derivative should be
smaller than 1 for convergence (in the case of succ. approx.). The upper convergence limit according
to (22) is 4.1939E+05. The lower limit is at 2.5119e-05. Outside of this convergence region there is
still a chance for convergence, but it is not guarantied.

A.2 Noise sensitivity

The next step is to check the performance on different noise levels. Fig. 6 shows input error
relative to the optimal one. Both the model-based and Morozov’s algorithm perform well. At the
SNR range of 30..70 dB (which is the most common in engineering practice in the case of inverse
filtering of deterministic signals) the model based optimization outperforms Morozov’s. The L-curve
method is unstable, only in the region of 5..15 dB showed comparable solutions. The estimate is
acceptable in the region of 3..40 dB, however, the input RMS error is 5 times that of the optimal
solution. Outside of this region the estimate tends to amplify the noise on an unacceptable level.

Let us check the sensitivity of the model based method for the estimate of noise level. The
derivative of (18) at the A selected by our algorithm is -0.39 in the simulation. If the noise estimate
is multiplied by 1.1 or 0.9, then, according to the perturbation calculations (see (28), the selected A
would be multiplied by 14 0.1 % —2— = 140.1432. The simulation provided the following optimal

1.3971
A values, which correspond to the expectations of the approximations in (28):
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derivative of A=f(A)

dfia)/da

Fig. 5. Convergence limits of successive approximation method. Derivative of (18) for several A values, which should
be between -1 and +1 for guarantied convergence.
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Fig. 6. Input RMS error relative to the RMS error of the optimal solution as a function of Signal-to-noise ratio
(SNR)
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’ N.s multiplicator \ A \ Relative difference ‘
1.0 7.4702E-005 0.0
1.1 8.5670E-005 0.1468
0.9 6.4224E-005 -0.1403

Let us check the effect of noise level estimate on the input error, since this is the primary measure
of the performance. We compared the model based method with Morozov’s algorithm (L-curve
method does not use noise level estimate).

Input error (RMS) relative to optimal one
N,s multiplicator | model-based \ Morozov
0.9 1.0017 1.1717
1.0 1.0011 1.2454
1.1 1.0109 1.3225

The model-based method seems to be much more robust with respect to error of noise level
estimate. (Actually, the primary drawback of Morozov’s method is its strong dependence on this
a priori information.)

A.3 Computation speed

The computation speed of the model based approach has been significantly improved. We used
MATLAB as simulation framework on a PC having a 1.7 GHz Intel Core i5 quad-core CPU, and
measured a roughly 70 times improvement for bisection method, and a 150 times improvement for
successive approximation. For a relatively large record length of 50000 samples optimization with
successive approximation took around 0.5 sec, compared to 46 sec (original model based algorithm).
Morozov’s algorithm with its simplicity is very fast (0.06 sec), however, not as robust, as it was
shown. L-curve method requires more computation (3 sec). Usually we are going to achieve a
computation time below 1 sec to provide a convenient environment for the user. With the proposed
speed improvement the model based optimization algorithm is within this range even for a large
dataset, with the additional benefit of its robustness and systematic derivation from the input error
criterion.

B. Verification on measured data

Let us check the usefulness of the proposed method on measurement data. We analyzed the finite
bandwidth of an accelerometer (ADXL203 as Device Under Test (DUT)). This is a low bandwidth
MEMS sensor, based on the principle of unbalanced differential capacitors due to acceleration. The
sensor has been excited by a shaker. As a reference measurement, a Bruel&Kjeer high bandwidth
precision accelerometer has been used (type 4399, miniature piezoelectric accelerometer). The
transfer function of DUT has been modeled by a first order system. Model parameters have been
fitted to measurements at many frequencies for sinusoidal excitation. The test system has been
excited with a short pulse to the shaker, having a pulse width of approximately 1.5 ms. The
shaker responds to this excitation with a damped oscillation. Fig. 7 shows the output of the
accelerometers. Deconvolution without any regularization yields a large noise amplification with
useless result (Fig. 8). Optimal reconstruction with the proposed algorithm is shown in Fig. 9,
where the reconstructed curve perfectly fits the reference measurement.
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Fig. 7. Measured accelerometer signals. Solid line: DUT (ADXL203), dashed line: reference accelerometer
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Deconvolution with optimal reqularization
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Fig. 9. Reconstruction of the accelerometer signal with the proposed algorithm. Solid line: reconstruction, dashed
line: reference accelerometer. The two signals are nearly the same.

VIII. CONCLUSION

In this paper a model based optimization technique for ill-posed inverse filtering problems, de-
veloped by one of the authors, was analyzed. This technique optimizes parameters of parametric
deconvolution methods. Its advantage is that the error function to be minimized is directly derived
from the input error criterion with some approximations and spectral modeling. Spectral models
are built automatically. As a novelty, it was shown that the original method, which contains a
minimum search and an iteration, can be simplified to a root finding problem, if Tikhonov type
regularization is used, and thus the method can be significantly facilitated (speed improvement
of two order of magnitudes). The root finding can be calculated with bisection- or with succes-
sive approximation methods as well. The convergence properties of the successive approximation
method was also analyzed. Robustness of the model-based method has been checked with respect
to noise level and error of noise level estimate. Both simulation and measurement data showed that
the estimates are correct. A further improvement could be the extension of this novel method to
multiparameter optimization, and to other types of regularization methods.
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